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Software Release Note.                    SECYYMM-XX-x  14-2-20    

	To  : ALL
	Doc. No.
	SECYYMM-XX-X

	C.C. : 
	Country 
	ALL

	From: Sukil Kim
	Tel:   Fax: 
E-mail: 

	Subject : OfficeServ 7000 S/W V4.75 (2014.02.11) release
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 : 

OfficeServ 7000 series MP S/W release
	System
	Package name
	Description

	OS7400 MP40
	MP40_V475_20140211.zip
	MP S/W for MP40 card

	OS7200 MP20
	MP20_V475_20140211.zip
	MP S/W for MP20 card

	OS7200 MP20S
	MP20S_V475_20140211.zip
	MP S/W for MP20S card

	OS7100 MP10a
	MP10a_V475_20140211.zip
	MP S/W for MP10a card

	OS7070
	MP07_V475_20140211.zip
	MP S/W for MP07 card

	OS7030
	MP03_V475_20140211.zip
	MP S/W for MP03 card
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S/W Compatibility Table:
(1) OfficeServ 7400/7200 S/W Version Compatibility table
	System
	OS7400 (MP40)
	OS7200 (MP20)

	MP
	V4.75 ‘14.02.11
	V4.75 ‘14.02.11

	LP40
	V2.02 ’13.01.04
	N/A

	LCP
	N/A
	V4.32 ’12.11.20

	TEPRI2

/TEPRIa
	V4.28 ‘10.09.07

V4.29 ’11.05.03(STA only)
	V4.28 ‘10.09.07

V4.29 ’11.05.03(STA only)

	4BRI
	V6.03 ’10.06.29
	V6.03 ’10.06.29

	MGI16/64
	V1.30 ‘14.01.16
	V1.30 ‘14.01.16

	SVMi-20E
	V5.4.1.1 ’10.12.27
	V5.4.1.1 ’10.12.27

	SVMi-20i
	V6.03 ‘13.06.03
	V6.03 ‘13.06.03

	OAS
	V2.05 ‘14.01.16
	V2.05 ‘14.01.16

	DM
	V4.75 ‘14.01.20
	V4.75 ‘14.01.20

	PWP
	V4.60 ‘11.10.24
	V4.60 ‘11.10.24

	CNF24
	V1.02 ’11.11.25
	V1.02 ’11.11.25

	OS Link
	V3.0.0.4
	V3.0.0.4

	IP-UMS
	V1.4.0.7 ‘12.09.11
	V1.4.0.7 ‘12.09.11

	SNMP
	V1.61 ’11.09.01
	V1.61 ’11.09.01-

	Bootrom
	V1.02 ‘09.02.27 (checksum: u11(8560), u36(0000)
	V1.00 ‘08.12.16


(2) OfficeServ 7030 MP03, OfficeServ 7070 MP07 Module version table
	System
	OS7030 (MP03)
	OS7070 (MP07)

	System
	V4.75 ‘14.02.11
	V4.75 ‘14.02.11

	MP
	V4.75 ‘14.02.11
	V4.75 ‘14.02.11

	SP
	V2.62 ‘13.07.11
	V4.35 ‘13.10.28

	VM
	V2.83k ‘14.01.07
	V2.83k ‘14.01.07

	MGI
	V2.06 ‘11.12.09
	V2.06 ‘11.12.09

	BRM
	V4.22h ‘13.11.20
	V4.22h ‘13.11.20

	PRM
	-
	V4.28 ‘10.09.07

V4.29 ’11.05.03(STA only)

	WEB
	V4.12h ‘10.04.13
	V4.12h ‘10.04.13

	MPS
	V2.01 ‘11.12.09
	V2.01 ‘11.12.09

	SNMP
	V1.61 ’11.09.01
	V1.61 ’11.09.01-

	Boot
	V4.40 ‘09.04.21
	V4.30 ‘08.09.22

	DM
	V4.75 ‘14.01.20
	V4.75 ‘14.01.20

	RTG
	V1.00 ’11.12.09
	V1.00 ’11.12.09


(3) OfficeServ 7100 MP10a/MP11, OfficeServ7200 MP20S Module version table

	System
	OS7100 (MP10a)
	OS7200 (MP20S)

	System
	V4.75 ‘14.02.11
	V4.75 ‘14.02.11

	MP
	V4.75 ‘14.02.11
	V4.75 ‘14.02.11

	SP
	V2.63 ‘13.07.11
	V2.63 ‘13.07.11

	VM
	V2.83k ‘14.01.07
	V2.83k ‘14.01.07

	MGI
	V2.06 ‘11.12.09
	V2.06 ‘11.12.09

	BRM
	V4.22h ‘13.11.20
	V4.22h ‘13.11.20

	WEB
	V4.12h ‘10.04.13
	V4.12h ‘10.04.13

	MPS
	V2.01 ‘11.12.09
	V2.01 ‘11.12.09

	SNMP
	V1.61 ’11.09.01
	V1.61 ’11.09.01-

	Router
	-
	-

	Boot
	V1.07 ‘09.02.24
	V0.30 ‘09.09.22

	DM
	V4.75 ‘14.01.20
	V4.75 ‘14.01.20

	PWP
	-
	V4.60 ‘11.10.24

	RTG
	V1.00 ’11.12.09
	V1.00 ’11.12.09


(4) SMT phone series version table

	SMT-i5264
	SMT-i5243
	SMT-i5230
	SMT-i5220
	SMT-i5210
	SMT-i3100

	V1.26 (2012.11.09)
	V1.97 (2013.06.03)
	V1.30 (2013.03.11)
	V2.40 (2012.12.17)
	V1.41 (2013.03.07)
	V1.64 (2013.03.07)


New Version Changes
’14.02.11 V4.75
1. [P130703002/ALL/ALL] Transfer to WIP5100 stops ringing.
<Issue>

A station which receives an external call transfers the current call to WIP5100 and disconnects itself. WIP5100 stops ringing after 15 seconds.

<Reason>
About 2 years ago system was modified to make WIP5120 ring external bell when WIP5120 receives a blind transferred external call. This modification should not be applied to WIP5100 because it has only one common bell but it was applied to all WIP phones in that time.
(For you reference, WIP5120 has internal and external bells. It selects one of bells depending on call type.)
<Modified>

It is fixed not to apply previous modification to WIP5100.
2. [P131011003/ALL/ALL] Unanswered wake-up calls ring to the second Admin improperly.
<Issue>
Operator station group has more than two ADMINs and its ring mode is UNCONDITIONAL.

Set to wake-up alarm to GUEST room.

If guest does not answer wake-up alarm, system makes a wake-up recall to ADMINs.

In this case one of ADMINs answers wake-up recall and disconnects a call.

After few second, a reminder call rings to the other ADMINs improperly.

<Modified>

System will not make a wake-up recall to the rest ADMINs if wake-up recall is cleared by one of ADMINs.
3. [-/OS7070/ALL] External Page does not work.
<Issue>

OS7070 External Page does not work because External Page port refers to OS7100 port table.

<Modified>

It is fixed to refer right port table.
4. [-/OS7070/ALL] Loud Bell does not work.
<Issue>

OS7070 Loud Bell does not work because there is a relay control error.

<Modified>

Relay control error is fixed.
5. [-/MP20s,MP10a,MP07,MP03/ALL] System Halt due to frequent BRI interrupt.
<Issue>

When BRI interrupt is happened very frequently because of bad chip, noise or disconnecting cable, system becomes halt state and all digital phones display version information.

<Modified>

When too many BRI interrupts are happened so BRI module can’t handle all interrupt messages, it will throw away some interrupt messages which are over restricted message pool size to prevent system halt.
6. [-/MP20s,MP10a,MP07,MP03/ALL] BRI Layer1 Lock up
<Issue>

When system receives abnormal signal, BRI chip is stuck in unknown state. Since then it can’t process Layer1 Deactivate signal.

<Modified>

Even though chip is in unknown state, BRI module will deactivate Layer1 when it receives L1 Deactivate signal.
7. [-/ALL/ALL] MGI port lockup
<Issue>

When system receives SIP trunk call which is routed to unplugged station, MGI port is stuck in unknown state because system tries to make an external call with LCR code 0.
Issue is happened only when LCR code is set to 0.

<Modified>

It is fixed not to make an external call with LCR code in the above case.

8. [-/ALL/ALL] SMDR IA flag is not printed.
<Issue>

Set SIP phone as unconditional station group member. When SIP phone answers the group call, SMDR IA flag is not printed.

<Modified>

It is fixed to show IA flag when SIP phone answers the unconditional group call.

9. [P130604002/ALL/SEUK] Change default UCD Wrap-up time.
For only SEUK, default UCD wrap-up time is changed from 3 to 0 second.

10. [P130530001/ALL/ALL] SMDR Duration of IA flag is displayed as 0.
<Issue>

When Ring Preference is set to station 2xxx and it answers an external call, SMDR duration of IA flag is displayed as 0.
<Modified>

It is fixed not to initiate duration buffer so that right duration is displayed on SMDR.

11. [P130628006/ALL/ALL] Station name display error in case of Hotel Check-in.
<Issue>

Administrator inputs guest name during check-in but this name is not displayed on Large-IP phone (ex. SMT-i5220). Because system does not send guest name to Large-IP phone.
<Modified>

System will send guest name to Large-IP phone.

12. [-/ALL/ALL] Speech issue of SIP trunk call
<Issue>

System can handle only one codec so when it receives 200 OK that has more than two codecs, it selects one of codecs and sends reINVITE to ISP. But particular ISP re-sends reINVITE that has more than two codecs and system also sends reINVITE again.
This situation continues and SIP signaling between OfficeServ and ISP can’t complete. Because of this user has a speech issue.
<Modified>

‘Use First Codec’ option is added in DM5.2.12 SIP Trunk Configuration and DM 5.2.13.

You can see this option with DM V4.75 or later.
If your ISP or opposite system sends reINVITE that has more than two codecs over and over again and has a speech issue because of this, you should set ‘Use First Codec’ to ON.

In this case system will select the first codec of the received codec list and not send reINVITE to ISP or opposite system.
13. [-/ALL/STA] Tolling feature
For only STA, system provides Tolling feature which was already applied to SEUK.

14. [-/ALL/ALL] SIP trunk call disconnection in particular case.
<Issue>
SIP phone user makes a SIP trunk call and does blind transfer to another SIP phone before external user answers the SIP trunk call. In this case if another SIP phone user answers the call first, current call is disconnected.

<Modified>

In previous version, call is disconnected due to SIP message handling error.

With V4.75 or later you can see normal operation.

15. [-/ALL/ALL] IP-UMS is connected to the system even though its IP address is not set to Phone IP White List.
<Issue>

This issue is happened in below case.

· IP-UMS is connected to under V4.70.
· Upgrade the system to V4.70 or later. After completing upgrade, set DM2.1.6 Halt Status from Halt to Restart. (Before upgrading the system, IP-UMS should keep its connection.)
· Do not input any IP address to DM 5.13.10 Phone IP White List.
· In this case IP-UMS does not lose its connection.

<Modified>

In previous version, when Halt Status is changed from Halt to Restart, system does not check Phone IP White List because it misjudges IP-UMS connection state.
It is fixed to check right IP-UMS connection state.

16. [-/ALL/ALL] SIP phone Hold Pickup issue
<Issue>

SIP phone user can pick up a station call on hold with Hold Pickup feature code. But he/she can’t pick up a trunk call on hold with same feature code.

<Modified>

This feature has not been implemented from the beginning.

It is fixed to be able to pick up a trunk call on hold by SIP phone user with Hold Pickup feature code.
17. [-/ALL/ALL] Add confirm tone for WE VoIP user.
<Issue>

When WE VoIP user sets call forward with feature code, error tone is always heard.
Because of this error tone, user is hard to know current setting succeeds or not.

<Modified>

Add confirm tone to inform WE VoIP user that current feature code setting succeeds.

If setting fails, error tone is heard.

        ※ Make sure that you should use the latest WE VoIP version(V3.5.0.0 or later) for normal

operation.
18. [-/ALL/ALL] MP10a email gateway distorts low audio message when converted to WAV.

<Issue>

When you record a very low audio message, email gateway WAV file is distorted, so it’s hard to understand. But when you hear a message with a telephone, it has no problem.

<Cause>

Email gateway converts audio message G.726 (32kbps) -> 16-bit signed linear pcm (128kbps) -> 8-bit unsigned linear pcm (64kbps), then quantization noise always happens.
If a message is recorded with very low audio volume, it's hard to hear it because the noise level is similar with the level of voice.
<Modified>

New option "Message format of E-Mail gateway" is available in MClass. You can select 8bit pcm (default) or 16bit pcm. If you select 16bit pcm, the quantization noise does not happen, but the converted WAV size becomes twice.
19. [-/ALL/SEI] 'AM' is wrong in 24 hours form in DM 8.11 Status Screen.
<Issue>

In DM 8.11 Status screen, time is displayed in 24 hours form, but 'AM' is attached.

<Cause>

The time is displayed in 24 hours form for Italy, but 'AM' is not fixed.
<Modified>

‘AM' is removed.

20. [-/ALL/ALL] E.164 deny operation error

<Issue>

You have enabled ‘SIP TRK E.164 support’ and entered ‘070’ in DM 5.2.28 E.164 deny table. Then first ‘0’ is discarded when you make a call with “070XXXXXXX”.

<Cause>

There is a logical error. It has to refer the deny table first, but it removes first ‘0’ before it checks deny table.

<Modified>

It’s fixed to check deny table before it edits the numbers.

21. [-/OS7070, OS7030/ALL] CTI application Lockup
<Issue>

Input max entries in DM 3.2.3 DID Ringing table. CTI application becomes halt state when it gets DID table data from the system.
<Cause>

When CTI application requests DID table data, system sends all entries by dividing 100 entries at a time. But in case of OS7030 and OS7070 whose max entry number is a multiple of 100, system does not send end of sending data message to CTI after completing to send all DID entries. So CTI continues to wait until it receives end of sending data from the system to finish DID query.
<Modified>

There’s a timer control error. It is fixed.
22. [-/MP20s,MP10a,MP07,MP03/ALL] Memory Recovery Reset
<Issue>

In particular customer site, slow operation was happened due to memory leak.

At that time average memory was over approximately 90%.

<Modified>

To prevent slow operation, system will reset when its average memory is over 88%.

It is called memory recovery reset and this feature only works when current circumstance meets the below conditions.

· Only Linux system has Memory Recovery Reset feature.

· ‘System Reset for Memory Recovery’ option is added in DM 2.1.5. (default: DISABLE)

To activate the feature, you should set this option to ENABLE.

· When average memory is over 88%, specified flag is set. System always checks this flag is set or not at every 4 am. If it is set at 4 am, system will reset automatically.

You can check memory recovery reset alarm in DM 6.1.1 after system reset.

23. [-/ALL/ALL] MOBEX Executive Auto Record
<Issue>

One way audio issue is happened in below case.

· An inbound call with SIP trunks is made to the MOBEX executive feature code.

· Dial tone is returned to the user.
· They dial extension 201 and are routed to that extension.
· Station 201 has auto record turned on to mailbox 201 with voice mail port 301.
· When the station 201 answers the call, they have one way audio on the call.
When station 201 is not using auto record feature, the one way audio is not present.
        <Modified>

        There’s a t-switch control error. It is fixed.
24. [-/ALL/ALL] Barge-In LED error
<Issue>

Barge-In LED is not turned off in below case.

· Set Trunk Monitor in DM 5.14.5 to ON and set Barge-In related options.

· Station A is on conversation with SIP/PRI trunk.

· Station B overrides station A and station A disconnects the call.

· In this case Barge-In LED is not turned off.

<Modified>

It is fixed to turn off Barge-In LED when current station becomes IDLE state.

25. [-/ALL/ALL] H.323 Speech issue

<Issue>

Station A has a conversation with external user B with H.323 trunk. Then station A does blind transfer to another external user C with SIP trunk. In this case external user B and C can’t hear each other’s voice.
<Modified>

System sends a codec that is using in H.323 trunk call to opposite party when making a SIP trunk call.

26. [-/ALL/ALL] System reset during MOBEX call
<Issue>

Make a MOBEX call with SIP peering. When the opposite party presses the HOLD button repeatedly and disconnects the call, system resets.

<Modified>

It is fixed to check that opposite party of MOBEX station is valid. If it is not valid, system will not refer to related buffer to prevent system reset.

27. [P131210001/ALL/ALL] VT TRANSFER REMOTE NODE plays main greeting, not subscriber greeting.
<Issue>

VT Transfer in a centralized setup with 1xxxx stations routes to the main menu.

Software V4.53, 4.65, 4.70 and 4.74a have the same issue.

We are testing with a SVMI-20E Voice mail.

Any other stations not starting with a 1xxx work fine.

Node 001 - 7400 (4.53w, 4.65, 4.70d, 4.74a) 

Node 002 - 7400 (4.53w, 4.65, 4.70d, 4.74a)

Node 1 has 1xxx extensions and centralized voicemail.

Node 2 has 2xxx extensions

Call comes in via PRI to Node 2 extension 2117. Extension 2117 performs a VT transfer to remote voicemail group 5149 in Node 1. Voicemail answers the call with main greeting, not subscriber greeting.
<Modified>

This issue is happened due to confliction of Network LCR port and Remote Station port.

It is fixed but we recommend that you should follow below recommendation SPNet setting rule for normal operation.

=> You should set SPNet number with 4 digits and these numbers should start with

minimum 2. (For example, 2001 is OK but 1001 is not recommended.)
28. [-/ALL/ALL] NS KEYS USING FORWARD ALL AND FORWARD BUSY
<Issue>

ALL/BUSY forward does not work when a station of second node makes a SPNet call to a station of first node with NS key. In this case ALL/BUSY forward is set to a station of first node and this station is in busy state.

<Cause>

When user selects NS key, system activates PICKUP feature first.

<Modified>

It is fixed to work ALL/BUSY forward with NS key.
29. [P131220001/ALL/ALL] PUBLIC CALLER CID
<Issue>

Public caller is displayed as Caller ID of mailbox in below case.

· Incoming trunk call is routed to VMAA and VMAA calls station A.

· Station A has a call forward setting to forward incoming call to VM.

· Finally incoming trunk call is routed to VM again because of the above forward setting. And in this case Public caller is displayed as caller id of mailbox.

<Modified>

It is fixed to send caller ID.

30. [-/ALL/ALL] Analog Modem can’t be connected to the system.

<Issue>

If DM IP White List is set, Analog Modem can’t be connected to the system.

<Modified>

It is fixed not to apply DM IP White List rule to Analog Modem.

31. [-/ALL/ALL] MOBEX calling number type error
<Issue>

In below case mobile phone user can’t make a call with incoming call number.

· MMC420 PRI Trunk Data > Calling Number Type : NATIONAL

· MMC401 Trunk On/Off > Repeat CLI : ON

· MMC861 System Options > Trunk to Mobex CLI : Received

· MMC328 Mobile Extension: Set to make a call with ISDN trunk
· MMC714 DID Ringing: Incoming ISDN trunk call is routed to designated Mobex station

· When incoming ISDN trunk whose calling number type is INTERNATIONAL is routed to Mobex station, CID of NATIONAL type is displayed on mobile phone. If user tries to make a call with this number, he/she can’t make an international call.

<Modified>

If Repeat CLI option(MMC401) is set to ON and Trunk to Mobex CLI(MMC861) is set to Received, system will send received calling number type instead of MMC420 calling number type.

32. [Bug Fix/ALL/ALL] DM access failure through modem 

<Issue>

If DM 5.13.9 DM IP White List was set, DM access was failed through modem. 

<Modified>

If DM 5.13.9 DM IP White List was se, It’s possible to access to DM though modem. 
33. [Change/Linux system/ALL] Changed saving location of DM user profile.

<Modified>

Utable file for DM user profile is no longer used. DM user profile is only saved in internal memory for security.
34. [P130731001/MP40/ALL] DB backup to SD card
<Issue>

If LP40 auto upgrade feature (MP40’s dip switch5) was set and LP40 version and SP40 file’s LP40 version in MP40 were same. You were not able to access KMMC 815, 818, 819 because of seeing ‘Media is busy’ on LCD.
<Modified>

You can access KMMC 815, 818, 819 in this case.
35. [Bug Fix/Linux system/ALL] Malfunction of Management IP White List feature.
<Issue>

If you enter IP address on DM 5.13.11 Management IP White List and delete all IP address on it. After that, you can access DM from any IP address. 
<Modified>

There was an internal file control error. This problem is fixed.
36. [P131017002/ALL/ALL] SIPT > SIPT MGI Use option no longer works.
<Issue>

After transferring a call with SIP trunk to other SIP Trunk, Officeserv used MSP channel instead of MGI channel in spite of setting ‘SIPT > SIPT MGI Use option’. 
<Modified>

There was a media (MGI or MPS) selection error. This problem is fixed.

37. [Bug Fix/Linux system/ALL] system halt came from memory leakage when using DNS Server.

<Issue>

system halt came from memory leakage when using DNS Server.

<Changed>

DNS query policy is changed below to prevent system halt.

a. How to query DNS server is changed.
· Officeserv changed how to query DNS server

· Cycle of DNS query during failure of query is changed.

.until 1 hour from start of query: every 20 seconds

.after 1 hour: 1 minute, 2 minutes, 4 minutes …. 128 minutes (max time)

b. DM 2.1.5 ‘Multi DNS Server’ option is added for user using multi ISP. (Default : Disable)

If ‘Multi DNS Server’ option is disabled, Officeserv use only DM 5.6.1 DNS Server 1/2 options.

If ‘Multi DNS Server’ option is enabled, Officeserv use DM 5.6.1 DNS Server 1/2 options and DM 5.2.13 DNS Server 1/2 options at the same time.

c. DM 2.1.5 ‘System Reset for Memory Recovery’ option is added (default : Enable)

If Average memory usage is over 88% because of memory leakage, OfficeServ is automatically rebooted at 4 AM.
d. If DND query is failed, This information is saved in DM 6.1.1 Alarm History by using expression ‘Memory Rec(means Recovery) Reset’
e. If you change DM 5.6.1 ‘DNS IP address’, OfficeServ is rebooted automatically.

38. [-/ALL/ALL] IP-UMS’s fax receiving failure from SIP ISP which don’t support T.38

<Issue>

If you use IP-UMS, you should set Fax option to T.38 because IP-UMS only supports T.38

In this case, if SIP ISP doesn’t support T.38 there was a fax receiving problem.

<Modified>

If you receive Fax call from SIP ISP, You can select each ISP to send reINVITE with T.38 or not respectively.

In this problem case, you can set DM 5.2.13 ‘T.38 Reinvite’ option to ‘Not Send’ for not sending reINVITE with T.38 and working with Fax pass through mode.
’13.10.17 T4.74a
1. [ALL/ALL] DM 4.1.2 Trunk Group is not shown.

There’s an error when disabling some features of DM 4.1.2 which don’t have to be shown in T4.74. It is modified in T4.74a.
’13.10.10 T4.74
[Bug Fix]
1. [ALL/ALL] WE VoIP Smart Routing
<Issue>

With before T4.74 package, provisioning and smart routing can’t be used at the same time if Mac address is saved as <Mobile Number> in DM 5.2.24.

· In case of using general version or GS3/4, WE VoIP client can’t read mobile number from SIM card and Mac address is shown instead of mobile number. In this case <My Phone Number> of WE VoIP client is deactivated, so user can’t change its value to mobile number and after all provisioning fails. If you input Mac address to <Mobile Number> in DM 5.2.24, provisioning will be processed successfully but you can’t use Smart Routing because there’s no valid mobile number.
<Modified>

To solve this problem, we separate previous <Mobile Number> into <Authentication Number> and <Mobile Number>. You can check this modification in DM 5.2.24.

· <Authentication Number>: Authentication number is used for making mobile & login profile and provisioning is processed with this number not <Mobile Number>.

You should check <Authentication Number> of WE VoIP and input this number to <Authentication Number> of DM 5.2.24. In this case <Authentication Number> of WE VoIP can be mobile number or Mac address and system allows all these two types.
※ WE VoIP changes previous <My Phone Number> to <Authentication Number>.

To check this modification you should use V3.5.0.0 or later.
※ Make sure that if you upgrade the system from V4.70 to T4.74, <Authentication 

Number> field will be shown as blank. For provisioning, you should copy <Mobile

Number> to <Authentication Number>.
· <Mobile Number>: This number is used for Smart Routing. For normal operation you should input only mobile number to this field.

2. [ALL/ALL] WE VoIP E.164 registration

<Issue>

In case of E.164 number, WE VoIP client will show all digits including <+>. In this case phone can’t register to the system because WE VoIP sends Authentication number to the system without excluding <+>.

<Modified>

WE VoIP will send Authentication number excluding <+>. Then system will also use this number as it receives. For normal operation you should input digits without <+> in DM 5.2.24.
Both WE VoIP and system packages are modified so you have to use WE VoIP whose version is V2.5.2.1T or later.
3. [ALL/ALL] UCD modification

<Issue>

Sometimes call waiting count of Periodic UCD is not correct.

<Modified>

Add to check UCD queue status. If garbage value is remained in UCD queue, system will clear related queue information.

4. [MP20s,MP10a,MP07,MP03/ALL] Voice issue in case of using Multicast Page
There’s a voice path control error when using Multicast Page. It is modified.
If you use Multicast Page with SMT-i5210 which uses VLAN, you have to use SMT-i5210 whose version is T01.43_201430927 or later for normal operation.
5. [ALL/ALL] SIP registration failure

<Issue>

When using Alive Notify as SIP Options, SIP trunk registration fails if system can’t receive response message after sending SIP INVITE. In this case you can’t make an outgoing call until registration is recovered and it takes Alive Notify Time.
<Modified>

System will recover SIP trunk registration immediately not to wait for Alive Notify Time.
6. [ALL/ALL] E.164 Deny

<Issue>

E.164 Deny feature does not work due to internal searching error.
<Modified>

System will not apply E.164 feature when making a call with Dialed Digits of DM 5.2.28 E.164 Deny Table.

7. [ALL/ALL] System Booting Failure

-. If system IP address and gateway have different subnet, system can’t boot normally. 
This issue is occurred from V4.64. It is modified.
-. Without applying T4.74, you can solve this problem by upgrading system to V4.60 and entering system & gateway IP normally. After that, downgrade the system to the previous version.

8. [MP20s,MP10a,MP07,MP03/ALL] MP20s Watchdog

MP20s restarts the below environment.
-. SIP trunk call is incoming to unconditional station group which has a member pairing with MOBEX station. MOBEX station is set to make a call through SIP trunk.

-. All group members and MOBEX station are ringing. In this case if MOBEX station user answers the call, then MP20s restarts.
9. [ALL/STA] One Time DND improvement
If station group is set as DND forward destination, DND forward setting will be maintained until One Time DND is deactivated.

10. [ALL/ALL] T38 Fax failure
-. G.711 will be used when fax receives SIP trunk call and T38 FAX negotiation fails.
-. In the previous version, MGI64 restarts when T38 fax fails. It is modified.
11. [ALL/ALL] SIP 200 OK Expire Time
<Issue>

If OfficeServ tries to register to the server which does not support SIP trunk registration, the server sends 200 OK which has no expire time. As 200 OK does not have expire time, system eventually stops its registration process.

<Modified>

System will consider expire time as the value which server sent at first if the server sends 200 OK with no expire time. So system will send Register message to the server every designated expire time.
12. [ALL/ALL] SIP REG OK/NOK Alarm

<Issue>
System provides SIP alarms such as ISP OK/NOK to show SIP trunk registration status. But these alarms are too simple to show specific information. And sometimes same alarms are displayed in a row.
<Modified>

-. System displays only one alarm when same alarms are generated in a row.
-. System provides detailed alarm information as below and you can see these status in DM 6.1.1.

	Status
	Alarm
	Description

	OK
	ISP1 OK REGIST
	System succeeds in registering to the server with REGISTER message.

	
	ISP1 OK NO EXP
	System succeeds in registering to the server which sends 200 OK with no expire time. In this case system uses expire time which the server offered at first.

	
	ISP1 OK OPTION
	System succeeds in registering to the server by receiving response of OPTION message.

	NOK
	ISP1 NOK OPUPDT
	System fails to register to the server because user changes the current setting when using OPTION message.

	
	ISP1 NOK UNREGI
	System unregisters to the server.

	
	ISP1 NOK REFAIL
	System tries to register to the server but it receives 4xx message.

	
	ISP1 NOK RE TO
	System tries to register to the server but it can’t receive response message.

	
	ISP1 NOK REAUTH
	Authentication fails.

	
	ISP1 NOK OP TO1
	System can’t receive response message even though it sends OPTION message.

	
	ISP1 NOK OP TO2
	System fails to register to the server even though it sends OPTION message.

	
	ISP1 NOK INVT01
	System can’t receive response message even though is sends INVITE message. (Inviting call leg state)

	
	ISP1 NOK INVT02
	System can’t receive response message even though it sends INVITE message. (Proceeding call leg state)

	
	ISP1 NOK NONAME
	This alarm is shown in case of Korea.

	
	ISP1 NOK REGRQ
	System receives 403 response whose reason includes “Register request” even though it sends INVITE message.


’13.07.08 V4.71 MP03
[Improved Feature]

1. [MP03/ALL] File system recovery feature is included.

[Bug Fix]
1. [MP03/ALL] booting failure after uploading damaged package files is fixed.

2. [MP03/ALL] Intermittent booting failure when voice mail storage is full is fixed.

3. [MP03/Russia] Russian display message error is fixed.

4. [MP03/ALL] System reboot problem after receiving SIP 401 or 407 message is fixed.

5. [MP03/ALL] Multicast paging lock-up problem is fixed.

6. [MP03/ALL] ringback tone problem when blind-transferring to station group is fixed.

’13.05.03 V4.71 MP20
[Bug Fix]

1. [Bug Fix/MP20/ALL] MP20(New ASIC) Tone Cadence Control Issue
’13.04.08 V4.70
[New Feature]

1. [New Feature/ OS7400,OS7200,OS7100/ALL] Applying Transcend 2GB SD Card.

Samsung will provide Transcend 2GB SD card (9161BA) instead of Samsung 2GB SD card for OfficeServ system. If you use Transcend 2GB SD card (9161BA), you have to use V4.70 S/W or over.
If you encounter the situation you need to change SD card from Samsung SD card to Transcend 2G SD card for OfficeServ system, you must upgrade S/W version to V4.70 or over.
	SD card
	Available S/W

	Samsung 2GB
	V4.53 or over

	Transcend 2GB
	V4.70 or over


’13.03.18 V4.65
[New Feature]

1. [New Feature/ALL/ALL] Add SMT-i5210s
2. [New Feature/ALL/ALL] INVITE is not sent to SIPP when IP header source port of REGISTER message and Contact header port are different.
3. [New Feature/ALL/ALL] Add modification for normal SIP phone registration.

SIP phone is blocked and can’t re-register to the system when Unsubscribe messages are incoming continuosly after it is unregistered.

[Bug Fix]

39. [Bug Fix/MP20S/ALL] SLOT2 8COMBO SLI CID Tx Issue
40. [Bug Fix/ALL/ALL] Time zone for email gateway
41. [Bug Fix/ALL/ALL] System freezing issue
42. [Bug Fix/MP40/ITALY] System Restart (Megawatt site)
43. [Bug Fix/ALL/ALL] Provision Enhancement for We VoIP SIP Signaling Port
44. [Bug Fix/ALL/ALL] IP White List of DM 6.2.2 can’t be disabled.
45. [Bug Fix/MP20S,7100,7070,7030/ALL] Display error in case of initializing ADMIN password by MMC900.
46. [Bug Fix/ALL/ALL] PERIUCD Unanswered call count error when UCD Group is designated as Operator Group.
47. [Bug Fix/ALL/ALL] Opposite party can’t hear ringback tone when receiving H.323 trunk call.
48. [Bug Fix/OS7400,OS7200/ALL] SVMi-20i Public port issue when IP Service is set to ON.
49. [Bug Fix/ALL/ALL] Ringback tone is not heard when incoming SPNet call is transferred to MOBEX(SIP trunk) and in this case system receives 180 message.
50. [P130122001/ALL/ALL] Conf call with MOBEX when using mobile phone

51. [Bug Fix/ALL/ALL] E.164 Issue in case of interworking with Vodacom SIP trunk 

(It is occurred in V4.64)

52. [Bug Fix/ALL/ALL] SVMI-20I VMAME Issue

53. [Bug Fix/ALL/ALL] Delete “NONE” sub-option from Comm Exclusive in DM5.2.12 and MMC837.
54. [Bug Fix/OS7400,OS7200,MP20s/ALL] Install Task is suspended when searching name of CNF24 conference member in DM 9.2.1.
55. [Bug Fix/ALL/ALL] SIP Task is suspended when handling with IPUMS Message.
56. [P130223005/ALL/ALL] Ticket 16158 - IP Phone license
57. [P130223009/ALL/ITALY] Some strings are still displayed in English instead of Italian

58. [P130223007/ALL/ITALY] Access level in DM 5.13.5 have some issues

59. [P130223006/ALL/ITALY] DM 8.6.1 does not allow uploading voice file from a shared dir named by IP address

60. [P130223004/ALL/ITALY] The DM repetitively downloads DB to local disk.

61. [P130223003/ALL/ITALY] Change string translation DM5.13.10

62. [P130223002/ALL/ITALY] Some DM’s tables are not sorted properly

63. [P130223001/ALL/ITALY] The extension assigned to a function key cannot be deleted in DM 4.9.2

64. [P130222007/ALL/ITALY] Copy&Paste doesn’t work for multiple choice option of the drop-down menus.

65. [Bug Fix/ALL/ITALY] Change FMC related terms.
66. [Bug Fix/OS7400,OS7200,MP20s/ALL] PWP-DM Lockout

67. [Bug Fix /ALL/ALL] Modified not to save default value as admin password.
68. [P120831007/OS7400,OS7200,MP20s/ALL] CM indication for SPNet conf. members
69. [Bug Fix/ALL/ALL] Co-Co disconnect for Spnet Calls

70. [Bug Fix/ALL/ALL] Call transfer Fail when WEVOIP transfers current call to PRI trunk. (Enbloc mode)

71. [Bug Fix/ALL/ALL] Call transfer Fail when WEVoIP transfers current call to PRI Trunk. (Overlap mode)
72. [ALL/MP20,MP40/ALL] Allowed IP range for TELNET access
73. [Bug Fix/ALL/ALL] Rearrange IP White List
74. [Bug Fix/ALL/Russia] OfficeServ7000 V4.64 Russian Code page

75. [Bug Fix/ALL/STA] ITP phone Password
’13.02.06 V4.64
1. V4.64 S/W isn’t compatible with previous version.
2. V4.64 system security is enhanced so without registering DM, Phone, FTP/Telnet IP addresses, user can’t access to the system or register IP/SIP/WIP phones.

Before upgrading V4.64, please read “OfficeServ V4.64_FeatureGuide” for detail information of V4.64 security.
3. We recommend user should change codec of IPP/SIP/WIP/SIP trunk/SPNet to G.711 in case of using WE VoIP phone. Because WE VoIP phone does not support G.729. So if codec of IPP/SIP/WIP/SIP trunk/SPNet is G.729, there can be a voice problem because of mismatching codec.
[New Feature]

4. [-/ALL/ALL] Unconditional ring group supports SIP phone.

5. [-/ALL/ALL] Directory search by 2 digits.
6. [-/ALL/ALL] Add trunk access group number for dialing via SIP phone’s log.
7. [-/ALL/ALL] Change default value as below.

(1) MMC110 AUTO HOLD: ON

(2) MMMC120 DIAL MODE: OVERLAP

(3) MMC501 SIPT CON DELAY TIME: 200 MS

(4) MMC501 SYS HOLD RECALL TIME: 120 SEC
8. [-/OS7400/ALL] TOS field of SIP signal packet setting

User can set TOS field for SIP signal packet in DM 5.2.12.

9. [-/ALL/ALL] SIP Privacy Header

DM 5.2.13 Privacy header value is able to be changed. (header, session, user, none, critical token, id …)
10. [-/OS7400,OS7200,OS7100/ALL] MGI ID/PSWD Security
ID and password of MGI can be changed in DM 2.2.2.
11. [-/ALL/ALL] Password security

- Below passwords are encrypted for enhancing security.

. DM 2.1.7 Admin Password

. DM 2.7.2 SIP Phone Password

. DM 5.2.13 Auth Password

. DM 5.13.8 Community Server

※ Due to Encryption, V4.64 system can’t be connected by old DM. You should use V4.64 DM.
- Default DM admin password should be changed on the DM Login menu. (mandatory)

- DM Login Retry Limit and DM Login Prevent Duration are added in DM 5.14.2.

- VMS subscriber password should be changed. (mandatory) 
“Force Subscriber to Change PSWD” is added in DM 8.5 System Parameter.
12. [-/ALL/ALL] No Response of SIP Common Exclusive option.
If ‘No Response’ is selected as common exclusive option, system will ignore all SIP messages from unauthorized IP address.

13. [-/ALL/ALL] SIP phone ID and Password.

There are no default ID and password so user should set these values more than 6 digits.

14. [-/ALL/ALL] DM IP White List

If specific IP address is registered in DM 5.13.9 IP White list, DM which has this IP can access the system. If there are no IP addresses in this list, there’s no limitation to access the system via DM.

15. [-/ALL/ALL] Phone IP White List

If user wants to use IP phones and any other CTI solutions, user should set their IP address or address range.

16. [-/ALL/ALL] Management IP White List

If user wants to access the system via FTP, Telnet or SMDR, user should set PC IP address or address range.
17. [-/ALL/ALL] Enhanced One Number Service

In case of internal call, FMC Client and Desk phone which are paired can send the same CID by option. Regarding external call, one number service already has been serviced.

18. [-/ALL/ALL] Support Wideband Codec for FMC client

SILK and AMR-WB are added for HD voice call between FMC clients.
19. [-/ALL/ALL] Auto 3G Number Dial List

Auto 3G Number option is added in DM 5.2.23. If specific number is set in this field, this number is sent via 3G dial not FMC dial.

20. [-/ALL/ALL] Support E164 Format of FMC call

DM 5.2.29 FMC Outgoing Digits and DM 5.2.30 FMC Incoming Caller Modify menus are added to support E164 format of FMC call.
[Bug Fix]

21. [P120227006/OS7100/ALL] OS7100 S0-BUS calls failing
22. [-/ALL/ALL] Long call dropoff on SIP trunks

Below problem is fixed.

· a problem with long duration calls on SIP trunks: SIP trunk calls disconnect after just under 40 minutes. A SIP trace shows that the OfficeServ is dropping the call to the SIP carrier.
23. [P120320001/ALL/ALL] 911 Call Alarm incorrectly displayed
24. [P120320003/ALL/ALL] Tutorial Licence incorrectly displayed
25. [P120320004/ALL/ALL] Clock incorrectly set when using NTP
26. [-/ALL/ALL] SIP cause message display

SIP messages such as 4xx, 5xx and 6xx are displayed when MMC861 SIP CAUSE DISP is ON and station language of MMC121 is English.

27. [P120329003/ALL/ALL] PGM Message fwd via CTI fails
28. [P120330003/ALL/ALL] MMC842 USER ID Limitation

User can create user ID larger than 4 digits.

29. [-/ALL/ALL] SIP Hold re-invite in MMC837
Modified to show Hold Re-Invite only when MPS Service is disabled.
30. [-/ALL/ALL] Page All
Modified not to use MGI channels in case of Page All.
31. [-/ALL/ALL] SMT -i52xx Call Log redial of International numbers
32. [P120419002/OS7100/ALL] OS7100 Resetting due to WatchDog alarm and Broadcst traffic
33. [-/ALL/ALL] OfficeServ sending two “Proxy-Authorization” headers in the Registration message.

34. [P110824001/ALL/ALL] OS7000 SLT NAME PROBLEM
35. [P120425001/ALL/ALL] Pressing # to send caller to voicemail wont work using DIDs direct to a keyset.
36. [P120427001/ALL/ALL] Caller id to SLT port only show number
37. [-/ALL/ALL] Digits starting with * in DM5.2.3 does not work
38. [-/ALL/South Africa] Default CO access code/Operator code change
Change default value of operator number and trunk group.

(Operator number: 0 -> 9 / Trunk group: 9 -> 0)

39. [P120509001/OS7100,7070,7030,MP20s/ALL] Embedded voicemail time stamp incorrect using NTP server
40. [P120521006/ALL/ALL] CR (call record) key not working correctly on 7030 with BRI
41. [P120521007/ALL/ALL] UCD Group busy takes 5 seconds to overflow - Ticket 14146
42. [P120522002/ALL/ALL] Tutorial License IP Phones - Ticket 14044
43. [P120529002/ALL/ALL] Problem with svmi20i and IP phones
44. [-/ALL/Dubai] REVW key
Add STN CALL LOG in MMC110. (Dubai only) 

If this option is set, user can check call log of station calls by using REVW key.
45. [P120623002/ALL/ALL] SMDR Directory Name is overwritten when check-in/out a Room.
46. [-/ALL/ALL] R2 DID does not work
47. [P120713001/ALL/ALL] VT TRANSFER REMOTE NODE
48. [-/ALL/ALL] MP20s Watchdog reset
49. [P120731002/ALL/ALL] Ticket 14732 - Barge in ISDN2
50. [P120807002/ALL/ALL] Mobex does not work with UCD groups
51. [-/ALL/ALL] OfficeServ sends G.729 codec which is not included in INVITE SDP
52. [-/ALL/ALL] T.38 Fax outgoing failure

53. [-/ALL/ALL] Problem when the Operator does a blind transfer of DID calls to busy station with forward on busy to voicemail set.
54. [-/OS7100,7030,7070,MP20s/ALL] No NewZealand in the time zone
55. [P120830003/ALL/ALL] Station Pair SMT Phones in Station Group
56. [P120830005/ALL/ALL] Station Pairing
57. [P120830006/OS7100,MP20s/ALL] Tepri-a Upgrade failure with v4.60b
58. [P120831004/ALL/ALL] Mobex SIP Trg (peering) CLI Table
59. [P120831005/OS7400,7200/ALL] CNF 24 E-Mail Russian code page
60. [P120831007/OS7400,7200/ALL] CM indication for SPNet conf. members
61. [-/ALL/ALL] DND and Incoming call LED flashing is same.
62. [-/ALL/ALL] SIP Diversion header not work correctly in SIP trunk in 4.60b sotware
Modified to be able to change DM 5.2.13 Privacy header value.

63. [P120913001/OS7100,7030,7070,MP20s/ALL] os7100 svmi remote hold and page feature.
64. [-/ALL/ALL] System reset

65. [-/ALL/ALL] System reset by SNMP attack
66. [P121024001/ALL/ALL] System does not send the SIP message 180 / 183.
67. [P121024005/ALL/ALL] OfficeServ does not send the right CLI to SIP peering
68. [P121024006/ OS7100,7030,7070,MP20s/ALL] An undefined error occurs when you save VM data
69. [P121025001/ALL/ALL] SMT-i5230 string is not translated
70. [P121025002/ALL/ALL] A paired DGP doesn’t ring when primary/secondary is in a unconditioned station group.
71. [P121025003/ALL/ALL] Call from PSTN - MOBEX associated with SIP phone does not have voice
72. [P121025004/ALL/ALL] Call from PSTN - SLT paired with SIP does not have voice
73. [P121025005/ALL/ALL] INVITE has not media description when make a call to MOBEX via SIP peering.
74. [P121106001/ALL/ALL] MOBEX SIP CONNECTION
75. [P121128001/OS7200/ALL] SVMI-20I os7200 AUDIO ISSUE
76. [P121128002/OS7200/ALL] DM asks for 6 digit password for ITP password
77. [P121218001/OS7200/ALL] Ticket 15857 - TAPI and PGM Message
78. [P121221001/OS7200/ALL] Security risk with FTP access

’12.09.04 V4.63
[New Feature]

[Bug Fix]

1. [VM/ALL/ALL] Pointer file(FILE.PTR) is not included when it runs 'Backup and Restore'.

2. [VM/ALL/South Africa] Trunk group number changed for South Africa

3.  [P120425001/ALL/ALL] Pressing # to send caller to voicemail wont work using DIDs direct to a keyset.

4. [VM/ALL/ALL] port scan made a memory leakage and system down.
5. [VM/ALL/ALL] UCD Prompts stopped when pressing dtmf digits except for exit code.
6. [-/7070,7100,MP20a/ALL] DuSLIC which is SLI chip of OS7070, 4SL2 card is changed from V1.3 to V1.4 
7. [-/7100,MP20s/ Australia] applied the approved value from Australia of SLI3 card
8. [-/ALL/ALL] Cannot find HOLD REINVITE option.
9. [-/ALL/Germany] MOBEX CLIR

10. [-/ALL/South Africa] When receiving SIP 4xx, 5xx, 6xx message, display message is changed in detail
11. [-/ALL/ALL] Multicast PAGE * fail
12. [P120529002/ALL/ALL] Problem with svmi20i and IP phones

13. [P120521007/ALL/ALL] Ticket 14146 - UCD Group busy takes 5 seconds to overflow

14. [-/ALL/Dubai] revitalize MMC110 STN CALL LOG option in Dubai
15. [P120713001/ALL/ALL] VT TRANSFER REMOTE NODE

16. [P120731002/ALL/ALL] Ticket 14732 - Barge in ISDN2

17. [-/ALL/ALL] 2205x phone's Mute button allocation is failed by kmmc or DM.
18. [-/ALL/ALL] When you receive a R2 call, the call is not follow MMC714 did digit table.
19. [-/-/SEG] sending T.38 FAX is failed
20. [-/ALL/ALL] When receivng SIP Trunk call, OfficeServ send 183 message including wrong codec information
21. [P120830006/MP20S,MP10A/ALL] Tepri-a Upgrade failure with v4.60b
22. [P120509001/LINUX system/ALL] Embedded voicemail time stamp incorrect using NTP server 
23. [P120905001/ALL/ALL] Device Manager 5.2.3 Voip Outgoing Setting
24. [P120522002/ALL/ALL] Ticket 14044 - Tutorial License IP Phones
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’12.04.02 V4.60b
[New Feature]

1. [-/-/-] DM's default Password is changed

· This will be applied after initializing DB

2. [-/-/-]DM 5.2.13 SIP Carrier Options’ Auth Password appears asterisks for security

· This happen in case that you use DM V4.60b or after V4.60b

· If you use IT or MD bellow V4.60b, you cannot see Auth Password option
3. 911 conference feature’s restriction

a. Setting

· MMC709 TOL.PASS COD’s OVRD USE TRK GRP

· MMC769 911 DESTINATION 

b. In case of using 911 conference feature with analog trunk, there is approximately 4 seconds dialing delay

c. In case of using 911 conference feature with analog trunk, there can be wrong digit sending because of noise.

d. In case of using SIP station, 911 conference feature don’t work but can make a 911 outgoing call.
[Bug Fix]

4. [P120321001/-/-] Executive mobex - No audio when paging from SIP trunk 
5. [P120320003/-/-] Tutorial License incorrectly displayed

6. [-/-/-] Tutorial License is expired in 14 days not in 60 days.

7. [P120313001/OS7000/-] Dialing 911 requires entry in toll pass table. (MMC 709)

8. [P120322001/OS7000/-] 911 calls wont send caller id out from MMC 321 on v4.60 software

9. [P120320001/OS7000/-] 911 Call Alarm incorrectly displayed

10. [P120320004/OS7000/-] Clock incorrectly set when using NTP

11. [-/-/Plant] Long call dropoff on SIP trunk

12. [P120330002/-/-] STA SIP call drops

13. [P120227006/MP20s,MP10a,MP11,7070,7030/SEUK] OS7100 S0-BUS calls failing
14. [-/-/-] SIP Hold Re-Invite option issue

15. [-/-/-] Video calls from SIP phones get early video from a called SMT phone or OSC

16. [P120329003/-/-] PGM Message fwd via CTI fails
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’12.03.12 V4.60a
17. [-/OS7400,OS7200(MP20,MP20S)/SEI] ITALY CNF24 default license.

4 channels are provided
18. [-/OS7400,OS7200(MP20,MP20S)/-] Display of DGP/SMT not refreshed in case of terminating Meet-Me conference.

19. [-/-/-] Supporting OfficeServ Communicator’s H.264 codec and sRTP feature
20. [-/-/-] Changing how to check FMC phone’s license
21. [-/MP40,MP20,MP20S/-] Changing CNF24’s Daily Reservation period from 30 days to 3 months 
22. [-/-/-] Long call dropoff on SIP trunk
23. [-/MP20S, MP10A, 7030, 7070/-] When uploading DM DB, DHCP Server Option is not applied

24. [-/-/-] Supporting SIP Phone's auth code dialing
25. [-/-/-] Mobex caller XXX to SGP Problem in case of uncondition type's station group
26. [-/-/-] spnet to spnet Video call
27. [-/-/-] video call between OSPP IPP and SPNET's hold/resume
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’12.02.16 V4.60

1. V4.60 S/W isn’t compatible with below V4.60 DB
2. [-/OS7400,OS7200(MP20)/-] New SVMi-20i card are now available.

3. [-/OS7400,OS7200,OS7100/-] New SLI3 cards(16SLI3, 16SLI3s, 8SLI3, 8COMBO3) are now available.
4. [-/MP20s,MP10a,MP11,OS7030,OS7070/-] MP20s restart problem when a station send DTMF repeatedly was fixed.
5. [-/ALL/-] Mobile Client

Provide Mobile Enterprise service as below.

-> SIP basic call feature, move, one-step transfer, unregistered forward, smart routing

6. [-/-/-] Support Real-Time Tone Generation service (R4.1)
7. [-/-/-] Plug and Play for IP Phones.

Provide 3 types of PNP mode. (Pre-Macaddr, Auto PNP, Normal Login)

8. [-/-/-] IPP Auto Upgrade.

Add MMC914 to upgrade all IP phones at the same time. This option is for only manager.

9. [-/MP40, MP20/-] SIP TLS
10. [-/OS7400, OS7200 MP20/-] Supporting sRTP
11. [-/ALL/-] Supporting Multi Carrier SIP registration
After uploading DM DB to V4.60, Set specific option related to SIP trunk. Or you can’t use sip trunk.

12. [N100430002/-/Denmark] Change the 480 Sip Message.
13. [eMGI] Support VBD(Voice Band Data) service

14. [-/ALL/-] Privacy header option for outgoing SIP trunks calls.
15. [-/-/-] SIP Peering Option.

Tandem(SIP/H.323 call => SIP/H.323 call) is allowed by MMC833 VoIP Tandem option.

16. [-/ALL/-] Selectable codec for SIP trunk calls
17. [N101116006/ALL /-] MOBEX Callback

18. [N090625013/-/-] MOBEX Scheduling

In the previous version, MOBEX station and its master are ringing at the same time regardless of current time. But in V4.60, simultaneous ringing is allowed by MOBEX scheduling time.

19. [-/-/-] MOBEX Ring Group Busy

When MOBEX station is busy, its master will be also busy.

20. [-/-/-] Ability to set what type of calls can ring MOBEX stn is added.

21. [-/-/-] MOBEX authorization by CLI Ringing Table is added.

22. [N090625008/-/STA] Recommend to change MOBEX feature code displays.
23. [-/ALL/-] Supporting H.264 codec to Video SIP Phone
24. [-/ALL/-] Sending DTMF to SIP Phone
25. [-/-/-] CNF24 Enhancements.

26. [-/-/-] Single Address book and calendar features are added.

27. [-/-/-] Add SIP Trunk Error Alarm.
28. [-/-/-] Modify default value for each country.
29. [-/ALL/-] Separating SIP Trunking / Peering port
30. [-/-/-] DID Limit Count per Ring Plan is added.

31. [-/-/-] UCD Queue Limit Count feature is added.
32. [-/ALL/-] NTP Server
33. [P110204001/ALL/-] Ticket 10313 - Virtual port Mailbox delete

34. [P110825001/ALL/-] PWP Scheduling Issue

35. [P110715004/ALL/-] Wrapup timer

36. [P110413004/ALL/-] LCR code on Disply

37. [P110614001/ALL/-] Multiple connections via IT Tool

38. [P110816001/ALL/-] MMC 741 options will not

39. [P110816002/ALL/-] Unsupervised Conference Bridge

40. [P110716002/ALL/-] SPNET TOLL RESTRICTION

41. [N100227012/ALL/STA] NO CLIP BUTTON
42. [N091116002/ALL/-] Change priority between Alias or CLIP Translation table
43. [N101123004/ALL/-] Trunk number information at LCD should be changeable to given Names.
44. [P110824002/ALL/-] 7100 voicemail language key code

45. [P110817001/ALL/-] Pre cofigured data in MMC712

46. [P110810001/ALL/-] GPLIM V1.41 NTP CLOCKING ISSUE

47. [P110727001/ALL/-] MP20S RESTART

48. [P110707002/ALL/-] MWI (PRS mode) feature does not work on 16SLI2 card

49. [P110707001/ALL/-] OfficeServ does not detect the congestion tone to disconnect the cleared call automatically

50. [P110704005/ALL/-] CID option cannot be set for CRM by means IT2.2.1

51. [P110704003/ALL/-] Rings before answer option (VMAA->PORT BLOCK->SAMSUNG IN-SKIN) does not work properly

52. [P110625002/ALL/-] Wrong translation, LCD display text and still some English words

53. [P110623001/ALL/-] Ticket 11529 - UCD from AA on auto answer

54. [P110527002/ALL/-] Find Me Feature Callout Problem

55. [P110527001/ALL/-] SVMI ALERT FEATURE OUTCALL FAILURE

56. [P110429009/ALL/-] IDCS28 BTN SET INTERACTION

57. [P110421001/ALL/-] SPECIFIC REDIAL FEATURE ISSUE

58. [P110418002/ALL/-] Programming od ANS/RLS Key to keysets

59. [P110414001/ALL/-] Call Forward No-Ans

60. [P110413003/ALL/-] WIFI Dect

61. [P110413001/ALL/-] ANI CLID E&M Trunking not Displaying

62. [P110402001/ALL/-] MMC 430 DMS100 Setting No Name
63. [P110707002/MP20/SEI] MWI (PRS mode) feature does not work on 16SLI2 card.
64. [-/ALL/-] SMDR buffering (All system, 10000ea)
65. [-/All/-] Support Hybrid Voice Paging feature (R4.2)
66. [-/OS7100, OS7030, OS7070/-] change MSP firmware for voice encryption and fixing VM bug.
67. [eMGI/OS700,OS7030,OS7070/-] Support RTCP-XR.
68. [P110915-0012] RTG Version Display Error

69. [P111004-0002] Call Drop at the long-run test about SIP peering.

70. [P111004-0003] MPS Task Suspend at the long-run test about SIP peering.
71. [P110707001/ALL/SEI] OfficeServ does not detect the congestion tone to disconnect the cleared call automatically
72. [P110824003/ALL/STA] Group display Station Group data.
73. [P111103-0003/ALL/-] RTG Higher Gain and RTG sound difference between G.729 and G.711.

74. Samsung OfficeServ 7100(MP10a) and 7030 version V4.54a confirmed as Vendor Validated with BroadWorks R17SP3 for SIP trunking interoperability.

75. [N090625013/ALL/ALL] Move MOBEX Scheduling menu.

76. [-/ALL/ALL] Move MOBEX Group Busy option.
77. [-/ALL/ALL] After initializing or restoring VM, the system will reboot automatically.

78. [-/ALL/ALL] MSP firmware is updated to fix silence detection bug(Message cutoff issue is related.)

79. [-/ALL/ALL] Email address was not saved in a mailbox because it exceeded the Email gateway license but there was no notice. It’s fixed to show a popup window.

80. [-/MP10a, MP20s/ALL] Email gateway did not work with Google mail server. It’s because the certificates are not copied to the system while upgrading to V4.60. It’s fixed.
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’11.03.18 V4.53c
1. [-/MP11/-] NAT options are initialized after reboot on OS7100 MP11 system.
2. [-/-/-] Improving SIP Trunk exclusive function.
3. [P110309002/-/-] Networking issue os7100 and os500 switch
4. [-/-/-] WiFi pause issue
5. [P110222003/-/-] It is fixed that the clip translation name does not display on an SLT handset.
6. [-/-/-] SIP Hold Pick up does not work
7. [-/-/-] Consultation transfer does not work through Spnet on the 3rd party SIP station
8. [-/-/-] Changing Station name in Common Port Control (ITool 2.4.2) using IT makes SMT phones loosing connection to MP10a
9. [P101123007/-/-] DS5012L incorrect time
10. [-/OS7070/-] SLT port plug-out issue
11. [-/OS7100 MP10a/-] Fail to connect VM web on MP10a.
12. [P110322002/-/-] System Reset Sequence
13. [P110328001/OS7100/-] OAS card restart in OS7100
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’11.01.25 V4.53b
14. [-/-/-] SIP OPTIONS problem
15. [-/-/-] Adding SIP Station Diversion Header
16. [-/-/Turkey] Trunk Disconnect Time is updated when transferring a call
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’10.12.31 V4.53a
1. [-/OS7400,OS7200 MP20, MP20s/-] PWP last week problem.
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’10.12.14 V4.53
1. V4.53 S/W is compatible with V4.52 DB, but isn’t compatible with below V4.52 DB
2. When you upgrade OS7400 MP40 S/W or OS7200 MP20 S/W by using Installation Tool from V4.4x to V4.53, you have to upgrade twice (V4.4x -> V4.51 -> V4.53) because of MP S/W package size.

3. [-/OS7400,OS7200,OS7100/-] Samsung 2GB SD Card applied
4. [P100803006/OS7030/-] Second cabinet trunk ports do not show in trunk group
5. [P100908002/OS7100 MP10/-] MP10 v/mail message forward

6. [P100915002/OS7200 MP20/-] Supervisor key dial tone
7. [P100910003/OS7100/-] IT Tool MMC 831 public rtp port update
8. [P100819002/-/Australia, New Zealand] ITool 

9. [P100824001/-/-] ABW CTI DATAVIEW ISSUE

10. [P100813001/-/-] MMC 119 GROUP DISPLAY

11. [P100914001/-/Ireland, Turkey] OS7030 CLI Incorrect on Analog trunks in Ireland

12. [P100909002/-/-] SVMi20 Call Recording afer a Barge In 
-> This will be applied in V4.60.
13. [-/-/OS7400, OS7200 MP20, MP20S] Add self join alarm

14. [-/OS7100 MP10/-] Language key code of system parameter is not saved.

15. [-/-/-] WiFi Phone Registration Problem after power off/on

16. [-/-/-] WiFi Phone Registration Problem after temp License is expired

17. [-/Except for OS7200 MCP/-] Diversion Header Support in Mobex Call

18. [-/-/Finland] E164 number support for Finland

19. [-/Linux System/-] Add MMC516 (Tone Cadence set)

20. [-/-/-] 52XX station's one-way speech 

21. [-/OS7200 MP20s/-] voice prompt distortion on the MP20S VM ports

22. [-/OS7070/-] SLI Port plug-out

23. [-/OS7200/-] OS7200 SPNET FAX Problem.
24. Apply new msp file to CNF24 card.
25. [DM] Change FTP Port for NAT
26. [DM] DM Package files can upload with File Control Menu.
27. [DM] Add the Sort Function.
28. [DM] Input password 3 times without closing login screen.
29. [CNF24] STA "Who am I Request" prompt
30. [-/-/Central and South America] Busy Tone Frequency Option is Added

31. [-/-/-] SVM Max Message
32. Change invalid conference ID prompt
33. [P101112003/OS7200 MP20S/-] MP20S prints out the room status and the wake up call set up for 40 stations only 

34. [P101030001/-/-] STATION PAIR and Call Coverage 

35. [P100915001/-/-] NND feature while doing auto record cause lost calls
36. [-/Linux System/Russia, New Zealand] Called Number Plan & Type option of PRI, BRI is shown in OfficeServ Linux System.
37. [-/-/-] MCONF Unsupervised Conference Problem
38. [-/OS7200/-] Caller didn't hear ringback tone.
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’10.08.18 V4.51
1. [P100526001/OS7000/-] Barge In Failure
When 3rd party tries to barge-in and then routes to voice mail, original call is dropped. 
Modified not to disconnect current call in the above case.

2. [P100507004/OS7000/-] (SEUK) Communicator shows LCR code
Communicator show the LCR code when call is connected.
Modified to show original dialed number.

3. [P100522004/OS7000/-] (STA) VMAME Feature Broke
IP phone with VMAME key doesn’t hear the message being left by the calling user so they don’t know if to answer or not.
Modified to send audio message during ringing mode.

4. [P100602001/OS7000/-] Virtual SLT ports ring Normal SLT ports
When you have a pot phone connected to the 8 combo card and ring a virtual extension that is in the same slot and port then the pot phone will also ring.
Modified not to send ring message to virtual SLT.

5. [-/OS7000/-] Group pickup info remains on screen.
Group pickup information remains on screen when call is received on analog trunks.
Modified to delete pickup group information in the above case.

6. [-/OS7000/-] Add IP-AOM in MMC841.
7. [-/OS7000/-] Speech comes over the speaker when in headset mode.
Under certain configuration and call scenario you can hear speech coming over the speaker when in headset mode.

Modified not to open speaker path by following SECURE OHVA option.
8. [N091006001/OS7000/-] External Call Forward does not follow Station/Trunk use.
Add Enhanced FWD to MMC210.

If this option and EXT FWD are ON, trunk call can be outgoing or not by following stn/trk use.
9. [P100615003/OS7000/-] WIP cannot answer calls
Cannot answer call to WIP5000 handset.
10. [P100617006/OS7000/-] Auto Answer intermittently not working
Under certain scenario Auto Answer is intermitently not working and instead and Announce ring mode is being used even though the extension is set to use Auto answer.
11. [P100523001/MP20/-] 16-TRK FLASH ISSUE
When you flash the port 5 thru 16 of the 16TRK/8TRK2 card,  you will not get dial tone and disconnect the first call.
12. [P100527001/OS7000/USA] Page Timeout Broke
Because of request, MMC 501 page timer will affect during internal paging
13. [P100615001/MP20S/-] MP20S MAIN GRETTING CLICKING
Clicking on the MP20S voice mail main greeting when the main greeting is redone.
14. [P100617004/OS7000/-] UCD Prompts Not clipped
Prompts on the UCD group were not being clipped when an agent becomes free.
15. [P100622003/OS7000/-] P100208005 SIP Hold Reinvite does not work correctly for Transfered calls
16. [P100622004/OS7000/UK,EU] Incorrect SMDR code for UCD to UCD abandoned call. On v4.46d
if a call to UCD Group and go to final destination which is UCD Group, and the caller hangs up when the agent phone is ringing, the system sends a 'C' code and not an 'A' code to SMDR.
17. [P100629004/OS7000/] SMT IP Phone delayed speech problem.
call into a system on alog trunk, answered by an SMTi5243, There is a delay of about 3 seconds
18. [P100706002/OS7000/-] SIP Calls being rejected with a SIP 513 message too big
On an OS7100 when a call to a SIP extension is routed out over an SIP Trunk the call is being rejected with a 513 message too big error.
19. [P100708003/OS7000/-] Peri UCD stats showing 65xxx unanswered calls
If there are calls in the queue when performing either a manual Clear Stats or Automatically then the unanswered calls show 65535 unanswered calls.
20. [P100715002/OS7000/Germany] All SMT-i52xx/ Umlauts are missing after hooked off
Umlauts are not indicated when hooked off at source side
21. [P100724001/MP20/-] MP20 CONFERENCE SQUELL
22. [P100728001/OS7000/-] OS Operator not displaying CLIP Translation Properly
Incoming calls are not showing the callers CLIP Translation name when programmed in MMC728 on OS Operator. Instead of showing the name there are some strange characters
23. [P100729003/OS7000/-] FOLLOW ME FORWARDING ISSUE
In case of follow me feature, MMC 210 Chain Forward option didn't affect.
24. [P100729004/MP20/-] PAGE SUPPERVISOR FEATURE INTERACTION
25. [P100807002/OS7000/-] CBK with station Pair issue
Paired port did not assign a call button when call back ring occured. To assigned a call button is missed.
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’10.07.12 V4.50
1. [-/-/-] SEG V450 Issue
2. [-/-/-]The dialed PSTN no. is flickering during redialing with the redial function.
3. [-/OS7400,OS7200 MP20/Australia] Australia Radio Station
- Add Function 1: Radio Station Link On/Off with DT button. 

- Add Function 2: Conference call is also connected with Radio Station.
4. [-/OS7030/Germany] OS7030 Germany License
5. [-/OS7400,OS7200 MP20/Algeri] SMDR Buffering
6. [-/-/-] SEG T450 Issue
- Bug No.4 : Internal Dial tone must be German styl
- Bug No.5 : Mismatch Device error
7. [P100615003/OS7400,OS7200 MP20/-] WIP cannot answer calls
8. [-/OS7400,OS7200 MP20/Australia] Australia Radio Station
9. [-/OS7030/Germany] OS7030 Germany License
10. [-/OS7400,OS7200 MP20/Algeri] SMDR Buffering
’10.06.14 V4.48
1. [-/OS7400/USA] Remote Station Function
: Remote Station Function and NS function are same.
’10.05.03 V4.46d
1. [-/OS7030/ALL] OS7030 slave cabinet lock-up
: Link check error between master cabinet and slave cabinet is fixed.
2. [-/ALL/ALL] Version display of IP-AOM was wrong on KMMC 840
: Version display of IP-AOM was fixed on KMMC 840

3. [-/ALL/ALL] Incoming calls to a UCD group with Sip extensions get stuck on second UCD message.
: In this case, new internal call flow is added.
4. [-/ALL/ALL] Desi-less phone's 10 character name error
: Last 10th character will be checked normally.
5. [-/ALL/ALL] a call from SIP trunk to AA makes a one-way speech.
: If a call from SIP trunk route to AA, SIP module sends update response message to MP.
6. [-/OS7200 MCP(Only SmartMedia Card Type)/ALL] BRI Clicking Noise.

: If OS7200 MCP’s SmartMedia Card was controlled, BRI/PRI reference clock was changed. 

 This problem is fixed.

’10.05.31 V4.46e
1. [-/OS7200(MP20s),OS7030,OS7070,OS7100/ALL] 
VM language is set to English although the system is set to other country(for example, Korea, Italy etc.)
2. [-/ALL/ALL]Voice Cross talk after paging
3. [P100525004,P100522003/ALL/ALL] RTO Key problem
’10.04.15 V4.46c
1. [P100303001/ALL/ALL]Missed call notification on SMT -ixxx
Missed call notification follows a setting in MMC 110. Phone & MP S/W modified. 
2. [P100215001/ALL/ALL] UCD PERI data is incorrect for calls waiting
Ringing call is not counted at Missed call 
3. [P100208005/ALL/ALL] Cannot disable HOLD REINVITE
If MPS off, HOLD REINVITE can be disabled.
4. [P100310012/ALL/ALL] UCD Peri Stats Incorrect
5. [P100310013/ALL/UK,EU] SMDR data is incorrect for ABANDONED call at UCD group
Spec change
6. [-/ALL/ALL] Speed dial bins 00-09
You can enter 00~09 speed dial bin number.
7. [P100128004/ALL/ALL] CENTRALIZED VOICE MAIL DND ISSUE [image: image13.png]



When DND forward, Call is forwarded to Centralized VM correctly.
8. [P100105003/ALL/ALL] Voice Announce over SPNet
When SPNet, CO call will meet voice announce.
9. [-/ALL/ALL] VPN with SPNet
It is changed to check private setting from class to range.
10. [-/ALL/Turkey] Turkish translation

11. [-/ALL/ALL] Prompts is installed after rebooting, although user deletes the installed prompts.
12. [-/OS7030/Turkey] Improve voice quality of Turkish prompts
13. [P100122003/ALL/ALL] Account Code Response Invalid

14. [P100128006/ALL/ALL] RING BACK HEARD OVER SPEAKER
’10.02.26 V4.46a
1. [-/ALL/ALL] Set relocation restriction between IP phones.

It is requested to restrict set relocation between IP phones because it is more convenient to use Extension Login rather than Set Relocation in case of using IP phone.

2. [-/ALL/ALL] Restriction of using Headset key during conversation.

When headset key is used during conversation, there are a lot of considerations and side effects. So headset key should not be used during conversation.

3. [-/ALL/ALL] Default language is not changed.

After changing the default language from English to French, system rebooted. The default language is reverted to English.

4. [-/ALL/ALL] If station names contain a space and the first part is the same the second mailbox is not imported.

=> Delimiter is changed to be at least tab character or more than 2 blank spaces.
’10.02.22 V4.46a
1. [-/ALL/ALL] NET DSS key assignment
User can assign DSS key from SMT-i5230 but can't assign NET DSS key.
2. [-/ALL/ALL] MMC120 AOM CURSOR
New Large IP Phones don't have to use AOM CURSOR in MMC120, because these new IP phones always display the previous position not following MMC 120 AOM CURSOR.

=> Modified not to display AOM CURSOR in case of new large IP phones
3. [-/ALL/ALL] Delete the previous follow me destination number
Even though user deactivates Follow ME by inputting "600", the previous destination number is still remained in system DB. 

To make it clear for deactivating, destination number should be deleted.
4. [-/ALL/ALL] Disable Boss and Secretary Function menu in case of SMT-i3105
SMT-i3105 doesn't support Boss and Secretary function.
=> Modified that SMT-i3105 can't be set as Boss or Secretary in MMC303
5. [-/ALL/ALL] Group Call to Paired Station
Secondary member of station pair doesn't ring in below case.

(1) In MMC601, create group 501 with member 2001.

(2) In MMC217, set 2001 as primary with 2002 as secondary.

(3) Make a call to group 501.

(4) 2001 will ring but 2002 does not.
6. [-/ALL/ALL] OS7030 VM License Issue
7030 has two VM licenses basically. But in below case, user can't make a call to VM.

(1) In MMC601, create VM group 519 with two VM members 301, 302.

(2) Make a call to VM group 519. It works OK. 

User can hear "enter your password".

(3) Make another call to VM group 519. 

User can't hear "enter your password" but hear ring back tone only.

(If user makes a call to 301 and 302 individually, there is no problem.)
=> Correct usable license checking process.
7.  [-/ALL/ALL] Delayed RP Key Operation
RP key LED switching time is delayed about 1 minute.
(1) Set Ring Plan 1 as 00:00 to 23:59.

(2) Set Ring Plan 2 as 07:00 to 16:00.

(3) Make two RP key for two ring plans.

(4) RP key 2 turns on about 7:01 and RP key 1 turns on 16:01.
=> Modified that next RP key LED turns on when current time and current ring plan end time are same.
8. [P091224006/ALL/ALL] Announce Transfer Headset Operation
Headset is deactivated in below case.

(1) Answer trunk call on extension 201 (digital keyset)

(2) Press TRSF, dial 3201 (SMT-i3100)

(3) 3201 press SPKR to answer with Headset.
(4) 201 announce’s call (Speech OK)

(5) 201 hangs up.

(6) Issue 3201 can’t hear caller. Keyset Microphone is activated.

(7) if 3201 places call on hold, then retrieves call from hold.

In this case Tx and RX speech is OK but microphone is deactivated.

 => Modified not to send beep tone in case of using IP phone and headset mode.
’10.02.11 V4.46a
1. [P091031014/ALL/ALL] KMMC cannot set LNR key for SMT-i5243
2. [P091031004/ALL/ALL] OS 7000 - All models - Cannot KMMC with iDCS 8 button phone 

3. [P091031017/ALL/ALL] OfficeServ Call - GLISTEN SPEAKER problem 

4. [P091031012/ALL/ALL] OS 7000 - All models - UCD Final Destination problem

5. [P091106001/ALL/ALL] ALL OS Systems - Caller hang up during transfer can cause problems

6. [P091102005/ALL/ALL] OS 7000 - All Models - CID button not working properly.
7. [-/ALL/ALL] Tutorial License's SPNET is Enabled

8. [-/OS7070/Russia] OS7070 H323 Application

9. [-/ALL/ALL] MMC430 PRI ANY CHANNEL set issue for Network mode
: It's changed that you can set PRI Any Cannel for Network Mode on MMC430.
10. [P091118002/ALL/ALL] OS 7000 - All models - KMMC 326 show incorrect data 
11. [-/ALL/STA] MMC210 area delete option issue for Phonebook dialing
: When you dial using keyset's phonebook, if digit size is 10 digits and MMC 210 cid code 
insert option is on, MMC210 area delete option was not applied. System will handle area 
delete option before handling cid code insert option

12. [-/ALL/ALL] Desi-less feature
: From V4.46, New IPP(SMT-i5230) user can change its key info and edit its key name in 
MMC766.
13. [-/ALL/ALL] From keyset you cannot change MMC 104 (Station Name).
: System supported Korean name only in Korea. After V4.46a, System will support Korean 

name in USA country code.
14. [-/ALL/ALL] Modify the formula to calculate the REGISTER expire time. 
There was a problem to calculate the REGISTER expire time. Because of this problem, the 
registration of OfficeServ for SIP server is expired in case of  the SIP server doesn't send a
180 Ringing message for the INVITE message from OfficeServ. I fixed a bug of the 
formula. 
15. [-/OS7100,7030,7070/ALL] The default volume is changed.
- Problem : The volume of attached file sent via email gateway was too loud.
- Reason : There was a mismatch between prompt volume level and user recorded message 
volume. The user recorded message was so quiet, compared with prompt volume. So the
recording gain(of DSP) is set to 6dB. It was a US prompt.
But the Itailan prompt volume is a little low than US prompt. So, the recorded message is too 
loud compared with the prompt.
- Modification
1. The recording gain is changed 2dB for Italy.
2. The default playback volume is set to normal(all countries)
    : It's because the many countries reported that the default playback volume was too loud. 
This won't be applied when upgrading the product because it will not change the 
configuration that a user sets.
16. [-/OS7100,7030,7070/Russia] The toll restriction is applied for Russia.
- Problem : [Russia] The outcall authorization is set to yes, so illegal use can be a problem.
- Reason : The outcall is allowed in default configuration. So SVMi can dial any number and it 
can be a security hole for illegal use.
- Modification : The outcall authorization is set to NO in default configuration and message 
alert feature is changed to follow the authorization.
17. [-/OS7100,7030,7070/-] The maximum mailboxes is limited to 256.
The maximum mailboxes was 1,000, But the web management can not display the all 
mailboxes. The buffer used to exchange the data between VM and Web module can not 
handle 1,000 mailboxes. The maximum mailbox number is changed to 256.

18. [P091215006/ALL/ALL] V4.42b Hotel mode does not delete/create voicemail mailboxes on Checkout, Checkin.

19. [-/ALL/ALL] SIP Trunk to SIP Trunk call's mgi use option is added
- In case of Specific SIP Server, if the server don't receive rtp packet, the server don't send rtp 
packet. MPS can forward received rtp packet to opposite side and cannot make rtp packet.
- In case of this Specific SIP Server, OfficeServ system cannot use MPS channel for SIP 
trunk to SIP trunk call. If added SIP2SIP MGI option (MMC861 - VOIP RTP OPTION)set to on, 
OfficeServ system use MGI channel for SIP trunk to SIP trunk call.
20. [-/ALL/ALL] Add Secretary Answer Mode
- As boss answer option is newly added to New Large IPP (such as 5230, 5243 etc.), not only 
BOSS but also SECRETARY should be able to set its own boss answer mode.
So system needs to add boss answer mode for secretary.
(In previous version, only boss can have its own boss answer mode. And this boss answer 
mode is applied when secretary makes a call to his/her boss using BOSS key.)
- Modified to be able to set secretary's boss answer mode in MMC125.
Be aware that secretary can set only boss answer mode. The other options(EXEC STATE, 
STATE(IN/OUT)) can't be set in case of secretary.
21. [-/ALL/STA,Russia] Disconnection problem of WIFI 5120 in case of deleting all license Keys.
- In USA or Russia, 5120 lost its connection when all license keys are deleted in IT 2.1.4.
- Modified not to disconnect 5120 when all license keys are deleted. And this modification is 
only applied in USA and Russia.
22. [-/ALL/ALL] IT 4.9.2 data upload problem
- System can send the limited data to Installation Tool. And as key name is newly added in IT 
4.9.2, the total data size is increased. But this increase doesn't consider 2 or 3 cabinet system 
but only 1 cabinet system.
- Increase the total data size(system → IT) considering the max capacity.
(System can have max capacity in case of having 3 cabinets and installing many 16 DLI cards 
or assigning many virtual DLI/ITP slots.)
23. [-/ALL/ALL] SIP Trunk 183/180 message option added.
- When OfficeServ system receive SIP trunk call, it always send 183 message.
- You can select 183/180 message for SIP trunk. 
(MMC 861 - VOIP RTP OPTION - SIP-T RBACK)

24. [P091206002/ALL/ALL] Incoming SIP Trunk DDI calls routed to an extension do not have ringback

25. [P091206003/ALL/ALL] OS7200 v4.42 after 10-15 minutes looses registration 

26. [P091120003/ALL/ALL] Trunk to Trunk Transfer on Sip Trunks does not work properly

27. [P091207003/ALL/ALL] SIP calls failing due to CANCEL meaage

28. [P091031011/ALL/ALL] OS 7000 - All models - MGI codec problem

29. [-/ALL/ALL] Call waited station's voice path error during conference
- Call waited IPP station's voice path error during conference as follow. 

1. One IPP station make a conference call using handset.
2. At that time, incoming call go to the IPP
3. the call is call-waiting state.
4. After around 5~7 second, automatically the IPP's speaker is opened.
- this problem is fixed.
30. [P100118004/OS7200 MP20/UK] MP20 Caller ID on analogue trunks not working

31. [-/Linux system/-] Linux system’s MSP file is changed,
1. MP10/MP10a, OS7070, OS7200 MP20S

- R2 error fixed

- Fax error fixed(Compatible with Audio Codes MGI)

- After G.711 extended palyback, Silence Detection error fixed

2. MP11, OS7030 

- NU Tone Detection error fixed

- UD Trace error fixed

- Fax error fixed(Compatible with Audio Codes MGI)
32. [-/ALL/ALL] Mobex extension’s CID issue.
- Problem : Any call that is transferred to a phone with Mobex set, does not send the calling 
parties Caller ID to the Mobex extension. The caller ID does show on the desktop phone
(digital or IP) but the outside phone that is setup in Mobex ( i.e.: Cell phone or Home phone) 
only receives the CLI information (set in the “Send CLI Number” program in MMC 321) 
from the port that transferred the call.
- Modification: MMC 210 ‘HOLD ID SEND’ option is added. If you set this option to on,
You can get the transferred CID on MOBEX extension.

33. [-/ALL/STA] Large LCD Phone’s default dial type is changed from enbloc to overlap in only USA.
34. [-/ALL/ALL] New Database option entry for Prack Support

Problem : There reported a problem that certain types of SIP Servers do not handle PRACK 
message, which make sudden call drops while listening to ringback tone. 
Therefore, customers whose OfficeServ systems are connected to that kind of SIP Servers 
request that OfficeServ can choose to send PRACK or not by users' choice.
 According to the SIP standard, it is absolutely legal to send PRACK request reacting upon 
183 response from SIP server side. Therefore, it is not OfficeServ's fault, but ISP's. 
However, in terms of customer's satisfaction through maximizing the interoperability with other 
SIP entities, OfficeServ decided to accept the customer's request.
Reason : SIP Servers interacting with OfficeServ do not handle PRACK message properly.
Modification : Made a new DB entry called Prack Support, which enables OfficeServ 
administrator choose whether to use PRACK or not.
35. [-/ALL/ALL] In case that MPS Service option is enable, one way speech problem of spnet call over V4.14k or V2.75b S/W is fixed.
36. [P091224006/OS7030/ALL] OS7030 slave cabinet causes DB problems
37. [P100109001/OS7100,OS7200/ALL] Failure to update LEDs status of any DGP connected to the first port of a DLI card.
38. [P100130001/OS7100,OS7200/ALL] DT LAMP OPERATION
39. [P091119001/OS7200/ALL] All DTMF receivers lockup every week
40. [P091231002/ALL/USA] Name Transfer Voice Mail to Switch
41. [P091215004/ALL/ALL] Macro Keys
42. [P100122008/ALL/ALL] ITP5121 Ringing Speaker Operation Issue
43. [-/VxWorks System/ALL] The contents applied to VxWorks stack 
1) Mbuf leakage is observed with some of the Wind River's after many TCP connection 
requests.
2) An IPv4 fragment received with MF and an invalid payload length is leaked
3) Intermittent TCP checksum error, consistently greater by one, on PowerPC, ARM/XScale, 
and SH targets
’09.11.05 V4.42b
1. [N090815007/ALL/ALL] TEMP LICENSE display screens in MMC 860 should be changed 

2. [P090815002/ALL/ALL] Headset mode cannot be set or unset during conversation

3. [P090815001/ALL/ALL] ABW key cannot be used during phone call 

4. [P090813001] KMMC 406 cannot be used set extension 3999 modem as trunk ring. 

5. [P090811001] OS7200 MCP Set Relocation 

6. [P080424014/ALL/ALL] ITP5112L OVERLAP MODE OPERATION 

7. [-/ALL/ALL] transferred call's CID from AA didn't display 

When incoming call with CID is answered by the AA and then transfer to a station (eg; 203) the display of station 203 will not show [CID name and number]. Display show: "TRANS FM  701" on the second line. This is fixed
8. [-/ALL/ALL] can't use IT tool to assign VT key on button 13 of 14 button set

When using software load 4.41 and IT tool version 1.40, to IT tool 4.9.2 (MMC 722) cannot be used to program an VT key on any digital or ITP phone.  It’s fixed. When using KMMC programming the VT key on a key phone is not a problem.  
9. [P090822001/ALL/ALL] Missed Calls display causes date lockup on keyset

10. [P090901004] MMC119 Ringing Display on Line 2 is set to None when i5243 connected
11. [P090728007/ALL/ALL] DND FORWARD FUNCTIONALITY OS7400 

12. [P090808001/ALL/ALL ] Network forward 2nd Call across network 

13. [P090902001/ALL/ALL] Set Relocate does not work between SLT extension and Virtual SLT extension
14. [P090811001/ALL/ALL] OS7200 MCP Set Relocation
15. [P090818016/ALL/ALL] E-LCR & Standard SIP phones

16. [-/ALL/USA,RUSSIA,KOR] Changed new Keyset's License policy

Changed new Keyset's License policy

These new keysets are IP2200, IP3100, IP5220, IP5240, IP5243, WIP5120

In case of USA and Russia, you can use these keysets without license.

17. [-/ALL/ALL] DTMF sending through SIP trunk for dialing

If DTMF type is outband, It's possible to send DTMF through SIP trunk for dialing.
18. [-/ALL/ALL] SIP stack failure on the Plant Office system

Reason : The failure stopped all outgoing SIP messages from the OfficeServ, no responses were sent to REGISTER messages from WIP Phones, or from the IP-UMS. Outgoing SIP trunk calls also failed with the message “No User Response” displayed on the calling phone. The OfficeServ did not send any INVITE messages for the outgoing trunk calls.

The SIP functionality was restored by performing a reset of the system in IT Tool menu item: 6.3.1

This problem occurred twice, and appears to have been caused by changing the Peer CLI table parameter in the 5.2.12 SIP Stack/Ext/Trunk Options screen. The value of the Peer CLI table parameter was changed from 1 to 2. Changing it back to 1 did not fix the problem, only a reset solved the problem.

Modification : Whenever trying to send any SIP message for UMS interop, SIP module checks whether the callleg exists or not. When not found, simply ignores the send request from Call module.

19. [-/ALL/ALL] SIP Registration CALL ID bug

Reason : REGISTER messages for multiple users must have unique Call-ID but OfficeServ has same Call-ID for multiple users.

Modification : 
1.If Registration status is UnReg, each regClient detach from regClientMgr, so it can be possible for each regClient to use unique Call-ID and CSeq. 

2. If Registration status is Reg, Call-ID and CSeq are stored and managed for each user.

20. [-/ALL/ALL] New IPP(5220,5243) LED Color Control
Modified to send both led state and color information when connecting with New IPP(5220,5243).
21. [-/ALL/ALL] Sometimes, call log doesn't save caller name
The caller name was showed on the incoming call but sometimes it showed "
Unknown" in the call log.
Modified to send call log information again after receiving FACILITY msg.
22. [P090826001/ALL/ALL] No light indication for DT key that refer to SIP trunk  
’09.09.09 V4.42
1. Nursing System (Emergency Message)

Emergency messages received from CTI are displayed at the designated devices. The available target phones are limited to two-line DGP/IPP and WIP.

The configuration and operation for Nursing System are described as follows

1) For target phones, assign EMERGENCY KEY using IT 4.9.2.(MMC722/723) 
2) If a target group is needed, make EMERG GROUP and assign available members to the group with IT 4.1.1 (MMC601). Only two-line DGP/IPP and WIP is available.

3) At IT 5.14.8(MMC501), you can set Emergency Clear Time and Emergency Retry Time.

Emergency Clear Time is used to remove the message from the queue. For WIP, message re-send is supported by Emergency Retry Time.
4) When the emergency message is received from CTI, the target phones display the message with lamp and beeping. 

5) By confirming with the Emergency Key, lamp gets OFF. In the case of DGP/IPP, the emergency message is remained until the state of phone is changed.
’09.07.13 V4.41
1. SMDR Buffering

SMDR buffer required because if for some time PC or Printer is off due to any reason 
we can not get the call details of that period.
Responding to PC/PRINTER, SMDR buffering is modified as follws.
(1) SMDR~PMS which provide PC/PRINTER service can buffer.
(2) Buffering for PC is 300 and all services can use these buffer.
(3) Buffering for PRINTER is 126 and all services can use these buffer.
(4) If buffer is full, the oldest data will be erased.
(5) Data is saved as files for the case that PC or Printer is off. And the storing period is 15 seconds. (Only modified data will be stored.) So be sure that data which is stored during 15 seconds might be loss.
(6) Buffer is managed by Linked List, error is detected and corrected every 5 minutes .
2. Change Default Key value. (5014D)
Default Key value 5014D
/*---------------------------------------------------------------------------*
* DT701 DT702  DS203 DS204 DS205 DS206  VMMSG    *
* DT703 DT704  DS207 DS208 DS209 DS210  CALL1     *
*------------------------------------------------------------------------------*/
3. After initializing DB for VM in Web, the system sometimes doesn't restart automatically.
There was a bug in initializing VM. The initializing module could not check the acknowledge of VM sometimes.
4.  [Only STA] Extending the VM recording time

To extend the VM recording time, OS7030 has 3 VM prompt(USE,USF,USS) in USA.

So OS7030 uses 14 hours as the VM recording time.

(Other countries still has 16 VM prompt and about 8 hours as the VM recoding time.)
We’ll apply to this when S/W and VM prompt are saved in the NAND Flash Memory in Factory. So now you can’t check it. If you want to check it, please execute the following.

1. Restart system after reserving the following S/W and VM prompt using Web/IT.
Other unnecessary package and VM prompt must be deleted.
- 1 package in each CS/MS/AP/DR/RD/RT/WS package 

- 3 VM prompts(VM_L_USE.tgz, VM_L_USF.tgz ,VM_L_USS.tgz)
2. Check the VM recording time in VM Web menu.

- Disk Space Available in Status Screen page.
’09.07.03 V4.40

1. [-/ALL/SEI] Wrong phone LCD display is fixed.
When the call was connected and there was COLP from network side, Called party number was displayed instead of COLP.
Now, if there is COLP then COLP will be displayed. And if it is longer than 8 digits then first 8 digits will be displayed on the phone LCD.
If no COLP then CPN(Called Party Number) will be displayed. And if CPN is longer than 10 digits then last 10 digits will be displayed.

2. [-/ALL/SEI] H.323 suspend is prevented by using Automated Defect Prevention Tool.
3. [-/ALL/SEUK] Call Transfer Fail through SIP trunk.
Now, when the incoming call is transferred, MP will send the UPDATE_RQ. Then there will be REINVITE message to network side.
’09.06.16 V4.40


[Qnet code/System/Country]

1. [P090605003/ALL/ALL] Busy Tone detection Issue on Analog Trunk
- System often decodes women’s voice as a busy tone. There is a calculation error when checking busy tone cadence. We modify busy tone calculation scheme.
2. [-/ALL/ALL] VM/AA sometimes cannot download station name, if it is max length. It’s fixed.
3. [-/ALL/ALL] New license key is applied for email gateway license.
4. [-/OS7070/ALL] If AA(391~394) heards fax tone, VM/AA hangs. It’s fixed.
5. [-/OS7100,OS7030,OS7070] Max subscriber(mailboxes) is limited to 256 instead of 1000.
6. [-/OS7100,OS7030,OS7070/ALL] Email gateway failure causes VM/AA stops to operate while telnet VM CLI is logged on. It’s fixed.
7. [-/ALL/ALL] When a user log on his mailbox with some ip phone, he heards “Nter your password” instead of “Enter your password”. It’s fixed to insert delay before playing first prompt for ip phones.
8. [-/ALL/INDIA] Disable confirm/Barge tone in case of supervised transfer.
9. [-/ALL/INDIA] Caller ID Feature Name/Number Display
- DTMF CID doesn’t have valid time and name information. So if user sets cid type to DTMF and inserts cid name in MMC728, system should transfer null data to cid name of MMC728.
10. [-/ALL/INDIA] Abandon Call List
- DTMF CID doesn’t have valid time information. So system should transfer null data to system’s own time information.
11. [-/ALL/ALL] One-way issue in case of Executive Barge-In (=Override).
12. [-/OS7030, OS7070/ALL] H.323 COUNT option is displayed in MMC860 even though OS7030,7070 doesn’t support H.323.
13. [P090606002/ALL/Russia] WLI cards and Combo AP support. OS7000 V4.21c did not support the WLI cards and Combo base stations. 
14. [-/ALL/ALL] ITP-i2200 and SMT-W5120 are supported
15. [N090505007/ALL/ALL] SIP Trunks & H.323 Trunks Security – A feature that OfficeServ system rejects a trunk call from an invalid source node. If an IP address of the source node is not set in MMC833, MMC 836, or MMC837, OfficeServ will reject the call. This feature operates only if “ALLOW GW CHECK” in MMC 834(in case of H.323 trunk call) or “EXCLUSIVE” in MMC 837 > EXT (in case of SIP trunk call) is set to ENABLE. 

’09.05.26 V4.40

1. The problems which were reported during field test are fixed. Please refer to issue list.

A. OS7x00_V440_SEI_Issue_List_(English).xls

[image: image14.emf]V440_SEI_Issue_L ist.xls


B. Milestone of launching New ITPs_090522.xls

[image: image15.emf]Milestone of  launching ITPs_090522.xls


’09.05.09 V4.40


[Qnet code/System/Country]

1. [-/ALL except MCP/ALL] R1. MOBEX_P2. Mobex Executive Feature by SIP TRUNK

· In case of OS7200 MCP, this feature is allowed in EU, UK and SEG only.

· System supports MOBEX Executive Feature in case of SIP Trunk Call.

· RFC2833 DTMF Detection 

2. [-/ALL/ALL] R6.1. User License : Service License Key includes below options.

· SPNET License : To use VOIP SPNET

· IPP License : To register new IP phone (ITP3100/ITP5220/ITP5240/ITP5243)

· WIFI License : To register new WiFi phone (New WiFi phone is under development)

· CMG License : To use call manager feature in communicator. This feature is only support in below IP phones

(Soft Phone, ITP3100/ITP5220/ITP5240/ITP5243)

3. [N090124005/7200,7400/ALL] R6.5.4 Introduction of “Answer Delay Time for Ring Back Tone” feature

· For an incoming trunk call, the VM ring back tone will be heard after VM RBK DELY TM (MMC 501).

4. [N090204003,N090204004/ALL/ITALY] Change Default Values

· MMC861 AUTO UPDATE TIME Default Value => DISABLE

· MMC861 ISDN PROG IND Default Value => DISABLE

· MMC419/420 TIME SYNC => OFF

5. [-/ALL/ALL] IPP IDLE MODE FEATURE IMPROVEMENT

· In case of Forced Logout, it is limited by station status or Class Of Service.

· In case of Forced Logout, phone displays the reason. (logout by other user/logout by admin)

· ALL IP phones can logout by setting logout time or KMMC (or IT). 

6. [-/ALL/ALL] SIPFXO LOCAL Emergency Routing Function Improvement

· Emergency call can be routed by Emergency code (also emergency dial number).

· IP phone determines LCR routing table by Emergency code (in MMC330). DGP can determine that by Emergency dial number (ex. 911).

· WIP phone supports this feature.

7. [N081008003/ALL/ALL] CLIP DISPLAY options changed. (IT5.15.3/KMMC119)

· RING LINE1 : When incoming call is ringing, the specific information is displayed in the upper line of the phone display.

(NO DISPLAY, CLI NUMBER FIRST, CLI NAME FIRST, DDI NUMBER FIRST, DDI NAME FIRST, GROUP NAME FIRST, DDI NUMBER/NAME, DDI NAME/NUMBER)

· RING LINE2 : When incoming call is ringing, the specific information is displayed in the lower line of the phone display. RING LINE2 has the same options as RING LINE1.

· CONV INCOM: When incoming call is answered, the specific information is displayed in the upper line of the phone display.

(CLI NUMBER FIRST, CLI NAME FIRST, DDI NUMBER FIRST, DDI NAME FIRST, CLI NUMBER/DDI, CLI NAME/DDI, DDI NUMBER/NAME, DDI NAME/NUMBER, TRUNK NUMBER)

· TRUNK DISP: When call is answered, trunk number can be displayed or not. This option was moved from KMMC110. 

(TRUNK:DIGIT, DIGIT ONLY)

· TIME/COST : When call is answered, duration time or cost can be displayed or not. This option was moved from KMMC110.

(NO DISPLAY, TIME DISPLAY, COST DISPLAY)

8. [N080211010/ALL/ALL] IP options changed. 

1) [Public] IP options deleted => use 2 option: [Private] or [Private with Public].

2) IP type option of IP phone is deleted and automatic checked by system.

3) MPS or MGI always used when the call between IP phone and IP phone which are all under NAT.

      Changed MMC:  MMC830 [IT2.1.2]   : SYSTEM IP TYPE => PUBLIC IP ONLY deleted

MMC831 [IT2.2.2]   : MGI IP TYPE => PUBLIC IP ONLY deleted

MMC843 [IT2.2.15]  : MPS IP TYPE => PUBLIC IP ONLY deleted

MMC820 [IT3.3.1]   : SPNET IP TYPE option deleted

MMC840 [IT2.7.1]   : IPP IP TYPE & PUB TO PUB options deleted
% System which exists in public zone should set to PRIVATE ONLY including MGI and MPS.

9. [-/ALL/ALL] WIP Mode Display Added at MMC 846 LOCATED option.

"DETACH", "SIP MODE ATTACH", "OSPP MODE ATTACH"

10.  [N081114009/ALL] New IP Phones like SMT-i5220, i5243, 5264 can be connected to OfficeServ system

Changed MMC : MMC110 USE STN RING

               MMC844 UC IPP INFO (XML,, LDAP, SNMP information)

11. [N080211006/except 7030/STA] PRI outbound CLID blocking
12. [N080211007/except 7030/STA] PRI CID Date and Time Stamp from Telco
13. [N080103005/ALL/SEUK] Redirection number (PCR150)
· In case of diverting call via MOBEX extension, the CLI number of MOBEX extension should be the designated number by CO. 
14. [N080128007/ALL/SER] "Redirection From" field in ISDN signaling adding
15. [N080122022/ALL/SEI] Add 3PTY conference Telecom Italia standard service
16. [N071110002/except 7030/KOR] Support PRI Booking function

17. [-/ALL/ALL] SIP early media handling Improvement; we support SIP early media services to following stations; DG phone / IP phone / SIP phone when MPS is either enabled or disabled.
18. [-/ALL/ALL] Maintenance of information about registration of standard SIP phones: The new feature makes signaling port number remain in system DB. 

19. [-/ALL/ALL] Feature to handling the “423 Interval Too Brief” message : When the OfficeServ system tries to send REGISTER message to SIP server with very short expire time, most of the SIP servers will usually send 423 message. This feature handles this message and normally registers with proper expire time.

20. [-/ALL/ALL][eMGI] RFC 2833 Detection Feature in SIP Trunk supporting MOBEX

21. [-/ALL/ALL][eMPS] RFC 2833 Detection Feature in SIP Trunk supporting MOBEX

22. [-/ALL/ALL][eMGI] Modified the routine related to G.711 codec type due to codec mismatch when MPS is enabled.
23. [-/OS7100 except MP11, 7070/ALL]MSP firmware Upgrade (v6.14 → v7.17)

24. [-/ALL except MCP/ALL] Feature to make it possible to use SIP phones under NAT in OfficeServ System : Owing to ability of SIP Stack getting the IP address and port number the access point send from, the signaling and RTP communication with SIP phones under NAT become possible. This feature work only when MPS is set to enable.

25. [-/ALL/ALL]Video Phones is applied using MPS

* A kind of Video Phone

  : SIP video Phone, ITP Video Phone, and Call Communicator

* Video stream's MPS using

· NO MPS : Video call between Private Network's video phones.

             (directly send & receive video stream between video phones)

· MPS : All video calls excluding between Private Network's video phones.   

* Limitation

· Video call is only possible between video phones.

· In case of OS7400, OS7200 System, you must have OAS card for MPS.

· If you make a video call using remote video phone (not same network to system's network), you must have MPS.

· Make a call from video phone to non video phone, and transfer to video phone. Then video stream is not available.

26. [-/7100/ALL] System default IP address is changed to”10.0.2.1” from “165.213.176.100”

27. [-/MP20/KOREA] OS7200 (only MP20) supports VCS functions. 

28. [-/OS7070/ALL] BRI feature is available.

S/T modes are supported.

· Install 2BM D-b’d on B8S/E8S LOC1,2,3 slot.

· Connect the specific 2 port-cable to B8S/E8S port to use BRI service

29.  [-/OS7030 Boot/ALL] System sets default IP address by setting DIP switch 6 to ON.

· Default IP address : 10.0.2.10(Standalone, Master), 10.0.2.12(Slave)

· Server IP address : 10.0.2.11

30.  [-/OS7100, 7070, 7030/ALL] System accepts only one telnet access.
· Prevent multiple telnet access. 

· System denying telnet access which is port number 23 but one. 

31. [-/ALL except MP11/ALL]Implemented PCR: Multiple Public Address/ WAN Links for different services.
32. [-/ALL/INDIA] Change INDIA default values

· Default operator code digit: 9

· Default 1st trunk group: 0

· Default Ring Mode of station group 500: Unconditional.

· Default DSS KEY DPU in MMC 210: ON

33. [-/ALL/ALL] Add IR Flag in MMC 725.

34. [-/OS7070/INDIA] Add DTMF CID Type in MMC 809.

35. [-/OS7070/ALL] SMDR Buffering.

36. [-/ALL/ALL] Change the display in case of using ISPY key.

37. [-/ALL/ALL] Change the display in case of using CCBS/CCNR.

38. [-/OS7030 Boot/ALL] When system upgrades CSP/MSP/IRD packages using Web/IT, CSP/MSP/IRD packages are not upgraded according to booting side.

· Boot program sets the start address of CSP/MSP/IRD according to booting side. But old boot program always sets side #1 as start address of CSP/MSP/IRD.
If system upgrades CSP/MSP/IRD in side #2 and starts using side #1, old CSP/MSP/IRD package runs.

· In case TFTP upgrade in boot mode, this problem doesn’t happened.

· If you use old Boot(under V4.40) program, you must upgrade V4.40 CSP/MSP/IRD twice manually.
· If you use V4.40 Boot program, you upgrade V4.40 CSP/MSP/IRD package once. 
[Remark] After upgrading boot program, system must upgrade CSP/MSP/IRD package using Web/IT.

39. [N090126007/ALL/ALL] OfficeServ Multiple WAN interface when using SIP, ITP’s and SPNET

· There are three PUBLIC IP SETs and user can select PUBLIC IP CATEGORY.

40. [-/ALL/ALL] Email gateway in OS7100 fails to contact SMTP server too many times it causes SVM application crash and cannot restore without rebooting switch. It’s fixed.

41. [OS7100, OS7030, OS7070] [Web] Web management interface will show changes to recorded greetings.

42. [Web] Backup DB of VM/AA has failed in VM/AA->Operating Utilities->DB backup page. It’s fixed.

43. [Web] Subscriber import feature has failed in VM/AA->Operating Utilities->Subscriber import page. It’s fixed.

44. [Web] <OS7070 AA Timer, MMC501>

Add options in 5.14.9 Auto Attendant Options. 

- AA Inter Digit Time 

  Range = 1~25

- AA No Act Time

  Range = 1~25

- AA Trans Time

  Range = 0~25

* OS7070 Only for all options

45. [Web] <OS7070 AA Password, MMC202>

Add options in 5.13.1 Tenant Options.

- AA Record Password

  Default = 4321

46. [Web] <SMDR Format, MMC725>
Add options in 5.6.3. SMDR Options. 

- Call Index

  Range = No/Yes

47. [Web] <ISDN Trunk, MMC419/420>
Add options in 2.6.7 BRI Trunk Options and 2.6.8 PRI Trunk Options. 

- Diverting Information

  Range = Off (0), On (1), Except Called Number (2)

- Centrex Service

Range = Off(0), On(1)

48. [Web] <Use Station Ring, MMC110>

Add new options in 5.15.4 Keyset On/Off. 

- Use Station Ring

  Range = Off (0), On (1)

49. [Web] <MPS Status>
Add new options in 6.2.7 MPS Status. 

- Add range for Codec

  Org : G.711, G.723, G.729A, G.729, T.38, G.722, G.711U, G.711A

  Add : H.263, MPEG4, H.264

  Read Only

50. [Web] <License, MMC860>
Add new options in 1.1.2 Quick/License. 

- IP Phone Max

- WiFi Phone Max

- SPNet Feature (Disable/Enable)

- Call Manager (Disable/Enable)

  Read Only

51. [Web] <License, MMC860>
Add new options in 2.1.4 License Key. 

- IP Phone Max

- WiFi Phone Max

- SPNet Feature (Disable/Enable)

- Call Manager (Disable/Enable)

  Read Only

52. [Web] <Emergency Code, MMC330>
Move Emergency Code feature from 2.7.1 IP Phone Information to new 

5.15.15 Emergency Code.

- Emergency Code 

  Range = 0~9, *, #, P(Pause)

- Emergency Dial

  Range = 0~9, *, #

53. [Web] <SIP Options, MMC837>
Add new options in 5.2.13 SIP Carrier Options. 

- NAT Registration Expire Time

  Range = 0~999999

54. [Web] <Class of Service, MMC701>

Add new options in 4.7.2 COS Contents. 

- ITP Forced Log-out

  Range = No/Yes

- Call Manager Use

  Range = No/Yes

55. [Web] <ITP Idle Mode, MMC841>

Add new options in 5.2.10 System ITP  Options. 

- ITP All Log-out > Type

  Range = MMC Command (0), Auto Time (1)

- ITP All Log-out > Time

  Range = HH:MM

56. [Web] <ITP Idle Mode, MMC841>

Add a new 6.3.14 ITP Idle Log-out.

- Log-out Now

  Range = No(0), Yes(1)

* ITP Phone should be operated in idle mode.

* COS of ITP Forced Log-out should be enabled.

57. [Web] <ITP Idle Mode, MMC840>

Add a new 6.3.15 ITP Forced Clear.

- Current Status

  Range = No, Registered

- Phone Version

- Clear/Upgrade

  Range = No, Clear Registration, SW Upgrade

  Moved from 6.2.2 ITP Status

- Forced Log-out

  Range = No, Yes

For forced log-out:

* ITP Phone should be operated in idle mode.

* COS of ITP Forced Log-out should be enabled.

58. [Web] <WIP Status, MMC846>
Add new options in 6.2.5 WIP Status. 

- Add range for Located

  Old : Detach, Attach

  New : Detach, SIP Mode Attach, OSPP Mode Attach

  Read Only
- Add range for Phone Type
  Old : WIP-500M, WIP-5100M
  New : WIP-500M, SMT-W5100, SMT-W5120
  Read Only
59. [-/OS7030/ALL] 
When switching OS7030 off/on consecutively, sometimes some module is not working properly. So the system fails to boot properly. It’s fixed.
60. [-/OS7030/ALL]
When switching OS7030 off/on many times continuously, system sometimes restarts by watchdog. It’s fixed.

61. [-/OS7400 Boot/ALL]
Old boot can load MP when the media card (MMCplus, SD card) has files below 20. 
As media card capacity increases, we modified that max number of files is 100.

Table A. QNET N-issue
	QNET ID
	Title
	System
	Country
	Remarks

	N080211006
	ISDN PRI Outbound CLI Blocking
	OS7400
	STA
	Applied to V4.40

	N080211007
	PRI Date and Time stamp from Telco
	OS7200
	STA
	Applied to V4.40

	N080211007
	PRI CID Date and Time Stamp from Telco
	OS7200
	STA
	Applied to V4.40

	N080211010
	ITP auto relocate
	OS7200
	STA
	Applied to V4.40

	
	
	
	
	

	N080103005
	Redirection number (PCR150)
	OS7200
	SEUK
	Applied to V4.40

	N081115001
	CID on Atrk (allow unrecognised characters)
	OS7100
	SEUK
	Applied to V4.40

	N081008003
	IMPROVED FUNCTION OF SVMi20 - TRANSFERRED CALLS TO SHOW DDI NUMBER AND CLI
	OS7400
	SEUK
	Applied to V4.40

	
	
	
	
	

	N080122022
	Add 3PTY conference Telecom Italia standard service.
	OS7200
	SEI
	Applied to V4.40

	N090204003
	Change default value of Auto Update ISDN Time to DISABLE
	OS7100
	SEI
	Applied to V4.40

	N090204004
	Change default value of Progress Indicator Call Clear to DISABLE
	OS7200
	SEI
	Applied to V4.40

	N090124005
	Introduce an answer time delay for Ring Back Tone feature like for DISA ANSWER TIME
	OS7100
	SEI
	Applied to V4.40

	
	
	
	
	

	N080128007
	“Redirection From” field in ISDN signaling 
	OS7200
	SER
	Applied to V4.40

	
	
	
	
	

	N081114009
	SMT-i5220, i5243, i5264 phones are applied
	-
	South Africa
	Applied to V4.40

	N081114009
	New IP phones (SMT-i5220, i5243, i5264) are add to OS 7000 systems
	OS7000 systems
	South Korea
	Applied to V4.40

	N090126007
	OfficeServ Multiple WAN interface when using SIP and ITP’s/SPNET
	OS7000 systems
	STUK
	Applied to V4.40

	N090505007
	SIP Trunks & H.323 Trunks Security
	OS7000 systems
	SEUK
	Applied to V4.40


Table B. QNET P-issue : V4.40 contains the issues that fixed in T4.30h 
	No
	Issue
	Country
	Priority

	1
	Hotel/Motel feature :
when check-in keyset that is station paired to another keyset, the paired set does not have restriction set
	STA
	Major

	2
	Hotel/Motel feature : 
Checked in keyset that has restriction set does not error when attempting to dial external number
	STA
	Major

	3
	RP keys behave incorrectly when MMC 507 has no entry
	STA
	Major

	4
	(P090413010 ) Cannot upgrade TEPRIa/2 software via MMC818 when TEPRIa/2 card installed in OS7100 cabinet
	STA
	Major

	5
	There is no way of converting the 12 Ports with older software to the 20 Ports with newer software on the SVMI-20E when 8VPM card installed in Expansion cabinet. 
	STA
	Major

	6
	(P090408001)SIP Refer message not setting FROM Field correctly 
Using an OfficeServ configured to use Centrix in MMC837
If you transfer an external call from a SIP extension to another external number, the “FROM” field in the “Refer” message is missing the last digit of the initially dialed number. In the attached trace packet 16 & 20 show the call initially being setup to “07879405420” (TO Field) however when the refer message is sent in packet 23 to complete the transfer the “FROM” field is incorrect and is missing the last digit of the number “0787940542”
	SEUK
	Major

	7
	(P090326005) Phones continue to ring when Using OS connect and UCD groups 
 If call is rejected by mobex ext the other keysets in the UCD group continue to ring and if you try to pickup the call by dialing 65 and the grp number you receive "no ringing call can't pickup.
If you change the UCD group to normal grp it works ok.
Tested on OS7030 and OS7400 V4.30d in UK and Sweden
	SEUK
	Major

	8
	(SEUK) some of CID digit will not be displayed in Analogue Trunk (OS7030) 
	SEUK
	Major

	9
	(P09032004)BLF not working correctly on 64b AOM in OS7200 cabinet when OS7200 cabinet is used as the expansion cabinet of a 7400
	SEUK
	Minor

	10
	(P090408008) RP key’s led doesn’t match with the current ring plan
	SEI
	Minor

	11
	(P090323003) VM MoH (KMMC756) and VM In/Out (KMMC757) features are not available by I/T 2.2.3
	SEI
	Minor

	12
	(P090303004) Trunk Auto Answer MoH feature does not work properly for incoming DDI calls to stations
	SEI
	Minor

	13
	(P090219003) MGI16/64's IP address and subnet mask cannot be set up properly
	SEI
	Major

	14
	(P081204002) The system inserts an improper “0” to the analog CID received from Mobile phone number
	SEI
	Minor

	15
	(P081204002) The system inserts an improper “0” to the analog CID received from Mobile phone number
	SEI
	Minor

	16
	Kirk IP-DECT issue
	PC
	Major

	17
	(P090415002) AUTH Code does not change COS
	PC
	Major

	18
	(P090409001) SIP DDI routing  (SITP TRK DDI Number/Name error)
	GTL
	Minor

	19
	(P090408004) RP Keys issue
	GTL
	Major

	20
	(P090408003) Hotel BD-PMS Not working on OS7100/7030
	GTL
	Major

	21
	Key programming change in IT 4.9.1 (MMC723) will update all the types of phones
	GTL
	Minor

	22
	OS7200 v4.30a the MMC503 MF/DP INT timer not applies
	SER
	Minor

	23
	User can hear Dial Pulse on SLT. It should be muted
	SER
	Minor

	24
	Call drop issue during the conversation when busy tone detection is set for Analog TRK
	SER
	Major

	25
	(P090605003) Call drop on Analog Trunk
	LSP
	Minor

	26
	(P090606002) WLI cards and Combo AP support
	SER
	Major


Previous Version Changes
’09.03.02 V4.30d
1. [7400] IT 2.1.1 Says MODEM Exist: NO, but I have MODEM card installed and working for OS7400.

2. [-/ALL/ALL]System failed to send MWI message to SIP station

3. [P081222006/ALL] Blind Transfer from Sip Ext to sip ext with Call forward

4. [P081008006/ALL] Chain Fwd cannot be turned off for remote networked site.  

5. [P080923002/ALL] CALL Waiting CLID Issue

6. [P081029007/7400] OS7200 3RD EXPANSION 

7. [VMWEB/7100,7030]Web Management Voice Studio NEXT and PREVIOUS button not working.

8. [VMWEB/7100,7030]Voice studio SAVE or SAVE & EXIT function  not working

9. [VMPMT/STA]The English prompts are changed.

10. [NEWZEALAND] In case of unconditional group ring by trunk call, the DTS led of the extension which is ringing becomes red on or green on (green flash is normal) 

11. [N090204001/STA]Clear and default the SIP profile contents in MMC 837

12. [P081113015/ALL] SIP stations receive but cannot make any call

13. [P081024004/7100] MGI Public IP Address does not update after upgrade .

14. [P081023003/ALL] If the message is deleted without reading it, it remains in WIP memory. 

15. [P080701010/ALL] VM Notify/alert notification feature will always use any outbound port to dial out. 

16. [P080923005/7200] Incoming SIP calls fail on OS7200 SIP trunks with Telia 

17. [P081023002/ALL] DND ON Soft Menu doesn't work properly when disabled by mean feature code "400"

18. [P081029006/ALL] H.323 call does not work when Gatekeeper RAS type is set to Manual in MMC836

19. [P081115002/7100] Problem with 7100 and Fax call routing of subsequent voice call..

20. [P081021001/ALL] CALL ROUTING IPUMS ISSUE 

21. [P08092500/7100] 7100 VMS Call progress detection does not detect answer on some cell phones.

22. [P081202003/7400] DS VOICE MAIL LAMP

23. [P081025003/ALL] UCD REPORT LONGEST QUEUE TIME 

24. [P081206002/ALL] IT Tool User level restrictions not restricting access. 

25. [SEG/7400]Send Busy cause when using ISDN trunk. (SEG MP40 Request)

26. [P081125005/ALL]In OS Call and OS Operator if you set DND status, the keyset light does not flash on iDCS keysets.
27. [7030/SEI]In case 2BM card is installed in Slave cabinet, if a user tries to send/receive the fax through that BRM card, the fax does not work. (SEI reported)
· Reason : The 2BM Card in installed in the Slave cabinet, the reference clock is not working. By this reason, the fax does not work in the Slave cabinet.
· Result : The reference clock is working in the Slave cabinet. 
28. [STA] STA TEST REPORT ANSWER -> Refer to the attached excel document. 
29. [P090108004/ALL]Can't perform announced transfers directly to a sip ext when it is paired with another ext
30. [P081216001/ALL] Ticket 4136 - OS Operator Not Updating Virtual ports

[image: image16.emf]STA_Test_Report _Ans_090212.xls


Previous Version Changes
’09.01.30 OS7030 V4.30c
1. [7400] IT 2.1.1 Says MODEM Exist: NO, but I have MODEM card installed and working for OS7400.

2. [-/ALL/ALL]System failed to send MWI message to SIP station

3. [P081222006/ALL] Blind Transfer from Sip Ext to sip ext with Call forward

4. [P081008006/ALL] Chain Fwd cannot be turned off for remote networked site.  

5. [P080923002/ALL] CALL Waiting CLID Issue

6. [P081029007/7400] OS7200 3RD EXPANSION 

7. [VMWEB/7100,7030]Web Management Voice Studio NEXT and PREVIOUS button not working.

8. [VMWEB/7100,7030]Voice studio SAVE or SAVE & EXIT function  not working

9. [VMPMT/STA]The English prompts are changed.
10. [NEWZEALAND] In case of unconditional group ring by trunk call, the dts led of the extension which is ringing becomes red on or green on (green flash is normal) 

11. [N090204001/STA]Clear and default the SIP profile contents in MMC 837

12. [P081113015/ALL] SIP stations receive but cannot make any call

13. [P081024004/7100] MGI Public IP Address does not update after upgrade .

14. [P081023003/ALL] If the message is deleted without reading it, it remains in WIP memory. 

15. [P080701010/ALL] VM Notify/alert notification feature will always use any outbound port to dial out. 

16. [P080923005/7200] Incoming SIP calls fail on OS7200 SIP trunks with Telia 

17. [P081023002/ALL] DND ON Soft Menu doesn't work properly when disabled by mean feature code "400"

18. [P081029006/ALL] H.323 call does not work when Gatekeeper RAS type is set to Manual in MMC836

19. [P081115002/7100] Problem with 7100 and Fax call routing of subsequent voice call..

20. [P081021001/ALL] CALL ROUTING IPUMS ISSUE 

21. [P08092500/7100] 7100 VMS Call progress detection does not detect answer on some cell phones.

22. [P081202003/7400] DS VOICE MAIL LAMP

23. [P081025003/ALL] UCD REPORT LONGEST QUEUE TIME 

24. [P081206002/ALL] IT Tool User level restrictions not restricting access. 

25. [SEG/7400]Send Busy cause when using ISDN trunk. (SEG MP40 Request)

26. [P081125005/ALL]In OS Call and OS Operator if you set DND status, the keyset light does not flash on iDCS keysets.
27. [7030/SEI]In case 2BM card is installed in Slave cabinet, if a user tries to send/receive the fax through that BRM card, the fax does not work. (SEI reported)
· Reason : The 2BM Card in installed in the Slave cabinet, the reference clock is not working. By this reason, the fax does not work in the Slave cabinet.
· Result : The reference clock is working in the Slave cabinet. 
28. [STA] STA TEST REPORT ANSWER -> Refer to the attached excel document. 
29. [P090108004/ALL]Can't perform announced transfers directly to a sip ext when it is paired with another ext
30. [P081216001/ALL] Ticket 4136 - OS Operator Not Updating Virtual ports
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Previous Version Changes
’09.01.30 OS7030 V4.30c
(1) MCP S/W changed items
1. RUN LED is turned off for memory clear time (about 1 to 3 seconds) when the memory clear by pressing the reset button over 7 seconds in order to let the user or technician recognize the memory clear. It takes about 1 to 3 seconds because the memory clear time varies per DB size. (Improvement)
2. 2BM cannot be served after restart from IT 6.3.1 (SEI reported)
· Reason : MP does not send the card reset message to 2BM card when user restart it by IT tool.

· Result : MP sends the card reset message to 2BM card. 

3. In case 2BM card is installed in Slave cabinet, if a user tries to send/receive the fax through that BRM card, the fax does not work. (SEI reported)
· Reason : The 2BM Card in installed in the Slave cabinet, the reference clock is not working. By this reason, the fax does not work in the Slave cabinet.
· Result : The reference clock is working in the Slave cabinet. 
4. When outgoing calls are made via SIP Trunk from either ITP phone or SIP phone and MPS is activated, there is no speech. When OS7030 receives '183 Session Progress Message' from the opposite through SIP Trunk, there is an error that the SIP task transmits “Port” and “Codec” to Call task. (Plant Communication reported)
· Reason : 

1) A port number was transmitted incorrectly because the SIP Task didn't consider "Little Endian".
2) SIP Task does not transmit Codecs of “183 message”.
· Result : We have added a part that processes correctly for both cases.
5. After MP DB is cleared, the system does not display the version information. (SEC Outgoing inspection team reported)
· Reason : During clearing MP DB, OS7030 system uses “sync” function. But if system reset when “Sync” process is not finished, some files can be deleted. 
· Result : It was fixed by finishing the “sync” process before system performs reset process by removing unnecessary and time consuming routine while clearing MP DB
6. When system restarts by power recycle, sometimes the booting fails because few task running abnormally. (SEC manufacturing team reported)
    

· Reason : When tasks starts sleep condition during reading/writing NAND, it uses a kernel timer. However, the relevant tasks sometimes runs abnormally in case this kernel timer does not wake up on time.  
· Result : The system monitors that timer regularly to prevent this case.
7. The margin for reorder tone (congestion tone) for Italy was changed from +/- 10ms to +/- 30ms in order for the system to detect this tone correctly. (SEI reported)
8. VM Prompt noise is removed when Australian VM language file is used. (GTL reported)
In order to remove the noise, VM language file (VM_L_LSP.tgz) should be replaced by new one attached.

9. After testing t-switch in AFT mode, engine test fails. (for the Manufacturing team)
     

· Reason : After testing t-switch in AFT mode, system does not recover register value
· Result :  It fixed that system recovers the register value after testing t-switch in AFT mode.
10. In AFT mode, it can’t hear internal MOH when system country is USA. (for the Manufacturing team)
     

· Reason : When system country is USA, default BGM source is external MOH.
· Result :  System sets internal MOH source to BGM for AFT IMOH. 
Previous Version Changes
’08.12.18 OS7400 MP40 V4.30b
OfficeServ 7400 MP40 S/W release
	System
	Package name
	Description

	OS7400
	MPEV430B.PGM
	MP S/W for MP40 card


▪▪ Warning
   1. The previous DB will be erased when upgrading system S/W to V4.30.

2. Only the system whose version is V4.2x or higher than V4.2x can be upgraded to 

V4.30. If the system version is lower than V4.2x, that system should be upgraded to 

V4.2x before being upgraded to V4.30.
3. In case of OS7100, it recommends that all previous files existing in SD/MMC card remove before upgrading to V4.30, especially ‘sysver.inf’ file. Because this file is including backup information. And this moved into the ramdisk file. If ‘sysver.inf’ file still remain in SD card, it can occur some problems. 

4. SVMi20E software should be V5.2.1.1 (2008.11.06) or higher version in order to use MP V4.30
S/W Compatibility Table:
(1) OfficeServ 7400 S/W Version Compatibility table

	System
	OS7400 (MP40)

	MP40
	V4.30b (2008.12.18)

	LP40
	V1.20 (2008.12.08)

	LCP
	V4.16 (2008.12.05)

	TEPRI2/TEPRIa
	V4.24 (2008.06.05) 

V4.25  (2008.11.27)

	MGI16/64
	V1.24 (2008.11.27)

	SVMi-20E
	V5.2.1.1 (2008.11.06)

	OAS
	V1.00 (2008.11.27)

	IT
	V1.30a (2008.12.08)

	OS Link
	V3.0.0.4

	IP-UMS
	V1.3.2.14

	Bootrom
	V1.07 (2007.08.20)


Previous Version Changes
’08.12.18 V4.30b
Fixed Bugs
31. System crashes down when SIP Station tries to Register. It’s fixed.  
Previous Version Changes
’08.12.08 OS7000 series V4.30a

OfficeServ 7000 series MP S/W release
	System
	Package name
	Description

	OS7400
	MPEV430A.PGM
	MP40 S/W V4.30a (2008.12.08)

	
	LP40V120.PGM
	LP40 S/W V1.20 (2008.12.08)

	
	OAS1v100_20081127_pkg.rar
	OAS card S/W V1.00 (2008.11.27)

	
	MGI16v124_20081127_pkg.rar
	MGI16 card S/W V1.24 (2008.11.27)

	
	MGI64v124_20081127_pkg.rar
	MGI64 card S/W V1.24 (2008.11.27)

	
	svmi20e_5211_xxx.zip
	SVMi-20E card S/W V5.2.1.1 (2008.11.06)
(xxx indicates customer name such as STA.)

	OS7200
	MPPS430A.ZPG
	MCP S/W V4.30a (2008.12.08)

	
	LPPSV416.pgm
	LCP S/W V4.16 (2008.12.05)

	OS7100
	MP10_V430a_20081208.zip
	MP10 S/W V4.30a (2008.12.08)

	
	MP10A_V430a_20081208.zip
	MP10a S/W V4.30a (2008.12.08)

	
	bt1av106.bin
	MP10a Bootrom V1.06 (2008.11.24)

	OS7030
	7030_V430a_20081208.zip
	OS7030 S/W V4.30a (2008.12.08)

	IT
	IT(081208)_V1.30a.zip
	Installation Tool V1.30a (2008.12.08)


▪ Warning
   1. The previous DB will be erased when upgrading system S/W to V4.30.

2. Only the system whose version is V4.2x or higher than V4.2x can be upgraded to 

V4.30. If the system version is lower than V4.2x, that system should be upgraded to 

V4.2x before being upgraded to V4.30.

3. In case of OS7100, it recommends that all previous files existing in SD/MMC card remove before upgrading to V4.30, especially ‘sysver.inf’ file. Because this file is including backup information. And this moved into the ramdisk file. If ‘sysver.inf’ file still remain in SD card, it can occur some problems. 

4. SVMi20E software should be V5.2.1.1 (2008.11.06) or higher version in order to use MP V4.30
S/W Compatibility Table:
(1) OfficeServ 7000 S/W Version Compatibility table

	System
	OS7400 (MP40)
	OS7200 (MCP)
	OS7100
	OS7030

	MP
	V4.30a (2008.12.08)
	V4.30a (2008.12.08)
	V4.30a (2008.12.08)
	V4.30a (2008.12.08)

	LP40
	V1.20  (2008.12.08)
	N/A
	N/A
	N/A

	LCP
	N/A
	V4.16 (2008.12.05)
	N/A
	N/A

	TEPRI2/TEPRIa
	V4.24 (2008.06.05) V4.25  (2008.11.27)
	V4.24 (2008.06.05) V4.25  (2008.11.27)
	V4.24 (2008.06.05)    V4.25  (2008.11.27)
	N/A

	MGI16/64
	V1.24 (2008.11.27)
	V1.24 (2008.11.27)
	V1.24 (2008.11.27)
	N/A

	SVMi-20E
	V5.2.1.1 (2008.11.06)
	V5.2.1.1 (2008.11.06)
	N/A
	N/A

	OAS
	V1.00 (2008.11.27)
	V1.00 (2008.11.27)
	N/A
	N/A

	IT
	V1.30a (2008.12.08)
	V1.30a (2008.12.08)
	V1.30a (2008.12.08)
	V1.30a (2008.12.08)

	OS Link
	V3.0.0.4
	V3.0.0.4
	V3.0.0.4
	V3.0.0.4

	IP-UMS
	V1.3.2.14
	V1.3.2.14
	N/A
	N/A

	Bootrom
	V1.07 (2007.08.20)
	V1.07 (2007.05.08)
	MP10: V1.01 (2007.05.11) MP10a: V1.06 (2008.11.24)
	V4.30 (2008.09.22)


(2) OfficeServ 7100/7030 Module version table

	System
	OS7100 (Except MP11)
	OS7030

	System
	V4.30a (2008.12.08)
	V4.30a (2008.12.08)

	MP
	V4.30a (2008.12.08)
	V4.30a (2008.12.08)

	SP
	V2.25 (2008.11.25)
	V2.24 (2008.10.27)

	VM
	V2.78 (2008.11.27)
	V2.78 (2008.11.27)

	MGI
	V2.01 (2008.11.27)
	V2.01 (2008.11.27)

	BRI
	V4.21b (2008.10.14)
	V4.21b (2008.10.14)

	WEB
	V4.10a (2008.12.05)
	V4.10a (2008.12.02)

	MPS
	V1.00 (2008.11.04)
	V1.00 (2008.11.04)

	Router(MP11)
	V1.09 (2008.11.27)
	N/A


Previous Version Changes
’08.12.08 OS7000 series V4.30a

32. [SEUK] New option added for MOBEX CLI issue. When incoming call routed to MOBEX, the MOBEX phone via SIP trunk didn’t ringing in Sweden because of CLI TRANSFER feature.

· In MMC861, TRUNK->MOBEX CLIP option added.

· TO ISDN (RECEIVED, MASTER, MOBEX)

· TO SIP (RECEIVED, MASTER, MOBEX)

· In MMC837, RCV CLI FWD option added in TRK option.

· ENABLE: The RECEIVED CLI will be inserted to SIP ALIAS field.

33. [SEUK] The MOBEX phone can use barge-in feature, with tone only. (not without tone)

34. [SEUK] Bug fixed. The VM holiday mode didn’t work automatically issue.
35. [SEUK] Default value changed. If Country is UK, the default value of CID DSP ALLOC TM in KMMC501, change form 500 ms to 0 ms.

36. [SEUK] Default data changed. In KMMC751, the default value of ITP, WIP and SIP change from NONE to BOTH, because of the ITP’s mailbox deleted issue when package upgrade.

37. [SEUK] Bug fixed. The BASIC WBS didn’t work issue when package upgrade.
38. [STA] OS7100, Enhanced VM TUI slow issue. 

39. [Plant Com.] Bug fixed. In OS7400, the LAN Lock up issue.(In case of DNS query fail )

40. [GTL] Bug fixed. In OS7400, the system restart issue when Fidelio PMS solution send bulk data.

41. [SEI] Bug fixed. In MP10a, the Fax call via BRI trunk failed issue.

42. [MP10a/MP11] Boot image changed. Because of system didn't upgrade CS/MS/RD package by KMMC 818 or IT/Web issue.

43. MP11only. The Router software upgrade to V1.09

· GRE Tunnel over IPSec is provided.

· Please refer to the GRE over IPSec configuration Guide Ed02 and GRE tunnel handbook.

· Changed ZebOS protocol and Web GUI in order to support GRE Tunnel over IPSec in the transport mode.
· Changed Routing Information to recognize GRE in the RIP and OSPF.
· So MP11 supports following functions
· Single GRE tunnel.

· GRE Tunnel over IPSec.
· GRE Tunnel over IPSec with OSPF

· Support Dynamic DNS feature.    

· Added new features of the enhanced SIP-ALG feature.
· Enhanced SIP-ALG can support SIP station in the public Area.
· Fixed problem of the switch port status in the 4SWM
44. [P081023002] Bug fixed. SMT-W5100 DND  improper work Because Soft Menu DND is not properly updating internal DND status field.
45. [P081029006] Bug fixed. H.323 call does not work when Gatekeeper RAS type is set to Manual in MMC836
46. 7100/7200/7400 1GB SD card compatibility issue => fully applied to V4.30
Previous Version Changes
’08.11.19 OS7000 series V4.30

47. Added MOBEX(Mobile Extension) feature.
Refer to the attached ‘V4.30 Feature Guide.doc’.

48. Advanced IP call’s media path control

Refer to the attached ‘V4.30 Feature Guide.doc’.

49. Advanced License control

Refer to the attached ‘V4.30 Feature Guide.doc’.

50. Advanced several minority features.

Refer to the attached ‘V4.30 Feature Guide.doc’.

51. WebMMC is not supported any more. (From V4.30 user can’t access WebMMC.)
Refer to the attached ‘V4.30 Feature Guide.doc’.
52. Applied QNET new requirements.
Refer to the following table A.
53. Applied patch issues form V4.21x, V4.22x, V4.23x and QNET P-issues..
Detailed description skipped (see the following table B).
Table A. QNET N-issue
	QNET ID
	Title
	System
	Country
	Remarks

	N070720003
	SIP EXTENSIONS
	OS7400
	GTL
	Already supported from V4.2x

	N071110002
	booking feature with PRI
	OS7200
	Korea 
	Applied to V4.30

	N081114006
	Mobile extension
	OS7200
	Korea 
	See the MOBEX feature

	N081114012
	Hot Desk feature
	OS7200
	Korea 
	See the ITP idle mode

	N071206002
	Support for external voicemail
	OS7100
	LSP
	Already supported from V4.2x

	N080312005
	Best IP settings
	OS7400
	LSP
	Applied to V4.30

	N080512004
	MOH feature added to 8TRK-16TRK card
	OS7400
	LSP
	Applied to V4.30

	N070215008
	PMS interface
	OS7200
	MIA
	Already supported from V4.2x

	N070330011
	Door phone
	OS7200
	MIA
	Make use of the MOBEX feature

	N061017034
	01_SEG_FEATURE_REQUEST_CALL_PICKUP_GROUP
	OS7200
	SEG
	Already supported from V4.2x

	N061105002
	08_SEG_FEATURE_REQUEST_other ring tones type are needed
	OS7200
	SEG
	Already supported from V4.2x

	N061105003
	035_SEG_BUG_Report_system_speeddial_more_letters_for_search_option
	OS7200
	SEG
	Already supported from V4.2x

	N080808004
	SAZ requirement(2): Fixed Mobile Convergence
	OS7400
	SEG
	See the MOBEX feature

	N080612002
	OS system does not send full information of Calling Party Number through SIP and H.323 trunk
	OS7100
	SEI
	Applied to V4.30

	N081023010
	Make available the external call forward feature from door phone calls like for station/PSTN calls.
	OS7100
	SEI
	Make use of the MOBEX feature

	N071229002
	Add a feature code for Bath Alarm call
	OS7200
	SEI
	Applied to V4.30

	N080428013
	Introduce a new Pick Up feature
	OS7200
	SEI
	Applied to V4.30

	N080428014
	Change default value for Access Point
	OS7200
	SEI
	Already supported from V4.2x

	N071024008
	MMC 723: Keyset Type: DS-5021D SET
	OS7100
	STA
	Already supported from V4.2x

	N080211005
	ITP Idle Mode Login
	OS7200
	STA
	See the ITP idle mode

	N080211015
	Mobile Extension AnyCall Feature(Phase I)
	OS7200
	STA
	See the MOBEX feature

	N080602001
	Remote Trunking for 911 and Local Routing via SIP FXO
	OS7200
	STA
	See the SIP FXO interworking

	N080602002
	Transfer Auto Answer CO Call in Single & Network Node
	OS7200
	STA
	Applied to V4.30

	N080602003
	MMC 744 Ring Plan Enhancement
	OS7200
	STA
	See the SVMi options

	N080602004
	Tenant Service Clean Up
	OS7200
	STA
	See the SVMi options

	N080602005
	MMC 512 Holiday Assignment Enhancement
	OS7200
	STA
	See the SVMi options

	N080602007
	Clean Up MMC 740 and 741 Functionality and Consistency
	OS7200
	STA
	See the SVMi options

	N080602008
	Name Field Download SVMI
	OS7200
	STA
	See the SVMi options

	N080602009
	Mobile Extension AnyCall Feature_2nd Phase
	OS7200
	STA
	See the MOBEX feature

	N080808001
	Softphone License policy
	OS7200
	STA
	Already supported from V4.2x

	N080816001
	TRAFFIC REPORT PRINTOUT
	OS7400
	STA
	Applied to V4.30

	N071102002
	Need to be able to use different MGI ports for speech path.
	OS7100
	STUK
	Applied to V4.30

	N080610004
	Support UK CID via analog trunk
	OS7100
	STUK
	Applied to V4.30

	N081115001
	CID on Atrk (allow unrecognised characters)
	OS7100
	STUK
	Applied to V4.30

	N061127015
	PCR 144 - Mobile Extension (New)
	OS7200
	STUK
	See the MOBEX feature

	N071121008
	A required improved feature - Page without lifting the handset
	OS7200
	STUK
	Applied to V4.30

	N080314004
	Mobex software
	OS7200
	STUK
	See the MOBEX feature

	N080314005
	Greek display
	OS7200
	STUK
	Applied to V4.30

	N080427001
	Default 24hr clock for Sweden market on LCD (on all OS7000 systems)
	OS7200
	STUK
	Applied to V4.30

	N080427002
	Following our recent EU tech forum in London, Sweden require this
	OS7200
	STUK
	Applied to V4.30

	N080427003
	Enhancements to Softphone to match ITP51xx phone
	OS7200
	STUK
	Applied to V4.30

	N080427004
	LCD display enhancement on incoming group calls
	OS7200
	STUK
	Applied to V4.30

	N080429006
	Improved group overflow feature for external destination.
	OS7200
	STUK
	Make use of the MOBEX feature

	N080429008
	Ability to allow DDI info to stay on LCD during call
	OS7200
	STUK
	Applied to V4.30

	N080429009
	The need for a STRING key to be allowed 
	OS7200
	STUK
	Applied to V4.30

	N080430004
	Ability to search Speed Dial Alpha name better like Mobile phones
	OS7200
	STUK
	Already supported from V4.2x

	N080430006
	New integral Mobex feature set
	OS7200
	STUK
	See the MOBEX feature


Table B. QNET P-issue
	QNET ID
	Title
	System
	Version
	Country
	Remark

	-
	UNI(DLM) slot will not work properly, when slot is changed in order UNI(DLM), DLI, UNI(DLM)
	MP10a
	V4.23c
	LSP
	V4.30a

	-
	IT displays wrong DIP switch (MP) information, when you select 2.2.0 cabinet information.
	MP10a
	V4.23c
	LSP
	V4.30a

	-
	When we changed TEPRI2 into 16DLI card, DGP is not working. =>It's fixed. DLI Interrupt is registered at intervals of 30 second.
	MP10a
	V4.23c
	LSP
	V4.30a

	-
	System doesn't upgrade CS/MS/RD package designated in startup.ini. (Startup.ini is created when user select each package in Web/Installer/MMC818) 
* Reason: Boot compares CS/MS/RD package filename using ASCII code and MP10a/11  package uses lower case. But boot has bug that compare with upper case.
	MP10a
	V4.23c
	PA
	V4.30a

	-
	Fax over ISDN is not working. => Reference clock setting routine is deleted in SP S/W.
	MP10a
	V4.23c
	SEI
	V4.30a

	-
	The Timer smaller than 1 sec didn’t  work and it’s fixed. It affects the response time of VM when waiting for the two digits input.
	MP10a
	V4.23c
	STA
	V4.30a

	P080319006
P080904005
	Date and Time change
	OS7100
	v4.14
	LSP
	

	P080505001
	Programming internal modem number in DID table for OS7100 with IT Tool
	OS7100
	v4.14k
	LSP
	

	P080512001
	Incoming calls without CLI from SIP trunks to WIP phones do not connect properly
	OS7400
	V4.14K
	LSP
	

	P080520005
	TEPRIa (old) and TEPRI not operational with V4.14K
	OS7100
	V4.14k
	LSP
	

	P080904006
	DLI port changes to SLI port
	OS7100
	V4.14
	LSP
	

	P081024004
	MGI Public IP Address does not update after upgrade
	OS7100
	V4.12C
	LSP
	

	P081204004
	IT Tool Fwrd destination
	OS7400
	V4.21c
	LSP
	

	P080606004
	IT-Tool 3.2.3 DID Ringing - Error Message
	OS7200
	V4.21
	SEG
	

	P080606005
	IT-Tool 5.2.13 SIP Carrier Options without registration
	OS7200
	V4.21
	SEG
	

	P080606006
	WIM Card Web Interface for WAN over PPPoE
	OS7200
	V4.21
	SEG
	

	P081003002
	Retry does not work properly when LCR Allow is set ON
	OS7100
	V4.21c
	SEI
	

	P081003003
	A SIP paired to DGP continuously rings after the DGP answers the call
	OS7100
	V4.21c
	SEI
	

	P081003004
	There is an improper MGI channels retention after an internal call transfer
	OS7100
	V4.21c
	SEI
	

	P081003005
	After the import of VM/AA DB and restart of the System VM personal prompts are lost
	OS7100
	V4.21c
	SEI
	

	P081023002
	DND ON Soft Menu doesn't work properly when disabled by mean feature code "400"
	OS7200
	4.21c
	SEI
	

	P081023003
	If the message is deleted without reading it, it remains in WIP memory. 
	OS7200
	4.21c
	SEI
	

	P081023004
	When a W5100 is registered in Non SIP mode, than Clear Registration as Normal doesn't clear data
	OS7200
	4.21c
	SEI
	

	P081112008
	OS 7030 does not send "Samsung OfficeServ" User-Agent field in the 200 OK Message
	OS7100
	2.04
	SEI
	

	P081112009
	MoH port is not available anymore after you assign it in MMC756 with SVM-400E as DLI connection
	OS7200
	4.21c
	SEI
	

	P081113015
	SIP stations receive but cannot make any call
	OS7400
	T4.21g
	SEI
	

	P080609005
	CLI Table in MMC837
	OS7200
	4.21
	SER
	

	P081027005
	Dial Pulse does not work on 16TRK in OS 7100 cabinet used as OS 7200 cabinet
	OS7200
	4.14
	SER
	

	P081029006
	H.323 call does not work when Gatekeeper RAS type is set to Manual in MMC836
	OS7400
	4.21g
	SER
	

	P081113016
	MCP Watchdog Reset
	OS7200
	V4.21c
	SER
	

	P080501002
	SVMi Using Network MailBox. 2nd Time Forward Fails
	SVMI
	ALL
	STA
	

	P080501005
	Double Beep issue when using Auto Record
	SVMI
	ALL
	STA
	

	P080514001
	MP40 MESSAGING LOCKUP ISSUE
	OS7400
	4.14
	STA
	

	P080701010
	VM Notify/alert notification feature will always use any outbound port to dial out.
	OS7100
	T4.22
	STA
	

	P080716012
	IPSec via PPPoE connection
	OS7200
	v1.33t
	STA
	

	P080829001
	CID Failure when WIP phone is paired.
	OS7100
	4.14K
	STA
	

	P080923002
	CALL Waiting CLID Issue
	OS7400
	4.22
	STA
	

	P080925001
	7100 VMS Call progress detection does not detect answer on some cell phones.
	OS7100
	4.22
	STA
	

	P081021001
	CALL ROUTING IPUMS ISSUE
	OS7400
	4.22
	STA
	

	P081025003
	UCD REPORT LONGEST QUEUE TIME
	OS7400
	v4.22
	STA
	

	P081029007
	OS7200 3RD EXPANSION
	OS7400
	v4.22
	STA
	

	P081115002
	Problem with 7100 and Fax call routing of subsequent voice call..
	OS7100
	4.22
	STA
	

	P080319004
	PRS Problem in Sweden similar to Spain - Analog trunks not clearing down
	OS7100
	v4.14
	STUK
	

	P080731020
	AoC in Greek Market on Ericcson PTT
	OS7100
	test pkg
	STUK
	

	P080903019
	OS Bug 359 - UCD Report Longest Q fault 
	OS7400
	V4.2X
	STUK
	

	P080923005
	Incoming SIP calls fail on OS7200 SIP trunks with Telia
	OS7200
	T4.22
	STUK
	

	P081006005
	Unable to assign SIP trunks using IT Tool or Webmmc
	OS7100
	V2.03
	STUK
	

	P081007001
	Password option for a menu shows some error messages after saving.
	OS7100
	V2.03
	STUK
	

	P081007004
	Only first 5 digits of cli showing on display phone.
	OS7100
	V1.00
	STUK
	

	P081015001
	Fax to desk email gateway sending blank pages intermittently.
	OS7400
	4.14
	STUK
	

	P081025001
	LCR carrier code showing on display phone when call is answered.
	OS7100
	V2.04
	STUK
	

	P081027004
	Key extenders are not saved when using the IT Tool
	OS7100
	V4.21c
	STUK
	

	P081027006
	IT Tool Incorrectly Setting MMC821 Q-SIG TRUNK
	OS7200
	v4.21c
	STUK
	

	P081105006
	Display speed dial name is not working on analogue trunks when using LCR
	OS7100
	V2.04
	STUK
	

	P081126009
	After upgrading to V4.30 and restoring DB AP IP address is removed and cannot be reentered.
	OS7200
	V4.30
	STUK
	

	P080521003
	In case of SLOVENIA, the default language must be ENGLISH.
	OS7100
	
	TURKEY
	


Previous Version Changes
’08.08.20 V4.21c
- The database in v4.21c is not compatible with the database in v4.1X or older versions.

Database address was changed because of adding new features. So if the system is upgraded to new version of V4.21c, then the system will be initialized with default database. 

But you can upload old version’s database by Installation tool in V4.21c
· Procedure uploading old database.

1. Connect Installation tool to system of old version.

2. Download the old version’s database.

3. Please make a backup file of old version’s database. Because when uploading at new version software, the old version database would be conversed to new version database format. So we recommend that you make a backup file of the original database. 

4. Upgrade in new software(V4.21c)

5. Connect Installation tool to system of new version.

6. Upload the old version’s database.
- V4.21c includes V4.22 items which are STA requirements (V4.22).

(1) MCP S/W changed items
Main items
· This package includes SIP Trunking function. And Excel IOT test was also finished with this package. Refer to the attached document. (Excel - SAMSUNG Final ver 2 IP PBX Interop testing.doc)
· This package includes all changes from result of ACD field test and IP-UMS Field test. 

Added Features & Modified items
	1
	[SEG][N061017034] CALL PICKUP GROUP WITH PINGRING

	2
	[SEG][[N061105003] SPEED DIAL WITH MORE LETTERS

	3
	[STA][N071024008/N071025013] MMC723 KEYSET TYPE : DS-5021D in STA

	4
	[LSP][N071206002] SUPPORT FOR EXTERNAL VOICEMAIL

	5
	[SEG][N061017035] MISSED CALLS WITH DATE/TIME AND SET SIGNALLING

	6
	[SEG][N061017037] ANSWER GROUP

	7
	[SEG][N061018004] ALPHANUMERIC SUPPORT FOR MMC837 PRIMARY ID

	8
	[SEG][N061018005] ALPHANUMERIC SUPPORT FOR MMC839 USER ID

	9
	[SEG][N061102005] REMOVE TRUNK INFORMATION FOR EXTENDED LCD DISPLAY

	10
	[SEG][N070627006] CHAINED CALL FORWARDING

	11
	[SEI][N071229001] SPD DIAL/LOG/CLI BLOCK ARE NOT ENOUGH TO SATISFY THE AMOUNT OF OS7400 USERS

	12
	[LSP][N070418007] CHANGE DEFAULT TO MCID Setting

	13
	Group Listening feature has to be applied to the all DGPs.

	14
	[STA] Prefixed profiles for 3 SIP providers

	15
	[STA] MMC837 Field Name Change

	16
	[STA] E.164 ‘+1” incoming call problem

	17
	[STA] Register enable/disable’ option

	18
	[STA] Support Alternate Proxy when DNS failed

	19
	[STA] OS7100 reboot when SIP restart

	20
	[STA] Add REGISTRAR address field in MMC 837

	21
	[STA] Send 302 Response

	22
	[STA] SIP Trunk MWI (Message Waiting Indication) 

	23
	[ALL] Alphanumeric Routing

	24
	[STA] Primary ID Authorization (INVITE)

	25
	[STA] Support cname in DNS Query

	26
	[SEUK]MMC821 Q-SIG TRK types are added and the previous names are also changed

: QSIG BASIC 1 and QSIG BASIC 2 are added at MMC 821 for QSIG with Notel/Simens PBX throught UK MoD.
1. NORMAL TRNK : this type is same as NORMAL

2. QSIG TRUNK : this type is same as Q-Signalling option

3. QSIG BASIC 1 : this type don't send facility message

4. QSIG BASIC 2 : this type only send caller name including QSIG BASIC 1.


	27
	[SEUK]Remote STN DGT translation is added for Q-SIG call with other kind 
of PBX system
: REMOTE STN NUMB is added at MMC 724 and REMOTE STN is added at MMC 868. REMOTE STN NUMB at MMC 724 is translated to REMOTE STN TRNS DGT at MMC 868.
Homeworking with WIP function is added. And some parameters related voice quality are changed.
: Homeworking with WIP function is only available in case that AP type is DUAL AP and IP mode of WIP is STATIC IP MODE.

1) WLAN : DELETE SIP is added at MMC 845 

ENABLE : Homeworking with WIP function is available.

DISABLE : Homeworking with WIP function is not available.

2) Some parameters related voice quality are changed.

- MMC114 STN VOLUME is applied to WIP

      HANDSET VOL : 01 ~ 14

      SPEAKER VOL : 01 ~ 05

      HEADSET VOL : 01 ~ 14
      MMC807 DGP VOL.CTRL is applied to WIP

    SIDETONE VOL : 1 ~ 7

      HANDSET TX : 1 ~ 8

      MIC TX LEVEL : 1 ~ 8

      HEADSET TX : 1 ~ 8

      WIP DSP PARA option is added at MMC841

      M-FRAME : 20 ~ 60 MSEC

      ECHO CANCEL : DISABLE/ENABLE

- MMC846 WIP INFO options are added

  HO THRSH : 00 ~ 99

  HO DELTA : 00 ~ 99

  HO SCAN : 00 ~ 99


	28
	Regarding NMS function, it provide partial functions for previous OSNMSv1.2x Packages. 



	29
	With an existing OSNMSv1.2x package, it supports only Query Functions. 
It could not set any functions, and it could not add NEs.

If OSNMS package's neither installed nor used,there is no need to check it out.


	30
	The default value of DELETE SIP was changed in MMC845

(ENABLE → DISABLE)

	31
	If feature keys are entered and include free stack, all free sip stacks will be assigned to SIP trunk. 

	32
	Only one of the SIP Servers can be enabled. 

	33
	If Country is Australia, the gain value of SLI card must be different to other country.

	34
	[SIP] ISP interconnection with SIPconnect recommendation

	35
	[SIP] Diversion header in INVITE message

	36
	Codec update feature between SCMv2 and OS7000 series was added.  

	37
	In case of OS7200, the default BIVMS group number has to be changed (529,5029 → 539,5039)

	38
	Allow to change wip codec to 711


Fixed Bugs
	1
	[P071121002/P071128002]7100 voicemail does not stop recording on silence

	2
	[P071218001]Voicemail will not send digits to pager after answering.

	3
	[P071121003]OS7100 VM WEB MENU SEARCH ERROR
: Web page bug.

 This bug occurrs because there is no checking routine of string to search.

	4
	[P080221002] Wrong Frame Count problem of H.245 Terminal Capability in H.323 call

	5
	[P080307001] Softphone Licence Issue 
: The Softphone license key will be checked by using user id. So every softphone has to have unique user id respectively.

	6
	[P080313004]System does not notify to SIP station when red message

	7
	[P080325006]SIP Extensions - BLF on DLI phones
: When SIP Station makes outgoing call, the LED handling of DGP DS Key is ommited. So If SIP Station reaches inviting state, system turn on light.

	8
	[P080401017] T.38 is not working at H.323 call in OS7200 

	9
	[P080428016] UCD SYSTEM LOCKUP 

	10
	[UK]7400 Set Relocation Fail

: If 7400 has 2 expansion racks, the extension of MP40 was set relocated with the extension of LP40 expansion. In this case DSS led color do not changed correctly.

	11
	[P080503001] SMT-W5100 cannot talk to SIP phone because wrong G.711 codec management

	12
	[P080505001] The internal modem number can not be programmed into the DID table

	13
	[GTL] Samsung 3rd party SIP License - system reset

	14
	[P080319006] OS 7100 Date and Day display issue

	15
	[P080512001]Incoming calls without CLI from SIP trunks to WIP phones do not connect properly

	16
	[P080517001] OS system does not consider 183 Session Progress sent by SIP server as 180 Ringing

	17
	[P080430009] WIP-5000M cannot talk to SIP phone because of Invalid Codec

	18
	[P080402002]Final destination of UCD group to NONE does not disconnect the call after retry counter exceeded

	19
	[P080402001]Call drops when an incoming through ISDN is forwarded to A-TRK line

	20
	[P080317009]On ITP, the dialed number disappears when called party answer the call

	21
	[P080201001] Network Paging Disconnect

	22
	[P080521003] If country is SLOVENIA, the default language must be ENGLISH.

	23
	[P080611009/P080603003]ITP5107 LEDs don't work at all

	24
	[P080611008] Carrier code inserted in MMC 713 appears on LCD when a call is made

	25
	[P080603011] SPNET station name lost on answer

	26
	[P080603004] Set relocate FWD All not working

	27
	[P080609005] CLI Table in MMC837

	28
	[P080609006] The UCD call wait queue gets stuck with calls waiting in queue when all calls have cleared down. 

	29
	[P080612014] Setting public IP in 2.1.2 doesn’t automatically set 2.2.2 public IP field

	30
	[P080521005] There is no way to program a default key template for an 7 button IP phon

	31
	[PA] After Set Relocation, DLI card could not be initial.

	32
	[IIFRA00033262] TSP dead issue - V4.14k & V4.21

	33
	[IIFRA00033262] SPNET DOWN PRI INTERFACE ROUTING

	34
	[P080424005]CLI ring destination function doesn't work.

	35
	[IIFRA00033269]When country is not defined, DS24D/S phone is not work

	36
	[IIFRA00033273]When you use OS7400 system with OS7200 cabinet. 16MWSLI, 16SLI2, 8TRK located at OS7200 cabinet doesn't work.

	37
	[P080529008]CR key with Group extender

	38
	[P080418010] [OS7100] UCD call queued to delay announcement followed by ringback instead of MOH. 

	39
	[P080501005][SVMi] Double Beep issue when using Auto Record 

	40
	[P080612001]MMC 607 MOH function doesn't work in incoming call

	41
	MCL code dial error for SIP provider

	42
	[P080612017]System assign AUTH and ACCT code to wrong station randomly

	43
	[P080606005]IT-Tool 5.2.13 SIP Carrier Options without registration - it is important for SIP Trunking not to register, means without User Name, but no SIP message are send.

	44
	[P080611010]SIP trunking service is temporarily unavailable when ISP doesn't send "180" or "183"

	45
	MMC 722 “Station Key” were lost

	46
	[P070912002]OS7400 Networked with QSIG or IP networking will not pass the incoming name feature. 

	47
	[BRM]BRI Incoming call fail
: When 3.1K AUDIO in Bearer capability, Progress_indicator, and TELEPHONY in High layer compatibility are in ACU_CONN_IN message. Incoming call is failed.

	48
	[P080630005] RETRY does not work when LCR feature is enabled

	49
	In MMC837, "Incoming Mode" field has to be moved to the Trk Category from Ext Category.

	50
	[MP] In case the expansion cabinet of OS7400 is OS7200, if set relocated between OS7400 and OS7200, the LED of dgp in OS7200 does not operate correctly.

	51
	[MP] IPP and SIP Phone have station pair relation. If ipp receive the transferred call from dgp and the caller of this call is wip phone, SIP phone will ring also. But if sip phone answer this call, one way occurs.

	52
	[MP] large IP Phone does not support PINGRING service.

	53
	[MP] The 3rd cabinet does not work correctly in OS7400.

	54
	[MP]How to display version of OS7100 has to be same as the other system's 

(YY.MM.DD V4.XX.a → 'YY.MM.DD V4.XXa)

	55
	[MP]A HOLD RE-INV option is added for MOH operation in MMC837

	56
	[VM] VM stops when fax call is incoming while using UCD.

	57
	[P080503002] 7100 Web Management tool List Block cannot clear List member

	58
	[P080507001] Cannot clear Extension Block Station Type

	59
	[P080507002] OfficeServ Operator cannot do VT to "phantom" mailbox 

	60
	[P080506009] Voicemail will not send digits to pager after answering.

	61
	[P080307001] Softphone Licence Issue 

	62
	[P080611011] Some labels are missing from "VM/AA" menu of Web Management when language is Italian

	63
	[P080707003] An improper Holiday is set on the OS 7100 VM/AA Schedule Table

	64
	[P080709015] OS 7100 VM/AA is out of service after HALT/PROCESS command by IT

	65
	[P080710001] Parse Error occurs when you try OS 7100 Voice Studio upload feature

	66
	[P080804001] Cannot pick up ringing UCD call with DP key

	67
	Dial Pulse doesn't work.

	68
	[P080704010] When used os7400 system with os7200 cabinet, LCP cabinet doesn't work.

	69
	[P080731020] AoC in Greek Market on Ericcson PTT

	70
	[P080725001] Voicemail prompt "The message storage unit is full".

	71
	[P080621002]IS-TOOL User Accounts: Level 2 or 3 user can access levels restricted.

	72
	[P080805001]Cannot set DNS server under system parameters.

	73
	[P080730005] Easyset Send Msg not working when Info Display is turned on.

	74
	[P080730006] Cannot set different User Access Parameters for IT Tool

	75
	[P080730007] IT Tool, delete entries in Toll Deny all entries after are also deleted.


QNet Problem List
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S/W Compatibility Table :
(1) OfficeServ 7000 MCP S/W 
	MODEL
	MCP
	LP40
	IT
	LCP
	ETC

	OS7400
	V4.21c
	V1.17
	V1.21c
	-
	

	OS7200
	V4.21c
	-
	V1.21c
	V4.12
	

	OS7100
	V4.21c
	-
	V1.21c
	-
	

	DATE
	08.08.20
	07.11.12
	08.08.20
	07.11.09
	ALL


(2) OfficeServ 7100 Modules 
	MODULE
	Version
	Date

	MP
	V4.21c
	08.08.20

	SP
	V2.12
	08.07.15

	VM
	V2.75
	08.08.30

	MGI
	V2.00
	08.07.28

	BRI
	V4.21a
	08.08.07

	WEB
	V4.07h
	08.07.28


Previous Version Changes
’08.02.25 V4.14k

 (1) MCP S/W changed items
Added Features & Modified items
· Hunt Mode of STN Group(Sequential mode) is changed
· OS7100 cabinet can be used for OS7200’s 2nd cabinet.

· Refer to the attached QNet Problem List
Fixed Bugs
· [P080122002] ITP does not forward the call when it is disconnected
· [P080122003] ITP as secondary station does not ring when paired to a SIP station.
· [N070720003] SIP EXTENSIONS 
· [P070925003] Daylight Savings 
· [P071114014] Installation Tool Fails with Modem 
· [P071122011] Missing info in SIP Invite Message 
· [P071126002] OS7100 V4.14 SIP DNS disconnect issue 
· [P071126007] OS Bug 353 - BRI in 7400 when placed in a 7200 as an expansion 
· Refer to the attached QNet Problem List
QNet Problem List
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S/W Compatibility Table :
(1) OfficeServ 7000 MCP S/W 
	MODEL
	MCP
	LP40
	WebMMC
	IT
	

	OS7400 MP40
	V4.14k
	-
	-
	V1.1.4
	

	OS7200 MCP
	V4.14k
	-
	-
	V1.1.4
	

	OS7100 MP10
	V4.14k
	-
	-
	V1.1.4
	

	DATE
	08.02.25
	-
	-
	08.02.25
	


’07.11.15 V4.14

 (1) MP40 S/W changed items
Added Features & Modified items
· ATRK -> UMS TSW gain value is changed
· Refer to the attached 1Q Problem List (check 1Q number started with ‘N’)

Fixed Bugs
· [P071010005] V4.11 Software Set relocate fails after reboot is fixed
· [P070519003] OS7400 System deletes the MoH msg assigned to the VM port in MMC756 after a OS system restart
· soft phone's max count check error at license key
· VG programmable key is not available using IT
· large phone's speed block is delete after DB downloading and DB uploading using IT
· When you download/upload all of DB using WebMMC, specific DB is wrong value. (MMC400, 502, 503)

· Refer to the attached 1Q Problem List (check 1Q number started with ‘P’ or ‘D’)

1Q Problem List
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S/W Compatibility Table :
(1) OfficeServ 7400 MP40 S/W 
	MODEL
	MP40
	LP40
	WebMMC
	Installer
	

	VERSION
	V4.14
	-
	V1.15.0.0
	V1.1.1
	

	DATE
	07.11.15
	-
	07.09.20
	07.10.26
	


Previous Version Changes
’07.10.17 V4.12

 (1) MP40 S/W changed items
Added Features & Modified items
· Hotel/Motel function added
· Set Authorization code

The Phone in the room remain blocked outbound dialing, but only the

Authorization code that is given to the guest be given a class of service to 

enable him to dial outbound. The authorization code can be set using 
BD-PSM

· Set phone credit

The purpose of this feature is to allow third party PMS systems to set the 
posted phone credit to a particular amount. The reason for this is to adjust 
to mis-calculations between the phone system costing and an external call 
accounting system costing

· Set DND

In a hospitality installation, the front desk attendant can set to place the 
telephone of individual room guest into DND, and clear DND at the request 
of the room guest. Setting DND will prevent the room guest from receiving 
calls (internal and xternal) with the exception of DNDO (DND override) calls
from the operator or attendant, while allowing the guest to make outbound 
calls. Upon request of the guest, the attendant must also be able to clear or 
cancel the DND setting from the PMS console

· Phone Restriction at Check-in

When no deposit is posted at check-in the guest phone is unrestricted. 
Currently, administrators are having to post a minimum deposit (eg: $1.00) 
to the guest room. When the amount of the phone deposit is exhausted by 
the guest, then the phone restrictions are enabled. An option will need to be
added to MMC 210 to allow the telephone technician to program the system 
to have the following options
                * CHKIN RESTRC = OFF (No dialing restrictions at check-in) 

             

    CHKIN RESTRC = ON  (Restric outbound dialing at check-in)

· ACD and IP-IVR with SVMi-20E 
IP-IVR has to be used with SVMi-20E at the same time. 

· Changed MMC default values in German.
· Refer to the attached 1Q Problem List (check 1Q number started with ‘N’)

Fixed Bugs
· Refer to the attached 1Q Problem List (check 1Q number started with ‘P’ or ‘D’)

1Q Problem List
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S/W Compatibility Table :
(1) OfficeServ 7400 MP40 S/W 
	MODEL
	MP40
	LP40
	WebMMC
	Installer
	

	VERSION
	V4.12
	-
	V1.15.0.0
	V1.1.0
	

	DATE
	07.10.17
	-
	07.09.20
	07.10.19
	


Previous Version Changes
’07.08.01 V4.11

 (1) MP40 S/W changed items
Wireless IP phone license was deleted by request. 
· According to the VoIP License Policy, VoIP Stack License was added in OS7200 MCP V4.10.

But wireless IP phone license was deleted in this version by request. 

· WIP PHONE can not assign in MMC841 SIP STACK ALLOW option. 

· Maximum 32 wireless IP phones are available without license. 

Added Features & Modified items
· Added some features and Changed some default values for IP phone’s voice quality.
· MMC835 “DUAL FILTER EC” option was added.

- This option is only available in MGI16/MGI64 card.

- Dual filter echo canceller’s parameter of MGI16/MGI64 card will be downloaded differently according to the trunk’s type.

- Default – 8TRK2 MODE 

- Range – DISABLE, 8TRK MODE, 8TRK2 MODE, DTRK MODE 

· MMC841 “ITP MAX TX LIMIT” option was added

- If this option is set to YES, maximum TX level of IP phone can be limited.

- Default – NO

- Range – YES / NO

· SIDETONE VOL’s default data for ITP was changed to 4 in MMC807.

· MIC TX LEVEL’s default data for ITP was changed to 3 in MMC807.

· Some T-SWITCH GAIN default data were changed in MMC809.

ITP <-> ATRK : 0

ITP <-> DTRK : 0

· QSIG Time synchronization feature was added. 
When several systems are connected in network with the using of QSIG in TEPRI or VoIP, time synchronization will work. 

· MMC820 “TIME SYNC” option was added. 

(Default – OFF / Range – OFF/ON)

· This option does not need in SELF, only can assign from SYS(01) to SYS(99). 

· If the user want to use SYS(01) system to time master, TIME SYNC option of SYS(01) have to change ON. And then when other system’s station connected in network make a call to SYS(01), time will be synchronized by SYS(01)’s time. 

· C-M&A Feature was added in RUSSIA
Fixed Bugs
· Refer to the attached 1Q Problem List (check 1Q number started with ‘P’ or ‘D’)

1Q Problem List
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S/W Compatibility Table :
(1) OfficeServ 7400 MP40 S/W 
	MODEL
	MP40
	LP40
	WebMMC
	Installer
	

	VERSION
	V4.10
	-
	V1.14.0.0
	V1.0.2
	

	DATE
	07.08.01
	-
	07.08.06
	07.08.01
	


’07.07.01 V4.10

 (1) MP40 S/W changed items.

-  System database is not compatible with old version’s database in V4.10.
Database address was changed because of adding new features and merging source file of OS7000 series. So if the system is upgraded to new version of V4.10, then the system will be initialized with default database. 

But you can upload old version’s database by WebMMC in V4.10
· Procedure uploading old database.

7. Connect WebMMC to system of old version.

8. Download the old version’s database.

9. Please make a backup file of old version’s database. Because when uploading at new version software, the old version database would be conversed to new version database format. So we recommend that you make a backup file of the original database. 

10. Upgrade in new software(V4.10)

11. Connect WebMMC to system of new version.

12. Upload the old version’s database.

- If you downgrade MP40 from V4.10 to V3.34, set backup switch OFF for deleting Nand Flash and start system because V3.34 has a problem of System IP Address set 

Added Features & Modified items
· Virtual Cabinet configurations were changed. 
· Number of Virtual cabinet : 2 (Cabinet 4 ~ Cabinet 5)
· Number of Slot per 1 Cabinet : 12 (12slots / 1cabinet)

· Number of Port per 1 Slot : 32 (32ports / 1slot)

· The user can specify the type of virtual cabinet card in MMC857. The type of virtual cabinet card is as follows.
	Type
	Range
	Max. Port
	Type
	Range
	Max. Port

	SLT
	C4S01~ C4S08 (8)
	256
	BRI STN
	C5S02~ C5S06 (5)
	160

	DGP
	C4S01~ C4S08 (8)
	256
	GCONF STN
	C5S03~ C5S06 (4)
	128

	WIRED ITP
	C4S03~C5S05 (15)
(12)
	480
	SPNET TRK
	C5S06~ C5S12 (7)
	224

	WLAN ITP
	C4S10~ C5S01 (4)
	128
	SIP TRK
	C5S09~ C5S12 (4)
	128

	SIP STN
	C4S10~ C5S01 (4)
	128
	H323 TRK
	C5S11~ C5S12 (2)
	64

	IP UMS
	C4S10~ C5S01 (4)
	128
	
	
	


· Virtual cabinet card type’s default data is as below.

	Cabinet
	Slot
	Card Type
	Cabinet
	Slot
	Card Type

	4
	1
	SLT
	5
	1
	WLAN ITP

	
	2
	SLT
	
	2
	BRI STN

	
	3
	DGP
	
	3
	BRI STN

	
	4
	DGP
	
	4
	BRI STN

	
	5
	WIRED ITP
	
	5
	GCONF STN

	
	6
	WIRED ITP
	
	6
	GCONF STN

	
	7
	WIRED ITP
	
	7
	SPNET TRK

	
	8
	WIRED ITP
	
	8
	SPNET TRK

	
	9
	WIRED ITP
	
	9
	SIP TRK

	
	10
	WIRED ITP
	
	10
	SIP TRK

	
	11
	WLAN ITP
	
	11
	H323 TRK

	
	12
	WLAN ITP
	
	12
	H323 TRK


If virtual cabinet card type is changed, PCMMC can not use anymore with changed virtual card type. That is, some MMCs about changed virtual card type do not work correctly. 

So, the user have to use INSTALLATION TOOL when MMC857’s virtual cabinet card type is changed. 
· VoIP Stack License was added.

· License key have to be assigned in MMC841 FEAT LICENSE KEY for using VoIP features

· H.323 stack and SIP stack license was added.

· H.323 stack license is used for H.323 trunk. So, available number of H.323 trunk depend on the number of H.323 stack license.

· SIP stack license is used for SIP Trunk, SIP Station, IP-UMS/IVR, WIP Phone. Features using SIP stack can be specified available number of SIP stack each other in MMC841 SIP STACK ALLOW.  

Detail items of MMC841 SIP STACK ALLOW are as follow.

· MAX COUNT : The number of SIP Stack License (Read only)

· NON SEC SIP : The number of Non Samsung SIP phone  (Read only)

· FREE COUNT : The number of free SIP Stack License (Read only)

· SIP TRUNK : The number of available SIP Trunk (Can be assigned in Free Count)

· SIP PHONE : The number of available Samsung SIP Phone (Can be assigned in Free Count)

· WIP PHONE : The number of available WIP Phone (Can be assigned in Free Count)

· IP-UMS/IVR : The number of available IP-UMS/IVR (Can be assigned in Free Count)

· New Card (8TRK2, 16TRK, 8COMBO2, 16SLI2)

· Installation Tool was added.

· Refer to attached Installation Tool’s release notes
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· Simple IP phone was added. 

· Operation is same with Large IP phone. 

· Standard SIP Phone interface was added.

· Registration Procedure

· License key assign in MMC841 FEAT LICENSE KEY for using SIP STN. (Non Samsung SIP Station or Samsung SIP Station)

· Assign SIP STN virtual card type in MMC857

· The user can see the USER ID / PASSWORD in MMC842. SIP Station can be registered with USER ID/PASSWORD in MMC842. (Default USER ID: equal with Tel Number / PASSWORD: 0000)

· SIP Station Feature List

	FEATURE
	DESCRIPTION

	BASIC CALL
	The number of MGI by opposite side is as below.

Connection Status

Using MGI Number

SIP Station

Digital/SLT Phone

1

SIP Station

Trunk (except VoIP trunk)

1

SIP Station

VoIP Trunk

2

SIP Station

IP Phone

X

SIP Station

SIP Station

X

SIP Station

WIP Phone

X



	CALL HOLD / RESUME
	Use SIP station’s HOLD/RESUME KEY

	CONSULTATION CALL
	SIP station can have maximum 2 calls by using HOLD key

	TRANSFER (BLIND / CONSULTATION)
	Use SIP station’s BLIND / CONSULTATION Transfer menu

	CALL FORWARD
	Use “FWD” System Feature Code of MMC724

	CONFERENCE
	Use “CONF” System Feature Code of MMC724

	CALL PARK
	SIP station’s call park feature is same with system hold feature. 

Use “HOLD/HLDPK” System Feature Code of MMC724

	CALL PICKUP
	Use “GRPK/DIRPK/MYGRPK” System Feature Code of MMC724

	DND
	Use “DND” System Feature Code of MMC724

	CALLBACK
	Use “CBK” System Feature Code of MMC724

	VOICE MAIL INDICATION
	Voice Mail number would be sent to SIP station when new voice mail message is left. 


· Added New Features for GERMANY 

(Refer to attached 1Q Problem List N061105005, N061105004, N061108015, N061017036)

Fixed Bugs
· Refer to the attached 1Q Problem List (check 1Q number started with ‘P’ or ‘D’)

1Q Problem List
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S/W Compatibility Table :
(1) OfficeServ 7400 MP40 S/W 
	MODEL
	MP40
	LP40
	WebMMC
	Installer
	

	VERSION
	V4.10
	V1.15
	V1.13.0.0
	V1.0.0
	

	DATE
	07.07.01
	
	07.07.01
	07.07.01
	


’07.02.02 V3.34

 (1) MP40 S/W changed items
Added Features & Modified items
· Refer to the attached 1Q Problem List (check 1Q number started with ‘N’)

Fixed Bugs
· Refer to the attached 1Q Problem List (check 1Q number started with ‘P’ or ‘D’)

1Q Problem List
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’06.07.14 V3.32

 (1) MCP S/W changed items
Added Features & Modified items
· Refer to the attached 1Q Problem List (check 1Q number started with ‘N’)

Fixed Bugs
· Refer to the attached 1Q Problem List (check 1Q number started with ‘P’ or ‘D’)

1Q Problem List
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						OfficeServ System		Change Notes

		Qnet Number				Problem or Requirement		Reason		Modification		Test Procedure and result		Bug/
Req.		Issued Information												Release Information														Remarks

				검증완료일												Date		System		Package		Version		Country		Index		Package		Version		7400		7200		7100		7070		7030

		-				Group pickup info remains on screen
Group pickup info remains on screen when call is received on analogue trunks. Tested on OS7400 V4.46a 10.02.26, To replicate: setup 3 extensions in the same pickup group, enable pickup group info in 861 and 110. direct trunk line to one of the extensions and make an incoming call, disconnect call, pickup info remains on the 2 extensions that did not ring.		When analog trunk call is incoming, pickup group information is not deleted.		Delete pickup group information in case of incoming analog trunk call.		OK		Bug				OS7400		MP40		V4.46a		UK				ALL		V4.51		O		O

		-				Add IP-AOM in MMC841
Can we add an option to the IT Tool in MMC841 to allow us to upgrade the IP AOM in the same way as the IP Phones, currently you have to connect to the IP AOM via webbrowser to upgrade, this is slow process, much faster using IT Tool and MMC841 and 840 to upgrade.		New feature		Add IP-AOM to MMC841.		OK		Req.				OS7000		ALL		-		-				ALL		V4.51		O		O

		-				Speech comes over the speaker when in headset mode.
under certain configuration and call scenario you can hear speech coming over the speaker when in headset mode. To replicate,  setup 2 phones A=i5243 set auto campon to ON, B= i5243 set Secure OHVA to OFF and switch on headset mode, C= ISDN line or another internal extension. Make call from B to C all is ok, now from A call B, A is camped onto B and C's speech now comes over speaker. Tested on MP40 V4.46a 10.02.26, i3100 V1.28, i5210 V1.07, i5230 V1.07, i5243 V1.64.  When B is replaced by i5220 V2.10 then there is no problem or when A is replaced by digital phone.		We can reproduce this issue on V4.46e, but this issue is modified on V4.50.
=> This issue is already fixed on V4.50. 
In old version speaker is opened by following SECURE_OHVA option.		Modified not to open speaker path by following SECURE OHVA option.		OK		Bug				OS7000		ALL		V4.46e		-				ALL		V4.51		O		O

		N091006001				External Call Forward does not follow Station/Trunk use. 
First raised as bug but HQ asked to raise as New Feature.
The Problem: “If you setup station/trunk use and dial out directly from the phone the station/trunk use works ok.
But if you setup an external call forward on the extension doing the forward it can use a Trunk group that it is not allowed to use and does not follow the Station/Trunk use settings” The extension should only be able to select the trunks that it is allowed to use and not any trunk to complete the external call forward.
See attached DB mmc102, 304, 614, 603, 714 for configuration. In this example I have setup an external call forward to my mobile on ext 202. When I call the ddi the external call forward uses trunk 701 which it should not be allowed to use. this should be the same for all trunk group types .i.e ISDN,Analogue,Sip etc No PSWD for DB		New feature		Add Enhanced FWD to MMC210.
If this option and EXT FWD are ON, trunk call can be outgoing or not by following stn/trk use option.		OK		Req.				OS7200		MP20		V4.xx		UK				ALL		V4.51		O		O

		P100507004				Communicator shows LCR code 
Communicator shows the LCR code when call is connected.
see screenshot, I am dialling my mobile no 07900981347 when call is connected Communicator is also showing the LCR prefix, we dont want to see the LCR prefix.
Tested Communicator V1.0.0.7 and 1.1.0.2 in Desktop Mode		In case of LCR mode, changed a trsf_satus information sent to communicator to None message.		Modified to show original dialed number.		OK		Bug				Communicator						UK				ALL		V4.51		O		O

		P100522004				VMAME Feature Broke 
The first report was that IP phones with VMAME assigned do not hear the message being left by the calling user so they dont know if to answer or not. I have tried to the I5243 set and can not hear nor answer the call. I have also tried with a digital set and still can not hear the calling user with VMAME SET.
Assign VMAME to set.
Assign Forward No Answer to Voice Mail
Call station and after it forwards to voice mail, and trying talking. You will not hear the caller leaving a message.		When entering the VM AME mode,  MP did not send the audio control message.
So cannot hear the sounds.		We fixed the flow.  MP send the audio start message to IP Phone		1. Assign VMAME to set.
2. Assign Forward No Answer to Voice Mail
3. Call station and after it forwards to voice mail, and trying talking.  You will hear the caller leaving a message.		Bug				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O

		P100523001				16-TRK FLASH ISSUE  
We have a OS7200 MP20 with A 16TRK CARD where ports 5-16 will not flash.
Setup MP20 PROCESSOR
SLOT 1 16DLI
SLOT 2 16TRK
SLOT 3 8TRK
SLOT 4 8COMBO
SLOT 5 16MWSLI
PLUG IN STATION CORD ON FIRST PORT OF 16MWSLI CARD AND WIRE TO PORT 4 OF 16TRK CARD.
ACCESS MMC 406 AND HAVE ALL TRK PORTS RING MWSLI PORT WHERE WIRED.
Dial the trunk port on port 4 of 16trk card.
You will hear dial tone from the 16mwsli card.
dial another station on 16dli card and answer the call
dial the flash key to get dial tone and dial another digital station
you can go back and forworth with the flash key to both sets.
Now wire to port 5 of 16trk card and repeat steps.
When you flash the port 5 thru 16 of the 16trk card,  you will not get dial tone and disconnect the first call.		The number of port is up to 4 on the flash feature with 8TRK2, 16TRK.		The number of port is up to 4 on the flash feature with 8TRK2, 16TRK.		OK		Bug				OS7200		MP20		V4.xx		USA				MP20		V4.51				O								only for MP20

		P100526001				BARGE IN FAILURE 
In v4.46D Software, there is a issue with Barge in.
Say,. that 6759 and 7688 are on a call.
Number 6730 has just barged in on 6759 with no problems.
A new DID call rings on station 6759 but is not answered. It is left to go to voice mail after 3 rings.
When the call routes to voice mail.
The original call between 6759 and 7688 has changed.
7688 can still be heard on station 6730 barged in.
Station 6759 has dial tone after the call was dropped.
6759 and 7688 should have not lost the call.		When waiting call transfered to VM, Opposite Hangup msg generated. This message must be ignored, but there are checking  bug.		Ignore Oppsite Hangup message from waiting call at barge-in state.		OK		Bug				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O

		P100527001				Page Timeout Broke
In V4.46d software, the page timeout timer in MMC 501 has no affect.
You can do a internal page and it will never end without hanging up and hitting finish on the screen.
It should stop after the time out feature for Paging		There is not timeout during internal paging. This operation is specification.		Because of request, MMC 501 page timer will affect during internal paging		1. Set page timer in MMC 501
2. Check the timer affect or not during internal paging.		Req.				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O								only for USA

		P100602001				Virtual SLT ports ring Normal SLT ports 
Attached is a default DB on V4.46d
When you have a pot phone connected to the 8combo card and ring a virtual extension that is in the same slot and port then the pot phone will also ring.
To replicate: 1>connect a pot phone to 8 combo card port 1 ext 217, 2> from another phone dial virtual ext 3509, 3> you will now see that extension 217 starts to ring and it should not.		When ringing a virtual slt, ring message should not be sent to signalling part because there is not physical port.		We check the range of port relatated with ring message. If port is virtual port, ring message will be ignored.		1>connect a pot phone to 8 combo card port 1 ext 217, 
2> from another phone dial virtual ext 3509, 
3> ext 217 will be maintained idle state.		Bug				OS7200		MP20		V4.xx		UK				ALL		V4.51		O		O

		P100615001				MP20S MAIN GRETTING CLICKING
We have reports from Tech Support of Clicking on the MP20S voice mail main greeting when the main greeting is redone.  The default main menu greeting number 1001 sounds great.
The problem is when you re-record the greeting 1001 with a soft voice, you will hear clicking when listening to the greeting.  We have seen this issue on software v4.42,and V4.46d, and V4.49 software.
Only the MP20S is being reported,  no issues on the MP10a processor.
One dealer is spreading the word about this problem.
1.   Rerecord greeting 1001 with a soft voice and listen to the greeting.  You will hear clicking noise and static on the recording.		Source code bug.
MP20s has a different recording algorithm.
APIS module has a buffer and it saves the data from MSP to that buffer.
The buffer size is 1600bytes. If it is full, it will send it to VM_MGI module to save it as a file.
Before sending it, APIS moves the data of the buffer to another buffer to send it to VM_MGI.
But the another buffer size is smaller than previous buffer(exactly it is 14 bytes smaller than previous one)
So, 14bytes data is missing and it is the reason of clicking noise.		The buffer used to exchange data between apis and vm_mgi module is increased.(16 bytes)		1. Record a main greeting(for example, 1001)
2. Listen to it and check the clicking noise.		Bug				OS7200		MP20S		V4.xx		USA				MP20S		V4.51				O								only for MP20S

		P100615003				WIP cannot answer calls 
Cannot answer call to WIP500 handset.
Can make calls ok
Handset rings for incoming call but pressing key to answer does nothing

Issue occured after system upgrade from V4.21toV4.42c
Same issue occured in our lab with customers database and default database. 

System OS7400
WIP5000m V3.11.2
Combo Access Point
WLI card V1.18		system -> wip message struct was changed.
there was a problem that WIP couldn't receive some messages.		We retore the message struct to orginal struct.
WIP can receive and process messages.		OK		Bug				OS7400		MP40		V4.42c		Australia				ALL		V4.51		O		O

		P100617004				UCD Prompts Not clipped  
Prompts on the UCD group are not being clipped when an agent becomes free, I have repliacted the problem in the lab on V4.46d.
On V4.42b the UCD prompt is clipped when an agent becomes free.

Please resolve.		For requst of Russia, Prompts on the UCD group are not being clipped when an agent becomes free.
From V4.50 or V4.51 this will not be applied for UK.		For requst of Russia, Prompts on the UCD group are not being clipped when an agent becomes free.
From V4.50 or V4.51 this will not be applied for UK.		1. Set VMSUCD feature.
2. Make All agents be busy.
3. Call to UCD group and hear UCD prompt
4. Check that Prompts on the UCD group are being clipped when an agent becomes free.		Bug				OS7400		MP40		V4.46d		UK				ALL		V4.51		O		O								only for UK, EU

		P100617006				Auto Answer intermittently not working 
Under certain scenario Auto answer is intermitantly not working and instead an Announce ring mode is being used even though the extension is set to use Auto answer.
This has been replicated in the lab on V4.46d
To replicate: 1. VSLI 3501 fwrd to VM Group, make 3501 announce only mailbox and record a greeting, set no message left destination to Vsli 3502. 2. on 3502 forward to UCD group. 3. configure members of UCD group to use Auto Answer Ring mode. 4. Point DDI to VSLI 3501. 5. Make multiple calls to DDI (in the lab I made 6 multiple calls using ISDN tester), 6. When agent auto answers clear call and wait for next call to auto answer, intermitantly you will see Announce From XXX and extension does not auto answer.
I have found a work around to this problem but in the above scenario why is the extension not always Auto Answering when the call is coming thru the voicemail. DB attached.		System checks whether 2nd opposite port of opposite party is valid or not to prevent station pair answering automatically. If 2nd opposite port is valid, ring mode changes into announce mode.
Because of this procedure ring mode of UCD member becomes announce mode.		Modified to apply this procedure to station port only. 
So if trk port is used, ring mode is Auto Answer mode and the current call is transferred by VM, ring mode is not changed.		OK		Bug				OS7400		MP40		V4.46d		UK				ALL		V4.51		O		O

		P100622003				P100208005 SIP Hold Reinvite does not work correctly for Transfered calls
The solution for P100208005 does not fix the scenario where a call is transfered. In MMC837 if Hold reinvite is disabled the OfficeServ is still sending an Invite message to place a call on hold in v4.46d software when a call transfer is made.

If Hold reinvite is disabled the Officeserv should not send an Invite mesage to place the call on hold when a transfer is made or a call placed on hold.

REgards,

Iain		Hold reinvite option didn't affect to transferred call.		Hold reinvite option will affect to transferred call.
And you have to remember that hold reinvite option affect in case of MPS off.		1. Set MPS Service option to On.
2. Set hold reinvite option to off
3. Check that SIP Hold Reinvite works correctly for Transferred calls		Req.				OS7200		MP20		V4.xx		UK				ALL		V4.51		O		O

		P100622004				Incorrect SMDR code for UCD to UCD abandoned call. On v4.46d
This is similar problem to P100310013.
If a call overflows from a UCD group, to another UCD group and then overflows to VMS UCD for queue message, when the caller is tyransferring to an agent after the VMS UCD group message, if the caller hangs up when the agent phone is ringing, the system sends a 'C' code and not an 'A' code to SMDR.
Please see attached.		if a call to UCD Group and go to final destination which is UCD Group, and the caller hangs up when the agent phone is ringing, the system sends a 'C' code and not an 'A' code to SMDR.		In this case, I change to send a 'A' code instead of 'C' code to SMDR.		UCD Group A : one member, overflow time 1 second, Next Port VMSUCD group, retry count 1, final dest UCD group B
UCD Group B : several members(real agents)
If you make a call to UCD Group and go to final destination which is UCD Group, and the caller hangs up when the agent phone is ringing, the system sends a 'A' code to SMDR.		Req.				OS7400		MP40		V4.46d		UK				ALL		V4.51		O		O								only for UK, EU

		P100629004				SMT IP Phone delayed speech problem.
Logging this for reference - CJ Seo and EZ Kim already aware of the issue.

There is a delay of about 3 seconds when a user answers a call on SMT i phones. 5243/5230 and 5210.

Example: call into a system on alog trunk, answered by an SMTi5243, if the 5243 user says "hello, samsung communications", the caller only hears "mmunications". And the start of the speech is missed.
All software versions of terminals are having the problem.		T-swtich delay timer affected in this problem.		T-switch delay time was be applied to 300 msec in default. This delay time will be not applied.		OK		Bug				IPP						UK				ALL		V4.51		O		O								only for UK, EU

		P100706002				SIP Calls being rejected with a SIP 513 message too big 
On an OS7100 when a call to a SIP extension is routed out over an SIP Trunk the call is being rejected with a 513 message too big error. 

I have attached a SIP trace and a DB from the customer site.

Nimava report that this problem has been seen in v4.46a, v4.46d and v4.46e

Regards,

Iain		When sending re-Invite message, SIP stack puts 2 authorization headers in a message which makes the receiver confused and reject the message.		Right before sending out re-Invite message, SIP stack checks the number of authorization header and if it is more than 2, simply removes the first authorization header.		OK		Bug				OS7100		MP10		V4.46		UK				ALL		V4.51		O		O

		P100708003				Peri UCD stats showing 65xxx unanswered calls  
If there are calls in the queue when performing either a manual Clear Stats or Automatically then the unanswered calls show 65535 unanswered calls.

Replication: 1. setup a UCD group with two members>2. configure peri ucd>3. telnet onto port 5105>4. make a call into UCD group>5. while the call is in the queue use the supervisor key and perform a manual clear data.>6. you will now see the unanswered calls jump to 65535 on the peri stats.

Tested on 7400 V4.46d		There is an error to initialize unanswered calls.
Unanswered call count is calculated by subtracting ringing count from abandoned call count.
If there is an incoming call and supervisor clears ucd data, only abandoned call count is initialized.
So 65535 is shown when subtracting current ringing count from zero count(=abandoned call count).		Modified to add ringing count to initialized unanswered call count when supervisor clears UCD data.
Check with V4.51 S/W.		OK		Bug				OS7400		MP40		V4.46d		UK				ALL		V4.51		O		O

		P100715002				All SMT-i52xx/ Umlauts are missing after hooked off  
Umlauts are not indicated when hooked off at source side --> F lkel. Also when calling an internal user, at opposite/destination side it cannot be displayed ？ same: F lkel. This wrong indication was recognized at destination side terminals: SMT-i5210 / SMT-i5230 and also SMT-i5243		OfficeServ System doesn't support Umlauts characters display.		We change the system to support Umlauts characters of the station name if a IP Phone is the new model to be shown Umlauts characters(SMT-i3100, 5210, 5220, 5230, 5240, 5243) and station language is German.		OK		Req.				IPP						Germany				ALL		V4.51		O		O								only for Germany

		P100724001				MP20 CONFERENCE SQUELL
We have a report from that we can reproduce in our lab with telco analog lines but not 16mwsli ports.
in V4.46d software on the mp20 but not the mp20s processor with the same 16trk or 8trk2.
Start with a analog phone tied to a 16mwsli card,  go off hook and get dial tone,  dial a port on the 8trk2 card and call telco and have someone answer the phone.
Then hit the flash key and get dial tone,  dial the conference code of 46 and get dial tone again.
dial the second analog trunk and complete the call, hit the flash key to conference two outside partys together with the analog set.  No problem at this point.
Then hit the flash key and dial the third analog trunk on the 8trk2 card.
You will get dial tone again and dial a third party, when they answer, hit the flash key to tie the three outside partys together.
At this point, you will hear a squell on the conference that can not be stopped until one of the outside partys drops off.
This can be reproduce with the 16trk card with the same sequence.

The MP20S card with the same cabinet and trunk cards, and analog phone does not have the problem, onnly the mp20 card has this issue.		when being in conference, system didn't control gain.		when being in conference, system will control gain.		OK		Bug				OS7200		MP20		V4.xx		USA				MP20		V4.51				O								only for MP20

		P100728001				OS Operator not displaying CLIP Translation Properly
OS LInk V3.0.0.4
OS Operator V1.3.5.7
OS7100 MP10 V4.46e
Incoming calls are not showing the callers CLIP Translation name when programmed in MMC728 on OS Operator. Instead of showing the name there are some strange characters.
I have tested V4.46d on an MP20 and v4.46e on an MP10 with the same result, when I tested V4.30k on the MP10 then it is working ok. If you have a look at the attached screen shot and logs you can see the CLIP name is not shown properly.		When geting the cid name, garbage data is searched.		When geting the cid name, pointer operation was wrong. So it was fixed.		1. configure cid number and name 
2. making a internal call thru pri trunk
3. check the cid name on OS operator.		Bug				OS7100		MP10		4.46e		UK				ALL		V4.51		O		O

		P100729003				FOLLOW ME FORWARDING ISSUE
We have differences with this feature associated with forwarding that are different than the following forwarding features that work the same way.
Example, FNA, Forward Busy, Forward DND, Forward All, all work the same way with the Chain Forward Option MMC 210, Where the first called station or the forwarded station can be choisen to receive the voice mail. The FOLLOW ME feature will only go the the forwarded stations mailbox unlike the other forward options.
To make this consistent, we would like the FOLLOW ME feature to work with the associated option Chain Forward option in MMC 210 where you can pick which mailbox to deliver the message.
Normally, if someone usesthe FOLLOW ME feature, they would want the message to go the initially called number and not the forwarded stations mailbox.		In case of follow me feature, MMC 210 Chain Forward option didn't affect.		In case of follow me feature, MMC 210 Chain Forward option will affect.		1. Set chain forward option to off.
2. Set follow me feature from station A to station B
  (This means call that go to station B will go to station A)
3. Make a call to Station B, then the call go to station A and FNA to VMS.
4. The message go to initially called number(station A)'s mailbox.		Req.				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O

		P100729004				PAGE SUPPERVISOR FEATURE INTERACTION
We have found a minor issue on the OS7200 MP20 processor with steps.
1. Put three phones in a internal page group.
2. One of the phones has a UCD Supervisor key assigned that receives the page.
3. Page the three sets and finish the page.
4. Have the user with the Supervisor key acess the feature.
5. The set will respond with Dial Tone even with the display of the Supervisor feature.
6. Press the key with the Supervisor key to leave the feature and then re-enter,
7. Dial tone will not be returned the second time.
8. Please correct the software so that Dial tone will not be delivered to the end user after a page		The previous tone still exist.		When processing second tone message, we turn off first tone.		1. Test with above procedure.		Bug				OS7200		MP20		V4.xx		USA				MP20		V4.51				O								only for MP20

		P100807002				CBK with station Pair issue
We are seeing a issue with Call back feature is used with Station Pair feature.
To reproduce, follow the following steps.
1. assign a  station pair with example 6759 paired with 6730.
2. Make a outside call with station 6730.
3. While the station 6730 is on a call, have someone else call 6759 and hear the busy signal.
4. Hit the CBK or call back feature key against set 6759.
5. Hangup the call on station 6730.
6. The call back to the station that set the call back feature will ring and answer that set.
7. Both sets, 6759 and 6730 will ring but the secondary set will not ring the call button.
8. The primary set will ring the call button and the set can be answered that way.
9. The secondary set will ring and can be answered by picking up the receiver but not by hitting any call button.
10. the problem is the secondary set should have its call button light and should be able to be answered by hitting the call button flashing on the secondary set but you cant.		Paired port did not assign a call button when call back ring occured. To assigned a call button is missed.		It was fixed. When paired port rings, call button will light and be flashing.		1. Configure a station pair
2. Make a busy primary port
3. Remain the callback against secondary port.
4. Call button of secondary port will light and be flahing.		Bug				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O

		-				Samsung 2GB SD Card applied		New Feature		New Feature		You can use Samsung 2GB SD Card to OfficeServ System.		Req.														OS7400,OS7200,OS7100		V4.53		O		O		O

		P100803006				Second cabinet trunk ports do not show in trunk group
After a 2 cabinet system is defaulted the trunk ports in the 2nd cabinet do not appear in the default trunk group. (They need to be manually programmed)
Same issue when using PSTN or BRI trunk card in second cab.		When OS7030 is defaulted, if Master cabinet is connected system DB is initialized before Slave cabinet is connected		In this case, system DB is initialized after Slave cabinet is connected.		1. Set up OS7030 Master cabinet and Slave cabinet.
2. Default the system.
3. Check that the trunk ports in the slave cabinet appear in the default 1st trunk group.(MMC 603)		Bug				OS7030		MP		V4.46e		Australia				OS7030		V4.53										O		only OS7030

		P100526001				MP10 v/mail message forward
when using forward option while listening to voicemail message the playback is fast forwarded to end of message rather than correct operation of fast forward for few seconds.
Effects MP10 only		There are a header and voice data in a voice message. A few months ago, the header structure was modified to support new features.
But it makes a problem to calculate the position of voice file that should be played.
If a user press FF,REW or Pause key, the position of file pointer becomes invalid value.
So, a user hears distorted voice.		Calculating position of a voice message is fixed, so it does not have anything with a message header.		1. Leave a message in a mailbox.
2. Log in a mailbox to listen to the new message.
3. Press 7,9 or 8 while listening a message.
4. Please check it works well.		Bug				OS7100 MP10		MP10		V4.46e		Australia				OS7100 MP10		V4.53						O						only MP10

		P100915002				Supervisor key dial tone
We have found a minor issue on the OS7200 MP20 processor with steps.
1.  Put three phones in a internal page group.
2.  One of the phones has a UCD Supervisor key assigned that receives the page.
3.  Page the three sets and finish the page.
4.  Have the user with the Supervisor key acess the feature.
5.  The set will respond with Dial Tone even with the display of the Supervisor feature.
6.  Press the key with the Supervisor key to leave the feature and then re-enter,  
7.  Dial tone will not be returned the second time.
8.  Please correct the software so that Dial tone will not be delivered to the end user after a page.		We had two engine chip. (old engine(7065), new engine(9604))
we set old engine mode, but system installed new engine.		We changed S/W that fixed new engine mode.		ok		Bug				OS7200 MP20		MP20		V4.4xx		USA				OS7200 MP20		V4.53				O								only MP20

		P100910003				IT Tool MMC 831 public rtp port update
OS7100 with OAS card.
IT Tool v1.46d
Configuration 7100 MP10a, UNI card 4TRM & 4DLM, OAS card
Start system up and do a proper initialization
Log into the system using KMMC.
MMC 831 shows the public rtp port as 30,000 for embedded MGI channels and OAS card channels.
Log out of KMMC and use IT Tool to log in. Search for MMC 831 (2.2.2) the public rtp port show as 30,000 for embedded MGI channels and 65535 for the OAS card channels.
Now log in thru KMMC and change the public to something other than 30,000 (ex: 30,333), reset card for it to take effect. 
Log out and log in using IT Tool. The public rtp port show as 65535 instead of 30,333.
It doesn’t matter if you change it thru IT Tool  it will show the same. The changes thru IT Tool  does take effect on the system but if you refresh it will still display 65535 in IT Tool.		In case of OS7100, OAS card work only MGI mode. 
In this case, if you read IT 2.2.2 option, MP S/W check a number of MGI channels.
But counting MGI channels was wrong.		Counting MGI channels in OAS card is fixed.		1. Configuration 7100 MP10a and OAS card
2. Connect IT Tool.
3. Change IT 2.2.2 options and reload it.
4. Check that the options chaged properly.		Bug				OS7100		MP		V4.51		USA				OS7100		V4.53						O						only OS7100

		P100819002				Itool
ITool V1.46d
VMS UCD Timer is not available in ITool

Ok via MMC		ucd vms timer' option is not included.		ucd vms timer' option will be added  at IT 5.14.6.		You can see 'ucd vms timer' option at IT 5.14.6		Bug				ALL		MP		V4.51		Australia				ALL		V4.53		O		O		O		O		O		only Australia and New Zealand

		P100824001				ABW CTI DATAVIEW ISSUE
A user in A UCD group presses their ABW key but Dataview does not get the message on  its CTI link.
We need the ABW to send a message to the DataView to let it know that they are not available for a call.
There is no message being sent for this condition.		When ABW key was pressed, if station state was idle or dial, abw status message was sent to cti.		We modified that abw status message was sent to cti regardless of state when ABW key was pressed,		OK		Bug				ALL		MP		V4.46d		USA				ALL		V4.53		O		O		O		O		O

		P100813001				MMC 119 GROUP DISPLAY
In Software V4.46d software, you can assign in MMC 119 to have line 1 or line 2 set for group display.
If you are using PRI trunking, the display shows the group information for two seconds before display the outside caller id.  If your are using Analog Trunks, the group display stays on the set for the duration of the call. 
The problem is that PRI trunking shows the GROUP display name to short and it is not adjustable.
Can we get the group display to stay on the phone longer.		In case of using PRI trunk, we firstly receive a CID number then receive a CID name info.
At each time, the LCD display is updated. 
There was a problem at second display. Station group data was missed.		We fix the problem that station group data was missed.		OK		Bug				ALL		MP		V4.46d		USA				ALL		V4.53		O		O		O		O		O

		P100914001				OS7030 CLI Incorrect on Analog trunks in Ireland
When using Analogue trunks in Ireland the OfficeServ 7030 is incorrectly inserting a 0 at the beginning of the CLI number on incoming calls. In Ireland on Analogue trunks the network provider will send the 0 if required and as such the officeserv does not need to insert a 0 on incoming calls CLI on analogue Trunks in Ireland.

Please note that CLI calls are handled correctly for ISDN calls.

I have attached a copy of the system DB and original report of the problem from the customer

Regards,

Iain		This issue is a new feature. It was not a specification of officeserv.		It is fixed.  '0' is not inserted for analog trunk when system receive a CLI number		1. Setup OfficeServ using analog trunk.
2. Make a analog trunk call to OfficeServ system.
3. Check that '0' is not inserted on incoming calls.		Bug				ALL		MP		V4.46		UK				ALL		V4.53		O		O		O		O		O		only Ireland and Turkey

		P100909002				SVMi20 Call Recording after a Barge In 
We have a customer who is complaing that they cannot do call-recording using the SVMi20 and Barge into the call at the same time.  Should you be able to do a barge-in into a call and record  the call on the SVMi20 at the same time assuming there are enough conference circuits available

In addition the customer is also complaing that after the barge-in user has left the call so there are only two people in the call it is not possible to do call recording using the SVMi20 by pressing the CR key is this correct.

This issue can be re-created in the lab on a OS7400 system.		Call recording was possible during conversation state and conference state.
Barge-in state is needed to include.		We add Barge-in state to be able to do call recording.		OK		Req.				ALL		MP		V4.46d		UK				ALL		V4.53		O		O		O		O		O

		-				Add self join alarm
When you call in the Conference-system from a trunk, you get an announcement to speak in your name (When you enable the Who am i-Option), but you get no signal when to speak.		SEUK Request.		Modified to hear self join alarm after playing recorded whoamI to all attendees.
so that new participant can recognize when to speak.
(Self join alarm and join alarm are same. => beep tone)		[Previous Join Flow]
Enter the ID/Password - Recording WhoAmI - All attendees could hear Join Alarm and recorded WhoAmI - Join the conference
[New Join Flow]
Enter the ID/Password - Recording WhoAmI - All attendees could hear Join Alarm and recorded WhoAmI - After finishing the recorded WhoAmI, participant can hear Self Join Alarm - Join the conference		Req.				ALL		MP		V4.52		UK						V4.53		O		O								only for CNF24 Card supported system.

		-				Language key code of system parameter is not saved.
Sometimes, language key code of system parameter is not saved after resetting the system.		The application often loads the key code value earlier than the mmc-daemon completes installation of prompts and customized files. So the application displays default value of key code not changed one.		The timing issue is fixed and the application always reads the key code after the mmc-daemon completes installation.		1. Set the country to USA
2. Log in Web Management and go to VM/AA
3. Open System Parameter → Language tab
4. Change the key code of language and press save button
5. Run "Save application" and reset the system.
6. Check the key code. The value should be changed.		Bug				ALL		MP		-		USA				OS7100 MP10		V4.53						O						only MP10

		-				WiFi Phone Registration Problem after power off/on
SIP mode's WiFi Phone was not registered after power off/on		Connected WiFi phone number for license key was counted in duplicate		Connected WiFi phone numbers for license key is fixed.		Connected WiFi phone numbers for license key is fixed.		Bug				ALL		OS7070		V4.43a		S.Africa				ALL		V4.53		O		O		O		O		O

		-				WiFi Phone Registration Problem after temp License is expired
WiFi Phone was not registered after temp License is expired		WiFi Phone was not registered after temp License is expired		Connected WiFi phone number for license key was counted incorrectly		How to count Connected WiFi phone numbers for license key is fixed.		Bug				ALL		MP		-		-				ALL		V4.53		O		O		O		O		O

		-				Diversion Header Support in Mobex Call
Diversion header is missing in outbound Mobex call. Vodacom requires the diversion header appeared in the INVITE message from the OfficeServ.		Mobex call was not considered to be a forwarded call and thus there was no scheme to apply diversion header to the mobex outbound call..		In case of Mobex outbound, diversion header is added, and it is confirmed by Vodacom.		1. Configure Mobex call
2. Make an inbound call to the Mobex number
3. Check the ethereal trace that the Mobex Invite contains the diversion header.		Req.				ALL		MP10a		V4.51		UK				ALL		V4.53		O		O		O		O		O

		-				E164 number support for Finland
E164 number system should be supported when the country code is set to Finland		E164 number system was available only for USA.		When the OfficeServ's country code is set to Finland and E164 database field is set to ENABLE, all the dialed number will be automatically converted to e164 format.		1. Set the country code to Finland
2. Make the trunk outbound call
3. Check the ethereal trace that the dialed number is converted to e164 format.		Req.				ALL		MP10a		V4.51		UK				ALL		V4.53		O		O		O		O		O		only Finland

		-				Add MMC516 (Tone Cadence set)
OS7200/7400 systems can modify tone cadence, but OS7100/7030/7070/MP20S systems cannot modify tone cadence.		New Feature		We add MMC516(tone cadence setting) for OS7100/7030/7070/MP20S systems.		1. Enter MMC516.
2. Select busy tone.
3. Modify tone cadence.(Min on-time/ Max on-time/ Min off-time/ Max off-time)
4. Check the busy tone detection..		Req.				ALL		MP10a		V4.51		-				ALL		V4.53				O
(MP20s)		O		O		O		only Linux System

		-				52XX station's one-way speech 
station A, B are same group and these stations are enbloc mode. 
One call route to this station group 
station A is ringing and station B pick up the call
After this pick-up, when station A make a call, station A happens one-way speech.		when IPP ringing, system sends MIC off, Speaker off message to IPP 
And after this pick-up, when station A make a call, system must send MIC on message to Station A. But system didn't MIC on message.		In this case, system send MIC on message to IPP		1. Setup two 52XX stations(Station A, Station B) as enbloc mode.
2. Make a station group using these 52XX stations.
3. Make a call to route this station group
3. station A is ringing and station B pick up the call
4. After this pick-up, Station A make a call
5. This call don't have any voice problem.		Bug				ALL		MP		V4.51		KOREA				ALL		V4.53		O		O		O		O		O

		-				voice prompt distortion on the MP20S VM ports
we found out a critical issue on field related to voice prompt distortion on the MP20S VM ports.
We could simply reproduce it following the below steps:
1. System configuration
    slot 0: MP20S (V4.46x or V4.51)     slot 1: UNI (BRM-DLM-SLM)
    slot 2: 16 SLI2                     slot 3: 16 SLI2
    slot 4: 16SLI2                      slot 5: empty (or 16SLI2)

When the prompt distortion happens then you can also see the VM port answering the call is different with the one you called,
Moreover, although you are talking with 302, the real busy port is 301.
It seems that the system wrongs the VM ports allocation at the boot up procedure.		In this case, message queue overflow happens. This makes a prompt distortion and VM port mis-allocation		When MP20S boot up, system download tel number information to VM module in duplicate. One is after SLI port initialization, and another is after receiving VM start message from VM module.
tel number download after SLI port initialization will be removed.		1. start OS7200 with MP20s.
2. call VM port number (301, 302....306) and check voice prompt quality.
3. VM Port allocation and VM's voice prompt quality are good.		Bug				OS7200		MP20s		V4.51		ITALY				OS7200 MP20s		V4.53				O
(MP20s)								only MP20s

		-				7070 SLI Port plug-out
7070 SLI Port lock-up occurs one time per 1 ~ 2 days.
SLI ports goes on plug-out status. (If they call from keyset on it then they found Plug Out message)
After restarting, the system is OK till next time.		SLI Port's diagnostic status was wrong.		We fix SLI Port's diagnostic status.		1. Setup OS7070 with SLI port.
2. Connect SLT to SLI ports and use them.
3. After 1 ~ 2 days, the SLI ports work fine.		Bug				OS7070		MP		V4.51		RUSSIA				OS7070		V4.53								O				only OS7070

		-				OS7200 SPNET FAX Problem.
When old MGI card is located in LCP cabinet, receiving a FAX call through SPNET have a problem.		When old MGI card is located in LCP cabinet, received MGCP message's channel information from MGI was wrong.		In this case, system make a channel information from MGI's lpm_port number.		1. Setup OS7200 with LCP cabinet.
2. Old MGI card is located in LCP cabinet..
3. Receive a FAX call through SPNET.
4. Received fax data is ok.		Bug				OS7200		MCP, MP20		V4.51		RUSSIA				OS7200 MP20s		V4.53				O
(MCP,MP20)								only MP20, MCP

		-				Apply new msp file to CNF24 card.
Required voice quality improvement.(noise suuppression, Auto Gain Control feature)		voice quality improvement.		Apply new msp file which is applied voice quality improvement.
(noise suuppression, Auto Gain Control feature)		Check voice quality during Meet-Me conference.		Req.				CNF24										CNF24		V1.01

		-				[DM] Change FTP Port for NAT
In the case 1 more than systems are in NAT, only 1 system use FTP.		STA Request.		Change FTP Port with setup screen in DM		1. System is in NAT. 
2. Set the NAT ( System's FTP Port )
3. Add the site with FTP Port in setup screen.
4. DM connection is OK.
( If FTP connection is error, display error message.)		Req.				OS7400, OS7200 MP20, MP20s		MP40, MP20, MP20s		V4.52		USA				OS7400, OS7200 MP20, MP20s		V4.53		O		O
(MP20,MP20s)								only MP40, MP20, MP20s

		-				[DM] DM Package files can upload with File Control Menu.
DM Package files can upload with File Control Menu for 7200 / 7400 system.		STA Request.		DM Package files can upload with File Control Menu.
( AccessDB.exe, osdm.jar, osdm.jnlp, osdm_public.jnlp, osdmhelp.jar )
If osdm.jnlp and osdm_public.jnlp is upload, system must be reboot.
So, these 2 files can't not upload. If you want to upload these 2 files, you must delete them.		1. Execute File Control Menu.
2. Select DM Files in Program Tab.
3. Execute Upload
4. Uploaded DM Files display in File Control Menu.		Req.				OS7400, OS7200 MP20, MP20s		MP40, MP20, MP20s		V4.52		USA				OS7400, OS7200 MP20, MP20s		V4.53		O		O
(MP20,MP20s)								only MP40, MP20, MP20s

		-				[DM] Add the Sort Function.
email address 9.1.6 section will not put extensions is a sequencial mode like IT-tools does.		STA Request.		Add the Sort Function.		1. Open page using Tel Number. ( ex. 5.15.1 )
2. Click the Sort Icon on Page.		Req.				OS7400, OS7200 MP20, MP20s		MP40, MP20, MP20s		V4.52						OS7400, OS7200 MP20, MP20s		V4.53		O		O
(MP20,MP20s)								only MP40, MP20, MP20s

		-				[DM] Input password 3 times without closing login screen.
If input invalid password, execute login screen again.		improvement		Input password 3 times without closing login screen. With 3rd invalid password, close DM.		1. Try input the invalid password.
2. With 3rd invalid password, close DM.		Req.				OS7400, OS7200 MP20, MP20s		MP40, MP20, MP20s		V4.52		USA				OS7400, OS7200 MP20, MP20s		V4.53		O		O
(MP20,MP20s)								only MP40, MP20, MP20s

						[CNF24] STA "Who am I Request" prompt
STA wants to change "Who am I Request" announcement as "Please record your name and then press the pound key."
=> Previous announcement is "Please record a greeting message and then press the pound key."		STA request		Apply modified whoamI request prompt.		1. Connect CNF24 card by ftp. (ID:admin, PW:samsung)
2. Go /mnt/nand0/prompt and copy new 0004.snd file.
3. Start to join Meet-Me conference and check the new prompt is applied well.						CNF24										CNF24		V1.01

		-				Busy Tone Frequency Option is Added
OfficeServ system's Busy Tone Frequency depends on system's country code. 
Therefore you cannot change it unless you change system's country code.		OfficeServ system's Busy Tone Frequency depends on Country code.		You can change system's Busy Tone Frequency by MMC 861 BUSY TONE FREQ option.		1. Change system's busy tone frequency MMC 861 BUSY TONE FREQ option.
2. This busy tone frequency base on country code.		Req.				ALL		MP				PERU				ALL		V4.53		O		O		O		O		O		only Central and South America

		-				SVM Max Message
Maximum number message of mclass block does not work. If it is set to 2, a user still can record messages more than 5.		That feature is described in manual, but actual program worked in different way.		It's fixed to limit max number messages according to the manual description.		1. Set "Maximum number messages" to 2 in Standard mclass block.
2. Leave a message to your mailbox.
3. SVM should not allow leaving more than 2 messages. I mean, 3 or 4 etc. not 2.
4. A subscriber will hear "message storage full" condition when he log on his mailbox and if his mailbox is full.		Req.				ALL		MP		V4.51		PA				ALL		V4.53		O		O		O		O		O

		-				Change invalid conference ID prompt		STA request		In the previous version, when participant dials wrong conference ID, system plays error announcement as "Sorry. That is not a valid entry."
But in the new version, "Sorry, that is not a valid Conference ID.  Please check the ID and call back again. Goodbye, and thank you for calling." will be heard.
(New prompt is 0008.snd for USA and 0208.snd for UK.)		1. Upload new prompt(0008 and 0208) to CNF24 card.
2. Dial the wrong conference ID on purpose to hear new error announcement.		Req.				CNF24		CNF24		V1.00		STA				CNF24		V1.01

		P101112003				MP20S prints out the room status and the wake up call set up for 40 stations only 
MP20S prints out the room status and the wake up call set up for only 40 stations
Operation (step by step sequence to reproduce a problem)
1. Install suitable card, set country to ITALY and start OfficeServ 7200/MP20S by default.
2. Connect a DGP to a DM/DLI port
3. Enable Hotel service, set the DGP as administrator and more than 40 guest rooms
4. Assign Hotel button to DGP
5. Connect the port 5106 by tenet and execute the print out status of available rooms
== print out status stops to the 40th rooms ==
6. Print out other room status and wake up setting		the number of extension is restricted per each model when you use hotel feature. But MP20s comes from MP10a whose number is 40 extension.		We now increased it to 100 extension like as OS7200 MP20.
For your reference, the following is the number of extension per model.

- OS7400 : 500 Extensions
- OS7200 : 100 Extensions
- OS7100, OS7070 : 40 Extensions
- OS7030 : 20 Extensions		OK		Bug				OS7200 MP20s		MP		V4.51		ITALY				OS720 MP20s		V4.53				O
(MP20s)								only MP20s

		P101030001				STATION PAIR and Call Coverage 
We have a issue with Station Pair and Call Coverage.
With two stations in STation pair,  if you assign the feature Call Coverage to one of the two stations paired, the station that has call coverage to these numbers will flash but not ring.
We would like the two stations in station pair to be able to be set with Call Coverage on another station.
If no phones are in station pair, than the call Coverage feature works fine.		Both of Station Paired phones  try to control CC key.
Only original phone should control CC key.		Only original phone control CC key.		1. Set station pair feature to station 2001 and station 2002.
2. Set CC2001 Key to station 2003.
3. Make a call to station 2001 from station 2004.
4. Station 2003 will flash and ring from CC key.		Bug				ALL		MP		V4.51		USA				ALL		V4.53		O		O		O		O		O

		P100915001				NND feature while doing auto record cause lost calls 
Tested on all 3-7000 series phone system Tested on sw v4.46d (released) and v4.51(beta) MMC 701 COS1 useable feature VM REC and VM AREC set to YES MMC 743  ext 201 set to auto record to mailbox 201; both inbound and outbound traffic.
MMC 722 assign NND to ext 201. Note: softkey can be used too.
MMC 414 assign called id analog trunks, using PRI nothing to turn on fails using them too.
Ext 201 answers a incoming call, auto answer feature is activated. Ext 201 user presses the NND no problem they can see CID info. When the screen times out from them pressing the NND it goes back to normal (conf page mute). If ext 201 user press the NND button again they have audio until the display returns to normal. 
At this point the inside and outside parties hears silence. The call isn’t put on hold because there is no MOH heard. Ext 201 can press the call button or DT and they can’t retrieve the call. Ext 201 will have to press the hold button on their phone and then go back off hook to get their call back.		There was a t-switch control bug while CID display retrun to normal display using NND(on AREC).		t-switch control bug is fixed.		OK		Bug				ALL		MP		V4.51		USA				ALL		V4.53		O		O		O		O		O

		-				Called Number Plan & Type option of PRI, BRI is shown in OfficeServ Linux System.		Requirement from Russia.		In case of Russia, New Zealand, Called Number Plan & Type option of PRI, BRI is shown in Linux System.		1. Set up OfficeServ Linux system. (OS7100, OS7070, OS7030, OS7200 MP20s)
2. Set country code to Russia or New Zealand.
3. You can see Called Number Plan & Type option of PRI, BRI options from KMMC 
   or IT		Req.				OS7070		MP		V4.51		RUSSIA				OS7200 MP20s, OS7100, OS7070, OS7030		V4.53				O
(MP20s)		O		O		O		only Linux System

		-				MCONF Unsupervised Conference Problem
There are no audio problem when Unsupervised Conference with MCONF key. 
See below STA report.

=== STA Report ====
1.The Secretary sets up the conference for the manager.
2.They are the ones that start the conference and add the users.
3.Here are the steps to reproduce this error.
A.Have secretary make the first Call to the end user.
B.They hit their MCONF feature to access the conference card and get dial tone.
C.They dial the second party and after answer, hit their MCONF feature again to add the parties together.
D.They repeat this process until all the parties have been joined.  This works up to this point.
E.The Secretary then leaves the conference called Un-Supervised conference.
F.The secretary does this by hitting the MCONF key and then the HOLD key and finally their CALL KEY. 
G.The Call key flashes but the conference is working.
H.The secretary then rejoins the conference by hitting the Call key.
I.At this point all audio to the users has stopped and no audio on any conference card feature until the card has been restarted.		There are no consideration about Unsupervised Conference when using MCONF.		There are problems about MPS release, LED control, and CNF24 channel management when Unsupervised Conference with MCONF key. This is fixed all.		Unsupervised Conference Test with MCONF key		Bug				OS7400, OS7200 MP20, MP20s		MP40, MP20, MP20s		V4.52		USA				OS7400, OS7200 MP20, MP20s		V4.53		O		O
(MP20,MP20s)								only MP40, MP20, MP20s

		-				Caller didn't hear ringback tone.
When caller dialled other user then if another user did hook-off, caller didn't hear ringback tone.		When another user did hook-off, MP20 system unintentionally disconnected ringback tone		We modifed that system didn't affect caller.		1) Off-hook on 201 DLI port and dial ohter user.
2) Hear the ring back tones cadences and dialed user is ringing.
3) In same time just off-hook on another user.
4) Check 201 DLI tone.		Bug				OS7200 MP20		MP20		V4.51		RUSSIA				OS7200		V4.53				O
(MP20)								only OS7200 MP20

		-				PWP last week problem.
The Scheduler part of the conference programming in PWP and DM comes up with a date one year off from the switch time		When system time is last week of the year and next year's 1/1 is in last week, PWP recognize the week is 1st in next year.
If system time is last week of the year, PWP requests 1st week of next year. (last week of the year is equal to 1st week of next week)		If system time is last week, PWP requests 1st week of next year. (last week of year is equal to 1st week of next week)		1. Set the date of system for 2010/12/31
2. Log in PWP
3. Check the scheduler's dates		Bug				OS7200 MP20		MP40		V4.53		USA				MP40, MP20, MP20S		V4.53a		O		O
(MP20, MP20S)
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						OfficeServ System		Change Notes

		Qnet Number				Problem or Requirement		Reason		Modification		Test Procedure and result		Bug/
Req.		Issued Information												Release Information														Remarks

				검증완료일												Date		System		Package		Version		Country		Index		Package		Version		7400		7200		7100		7070		7030

		-				ITALY CNF24 default license
SEI requests default 4 channels of CNF24 license.		SEI requirement		Provide 4 CNF24 channels.		In DM 2.1.4, check system provides 4 CNF24 channels without inputting service license.		Req.				MP40
MP20
MP20S						ITALY				MP40
MP20
MP20S		V4.60a		O		O

		-				Display of DGP/SMT not refreshed in case of terminating Meet-Me conference.		When master terminates current conference, system does not display "hang up" message on Off-hook member's phone.		Modify to display "XXXX: hang up" message on Off-hook member's phone. In this case XXXX is master station number.		1) Establish a Meet-Me conference with more DGP and/or SMT.
2) the members Off-Hook, dial MJOIN code and joins to the conference
2) During the conference the owner press the button "Terminate" on PWP -> Active Conference Status.
3) The conference goes off (correct!) but the display of phones plays the same message of On-Hook status (i.e. numbers and date for DGP) but it is in Off-Hook state, this is not correct. The display must write "please hangup" or similar.		Bug				MP40
MP20
MP20S						ALL				MP40
MP20
MP20S		V4.60a		O		O		O		O		O

		-				Supporting OfficeServ Communicator's H.264 codec and sRTP feature. (from OfficeServ Communicator V1108)		New Feature		Supporting OfficeServ Communicator's H.264 codec and sRTP feature.		1) Establish a OfficeServ Communicator
2) Set OfficeServ Communicator's vidoe codec to H.264
3) You can use H.264 codec for OfficeServ Communicator
4) Set OfficeServ Communicator's sRTP feature.
5) You can use H.264 codec for OfficeServ Communicator's video.		Req.				ALL						ALL				ALL		V4.60a		O		O		O		O		O

		-				Changing how to check FMC phone’s license
samsung SIP Phone license and FMC license were needed for FMC Phone.		requirement		Only FMC license is needed from V4.60a For FMC Phone.		1) Input license key for FMC count
2) Establish FMC Phone.
3) You can use FMC Phone.		Req.				ALL						ALL				ALL		V4.60a		O		O		O		O		O

		-				Changing CNF24’s Daily Reservation period from 30 days to 3 months		requirement		Changing CNF24’s Daily Reservation period from 30 days to 3 months		Verify that you can reserve CNF24’s Daily Reservation period from 30 days to 3 months		Req.				ALL						ALL				ALL		V4.60a		O		O		O		O		O

		-				Long call dropoff on SIP trunk		Session timer is set to off in OfficeServ but on in SIP TRK. This mismatch causes this issue.		OfficeServ responds a 200 OK for INVITE, UPDATE without  Session-Expires header when session-timer options is disabled.		1) OfficeServ makes a call with SIP Server.
2) Keep the call for long time over 1 hour.		Bug				ALL						ALL				ALL		V4.60a		O		O		O		O		O

		-				When uploading DM DB, DHCP Server Option is not applied		When uploading DM DB, DHCP Server Option is not applied		When uploading DM DB, DHCP Server Option will be applied.		1. Download DB by using DM
2. Changed DHCP Server Option.
3. Upload DB by using DM.
4. Verify changing DHCP Server Option.		Bug				MP20S, MP10A,  MP03, MP07						ALL				ALL		MP20S, MP10A,  MP03, MP07				MP20S		MP10A		O		O

		-				Supporting SIP Phone's auth code dialing
You cannot dial outgoing call by using auth code from SIP Station.		requirement		You can dial "auth feature code" + "auth code" + "trunk access code" + "outgoing digit" enbloc from SIP Station.		1. Set up SIP Station and auth code.
2. Dial "auth feature code" + "auth code" + "trunk access code" + "outgoing digit" enbloc from SIP Station.
3. You can make a outgoing call.		Req.				ALL						ALL				ALL		V4.60a		O		O		O		O		O

		-				Mobex caller XXX to SGP Problem in case of uncondition type's station group
When a call go to uncondition type's Station Group, MMC128 Mobex caller feature's 'XXX->SGP' didn't work correctly.		When working MMC128 Mobex caller feature, Uncondition type's Station Group call wasn't checked to station group call.		When working MMC128 Mobex caller feature, Uncondition type's Station Group call is checked to station group call.		1. Program a Mobex master and its Mobex station
2. Program an uncondition group and put the Mobex master
3. In DM 5.15.16 (Mobex Caller) set "From ... To stn" at off and "From ... To sgp" at on.
4. Call the group from stn, trnk and Spnet. Verify that the Mobex station rings, then the program of point 3 run correctly.
5. In DM 5.15.16 (Mobex Caller) set "From ... To stn" at on and "From ... To sgp" at off.
6. Call the group from stn, trnk and Spnet. Verify that the Mobex station doesn't ring, then the program of point 5 run correctly		Bug				ALL						ALL				ALL		V4.60a		O		O		O		O		O

		-				spnet to spnet Video call
When a incoming spent video call goes to spent trunk, there is no video between two outside video phones.		When a call between spnet and spnet establish, wrong video media information is sent to spnet trunk.		When a call between spnet and spnet establish, right video media information is sent to spnet trunk.		1. Establish a video call between spnet and spnet.
2. Verify that the call's video and audio are establish correctly.		Bug				ALL						ALL				ALL		V4.60a		O		O		O		O		O

		-				video call between OSPP IPP and SPNET's hold/resume
Set two OS systems, A and B, in SPNET.
Make a video call with a OSPP IP Phone from A to a SIP standard phone on B.
If you press Hold-Unhold on the ISPP IP phone, the conversation will remain in audio mode only, the video will be lost.		When OSPP IP Phone resume the held call, Video information wasn't sent to OSPP IP Phone.		When OSPP IP Phone resume the held call, Video information is sent to OSPP IP Phone.		1. Make a video call from OSPP IPP to SPNET.
2. Answer the call and hold/resume the call.
3. Verify that two phone's audio and video are correct.		Bug				ALL						ALL				ALL		V4.60a		O		O		O		O		O
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						OfficeServ System		Change Notes

		Qnet Number				Problem or Requirement		Reason		Modification		Test Procedure and result		Bug/
Req.		Issued Information												Release Information														Remarks

				검증완료일												Date		System		Package		Version		Country		Index		Package		Version		7400		7200		7100		7070		7030

		-				Pointer file(FILE.PTR) is not included when it runs 'Backup and Restore'
Pointer file(FILE.PTR) is not included when it runs 'Backup and Restore' of 'Operating Utilties'		It's source code bug.
When it makes an archived backup file, pointer files are not included.		Pointer files are included in archived backup file and will be restored.		1. Make a pointer file and upload it to /os7100/vm/dta directory.
  File name: FILE.PTR
  Contents: 4001    GOTO    EXT    01    "EXT 4001"
            4002    GOTO    EXT    01    "EXT 4002"
2. Set an event to find a pointer file in Day Main Menu.
  40??    FILE    PTR    FILE.PTR
3. Run 'Save application'
4. Make a backup via 'Backup and Restore' of 'Operating Utilities'.
5. Run 'Initialize' of 'Operating Utilities'
6. Restore the VM database with the backup of 4.
7. 'FILE.PTR' should exist in /os7100/vm/dta directory.		Bug.		2011"-"12"-"26		ALL				V4.60		SEI						V4.63				O		O		O

		-				Trunk group number changed for South Africa
Default value of 1st group number is '9' and operator is '0' for South Africa. But its standard trunk group number is '0'.		The default 1st trunk group number of OfficeServ for South Africa is '9', but the standard is '0'.		The default number is changed. 
1st Trunk group '9' -> '0'
Operator '0' -> '9'		1. Change the system country to South Africa.
2. Connect the system via DM.
3. Go to Open block table → Station → Off Premise block. Make sure the prefix is '0,'.
4. Go to Open block table → Extension → Operator block. Make sure the number is '9'.		Req.		2012"-"4"-"25		OS7070						South Africa						V4.63				O		O		O

		P120425001				Pressing # to send caller to voicemail wont work using DIDs direct to a keyset
Recording a call or VMAME don't work because DID digits are set to FID.		This problem occurs from V4.60.
DID digits is received and set to FID although the call type is 'auto record' or 'answering machine emulation'. So VM cannot find the destination mailbox and go to the main menu.		DID digits will be set to FID, if the call type is 'Direct inward'. DID digits will be ignored if the call type is not 'Direct inward'.		1. The system will use SIP TRK or PRI TRK.
2. Set an extension to record a call automatically.
3. Set the DID digits in MMC714.
4. Make a call from outside to an extension.
5. Make sure the call is recording.		Bug.		2012"-"5"-"3		OS7100/MP20s				V4.60b		STA						V4.63				O		O		O

		P120727001				OS systems (Linux based) restart when NMAP tool searches device/service in the network. 
It refers to OS 7030, MP10a and MP20S. Thanks.		VM accepts the connection from nmap and allocates unknown size memory.
It causes the system restarts.		VM will verify the packet from web interface socket and it will be ignored if it is invalid.		1. excute namp or zenmap program
2. check that system work fine.		Bug.								V4.60b		Italy						V4.63				O		O		O

		-				UCD Prompts stopped when pressing dtmf digits except for exit code.		It's designed to stop playing prompts when it receives dtmf inputs to notify the caller the dtmf is pressed.		It's changed not to stop playing prompts although dtmf digits is received except for the exit code.		1. All UCD members are busy.
2. Dial UCD group number.
3. Press dtmf digits when it plays a prompt("all station are busy")
4. The prompt should not stop if the dtmf is not exit code.		Bug.		2012"-"8"-"7		ALL				V4.60		UK						V4.63				O		O		O

		-				DuSLIC which is SLI chip of OS7070, 4SL2 card is changed from V1.3 to V1.4
DuSLIC V1.3 is discontinued		DuSLIC V1.3 is discontinued		DuSLIC which is SLI chip of OS7070, 4SL2 card is changed from V1.3 to V1.4		1. Install SLI card applied V1.4 in OS7070 or OS7100 or OS7200
2. Check that SLI opreration (cid, mw. Etc.) work fine.		Req.																V4.63				O		O		O

		-				applied the approved value from Australia of SLI3 card		when approving SLI3 card, SLI3 card's  gain is changed.		when approving SLI3 card, SLI3 card's  gain is changed.				Req.																V4.63				O		O

		-				Cannot find HOLD REINVITE option and cannot set HOLD REINVITE option to Disable.		You cannot fine HOLD REINVITE option in DM 5.2.13 and KMMC 837		You can fine HOLD REINVITE option in DM 5.2.13 and KMMC 837 and you can change it from enable to disable.		1. Change MPS Service option to Disable
2. You can fine HOLD REINVITE option in DM 5.2.13 and KMMC 837 and you can change it.		Bug.		2012"-"4"-"11		ALL				V4.60b		UK						V4.63				O		O

		-				MOBEX CLIR
When received ISDN CLIR call go to MOBEX (ISDN outgoing call), outgoing mobex call must be CLIR call. (required by Germany)		Requirement		When received ISDN CLIR call go to MOBEX (ISDN), outgoing mobex call is CLIR call. (requirement in Germany)		1. Setup Mobex feature.
2. Make incoming ISDN CLIR call go to Mobex phone (ISDN outgoing call)
3. Check		Req.				ALL				V4.60b		Germany						V4.63				O		O		O				only Germany

		-				When receiving SIP 4xx, 5xx, 6xx message, display message is changed in detail		Requirement		When receiving SIP 4xx, 5xx, 6xx message, display message is changed in detail				Req.				ALL				V4.60b		South Africa						V4.63				O		O		O				only South Africa

		-				Multicast PAGE * fail
Setup Muticast Page zone and make a page call by pressing page *
In this case, page is failed.		This is not considered		This is fixed.		Setup Muticast Page zone and make a page call by pressing page *
page works fine.		Bug.				ALL				V4.60b		UK						V4.63				O		O		O

		P120529002				Problem with svmi20i and IP phones
When you deflect an incomming call to VM from an IP phone you get no speech

In the attached trace and DB - I made a call between two IP phones (2409 and 2419) - VMAME is enabled in COS - I diverted the incomming call to VM by pressing the # key - no speech is heard either of vm prompts or in the recording left on the extensions mailbox		When you deflect an incomming call to VM from an IP phone you get no speech

In the attached trace and DB - I made a call between two IP phones (2409 and 2419) - VMAME is enabled in COS - I diverted the incomming call to VM by pressing the # key - no speech is heard either of vm prompts or in the recording left on the extensions mailbox		This MGI control problem is fixed.		divert the incomming call to VM by pressing the # key
speech is heard either of vm prompts or in the recording left on the extensions mailbox		Bug.				ALL				V4.60b								V4.63				O		O		O

		P120521007				Ticket 14146 - UCD Group busy takes 5 seconds to overflow
When enabling Group Busy Next on a UCD Group if the group is busy it will always take 5 seconds before overflowing 
See attached document and db:
Ticket 14146 - UCD Group busy takes 5 seconds to overflow.doc		when overflowing through ucd -> ucd -> ucd, from 2nd group overflow, group busy next feature didn't work correctly		when overflowing through ucd -> ucd -> ucd, from 2nd group overflow, group busy next feature will work correctly		Configure a OS7000 system with 3 handsets Extension 3266/3208 and 3202

Create 3 x ucd groups 5006/5007 and 5008

Put one extension in each in MMC601/DM4.1.1

Station Group 5006 ? Extension 3266
Station Group 5007 ? Extension 3208
Station Group 5008 ? Extension 3202

Set Next port and group overflow as follows:

Station Group 5006 ? Next port 5007 overflow time 10 seconds
Station Group 5007 ? Next port 5008 overflow time 10 seconds

In MMC 607/DM 4.6.1 set Group Busy Next to on for 5006 and 5007

Map a ddi 555555 to the first group 5006 in MMC 714/DM 3.2.3

Make extensions 3266 and 3208 busy

make an inbound call to 555555, Group 5008 ring immediately		Req.				ALL				V4.60b		UK						V4.63				O		O		O

		-				revitalize MMC110 STN CALL LOG option in Dubai		Requirement										ALL				V4.60b		Dubai						V4.63				O		O		O				only Dubia

		P120713001				VT TRANSFER REMOTE NODE
This problem is associated with the VT transfer key only with Remote Node in a Centralized Voice Mail setup. The remote node receives a call from its own outside trunks and does a VT transfer to the host switch using centralized voice mail. the station id where the message is to be left is not being passed to the voice mail. I am enclosing a port activity trace showing the info is not being sent. Software V4.53c does not have this problem. Both switch running V4.60b software. Pill 1388
Good News. I have been able to duplicate the “No Call Code” scenario. In the call below, the line that says “Code = <DT> TRK <> FID<>CID<>” is missing. This is the line that is used to route the call to the proper menu.

2) [MOD 01 Day] New call - Fri Mar 18 2:07:03 2011
CP 2:07.03.82 2) Collecting out of band data
<Missing Line Goes Here>
2) [MOD 01 Day] Salutation
2) [MOD 01 Day] Searching on NEXT
2) [MNU Day Main]
CP 2:07.10.82 2) First party disconnect detected
2) [MNU Day Main] Searching on Caller entry - NO-ENTRY
CP 2:07.10.82 2) Key set to <>
2) [MNU Day Main] Caller disconnected
2) VM hanging up
I have duplicated this in a very simple lab set-up.

Node 1 is a 7400 Ver 4.60B
Node 2 is a 7100 Ver 4.60B

I have set up DID pass-through from Node (1) to Node (2).
In node 1, I have programmed the DID 7999 to ring to Node (2).
In node 2, I have programmed the DID 7999 to ring directly to 519.

When I call 7999, I get the main menu without the call code as mentioned above.
If I downgrade the 7100 to version 4.53C, the issue is cleared.
If I then upgrade back to 4.60B the issue comes back.

There are several scenarios that cause the same symptom, but this one seems to be the most simple. We have other reports on the SVMI 20i as well.

I have attached the databases for my lab systems if anybody would like to review. I plan to open a Qnet in the morning if nobody objects.

Hope everybody has a great evening!!

Thanks,		When receiveing a call from spnet to svmi, MP didn't send a specific message related did call to smvi.		In this case, MP send a specific message related did call to svmi.		There are two OfficeServ system, Node 1 and Node 2 Ver 4.60B

I have set up DID pass-through from Node (1) to Node (2).
In node 1, I have programmed the DID 7999 to ring to Node (2).
In node 2, I have programmed the DID 7999 to ring directly to 519. (SVMi Group)
When I call 7999, the call go to the proper menu without “No Call Code” scenario.		Bug.				ALL				V4.60b		USA						V4.63				O		O		O

		P120731002				Ticket 14732 - Barge in ISDN2
When barging into a bri call with trunk monitor turned on if the original party disconnects all parties are disconected

Please see attached document and db/mptrace

Ticket 14732 - Barge in ISDN2.doc
bargeinisdn2trace.TXT
bargeinisdn2.odm		When barging into a bri call with trunk monitor turned on if the original party disconnects all parties are disconected

Please see attached document and db/mptrace

Ticket 14732 - Barge in ISDN2.doc
bargeinisdn2trace.TXT
bargeinisdn2.odm		When disconnecting bareged-in phone, mp don't send wrong message to bri card.		1. Make an inbound BRI call to extension 225 and answer.
2. From extension 226 ring extension 225 when you get busy barge into the call.

3. While all three of you are in a conversation extension 225 hangs up.
4. At this point extension 226 and the BRI call stay connected.		Bug.				ALL				V4.60b		UK						V4.63				O		O		O

		-				2205x phone's Mute button allocation is failed by kmmc or DM.		when allocating Mute button in 2205x phone, checking fixed key was wrong.		This is fixed.		good		Bug.				ALL				V4.60b								V4.63				O		O		O

		-				When you receive a R2 call, the call is not follow MMC714 did digit table.		When you receive a R2 call, the call is not follow MMC714 did digit table.		This is fixed.		good		Bug.				ALL				V4.60b								V4.63				O		O		O

		-				senndig T.38 FAX is failed in case that reINVITE SDP's m line have different audio port and image port		In case that reINVITE SDP's m line have different audio port and image port, handling port was wrong		This is fixed.		good		Bug.				ALL				V4.60b								V4.63				O		O		O

		-				When receivng SIP Trunk call, OfficeServ send 183 message including wrong codec information
eg. 
Receved INVITE have 711a, 711u codec, But sendig 183 have 711a, 711u, 729.
This made a problem to originator		When receivng SIP Trunk call, OfficeServ send 183 message including right codec information		This is fixed.		good		Bug.				ALL				V4.60b		Australia						V4.63				O		O		O

		P120830006				Tepri-a Upgrade failure with v4.60b 
Tepri-a fails to upgrade when on a v4.60b system
Test system was MP20s
Tepri upgrade performed from keyset using mmc818
When the upgrade fails the Tepria card led's on top row all flash.
Power Off / ON the system stope upgrade failure

I have not tested to see if this effects other OfficeServ systems

Attached are 2 x files from SIO port of Tepri -a.
One for succesfull Tepri -a upgrade when using v4.53c
And one for failure of Tepri -a upgrade when using v4.60b		MP send new pgm data to the Tepri-a card through LP and LP shoud bypass the message. But LP doesn't bypass the message.		We fix LP to bypass pgm data messages.				Bug.				ALL				V4.60b		Australia						V4.63				O

		P120509001				Embedded voicemail time stamp incorrect using NTP server  
7030, 7100 & 7200S
v4.60B & v4.60C
Using a NTP server to set the time only works for the phone system time. The time stamp on the voicemail works for the initial hour. After the time changes to the next hour the time stamp is increased based on the GMT time. For example if using Eastern Standard Time the time stamp will increase by 4 hours. If Central Standard Time is used the time stamp increases by 5 hours.
Using device manager 2.1.3 program the system time zone (central is -6). NTP time server- pool.ntp.org
Set DNS server 5.6.1-4.2.2.2
Allow server 45 minutes to 1 hour to sync.
After sync leave a message in a mailbox. Dial in and check message, the time stamp will be correct. Then wait for the time on the system to go past the next hour. Leave another message in the same mailbox, log into the mailbox to listen to message and the time stamp will wrong. Again this is based on the time zone selected in reference to GMT time.		When get the time information from NTP server, mp just update to the todc chip.
But vm use the kernel time. 
MP shoule update  the todc chip &  kernel time.		we fixed it				Bug.				ALL				V4.60b		USA						V4.63				O		O		O

		P120905001				Device Manager 5.2.3 Voip Outgoing Setting  
Once I checked DB file, I found one bug of DM 5.2.3 VoIP Outgoing setting.
The Server Use option in DM 5.2.3 VoIP outgoing setting is disappeared. (But, it can be set by  key MMC 832)
Please register it in Q-net		The Server Use option in DM 5.2.3 VoIP outgoing setting is disappeared. But this option is necessary		The Server Use option in DM 5.2.3 VoIP outgoing setting is added		The Server Use option in DM 5.2.3 VoIP outgoing setting is added		Bug.				ALL				V4.60b		USA						V4.63				O		O		O

		P120522002				Ticket 14044 - Tutorial License IP Phones 
When using the tutorial license you cannot register more than one IP handset of the same type.

See attached document and db:
Ticket 14044 - Tutorial License IP Phones.doc		There's an error when checking IP phone counts with Tutorial License.		Modified to check IP phone counts with tutorial license counts properly.		OK		Bug.				ALL				V4.60b		UK						V4.63				O		O		O
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						OfficeServ System		Change Notes

		Qnet Number				Problem or Requirement		Reason		Modification		Test Procedure and result		Bug/
Req.		Issued Information												Release Information														Remarks

				검증완료일												Date		System		Package		Version		Country		Index		Package		Version		7400		7200		7100		7070		7030

		-				Pointer file(FILE.PTR) is not included when it runs 'Backup and Restore'
Pointer file(FILE.PTR) is not included when it runs 'Backup and Restore' of 'Operating Utilties'		It's source code bug.
When it makes an archived backup file, pointer files are not included.		Pointer files are included in archived backup file and will be restored.		1. Make a pointer file and upload it to /os7100/vm/dta directory.
  File name: FILE.PTR
  Contents: 4001    GOTO    EXT    01    "EXT 4001"
            4002    GOTO    EXT    01    "EXT 4002"
2. Set an event to find a pointer file in Day Main Menu.
  40??    FILE    PTR    FILE.PTR
3. Run 'Save application'
4. Make a backup via 'Backup and Restore' of 'Operating Utilities'.
5. Run 'Initialize' of 'Operating Utilities'
6. Restore the VM database with the backup of 4.
7. 'FILE.PTR' should exist in /os7100/vm/dta directory.		Bug.		2011"-"12"-"26		ALL				V4.60		SEI						V4.63				O		O		O

		-				Trunk group number changed for South Africa
Default value of 1st group number is '9' and operator is '0' for South Africa. But its standard trunk group number is '0'.		The default 1st trunk group number of OfficeServ for South Africa is '9', but the standard is '0'.		The default number is changed. 
1st Trunk group '9' -> '0'
Operator '0' -> '9'		1. Change the system country to South Africa.
2. Connect the system via DM.
3. Go to Open block table → Station → Off Premise block. Make sure the prefix is '0,'.
4. Go to Open block table → Extension → Operator block. Make sure the number is '9'.		Req.		2012"-"4"-"25		OS7070						South Africa						V4.63				O		O		O

		P120425001				Pressing # to send caller to voicemail wont work using DIDs direct to a keyset
Recording a call or VMAME don't work because DID digits are set to FID.		This problem occurs from V4.60.
DID digits is received and set to FID although the call type is 'auto record' or 'answering machine emulation'. So VM cannot find the destination mailbox and go to the main menu.		DID digits will be set to FID, if the call type is 'Direct inward'. DID digits will be ignored if the call type is not 'Direct inward'.		1. The system will use SIP TRK or PRI TRK.
2. Set an extension to record a call automatically.
3. Set the DID digits in MMC714.
4. Make a call from outside to an extension.
5. Make sure the call is recording.		Bug.		2012"-"5"-"3		OS7100/MP20s				V4.60b		STA						V4.63				O		O		O

		P120727001				OS systems (Linux based) restart when NMAP tool searches device/service in the network. 
It refers to OS 7030, MP10a and MP20S. Thanks.		VM accepts the connection from nmap and allocates unknown size memory.
It causes the system restarts.		VM will verify the packet from web interface socket and it will be ignored if it is invalid.		1. excute namp or zenmap program
2. check that system work fine.		Bug.								V4.60b		Italy						V4.63				O		O		O

		-				UCD Prompts stopped when pressing dtmf digits except for exit code.		It's designed to stop playing prompts when it receives dtmf inputs to notify the caller the dtmf is pressed.		It's changed not to stop playing prompts although dtmf digits is received except for the exit code.		1. All UCD members are busy.
2. Dial UCD group number.
3. Press dtmf digits when it plays a prompt("all station are busy")
4. The prompt should not stop if the dtmf is not exit code.		Bug.		2012"-"8"-"7		ALL				V4.60		UK						V4.63				O		O		O		 

		-				DuSLIC which is SLI chip of OS7070, 4SL2 card is changed from V1.3 to V1.4
DuSLIC V1.3 is discontinued		DuSLIC V1.3 is discontinued		DuSLIC which is SLI chip of OS7070, 4SL2 card is changed from V1.3 to V1.4		1. Install SLI card applied V1.4 in OS7070 or OS7100 or OS7200
2. Check that SLI opreration (cid, mw. Etc.) work fine.		Req.																V4.63				O		O		O

		-				applied the approved value from Australia of SLI3 card		when approving SLI3 card, SLI3 card's  gain is changed.		when approving SLI3 card, SLI3 card's  gain is changed.				Req.																V4.63				O		O

		-				Cannot find HOLD REINVITE option and cannot set HOLD REINVITE option to Disable.		You cannot fine HOLD REINVITE option in DM 5.2.13 and KMMC 837		You can fine HOLD REINVITE option in DM 5.2.13 and KMMC 837 and you can change it from enable to disable.		1. Change MPS Service option to Disable
2. You can fine HOLD REINVITE option in DM 5.2.13 and KMMC 837 and you can change it.		Bug.		2012"-"4"-"11		ALL				V4.60b		UK						V4.63				O		O

		-				MOBEX CLIR
When received ISDN CLIR call go to MOBEX (ISDN outgoing call), outgoing mobex call must be CLIR call. (required by Germany)		Requirement		When received ISDN CLIR call go to MOBEX (ISDN), outgoing mobex call is CLIR call. (requirement in Germany)		1. Setup Mobex feature.
2. Make incoming ISDN CLIR call go to Mobex phone (ISDN outgoing call)
3. Check 		Req.				ALL				V4.60b		Germany						V4.63				O		O		O				only Germany

		-				When receiving SIP 4xx, 5xx, 6xx message, display message is changed in detail		Requirement		When receiving SIP 4xx, 5xx, 6xx message, display message is changed in detail				Req.				ALL				V4.60b		South Africa						V4.63				O		O		O				only South Africa

		-				Multicast PAGE * fail
Setup Muticast Page zone and make a page call by pressing page *
In this case, page is failed.		This is not considered		This is fixed.		Setup Muticast Page zone and make a page call by pressing page *
page works fine.		Bug.				ALL				V4.60b		UK						V4.63				O		O		O

		P120529002				Problem with svmi20i and IP phones
When you deflect an incomming call to VM from an IP phone you get no speech

In the attached trace and DB - I made a call between two IP phones (2409 and 2419) - VMAME is enabled in COS - I diverted the incomming call to VM by pressing the # key - no speech is heard either of vm prompts or in the recording left on the extensions mailbox		When you deflect an incomming call to VM from an IP phone you get no speech

In the attached trace and DB - I made a call between two IP phones (2409 and 2419) - VMAME is enabled in COS - I diverted the incomming call to VM by pressing the # key - no speech is heard either of vm prompts or in the recording left on the extensions mailbox		This MGI control problem is fixed.		divert the incomming call to VM by pressing the # key
speech is heard either of vm prompts or in the recording left on the extensions mailbox		Bug.				ALL				V4.60b								V4.63				O		O		O

		P120521007				Ticket 14146 - UCD Group busy takes 5 seconds to overflow
When enabling Group Busy Next on a UCD Group if the group is busy it will always take 5 seconds before overflowing 
See attached document and db:
Ticket 14146 - UCD Group busy takes 5 seconds to overflow.doc 		when overflowing through ucd -> ucd -> ucd, from 2nd group overflow, group busy next feature didn't work correctly		when overflowing through ucd -> ucd -> ucd, from 2nd group overflow, group busy next feature will work correctly		Configure a OS7000 system with 3 handsets Extension 3266/3208 and 3202

Create 3 x ucd groups 5006/5007 and 5008

Put one extension in each in MMC601/DM4.1.1

Station Group 5006 ? Extension 3266
Station Group 5007 ? Extension 3208
Station Group 5008 ? Extension 3202

Set Next port and group overflow as follows:

Station Group 5006 ? Next port 5007 overflow time 10 seconds
Station Group 5007 ? Next port 5008 overflow time 10 seconds

In MMC 607/DM 4.6.1 set Group Busy Next to on for 5006 and 5007

Map a ddi 555555 to the first group 5006 in MMC 714/DM 3.2.3

Make extensions 3266 and 3208 busy

make an inbound call to 555555, Group 5008 ring immediately		Req.				ALL				V4.60b		UK						V4.63				O		O		O

		-				revitalize MMC110 STN CALL LOG option in Dubai		Requirement										ALL				V4.60b		Dubai						V4.63				O		O		O				only Dubia

		P120713001				VT TRANSFER REMOTE NODE
This problem is associated with the VT transfer key only with Remote Node in a Centralized Voice Mail setup. The remote node receives a call from its own outside trunks and does a VT transfer to the host switch using centralized voice mail. the station id where the message is to be left is not being passed to the voice mail. I am enclosing a port activity trace showing the info is not being sent. Software V4.53c does not have this problem. Both switch running V4.60b software. Pill 1388
Good News. I have been able to duplicate the “No Call Code” scenario. In the call below, the line that says “Code = <DT> TRK <> FID<>CID<>” is missing. This is the line that is used to route the call to the proper menu.

2) [MOD 01 Day] New call - Fri Mar 18 2:07:03 2011
CP 2:07.03.82 2) Collecting out of band data
<Missing Line Goes Here>
2) [MOD 01 Day] Salutation
2) [MOD 01 Day] Searching on NEXT
2) [MNU Day Main]
CP 2:07.10.82 2) First party disconnect detected
2) [MNU Day Main] Searching on Caller entry - NO-ENTRY
CP 2:07.10.82 2) Key set to <>
2) [MNU Day Main] Caller disconnected
2) VM hanging up
I have duplicated this in a very simple lab set-up.

Node 1 is a 7400 Ver 4.60B
Node 2 is a 7100 Ver 4.60B

I have set up DID pass-through from Node (1) to Node (2).
In node 1, I have programmed the DID 7999 to ring to Node (2).
In node 2, I have programmed the DID 7999 to ring directly to 519.

When I call 7999, I get the main menu without the call code as mentioned above.
If I downgrade the 7100 to version 4.53C, the issue is cleared.
If I then upgrade back to 4.60B the issue comes back.

There are several scenarios that cause the same symptom, but this one seems to be the most simple. We have other reports on the SVMI 20i as well.

I have attached the databases for my lab systems if anybody would like to review. I plan to open a Qnet in the morning if nobody objects.

Hope everybody has a great evening!!

Thanks,		When receiveing a call from spnet to svmi, MP didn't send a specific message related did call to smvi.		In this case, MP send a specific message related did call to svmi.		There are two OfficeServ system, Node 1 and Node 2 Ver 4.60B

I have set up DID pass-through from Node (1) to Node (2).
In node 1, I have programmed the DID 7999 to ring to Node (2).
In node 2, I have programmed the DID 7999 to ring directly to 519. (SVMi Group)
When I call 7999, the call go to the proper menu without “No Call Code” scenario.

		Bug.				ALL				V4.60b		USA						V4.63				O		O		O

		P120731002				Ticket 14732 - Barge in ISDN2
When barging into a bri call with trunk monitor turned on if the original party disconnects all parties are disconected

Please see attached document and db/mptrace

Ticket 14732 - Barge in ISDN2.doc
bargeinisdn2trace.TXT
bargeinisdn2.odm		When barging into a bri call with trunk monitor turned on if the original party disconnects all parties are disconected

Please see attached document and db/mptrace

Ticket 14732 - Barge in ISDN2.doc
bargeinisdn2trace.TXT
bargeinisdn2.odm		When disconnecting bareged-in phone, mp don't send wrong message to bri card.		1. Make an inbound BRI call to extension 225 and answer.
2. From extension 226 ring extension 225 when you get busy barge into the call.

3. While all three of you are in a conversation extension 225 hangs up.
4. At this point extension 226 and the BRI call stay connected.		Bug.				ALL				V4.60b		UK						V4.63				O		O		O

		-				2205x phone's Mute button allocation is failed.		when allocating Mute button in 2205x phone, checking fixed key was wrong.		This is fixed.		good		Bug.				ALL				V4.60b								V4.63				O		O		O

		-				When you receive a R2 call, the call is not follow MMC714 did digit table.		When you receive a R2 call, the call is not follow MMC714 did digit table.		This is fixed.		good		Bug.				ALL				V4.60b								V4.63				O		O		O

		-				sendig T.38 FAX is failed		In case that reINVITE SDP's m line have different audio port and image port, handling port was wrong		This is fixed.		good		Bug.				ALL				V4.60b								V4.63				O		O		O

		-				When receivng SIP Trunk call, OfficeServ send 183 message including wrong codec information
eg. 
Receved INVITE have 711a, 711u codec, But sendig 183 have 711a, 711u, 729.
This made a problem to originator		When receivng SIP Trunk call, OfficeServ send 183 message including right codec information		This is fixed.		good		Bug.				ALL				V4.60b		Australia						V4.63				O		O		O

		P120830006				Tepri-a Upgrade failure with v4.60b 
Tepri-a fails to upgrade when on a v4.60b system
Test system was MP20s
Tepri upgrade performed from keyset using mmc818
When the upgrade fails the Tepria card led's on top row all flash.
Power Off / ON the system stope upgrade failure

I have not tested to see if this effects other OfficeServ systems

Attached are 2 x files from SIO port of Tepri -a.
One for succesfull Tepri -a upgrade when using v4.53c
And one for failure of Tepri -a upgrade when using v4.60b		MP send new pgm data to the Tepri-a card through LP and LP shoud bypass the message. But LP doesn't bypass the message.		We fix LP to bypass pgm data messages.				Bug.				ALL				V4.60b		Australia						V4.63				O

		P120509001				Embedded voicemail time stamp incorrect using NTP server  
7030, 7100 & 7200S
v4.60B & v4.60C
Using a NTP server to set the time only works for the phone system time. The time stamp on the voicemail works for the initial hour. After the time changes to the next hour the time stamp is increased based on the GMT time. For example if using Eastern Standard Time the time stamp will increase by 4 hours. If Central Standard Time is used the time stamp increases by 5 hours.
Using device manager 2.1.3 program the system time zone (central is -6). NTP time server- pool.ntp.org
Set DNS server 5.6.1-4.2.2.2
Allow server 45 minutes to 1 hour to sync.
After sync leave a message in a mailbox. Dial in and check message, the time stamp will be correct. Then wait for the time on the system to go past the next hour. Leave another message in the same mailbox, log into the mailbox to listen to message and the time stamp will wrong. Again this is based on the time zone selected in reference to GMT time.		When get the time information from NTP server, mp just update to the todc chip.
But vm use the kernel time. 
MP shoule update  the todc chip &  kernel time.  		we fixed it				Bug.				ALL				V4.60b		USA						V4.63				O		O		O

		P120905001				Device Manager 5.2.3 Voip Outgoing Setting  
Once I checked DB file, I found one bug of DM 5.2.3 VoIP Outgoing setting.
The Server Use option in DM 5.2.3 VoIP outgoing setting is disappeared. (But, it can be set by  key MMC 832)
Please register it in Q-net
		The Server Use option in DM 5.2.3 VoIP outgoing setting is disappeared. But this option is necessary
		The Server Use option in DM 5.2.3 VoIP outgoing setting is added
		The Server Use option in DM 5.2.3 VoIP outgoing setting is added
		Bug.				ALL				V4.60b		USA						V4.63				O		O		O

		P120522002				Ticket 14044 - Tutorial License IP Phones 
When using the tutorial license you cannot register more than one IP handset of the same type.

See attached document and db:
Ticket 14044 - Tutorial License IP Phones.doc 		There's an error when checking IP phone counts with Tutorial License.		Modified to check IP phone counts with tutorial license counts properly.		OK		Bug.				ALL				V4.60b		UK						V4.63				O		O		O
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						OfficeServ System		Change Notes

		Qnet Number				Problem or Requirement		Reason		Modification		Test Procedure and result		Bug/
Req.		Issued Information												Release Information														Remarks

				검증완료일												Date		System		Package		Version		Country		Index		Package		Version		7400		7200		7100		7070		7030

		-				Unconditional ring group supports SIP phone		New feature		Unconditional Ring group(MMC601) supports SIP extension as member.		1. Set SIP station member in MMC 601 unconditional station group.		Req.		2012"-"3"-"19		ALL		MP		V4.60a		PC				ALL		V4.64		O		O		O		O		O

		-				Directory search by 2 digits.

		New feature		When users use ‘DIR’, they can search station using 2 digits.		1. Make "DIR" key on the phone.
2. If you want to find the name ‘ABC’, use two digits ‘AB’. And then select one of two names.		Req.														ALL		V4.64		O		O		O		O		O

		-				Add trunk access group number for dialing via SIP phone’s log		New feature		User can make a internal / external call via SIP phone’s log		OK		Req.														ALL		V4.64		O		O		O		O		O

		-				Change default value as below.

(1) MMC110 AUTO HOLD: ON
(2) MMMC120 DIAL MODE: OVERLAP
(3) MMC501 SIPT CON DELAY TIME: 200 MS
(4) MMC501 SYS HOLD RECALL TIME: 120 SEC
		New feature		Change default value as below.
(1) MMC110 AUTO HOLD: ON
(2) MMMC120 DIAL MODE: OVERLAP
(3) MMC501 SIPT CON DELAY TIME: 200 MS
(4) MMC501 SYS HOLD RECALL TIME: 120 SEC		OK		Req.														ALL		V4.64		O		O		O		O		O

		-				TOS field of SIP signal packet setting		New feature		Add TOS field for SIP signal packet in DM 5.2.12		OK		Req.														OS7400		V4.64		O										OS7400 only

		-				SIP Privacy Header		New feature		Modified to be able to change DM 5.2.13 Privacy header value (header, session, user, none, critical token, id …)		OK		Req.														ALL		V4.64		O		O		O		O		O

		-				MGI ID/PSWD Security		New feature		ID and password of MGI can be changed in DM 2.2.2.		OK		Req.														OS7400, OS7200, OS7100		V4.64		O		O		O

		-				Password security		New feature		1. Below passwords are encrypted for enhancing security.
. DM 2.1.7 Admin Password
. DM 2.7.2 SIP Phone Password
. DM 5.2.13 Auth Password
. DM 5.13.8 Community Server
-> Due to Encryption, V4.64 system can’t be connected by old DM. You should use V4.64 DM.
2. Default DM admin password should be changed on the DM Login menu. (mandatory)
3. DM Login Retry Limit and DM Login Prevent Duration are added in DM 5.14.2.
4. VMS subscriber password should be changed. (mandatory) 
“Force Subscriber to Change PSWD” is added in DM 8.5 System Parameter.
		Refer to the "Modification"		Req.														ALL		V4.64		O		O		O		O		O		Due to Encryption, V4.64 system can’t be connected by old DM. You should use V4.64 DM.

		-				No Response of SIP Common Exclusive option		New feature		If ‘No Response’ is selected as common exclusive option, system will ignore all SIP messages from unauthorized IP address		Set common exclusive option to 'No Response' in DM 5.2.12.		Req.														ALL		V4.64		O		O		O		O		O

		-				SIP phone ID and Password.		New feature		There are no default ID and password so user should set these values more than 6 digits		Check SIP station ID and password are blank in DM 2.7.2.		Req.														ALL		V4.64		O		O		O		O		O

		-				DM IP White List		New feature		If specific IP address is registered in DM 5.13.9 IP White list, DM which has this IP can access the system. If there are no IP addresses in this list, there’s no limitation to access the system via DM		Refer to the "Modification"		Req.														ALL		V4.64		O		O		O		O		O		Use V4.64 DM

		-				Phone IP White List		New feature		If user wants to use IP phones and any other CTI solutions, user should set their IP address or address range		Refer to the "Modification"		Req.														ALL		V4.64		O		O		O		O		O		Use V4.64 DM

		-				Management IP White List		New feature		If user wants to access the system via FTP, Telnet or SMDR, user should set PC IP address or address range		Refer to the "Modification"		Req.														ALL		V4.64		O		O		O		O		O		Use V4.64 DM

		-				Enhanced One Number Service		New feature		In case of internal call, FMC Client and Desk phone which are paired can send the same CID by option. Regarding external call, one number service already has been serviced		1. Set station pair with FMC phone and Desk phone.
2. Station A makes a call to FMC or Desk phone. 
3. Both FMC and Desk phone are ringing. In this case FMC phone answers the call.
4. Check that Desk phone number is shown on stationn A.		Req.														ALL		V4.64		O		O		O		O		O

		-				Support Wideband Codec for FMC client		New feature		SILK and AMR-WB are added for HD voice call between FMC clients		1. Set condec priority in DM 5.2.23.
2. Set SILK or AMR-WB codec parameters in DM 5.2.23.
 		Req.														ALL		V4.64		O		O		O		O		O		Use V4.64 DM

		-				Auto 3G Number Dial List		New feature		Auto 3G Number option is added in DM 5.2.23. If specific number is set in this field, this number is sent via 3G dial not FMC dial.		1. Set auto 3G number in DM 5.2.23.
2. Dial auto 3G number on FMC phone.
3. Check current call is made via 3G.		Req.														ALL		V4.64		O		O		O		O		O		Use V4.64 DM

		-				Support E164 Format of FMC call		New feature		DM 5.2.29 FMC Outgoing Digits and DM 5.2.30 FMC Incoming Caller Modify menus are added to support E164 format of FMC call		Refer to the "Modification"
(ex. Incoming)
1. Station A receives an incoming call from 04253112342.
2. In this case Calling Number is '042' and Insert Number is '+61' in DM 5.2.30.
3. '+6104253112342' is shown as incoming caller number.
(ex. Outgoing)
1. Dial "+6131234569" on FMC phone.
2. By following DM 5.2.29, "31234569" is dialed via 801 trunk. In this case Access Digit is "801+61" and Delete Length is "6" in DM 5.2.29.



		Req.														ALL		V4.64		O		O		O		O		O		Use V4.64 DM

		P120227006				OS7100 S0-BUS calls failing

OS7100 S0-BUS calls failing
When trying to make and recieve external calls using S0-Bus on an OS7100 calls fail. This happens for both inbound and outbound calls external calls. However if you make the calls internally the calls are successful

The customer has provided us with Trend Traces and MP traces which I have attached to this ticket. Please see customer comments below.
------

Please find attached traces from our trend tester as requested. In short we are having two issues.

The device connected to the sobuses is a 4port fax board, this has problems when dialling out. If we try to send a fax to an internal extension, the extension will ring and when picked up, can hear the fax at the other end. However, if we try to send a fax to an external number, the call is unsuccessful - the fax error log shows that it recieved a fast busy tone (system error tone for invalid number/cos denial etc???). I believe this is something to do with the info being sent by the fax board as I can dial out on a speech call through the sobuses using the trend - can you spot anything in the traces being sent by the fax that might confuse the system?

The second issue is that when any call is presented direct to an sobus/group of sobuses via a ddi, the calling party continues to hear ringing tone even when the call has picked up		BRM S0 mode determines current situation is network congestion when T0 Network does not respond within 1 second. So it clears current call.		Change Layer3 T300 time of S0 mode from 1 to 10 seconds. This time is used when waiting Network response message(ACK).

		OK		Bug		2012"-"2"-"27		ALL		MP		V4.60		SEUK				OS7100		V4.64						O

		-				Long call dropoff on SIP trunks

a problem with long duration calls on SIP trunks: SIP trunk calls disconnect after just under 40 minutes. A SIP trace shows that the OfficeServ is dropping the call to the SIP carrier.
===========
According to the release notes for 4.60a the long held call problem is fixed. This is not the case – a long held call still drops because the OfficeServ is responding with a Session-Expires header when it is not performing that function.		There's a mistake to handle with SIP stack API.		Modified to use correct stack API.		OK		Bug		2012"-"3"-"19		ALL		MP		V4.60a		PC				ALL		V4.64		O		O		O		O		O

		P120320001				911 Call Alarm incorrectly displayed

In the UK 911 is not used to dial the emergency services. In some part of the UK local numbers can start 911 i.e. In Manchester 911 4645 is a local number.

When users try to dial this number they get a message in the display "911 Call" could this message be removed for calls in the UK.

Instead could the system display "112/999 Call" if 112 or 999 are called which are the two emergency numbers in the UK.

Please see attached DB and you can recreate the problem by using the following steps.
1. Tested on MP20 – from UK default program the following:
2. In menu 3.1.2 – add LCR digit: 9 Length: 7 Route: 1
3. In menu 3.1.1 – set LCR to Enable
4. Then dial # 9114645
5. Handset displays 911 call – and the alarm log displays MJA37 911 Emergency
6. Dialling 112 or 999 displays does not display any message – and does not appear in the alarm log.

		There's no consideration for UK dialing system.		Modified		Refer to the "Problem or Requirement"		Bug		2012"-"3"-"20		ALL		MP		V4.60		SEUK				ALL		V4.64		O		O		O		O		O

		P120320003				Tutorial Licence incorrectly displayed		Max remaining time is changed from 2 weeks to 2 months(=1440 hours). So max 4 digits of time should be displayed on MMC860 but now only 3 digits can be shown.		Modified to show max 4 digits for tutorial license remaining time in KMMC860.
		Check MMC860 Remaining License Time.		Bug		2012"-"3"-"20		ALL		MP		V4.60		SEUK				ALL		V4.64		O		O		O		O		O

		P120320004				Clock incorrectly set when using NTP		There's an error to handle with NTP clock.		Modified		OK		Bug		2012"-"3"-"20		ALL		MP		V4.60		SEUK				ALL		V4.64		O		O		O		O		O

		-				SIP cause message display		New feature		Modified to display detail SIP message reason.		1. Set MMC861 SIP CAUSE DISP to ON.
2. Set staton language to English in MMC121.		Req.		2012"-"3"-"20		ALL		MP				MIA				ALL		V4.64		O		O		O		O		O

		P120329003				PGM Message fwd via CTI fails		When selecting PGM message which has forward setting, both PGM and forward messages are displayed. In this case system always shows mmc715 forward destination even though forward destination is changed via CTI or MMC102.		Modified to show actual forward destination. In other words systems shows MMC102 forward destination not MMC715 forward destination.		OK		Bug		2012"-"3"-"29		ALL		MP		V4.60		SEUK				ALL		V4.64		O		O		O		O		O

		P120330003				MMC842 User ID Limitation

Device Manager allows USER ID greater than 4 digits for 3rd party SIP phone.
KMMC from the keyset using MMC 842 will not let to change the User ID field to more than 4 digits		There's no consideration for KMMC.		Modified to let the user create a user ID larger than 4 digits.

		1. Access MMC 842.
2. Create a user id larger than 4 digits.
		Bug		2012"-"3"-"30		ALL		MP		V4.60		STA				ALL		V4.64		O		O		O		O		O

		-				SIP Hold re-invite in MMC837

In OfficeServ 4.53 in mmc837 there was an option to enable/disable Hold Re-Invite
This is not available in v4.60.
If I set hold mode to be inactive it still sends a message to the ISP, I need to be able to turn Hold re-invite off for a particular ISP over here.
I have tried looking through the manual, has this setting moved or been renamed?		Hold Re-Invite option is not shown when MPS Service is disabled. 		Modified to show Hold Re-Invite only when MPS Service is disabled. 		1. Disable MPS Service in MMC861.
2. Check Hold Re-Invite is shown in MMC837.		Bug		2012"-"3"-"30		ALL		MP		V4.60		SEUK				ALL		V4.64		O		O		O		O		O

		-				Page All

when you page the all page zone * which should page page zone 0 and all external page zones, then IP members of page zone 0 all use mgi channels.		There's no consideration for Page All.		Modified not to use MGI channels in case of Page All.		OK		Bug		2012"-"4"-"2		ALL		MP		V4.60b		SEUK				ALL		V4.64		O		O		O		O		O

		-				SMT -i52xx Call Log redial of International numbers

Please can you look at why the SMT-i5243 and SMT-i5220 cannot redial international numbers from the SMT Call Log.
It is okay for long distance numbers like 0398722950, but for international numbers like 00114417333470 it responds with 'INVALID NUMBER'
Attached  are wireshark traces for manually dialled which works okay and for Call Log redial which shows the 0011 part is missing.		System checks redial number with wrong number size so it deletes first 4 digits.		Modified		OK		Bug		2012"-"4"-"3		ALL		MP		V4.60x		PC				ALL		V4.64		O		O		O		O		O

		-				911 conference restriction		new feature		Keep current specification		ㅡ		Req.		2012"-"4"-"4		ALL		MP		V4.60b		STA

						No CID ( Number only) when using T1 circuit set for E/M wink

Since the MMC 119 Displays have changed, CLID and DDI number are supported, but we are not getting ANI clid, so users with E&M T1 Circuits after upgrading to V4.53b software are not receiving CLID 		Not Reproducible		none		OK		not reproducible		2012"-"4"-"6		ALL		MP		V4.60/V4.60b		STA

		P120419002				OS7100 Resetting due to WatchDog alarm and Broadcst traffic

On a customer’s network a OS7100 is periodically resetting itself due to Watchdog errors. I have looked at a Wireshark Trace and for the reset on the 18th April 2012 you can see the MP10a (v4.60) receives some broadcast traffic WOL (Wake on Lan) Protocol just before the error logs on the OfficeServ report a Watchdog error.		There's an error for port scan tool.		We add the defense code for port scan tool.		OK		Bug		2012"-"4"-"19		MP10		MP		V4.60		SEUK				MP10		V4.64						O

		-				OfficeServ sending two “Proxy-Authorization” headers in the Registration message		When the system receives 407 message twice, system also sends REGISTER message twice. But in case of sending second REGISTER, system attaches two authorization headers.		Modified to attach one authorization header in case of sending second REGISTER message.		OK		Bug		2012"-"4"-"20		ALL		MP		V4.60b		PC				ALL		V4.64		O		O		O		O		O

		-				<Same issue with P120330003>
KMMC from the keyset using MMC 842 will not let to change the User ID field to more than 4 digits.		There's no consideration for KMMC.		Modified to let the user create a user ID larger than 4 digits.		1. Access MMC 842.
2. Create a user id larger than 4 digits.
		Bug		2012"-"4"-"24		ALL		MP		V4.60b		STA				ALL		V4.64		O		O		O		O		O

		P110824001				OS7000 SLT NAME PROBLEM

The current software 4.60 as well as  4.60B still have the problem; only the number show for caller id.
P110824001 OS7000 SLT NAME PROBLEM
With V4.53c Software on the OS7000 Product line, we are not getting name delivery to analog sets.
We do get the number but not the name.
We get both on the Digital and IP sets name and number.
We get this with both PRI trunks and Analog Trunks.		System determines that receiving SLT name is blank.		Modified blank checking process.		If you want to show received CLI name, you should set CLI NAME PRIORITY to "RECV CLIP NAME" in MMC861. If you set "CLIP XLAT NAME", then system shows CLI name of MMC726 rather than received CLI name.		Bug		2012"-"4"-"25		ALL		MP		V4.60		STA				ALL		V4.64		O		O		O		O		O

		P120425001 				Pressing # to send caller to voicemail wont work using DIDs direct to a keyset.  		Normally VM tries to find voicemail with FID but in this case MP sends VM DID numbers not FID.		VM fixed to use DID digits when call type is DID. If the call type is not DID, the DID digits will be ignored.		OK		Bug		2012"-"4"-"26		ALL		VM		V4.60		STA				ALL		V4.64		O		O		O		O		O

		P120427001				Caller id to SLT port only show number		System determines that receiving SLT name is blank.		Change blank checking process.		If you want to show received CLI name, you should set CLI NAME PRIORITY to "RECV CLIP NAME" in MMC861. If you set "CLIP XLAT NAME", then system shows CLI name of MMC726 rather than received CLI name.		Bug		2012"-"4"-"27		ALL		MP		V4.60x		STA				ALL		V4.64		O		O		O		O		O

		-				Digits starting with * in DM5.2.3 does not work

In system OS7400 V4.60b with SIP trunk link, sometime use in DM 5.2.3 digit “*” (example attached screen capture), in version V4.53c or before working fine, but in version V4.60b not working fine…i think this table (DM 5.2.3) not detect digit starting with “*”		System rejects outgoing call when digit length of DM 5.2.3 is set to 0. Normally user input valid digit length but in this case only access code is inputted. 		Modified to check outgoing call with number of Access digits not Digit length of DM 5.2.3.		1. Input valid Access code and do not input Digit Length in DM 5.2.3.
2. Check that you can make an outgoing call.		Bug		2012"-"4"-"26		ALL		MP		V4.60b		Chile				ALL		V4.64		O		O		O		O		O

		-				Default CO access code/Operator code change

Thank you for the mail, in SA we use as a standard “0” for a line access and “9” for an operator.

Is it possible to bring that as a standard for SA software, I have requested this many years ago.

It is difficult to know if a field technician will always remember to change these values in the voice mail, by making this default will prevent fraudulent access to the VM system if a tech forgot to change these features.
		new feature		Change default CO access code as '0' and Operator code as '9'.		OK		Req.		2012"-"4"-"26		ALL		MP		V4.60		MIA				ALL		V4.64		O		O		O		O		O		South Africa only

		P120509001 				Embedded voicemail time stamp incorrect using NTP server  		Linux systems get the time from kernel and set its time zone. But when activating NTP, systems get the time from NTP and apply this time to kernel without setting time zone.		Modified to set time zone when activating NTP.		OK		Bug		2012"-"5"-"10		OS7100
MP20s
OS7070
OS7030		MP		V4.60x		STA				OS7100
OS7030
OS7070
MP20s		V4.64				O		O		O		O

		-				svmi20 calls originating from trunk

We have been able to replicate here in the Lab with same systems and software versions.
Incoming trunk calls to the OS100 which are forwarded to the OS7400 centralised voicemail group have no call information being sent to the SVMi-20e
---------
any call originating from a trunk on a networked OS100 using centralised VMail ends up at the DAY MENU (internal calls work ok). The activity log in the VM shows no call type/fwd id etc.						???		Bug		2012"-"5"-"16		ALL		MP		V4.60b		PC				ALL		V4.64		O		O		O		O		O

		-				Park and Page key function V4.53c / v4.6x		Not Reproducible		none		OK		not reproducible		2012"-"5"-"16		ALL		MP		V4.53c
V4.60b		PC

		-				SIP Carrier Reg Per User

in case (according chapter 2.5.3 in attached manual) of residential registration when REG PER USER=Disable if ITSP sending incoming call with Invite field To: miacom@ata.sip.westcall.net and for this User Name in IT 5.2.14 it is assigned
Tel Number 78126404613 then this incoming call not follows to the DID table with 78126404613 number

Maybe for this case it is should used DM5.2.4 VoIP Incoming table instead described in attached manual DM5.2.14 SIP User
						???		Bug		2012"-"5"-"18		ALL		MP		V4.60b		RUSSIA				ALL		V4.64		O		O		O		O		O

		P120521006				CR (call record) key not working correctly on 7030 with BRI 

When you have answered incomming call on ISDN into a officerve 7030 the voicemail will not let you record a call with a CR key		Normally VM tries to find voicemail with FID but in this case MP sends VM DID numbers not FID.		VM fixed to use DID digits when call type is DID. If the call type is not DID, the DID digits will be ignored.		1. configure 7030 with 2bri and 4dlm
2. add a vm licence to 7030
3. assign a CR key to digital ext 203
4. enable VM REC for ext 203 in mmc 701
5. assign a ddi (777777) direct to ext 203 in mmc714
6. call ddi and answer on ext 203
7. press call record key. Check that current call is recording.		Bug		2012"-"5"-"22		ALL		MP		V4.60b		SEUK				ALL		V4.64		O		O		O		O		O

		P120521007				UCD Group busy takes 5 seconds to overflow - Ticket 14146		It there are many overflows from UCD to UCD, there's an error to handle with Group Busy Next.		Change UCD overflow process.		OK		Bug		2012"-"5"-"22		ALL		MP		V4.60b		SEUK				ALL		V4.64		O		O		O		O		O

		P120522002 				Tutorial License IP Phones - Ticket 14044

When using the tutorial license you cannot register more than one IP handset of the same type.
Configure a OS7030 system in 4.60b
Connect via DM to 2.1.4 Licensing and turn on the tutorial license:
Then register two smt-i3105 handsets :
The first handset will register correctly.
The second handset will display No license check license

7/30 Plant reported it too.		There's an error when checking tutorial license so only one IP phone can register.		Modified to check IP phone counts with tutorial license counts properly.
		OK		Bug		2012"-"5"-"23		OS7030		MP		V4.60b		SEUK
PC				ALL		V4.64		O		O		O		O		O

		P120529002				Problem with svmi20i and IP phones

When you deflect an incomming call to VM from an IP phone you get no speech.
In the attached trace and DB - I made a call between two IP phones (2409 and 2419) - VMAME is enabled in COS - I diverted the incomming call to VM by pressing the # key - no speech is heard either of vm prompts or in the recording left on the extensions mailbox		In case of deflecting an incoming call to VM from IP phone, MGI channel should be used but actually it is not.		Modified to assign MGI channel in case of deflecting incoming call to VM from IP phone.		OK		Bug		2012"-"5"-"29		ALL		MP		V4.60b		SEUK				ALL		V4.64		O		O		O		O		O

						LAN does not work

Device Manager – unable to login
Telnet – will not respond to request
OS Link / Operator – will not reregister after connection lost
WiFi sets cannot reregister if they loose signal
Any devices that are online/registered will continue to operate
				???		OK		Bug		2012"-"6"-"20		ALL		MP		V4.60b		STA				ALL		V4.64		O		O		O		O		O

		-				REVW key		New feautre		Add STN CALL LOG in MMC110. (Dubai only)
If this option is set, user can check call log of station calls by using REVW key.		OK		Req.		2012"-"6"-"19		MP20s		MP		V4.60b		Dubai				ALL		V4.64		O		O		O		O		O		Dubai only

		P120623002				SMDR Directory Name is overwritten when check-in/out a Room. 

Configure the system as described previously.
In DM menu 2.4.2 set name ‘Guest’ for the DGP phone, the non smoking guest of the hotel.
In the 5.6.3 menu, set ‘Directory Name’ as ‘Hotel’.
Set the output of Hotel Report and SMDR print to PC and open two telnet sessions on ports 5100 and 5106.
You should see in the upper part of the SMDR telnet screen the ‘[Hotel]’ name, while on the guest phone, the name ‘[Guest]’.
From the administrator’s phone, trough Hotel key - bill, print the guest room’s bill.
You will notice that after this operation, on the SMDR screen the name is changed to ‘[Guest]’, and also on the DM menu 5.6.3.		When printed check in information, the smdr directory name was changed as a station name. 

		Modified		OK		Bug		2012"-"6"-"23		ALL		MP		V4.60b		SEI				ALL		V4.64		O		O		O		O		O

		-				Calculation problem

Set the system as indicated previously.
Set the Call Costs for the hotel report telnet screen, in the Call Costing section. Make an external call from the guest room, and observe the correct result, the bill.
Configure the costs for the SMDR print, in DM’s Tenant Options – Call Costs, setting the COST UNIT PER MP.
With the HOTEL ISDN AOC Callcost at ON, on DM 5.14.7, make an external call from the guest room and observe the correct behavior. The SMDR cost is based on the PSTN Meter Pulse, which is correct.
(PSTN Meter Pulse * COST UNIT PER MP)
With the HOTEL ISDN AOC Callcost at OFF, make an external call from the guest room. The system generates an SMDR cost based on the HotelReport bill, which seems to be wrong.
(Hotel Report bill * COST UNIT PER MP)		Normal operation
(It works by Call Cost setting.)		none		OK		Spec.		2012"-"6"-"23		ALL		MP		V4.60b		SEI

		P120703008				Hotel cannot disable staff code

In v4.60b you cannot disable the staff code when using the hotel feature.
You can re-create the problem as follows:
Enable the hotel feature and configure mmc221, make an extension as no smoking e.g. ext 209. on ext 209 configure a hotel key.
press the hotel key and screen says "enter staff code"
go into mmc 210 and disable No Staff Code.
on ext 209 press the hotel key, you are still asked for the staff code.		Specification		none		OK		Spec.		2012"-"7"-"3		OS7200		MP		V4.60b		STUK

		-				R2 DID does not work

We are using 4.60b Version  with the Officeserv serie 7400 and 7200 and we noticed that the settings we make in MMC714 it’s not working.
In that program I configure DID incoming digits but the PBX do not send the call to the respective station.
For example, I do that test using an OS7070(4.53s) and OS7400 (4.60b) both with E1 and connected each other. Here in Mexico we use R32MFC Signaling with the E1.
If I make a call using OS7070 to any DID of the 7400, I can hear tone waiting but in the 7400 don’t ring anywhere. But if I call from de 7400 to any DID of the 7070, the call can be completed. Curiously, SMDR shows that the call was answered with the right station in both situations no matter it did not ring on OS7400. I also checked with the PBX of INTELTEX and our carrier and the call didn’t ring anywhere but the SMDR shows the  call was answered by the Operator. I hope you can help us with that.		This issue is occurred when MMMC416 E&M/DID DIGIT is set to FOLLOW DID TRANS. When using R2 and checking Limit Count, system ignores receiving digits.		Modified not to ignore receiving digits.		OK		Bug		2012"-"7"-"3		ALL		MP		V4.60x		Mexico				ALL		V4.64		O		O		O		O		O

		P120713001				VT TRANSFER REMOTE NODE		System does not send DID information to VM when VM receives incoming call through SPNet.		In this case MP send a specific message related did call to svmi.
 
		OK		Bug		2012"-"7"-"13		OS7400		MP		V4.60b		STA				ALL		V4.64		O		O		O		O		O

		-				MP20s Watchdog reset		There are two reasons.
1. Abnormal packet is sent to VM port.
2. Refer to the wrong pointer when operating MOBEX feature.		Modified		OK		Bug		2012"-"7"-"17		MP20s		MP		V4.53c
V4.60b		OBE				ALL		V4.64		O		O		O		O		O

		-				911 feature

We have been requested by a school to provide a feature that can monitor calls made to the Emergency services. (000 in Australia).
I have looked at the STA documentation for the 911 Emergency Conference feature that was added to V4.6 and except for the actual number dialled (000 and not 911), the feature would meet my customers requirement.
Is there any reason why this feature is not available in Australian SW?
It seems to me to be a simple change to switch 911 to 000, and the feature can be sold.
Is there any ability to get this feature enabled in my SW?		New feature		Keep current specification		ㅡ		Req.		2012"-"7"-"26		ALL		MP		V4.60x		PC

		P120730005				Ticket 14494 - Call Recording on SVMi20i for IPPhone Quality

When call recording via an IP phone and an SVMi20i the ip part of the call is quiet when listening via your mailbox, and cannot be heard at all via email gateway.		Not Reproducible		none		OK		not reproducible		2012"-"7"-"30		OS7400		MP		V4.60b		STUK

		P120731002				Ticket 14732 - Barge in ISDN2

When barging into a bri call with trunk monitor turned on if the original party disconnects all parties are disconected
		When disconnecting bareged-in phone, system sends disconnection message to BRI card.
		Modified not to send disconnetion message to BRI.		OK		Bug		2012"-"7"-"30		OS7200		MP		V4.60b		STUK				ALL		V4.64		O		O		O		O		O

						Trying to connect OfficeServ  doesn’t get a reply at all from the SIP server

what happens is that we I try to connect our system we don’t get a reply at all from the SIP server.
Looking through our wireshark trace I have only noticed one difference, our system attaches the port number 5060 in the SIP headers.
Our testing with other provider have showed that this is not an issue, but it looks like Telecom NZ is differnet.
Their setup is actually very similar to what we had not long ago with TelstraClear and the issue with the missing DNS server.
We’re been watch by Telecom NZ, so it is important for us to fix this really quick.								Bug		2012"-"8"-"2		ALL		MP		V4.60b		GTL				ALL		V4.64		O		O		O		O		O

		P120807002				Mobex does not work with UCD groups		When searching a ring group member, system excludes MOBEX members.

		Modified to ring MOBEX station which is a member of UCD group.		OK		Bug		2012"-"8"-"7		OS7030		MP		V4.60		STUK				ALL		V4.64		O		O		O		O		O

		-				OfficeServ sends G.729 codec which is not included in INVITE SDP		When the system sends 183 message, it should send valid codec. But in this case system sends G.729 codec which is not included in received INVITE SDP.
This issue is occurred when using MGI. It is OK when using RTG. 		Modified not to include invalid codec which is not included in received INVITE SDP.		OK		Bug		2012"-"8"-"21		ALL		MP		V4.60x		PC				ALL		V4.64		O		O		O		O		O

		-				T.38 Fax		If INVITE messages which are incoming after second times have many media line, system selects last media line.		Modified to handle with all media info.		OK		Bug				ALL		MP		V4.60x		SEG				ALL		V4.64		O		O		O		O		O

		-				T.38 Fax outgoing failure

OS7030 version V4.60b testing in carrier (Entel), and detect problems with send fax with T.38 (received fax T.38 working fine)		If INVITE messages which are incoming after second times have many media line, system selects last media line.		Modified to handle with all media info.		OK		Bug		2012"-"8"-"22		ALL		MP		V4.60x		Chile
SER				ALL		V4.64		O		O		O		O		O

		-				Problem when the Operator does a blind transfer of DID calls to busy station with forward on busy to voicemail set.		System does not send DID information to VM which is a destination of busy forward.		Modified to send DID info to VM.		OK		Bug		2012"-"8"-"23		MP20s		MP		V4.60b		PC				ALL		V4.64				O		O		O		O

		-				No NewZealand in the time zone

In the voicemail of the 7200s under “System  Parameters” I noticed the time zone does not show New Zealand		VM of linux systems gets the time zone list from DM. But this time zone list is not updated. 		Modified to update time zone list of DM.		OK		Bug		2012"-"8"-"23		OS7100
MP20s
OS7070
OS7030		MP		V4.60x		GTL				OS7100
OS7030
OS7070
MP20s		V4.64				O		O		O		O

		P120830003				Station Pair SMT Phones in Station Group		There's an error when checking station pair process.		Modified.		OK		Bug		2012"-"8"-"30		OS7400		MP		V4.60b		STA				ALL		V4.64		O		O		O		O		O

		P120830005				Station Pairing

Station pairing does not work when the primary extn is a member in a group when group type is set to Unconditional.
		There's an error when checking station pair process.		Modified.		OK		Bug		2012"-"8"-"30		OS7200		MP		V4.xx		PC				ALL		V4.64				O		O		O		O

		P120830006				Tepri-a Upgrade failure with v4.60b		There's an error when arranging source code. Only MP10a and MP20s have this problem and the other systems work fine.		Modified to bypass pgm data messages		OK		Bug		2012"-"8"-"30		MP10a
MP20s		MP		V4.xx		PC				OS7100
MP20s		V4.64				O		O

		P120831004				Mobex SIP Trg (peering) CLI Table

1) It is the SIP TRG (Peering type) assigned for Mobex in DM2.7.5
2) It is CLI Table 4 assigned in DM5.2.12 for Peer CLI Table

Trouble:
When system establishing outgoing Mobex call then instead CLI Table 4 systems sending the CLIP from CLI Table 1/		There's no consideration for Peering call. System checks only ISP call.		Add peering table checking process.
		OK		Bug		2012"-"8"-"31		OS7400		MP		V4.60b		SER				ALL		V4.64		O		O		O		O		O

		P120831005				CNF 24 E-Mail Russian code page

It is CNF24 v1.02 trouble.
When system sending by E-Mail invitation for conference then all Russian characters in E-Mail subject and body are shown like "abracadabra".
I'm attaching related screen shorts in doc file and original E-Mail in zip file..		To be shown properly, Russian e-mail templete encoding should be unicode.		CNF email encoding is changed from us-ascii to unicode.
DM also has to be changed for normal display.		OK		Bug		2012"-"8"-"31		OS7400		MP		V4.60b		SER				OS7400
OS7200
MP20s		V4.64		O		O

		P120831006				CNF24 conf members Mute On/Off		Not reproducible problem.
No response from the customer for the detailed information.		none		OK		not reproducible		2012"-"8"-"31		OS7400		MP		V4.60b		SER

		P120831007				CM indication for SPNet conf. members		There's no consideration for SPNet member.		Modified to dispaly staion number of SPNet member when MMC824 station display is set to ON.		OK		Bug		2012"-"8"-"31		OS7400		MP		V4.60		SER				ALL		V4.64		O		O		O		O		O

		-				#00 is inserted in the beginning of the SMDR trace 

We have a site that intermittent is added #00 to the beginning of the SMDR trace as shown in the pdf, the system will continue like this for a couple of calls then correct itself but then later on the problem occurs again. Site is a motel so is relying on the SMDR output, do you have any idea what can be causing a #00 to be inserted.		Not Reproducible		none		OK		not reproducible		2012"-"9"-"6		OS7400		MP		V4.60x		GTL

		-				DND and Incoming call LED flashing is same.		Need to change AOM flashing in case of incoming call.		Modified		OK		Bug		2012"-"9"-"6		ALL		MP		V4.60b		MIA				ALL		V4.64		O		O		O		O		O

		-				SIP Diversion header not work correctly in SIP trunk in 4.60b sotware

Incoming call from +358942421180 to +358942419690.
Mobex 1159 then outgoing to mobex mobile +358409000025 where diversion header was wrong. 
It should be +358942419690. 				Modified to be able to change DM 5.2.13 Privacy header value (header, session, user, none, critical token, id …)		OK		Bug		2012"-"9"-"7		MP10a		MP		V4.60b		SEUK				ALL		V4.64		O		O		O		O		O

		P120912002				Mobex Offhook Ring

DID call to a busy Mobex Master DLI station that is paired to a Mobex Extn incorrectly is Busy on incoming DID. DID call wait is on.
Issue only occurs on V4.60b
When testing with v4.53c DID call is correctly received at Mobex master as Offhook ring and Mobex Extension also recieves call		Specification.
Check MOBEX BUSY option in MMC329. If MOBEX BUSY is enabled, both busy MOBEX station and its paired station does not ring.		none		OK		Spec.		2012"-"9"-"12		OS7400		MP		V4.60b		PC

		P120913001				os7100 svmi remote hold and page feature.

This feature allows the user to put the caller on hold and page a group of users.
The call is corrrectly put on remote hold but the page does not work.
This is with the internal voice mail system on the os7100 system.
The phones being paged do show the display of a page but no audio.				SVMi will wait for 5 seconds before sending off-hook message for remote hold and page feature.
		OK		Bug		2012"-"9"-"13		OS7100		MP		V4.60b		STA				OS7100
OS7030
OS7070
MP20s		V4.64				O		O		O		O

		P120927001				SLT AUTO CAMPON		Return this issue.				OK		Bug		2012"-"9"-"27		OS7400		MP				STA

		-				System reset

I have been reported about a system crash issue we do not understand the reason.
Cabinet, MP20S were already repalced with new ones.
Software was updated to the latest T-PKG but the system still restart twice per day.
 
Can you please look over the log and DB files in order to get any clue which can help us in finding out the reason why this issue occurs?
		There's a loop flow when both Busy forward and DID Busy route are set.		Delete loop flow		OK		Bug		2012"-"10"-"5		MP20s		MP		T4.60c		SEI				ALL		V4.64		O		O		O		O		O

		-				System reset by SNMP attack		System reboots because of memory allocation fail.		Modified.		OK		Bug		2012"-"10"-"11		ALL		MP		V4.60		STA				ALL		V4.64		O		O		O		O		O

		-				Codec Negotiation
re-INVITE
payload 96		New feature
(We recommend to register this issue as N-code.)		none				Req.		2012"-"10"-"16		ALL		MP		V4.60		SEI

		-				Digital phone connected to 8COMBO3 card cannot dial 		Test PKG problem.
This issue is occurred only in T4.60c and works fine in official version.		Only T-PKG is modified.		OK		Bug		2012"-"10"-"16		OS7200		MP		T4.60c		Chile

						3rd party SIP Phone registration failure						OK		Bug		2012"-"10"-"10		ALL		MP				Mexico				ALL		V4.64		O		O		O		O		O

		P121023001				No speech with MPS ON - SIP Trunk - Ticket 15400		Specification		none		OK		Spec.		2012"-"10"-"23		OS7400		MP				SEUK

		P121024001				System does not send the SIP message 180 / 183.		There's no consideration 		In case that SIP Trunk's Incoming mode is Follow Trunk Ring, System will send 18x message to ISP.		1. Log ISP1 on DM 5.2.13, menu SIP Carriers
2. Set DM 5.2.12 SIP Trunk option – Sip Trunk configuration – Incoming mode to “Follow Trunk ring”
3. With DM 3.2.1 Trunk ringing send all incoming calls from ISP1 to DGP1
4. From a PSTN phone call the OfficeServ via ISP1 trunk
5. Check that system sends the message SIP/SDP 180 or 183.		Bug		2012"-"10"-"24		OS7200		MP				SEI				ALL		V4.64		O		O		O		O		O

		P121024002				Improper logout & disconnection of all ISP Register		Specification		none		OK		Spec.		2012"-"10"-"24		OS7200		MP				SEI

		P121024003				The Alive Status indicator is set to YES even when the connection is not UP		Specification		none		OK		Spec.		2012"-"10"-"24		OS7100		MP				SEI

		P121024004				URL in Alternative Outbound Proxy is not available		Specification		none		OK		Spec.		2012"-"10"-"24		OS7100		MP				SEI

		P121024005				OfficeServ does not send the right CLI to SIP peering		System makes calling party number by excluding '0' from trunk CID number if my area code and trunk CID number are different in case of tandem or external call forward.		Modified as below in case of tandem call.
1. If TANDEM CLI option in MMC400 is set to ON, system sends calling party number which is received from network.
2. If TANDEM CLI option is set to OFF, system sends calling party number by attaching '0' in front of its number.		OK		Bug		2012"-"10"-"24		OS7400		MP				SEI				ALL		V4.64		O		O		O		O		O

		P121024006				An undefined error occurs when you save VM data				It will show 'Invalid target serial number, Please reassign the target' in the pop-up window.
		1. Go to DM 8.1.13 Menu
2. Open "Forward Station" block and then "Input processor"
3. insert a new item, for example 5101 Goto MNU "Day Main" and save
4. modify the Event, for example from 5101 to 5100
5. select another field (for example select 2101) and then save
6. Check an undefined error appears on screen.		Bug		2012"-"10"-"24		OS7100		MP				SEI				OS7100
OS7030
OS7070
MP20s		V4.64				O		O		O		O

		P121024008				LCD displays altered information						1. With a SMT-iXXXX phone (for example an SMT-i5230) calls an extension via SPNet
2. While speaking, note that the caller’s display shows the called number (this is correct!).
3. Now the caller tries to digit some numbers as a DTMF post selection
4. Check that the caller’s display is changed or not.
* Configuration
1. Two OfficeServ connected via SPNet
2. A caller phone (use an SMT-i5230)
3. A called phone (for example an SLT)		Bug		2012"-"10"-"24		OS7200		MP				SEI				ALL		V4.64		O		O		O		O		O

		P121025001				SMT-i5230 string is not translated		Utente Pubblico' is defined instead of 'Public caller', if the language is Italian.
		Modified		1. Set the Italian language on the phone
2. From a PSTN trunk that not sending CLI record a voice message on own Mailbox
3. From SMT-i5230 listen the recorded message. Check that correct Italian message "Chiamante pubblico" is printed on display. 		Bug		2012"-"10"-"25		OS7100		MP				SEI				ALL		V4.64				O		O		O		O

		P121025002				A paired DGP doesn’t ring when primary/secondary is in a unconditioned station group.		There's an error to handle with DGP If it is a member of unconditional staton group.		We fixed. Paired port should be checked as a group member. 
		1. In the 4.2.1 DM menu, set a station pair between two DGP phones. 
2. Put in an UNCONDITIONED group one of the DGP phones and call that group (internal or external call). 
3. Check that the station pair function works.		Bug		2012"-"10"-"25		OS7030		MP				SEI				ALL		V4.64		O		O		O		O		O

		P121025003				Call from PSTN - MOBEX associated with SIP phone does not have voice		If pair station or another station group member answers the incoming call instead of SIP, system does not send connection response message to PSTN trunk.		Modified to send reponse message to PSTN trunk.		1. Login a SIP phone to OfficeSev (DM 2.7.2 – user 2452 in our case)
2. Create an incoming DID from PSTN to SIP (DM 292739452 to 2452 in our case)
3. Create a Mobex extension (DM 4.2.5 3481 -> 0 3203043487 ( Remark that 0 is the access code of PSTN trunk and 3203043487 is the number of a mobile phone)
4. Create a Ring Group Pair from SIP to MOBEX extension (DM 4.2.5 2452 -> 3481 in our case)
5. Call from a PSTN phone the SIP extension (in our case the phone 0292189343 calls 0292739452)
6. The phones SIP and MOBEX pair rings. Answer from MOBEX
7.Check that  the voice connection is OK.		Bug		2012"-"10"-"25		OS7400		MP				SEI				ALL		V4.64		O		O		O		O		O

		P121025004				Call from PSTN - SLT paired with SIP does not have voice		If pair station or another station group member answers the incoming call instead of SIP, system does not send connection response message to PSTN trunk.		Modified to send reponse message to PSTN trunk.		1. Login a SIP phone to OfficeSev (DM 2.7.2 – user 2452 in our case)
2. Create an incoming DID from PSTN to SIP (DM 292739452 to 2452 in our case)
3. Create a Station Pair from SIP to SLT (DM 4.2.1 2452 -> 2404 in our case)
4. Call from a PSTN phone the SIP extension (in our case the phone 0292189343 calls 0292739452)
5. The phones SIP and SLT rings. Answer from SLT (2404)
6. Check that the voice connection is OK.		Bug		2012"-"10"-"25		OS7400		MP				SEI				ALL		V4.64		O		O		O		O		O

		P121025005				INVITE has not media description when make a call to MOBEX via SIP peering.		There's no consideration.		When making a call to mobex via sip trunk as ring group's member, the INVITE will have sdp.
		1. Set a SIP Peering connection with a OS 7030 system.
2. On your DGP(master) set a MOBEX, which uses the SIP peering trunk previously set with the OS7030 to connect with the remote phone. Check DM menus 2.7.5, 4.2.5.
3. Set in DM 3.2.3 a DID route of the incoming ISDN calls to the master station. 
4. Make an incoming call. Check that the invite packet indicates the codec to use.		Bug		2012"-"10"-"25		OS7400		MP				SEI				ALL		V4.64		O		O		O		O		O

		P121031002				The “voiptr” command make crashing the MP20S		Not Reproducible		none		OK		not reproducible		2012"-"10"-"31		MP20s		MP		V4.60f		SEI

		P121106001 				MOBEX SIP CONNECTION 

A mobex user using SIP trunks rings the dest phone and tries to ring the cell phone using SIP trunks.
The call rings one time and then stops and drops the call after a few seconds.
this fails in V4.60b and v4.63 software with SIP trunks only. Same call on PRI trunks works fine.
You can call the mobex number and it rings the SIP trunks fine, but call the phone station attached to the mobex number and the call rings just once. Works in V4.53b software. 		SDP is not included in INVITE msg.		When SIP trunk dial out to ISP by using MOBEX, sdp is included in SIP invite message.

		OK		Bug		2012"-"11"-"5		OS7100		MP		V4.60b
V4.63		STA				ALL		V4.64		O		O		O		O		O

		P121128001 				SVMI-20I os7200 AUDIO ISSUE 		RTP port checking error		When SVMi-20i is located at 16ch slot of OS7200, System indicate rignt SVMi-20i's rtp port number to IP Phone
		OK		Bug		2012"-"11"-"28		OS7200		MP		V4.xx		STA				OS7200		V4.64				O

		P121128002 				DM asks for 6 digit password for ITP password		There's no consideration.		ITP Password is changed from 4 digit to 6 digit or more.
And SMT Phone's latest version support 6 digit password.
You have to use right DM matched MP Version and right SMT Version.
		OK		Bug		2012"-"11"-"28		OS7030		MP		V4.60b		LSP				ALL		V4.64		O		O		O		O		O

		P121214001				UCServer Event Log files 

UCServer log show regular Event Logs.
This is not causing any issue for customer, but they want to understand why they occur and if they can be prevented from occuring.
Please let me know if further information is required		Normal operation		none		OK		Spec.		2012"-"12"-"14		OS7400		MP		V4.60b		LSP

		P121218001 				Ticket 15857 - TAPI and PGM Message 		When the user selects clear box of PGM msg via OS communicator, system sets PGM msg as null and then tries to change FWD setting. In this case system determins not to change current FWD because there is no valid PGM msg.		Modified to clear FWD setting before clearing PGM msg.
		OK		Bug		2012"-"12"-"18		ALL		MP		V4.60b		STUK				ALL		V4.64		O		O		O		O		O

		P121221001				Security risk with FTP access 

We have found ftp access to OS7030, MP10a, etc does not require a password and is a major security risk to the system being hacked or corrupted.
Use the following commands and set user as admin (which is easy to guess) and when asked for password just use Enter key.
		There's no consideration		Add Management IP White List in DM 5.13.11. User should add PC IP address to access system via FTP, Telnet or SMDR.		1. Input IP address of PC in DM 5.13.11.
2. Access the system via FTP, Telnet or SMDR.		Bug		2012"-"12"-"21		OS7030		MP		V4.60b		LSP				ALL		V4.64		O		O		O		O		O		Use V4.64 DM

		P130118001 				T.38 FAX sending/receive via SIP TRUNK fails. 						OK		Bug		2013"-"1"-"12		OS7200		MP		V4.xx		SEI				ALL		V4.64		O		O		O		O		O
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						OfficeServ System		Change Notes

		Qnet Number				Problem or Requirement		Reason		Modification		Test Procedure and result		Bug/
Req.		Issued Information												Release Information														Remarks

				검증완료일												Date		System		Package		Version		Country		Index		Package		Version		7400		7200		7100		7070		7030

		-				Group pickup info remains on screen
Group pickup info remains on screen when call is received on analogue trunks. Tested on OS7400 V4.46a 10.02.26, To replicate: setup 3 extensions in the same pickup group, enable pickup group info in 861 and 110. direct trunk line to one of the extensions and make an incoming call, disconnect call, pickup info remains on the 2 extensions that did not ring.		When analog trunk call is incoming, pickup group information is not deleted.		Delete pickup group information in case of incoming analog trunk call.		OK		Bug				OS7400		MP40		V4.46a		UK				ALL		V4.51		O		O

		-				Add IP-AOM in MMC841
Can we add an option to the IT Tool in MMC841 to allow us to upgrade the IP AOM in the same way as the IP Phones, currently you have to connect to the IP AOM via webbrowser to upgrade, this is slow process, much faster using IT Tool and MMC841 and 840 to upgrade.		New feature		Add IP-AOM to MMC841.		OK		Req.				OS7000		ALL		-		-				ALL		V4.51		O		O

		-				Speech comes over the speaker when in headset mode.
under certain configuration and call scenario you can hear speech coming over the speaker when in headset mode. To replicate,  setup 2 phones A=i5243 set auto campon to ON, B= i5243 set Secure OHVA to OFF and switch on headset mode, C= ISDN line or another internal extension. Make call from B to C all is ok, now from A call B, A is camped onto B and C's speech now comes over speaker. Tested on MP40 V4.46a 10.02.26, i3100 V1.28, i5210 V1.07, i5230 V1.07, i5243 V1.64.  When B is replaced by i5220 V2.10 then there is no problem or when A is replaced by digital phone.		We can reproduce this issue on V4.46e, but this issue is modified on V4.50.
=> This issue is already fixed on V4.50. 
In old version speaker is opened by following SECURE_OHVA option.		Modified not to open speaker path by following SECURE OHVA option.		OK		Bug				OS7000		ALL		V4.46e		-				ALL		V4.51		O		O

		N091006001				External Call Forward does not follow Station/Trunk use. 
First raised as bug but HQ asked to raise as New Feature.
The Problem: “If you setup station/trunk use and dial out directly from the phone the station/trunk use works ok.
But if you setup an external call forward on the extension doing the forward it can use a Trunk group that it is not allowed to use and does not follow the Station/Trunk use settings” The extension should only be able to select the trunks that it is allowed to use and not any trunk to complete the external call forward.
See attached DB mmc102, 304, 614, 603, 714 for configuration. In this example I have setup an external call forward to my mobile on ext 202. When I call the ddi the external call forward uses trunk 701 which it should not be allowed to use. this should be the same for all trunk group types .i.e ISDN,Analogue,Sip etc No PSWD for DB		New feature		Add Enhanced FWD to MMC210.
If this option and EXT FWD are ON, trunk call can be outgoing or not by following stn/trk use option.		OK		Req.				OS7200		MP20		V4.xx		UK				ALL		V4.51		O		O

		P100507004				Communicator shows LCR code 
Communicator shows the LCR code when call is connected.
see screenshot, I am dialling my mobile no 07900981347 when call is connected Communicator is also showing the LCR prefix, we dont want to see the LCR prefix.
Tested Communicator V1.0.0.7 and 1.1.0.2 in Desktop Mode		In case of LCR mode, changed a trsf_satus information sent to communicator to None message.		Modified to show original dialed number.		OK		Bug				Communicator						UK				ALL		V4.51		O		O

		P100522004				VMAME Feature Broke 
The first report was that IP phones with VMAME assigned do not hear the message being left by the calling user so they dont know if to answer or not. I have tried to the I5243 set and can not hear nor answer the call. I have also tried with a digital set and still can not hear the calling user with VMAME SET.
Assign VMAME to set.
Assign Forward No Answer to Voice Mail
Call station and after it forwards to voice mail, and trying talking. You will not hear the caller leaving a message.		When entering the VM AME mode,  MP did not send the audio control message.
So cannot hear the sounds.		We fixed the flow.  MP send the audio start message to IP Phone		1. Assign VMAME to set.
2. Assign Forward No Answer to Voice Mail
3. Call station and after it forwards to voice mail, and trying talking.  You will hear the caller leaving a message.		Bug				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O

		P100523001				16-TRK FLASH ISSUE  
We have a OS7200 MP20 with A 16TRK CARD where ports 5-16 will not flash.
Setup MP20 PROCESSOR
SLOT 1 16DLI
SLOT 2 16TRK
SLOT 3 8TRK
SLOT 4 8COMBO
SLOT 5 16MWSLI
PLUG IN STATION CORD ON FIRST PORT OF 16MWSLI CARD AND WIRE TO PORT 4 OF 16TRK CARD.
ACCESS MMC 406 AND HAVE ALL TRK PORTS RING MWSLI PORT WHERE WIRED.
Dial the trunk port on port 4 of 16trk card.
You will hear dial tone from the 16mwsli card.
dial another station on 16dli card and answer the call
dial the flash key to get dial tone and dial another digital station
you can go back and forworth with the flash key to both sets.
Now wire to port 5 of 16trk card and repeat steps.
When you flash the port 5 thru 16 of the 16trk card,  you will not get dial tone and disconnect the first call.		The number of port is up to 4 on the flash feature with 8TRK2, 16TRK.		The number of port is up to 4 on the flash feature with 8TRK2, 16TRK.		OK		Bug				OS7200		MP20		V4.xx		USA				MP20		V4.51				O								only for MP20

		P100526001				BARGE IN FAILURE 
In v4.46D Software, there is a issue with Barge in.
Say,. that 6759 and 7688 are on a call.
Number 6730 has just barged in on 6759 with no problems.
A new DID call rings on station 6759 but is not answered. It is left to go to voice mail after 3 rings.
When the call routes to voice mail.
The original call between 6759 and 7688 has changed.
7688 can still be heard on station 6730 barged in.
Station 6759 has dial tone after the call was dropped.
6759 and 7688 should have not lost the call.		When waiting call transfered to VM, Opposite Hangup msg generated. This message must be ignored, but there are checking  bug.		Ignore Oppsite Hangup message from waiting call at barge-in state.		OK		Bug				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O

		P100527001				Page Timeout Broke
In V4.46d software, the page timeout timer in MMC 501 has no affect.
You can do a internal page and it will never end without hanging up and hitting finish on the screen.
It should stop after the time out feature for Paging		There is not timeout during internal paging. This operation is specification.		Because of request, MMC 501 page timer will affect during internal paging		1. Set page timer in MMC 501
2. Check the timer affect or not during internal paging.		Req.				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O								only for USA

		P100602001				Virtual SLT ports ring Normal SLT ports 
Attached is a default DB on V4.46d
When you have a pot phone connected to the 8combo card and ring a virtual extension that is in the same slot and port then the pot phone will also ring.
To replicate: 1>connect a pot phone to 8 combo card port 1 ext 217, 2> from another phone dial virtual ext 3509, 3> you will now see that extension 217 starts to ring and it should not.		When ringing a virtual slt, ring message should not be sent to signalling part because there is not physical port.		We check the range of port relatated with ring message. If port is virtual port, ring message will be ignored.		1>connect a pot phone to 8 combo card port 1 ext 217, 
2> from another phone dial virtual ext 3509, 
3> ext 217 will be maintained idle state.		Bug				OS7200		MP20		V4.xx		UK				ALL		V4.51		O		O

		P100615001				MP20S MAIN GRETTING CLICKING
We have reports from Tech Support of Clicking on the MP20S voice mail main greeting when the main greeting is redone.  The default main menu greeting number 1001 sounds great.
The problem is when you re-record the greeting 1001 with a soft voice, you will hear clicking when listening to the greeting.  We have seen this issue on software v4.42,and V4.46d, and V4.49 software.
Only the MP20S is being reported,  no issues on the MP10a processor.
One dealer is spreading the word about this problem.
1.   Rerecord greeting 1001 with a soft voice and listen to the greeting.  You will hear clicking noise and static on the recording.		Source code bug.
MP20s has a different recording algorithm.
APIS module has a buffer and it saves the data from MSP to that buffer.
The buffer size is 1600bytes. If it is full, it will send it to VM_MGI module to save it as a file.
Before sending it, APIS moves the data of the buffer to another buffer to send it to VM_MGI.
But the another buffer size is smaller than previous buffer(exactly it is 14 bytes smaller than previous one)
So, 14bytes data is missing and it is the reason of clicking noise.		The buffer used to exchange data between apis and vm_mgi module is increased.(16 bytes)		1. Record a main greeting(for example, 1001)
2. Listen to it and check the clicking noise.		Bug				OS7200		MP20S		V4.xx		USA				MP20S		V4.51				O								only for MP20S

		P100615003				WIP cannot answer calls 
Cannot answer call to WIP500 handset.
Can make calls ok
Handset rings for incoming call but pressing key to answer does nothing

Issue occured after system upgrade from V4.21toV4.42c
Same issue occured in our lab with customers database and default database. 

System OS7400
WIP5000m V3.11.2
Combo Access Point
WLI card V1.18		system -> wip message struct was changed.
there was a problem that WIP couldn't receive some messages.		We retore the message struct to orginal struct.
WIP can receive and process messages.		OK		Bug				OS7400		MP40		V4.42c		Australia				ALL		V4.51		O		O

		P100617004				UCD Prompts Not clipped  
Prompts on the UCD group are not being clipped when an agent becomes free, I have repliacted the problem in the lab on V4.46d.
On V4.42b the UCD prompt is clipped when an agent becomes free.

Please resolve.		For requst of Russia, Prompts on the UCD group are not being clipped when an agent becomes free.
From V4.50 or V4.51 this will not be applied for UK.		For requst of Russia, Prompts on the UCD group are not being clipped when an agent becomes free.
From V4.50 or V4.51 this will not be applied for UK.		1. Set VMSUCD feature.
2. Make All agents be busy.
3. Call to UCD group and hear UCD prompt
4. Check that Prompts on the UCD group are being clipped when an agent becomes free.		Bug				OS7400		MP40		V4.46d		UK				ALL		V4.51		O		O								only for UK, EU

		P100617006				Auto Answer intermittently not working 
Under certain scenario Auto answer is intermitantly not working and instead an Announce ring mode is being used even though the extension is set to use Auto answer.
This has been replicated in the lab on V4.46d
To replicate: 1. VSLI 3501 fwrd to VM Group, make 3501 announce only mailbox and record a greeting, set no message left destination to Vsli 3502. 2. on 3502 forward to UCD group. 3. configure members of UCD group to use Auto Answer Ring mode. 4. Point DDI to VSLI 3501. 5. Make multiple calls to DDI (in the lab I made 6 multiple calls using ISDN tester), 6. When agent auto answers clear call and wait for next call to auto answer, intermitantly you will see Announce From XXX and extension does not auto answer.
I have found a work around to this problem but in the above scenario why is the extension not always Auto Answering when the call is coming thru the voicemail. DB attached.		System checks whether 2nd opposite port of opposite party is valid or not to prevent station pair answering automatically. If 2nd opposite port is valid, ring mode changes into announce mode.
Because of this procedure ring mode of UCD member becomes announce mode.		Modified to apply this procedure to station port only. 
So if trk port is used, ring mode is Auto Answer mode and the current call is transferred by VM, ring mode is not changed.		OK		Bug				OS7400		MP40		V4.46d		UK				ALL		V4.51		O		O

		P100622003				P100208005 SIP Hold Reinvite does not work correctly for Transfered calls
The solution for P100208005 does not fix the scenario where a call is transfered. In MMC837 if Hold reinvite is disabled the OfficeServ is still sending an Invite message to place a call on hold in v4.46d software when a call transfer is made.

If Hold reinvite is disabled the Officeserv should not send an Invite mesage to place the call on hold when a transfer is made or a call placed on hold.

REgards,

Iain		Hold reinvite option didn't affect to transferred call.		Hold reinvite option will affect to transferred call.
And you have to remember that hold reinvite option affect in case of MPS off.		1. Set MPS Service option to On.
2. Set hold reinvite option to off
3. Check that SIP Hold Reinvite works correctly for Transferred calls		Req.				OS7200		MP20		V4.xx		UK				ALL		V4.51		O		O

		P100622004				Incorrect SMDR code for UCD to UCD abandoned call. On v4.46d
This is similar problem to P100310013.
If a call overflows from a UCD group, to another UCD group and then overflows to VMS UCD for queue message, when the caller is tyransferring to an agent after the VMS UCD group message, if the caller hangs up when the agent phone is ringing, the system sends a 'C' code and not an 'A' code to SMDR.
Please see attached.		if a call to UCD Group and go to final destination which is UCD Group, and the caller hangs up when the agent phone is ringing, the system sends a 'C' code and not an 'A' code to SMDR.		In this case, I change to send a 'A' code instead of 'C' code to SMDR.		UCD Group A : one member, overflow time 1 second, Next Port VMSUCD group, retry count 1, final dest UCD group B
UCD Group B : several members(real agents)
If you make a call to UCD Group and go to final destination which is UCD Group, and the caller hangs up when the agent phone is ringing, the system sends a 'A' code to SMDR.		Req.				OS7400		MP40		V4.46d		UK				ALL		V4.51		O		O								only for UK, EU

		P100629004				SMT IP Phone delayed speech problem.
Logging this for reference - CJ Seo and EZ Kim already aware of the issue.

There is a delay of about 3 seconds when a user answers a call on SMT i phones. 5243/5230 and 5210.

Example: call into a system on alog trunk, answered by an SMTi5243, if the 5243 user says "hello, samsung communications", the caller only hears "mmunications". And the start of the speech is missed.
All software versions of terminals are having the problem.		T-swtich delay timer affected in this problem.		T-switch delay time was be applied to 300 msec in default. This delay time will be not applied.		OK		Bug				IPP						UK				ALL		V4.51		O		O								only for UK, EU

		P100706002				SIP Calls being rejected with a SIP 513 message too big 
On an OS7100 when a call to a SIP extension is routed out over an SIP Trunk the call is being rejected with a 513 message too big error. 

I have attached a SIP trace and a DB from the customer site.

Nimava report that this problem has been seen in v4.46a, v4.46d and v4.46e

Regards,

Iain		When sending re-Invite message, SIP stack puts 2 authorization headers in a message which makes the receiver confused and reject the message.		Right before sending out re-Invite message, SIP stack checks the number of authorization header and if it is more than 2, simply removes the first authorization header.		OK		Bug				OS7100		MP10		V4.46		UK				ALL		V4.51		O		O

		P100708003				Peri UCD stats showing 65xxx unanswered calls  
If there are calls in the queue when performing either a manual Clear Stats or Automatically then the unanswered calls show 65535 unanswered calls.

Replication: 1. setup a UCD group with two members>2. configure peri ucd>3. telnet onto port 5105>4. make a call into UCD group>5. while the call is in the queue use the supervisor key and perform a manual clear data.>6. you will now see the unanswered calls jump to 65535 on the peri stats.

Tested on 7400 V4.46d		There is an error to initialize unanswered calls.
Unanswered call count is calculated by subtracting ringing count from abandoned call count.
If there is an incoming call and supervisor clears ucd data, only abandoned call count is initialized.
So 65535 is shown when subtracting current ringing count from zero count(=abandoned call count).		Modified to add ringing count to initialized unanswered call count when supervisor clears UCD data.
Check with V4.51 S/W.		OK		Bug				OS7400		MP40		V4.46d		UK				ALL		V4.51		O		O

		P100715002				All SMT-i52xx/ Umlauts are missing after hooked off  
Umlauts are not indicated when hooked off at source side --> F lkel. Also when calling an internal user, at opposite/destination side it cannot be displayed ？ same: F lkel. This wrong indication was recognized at destination side terminals: SMT-i5210 / SMT-i5230 and also SMT-i5243		OfficeServ System doesn't support Umlauts characters display.		We change the system to support Umlauts characters of the station name if a IP Phone is the new model to be shown Umlauts characters(SMT-i3100, 5210, 5220, 5230, 5240, 5243) and station language is German.		OK		Req.				IPP						Germany				ALL		V4.51		O		O								only for Germany

		P100724001				MP20 CONFERENCE SQUELL
We have a report from that we can reproduce in our lab with telco analog lines but not 16mwsli ports.
in V4.46d software on the mp20 but not the mp20s processor with the same 16trk or 8trk2.
Start with a analog phone tied to a 16mwsli card,  go off hook and get dial tone,  dial a port on the 8trk2 card and call telco and have someone answer the phone.
Then hit the flash key and get dial tone,  dial the conference code of 46 and get dial tone again.
dial the second analog trunk and complete the call, hit the flash key to conference two outside partys together with the analog set.  No problem at this point.
Then hit the flash key and dial the third analog trunk on the 8trk2 card.
You will get dial tone again and dial a third party, when they answer, hit the flash key to tie the three outside partys together.
At this point, you will hear a squell on the conference that can not be stopped until one of the outside partys drops off.
This can be reproduce with the 16trk card with the same sequence.

The MP20S card with the same cabinet and trunk cards, and analog phone does not have the problem, onnly the mp20 card has this issue.		when being in conference, system didn't control gain.		when being in conference, system will control gain.		OK		Bug				OS7200		MP20		V4.xx		USA				MP20		V4.51				O								only for MP20

		P100728001				OS Operator not displaying CLIP Translation Properly
OS LInk V3.0.0.4
OS Operator V1.3.5.7
OS7100 MP10 V4.46e
Incoming calls are not showing the callers CLIP Translation name when programmed in MMC728 on OS Operator. Instead of showing the name there are some strange characters.
I have tested V4.46d on an MP20 and v4.46e on an MP10 with the same result, when I tested V4.30k on the MP10 then it is working ok. If you have a look at the attached screen shot and logs you can see the CLIP name is not shown properly.		When geting the cid name, garbage data is searched.		When geting the cid name, pointer operation was wrong. So it was fixed.		1. configure cid number and name 
2. making a internal call thru pri trunk
3. check the cid name on OS operator.		Bug				OS7100		MP10		4.46e		UK				ALL		V4.51		O		O

		P100729003				FOLLOW ME FORWARDING ISSUE
We have differences with this feature associated with forwarding that are different than the following forwarding features that work the same way.
Example, FNA, Forward Busy, Forward DND, Forward All, all work the same way with the Chain Forward Option MMC 210, Where the first called station or the forwarded station can be choisen to receive the voice mail. The FOLLOW ME feature will only go the the forwarded stations mailbox unlike the other forward options.
To make this consistent, we would like the FOLLOW ME feature to work with the associated option Chain Forward option in MMC 210 where you can pick which mailbox to deliver the message.
Normally, if someone usesthe FOLLOW ME feature, they would want the message to go the initially called number and not the forwarded stations mailbox.		In case of follow me feature, MMC 210 Chain Forward option didn't affect.		In case of follow me feature, MMC 210 Chain Forward option will affect.		1. Set chain forward option to off.
2. Set follow me feature from station A to station B
  (This means call that go to station B will go to station A)
3. Make a call to Station B, then the call go to station A and FNA to VMS.
4. The message go to initially called number(station A)'s mailbox.		Req.				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O

		P100729004				PAGE SUPPERVISOR FEATURE INTERACTION
We have found a minor issue on the OS7200 MP20 processor with steps.
1. Put three phones in a internal page group.
2. One of the phones has a UCD Supervisor key assigned that receives the page.
3. Page the three sets and finish the page.
4. Have the user with the Supervisor key acess the feature.
5. The set will respond with Dial Tone even with the display of the Supervisor feature.
6. Press the key with the Supervisor key to leave the feature and then re-enter,
7. Dial tone will not be returned the second time.
8. Please correct the software so that Dial tone will not be delivered to the end user after a page		The previous tone still exist.		When processing second tone message, we turn off first tone.		1. Test with above procedure.		Bug				OS7200		MP20		V4.xx		USA				MP20		V4.51				O								only for MP20

		P100807002				CBK with station Pair issue
We are seeing a issue with Call back feature is used with Station Pair feature.
To reproduce, follow the following steps.
1. assign a  station pair with example 6759 paired with 6730.
2. Make a outside call with station 6730.
3. While the station 6730 is on a call, have someone else call 6759 and hear the busy signal.
4. Hit the CBK or call back feature key against set 6759.
5. Hangup the call on station 6730.
6. The call back to the station that set the call back feature will ring and answer that set.
7. Both sets, 6759 and 6730 will ring but the secondary set will not ring the call button.
8. The primary set will ring the call button and the set can be answered that way.
9. The secondary set will ring and can be answered by picking up the receiver but not by hitting any call button.
10. the problem is the secondary set should have its call button light and should be able to be answered by hitting the call button flashing on the secondary set but you cant.		Paired port did not assign a call button when call back ring occured. To assigned a call button is missed.		It was fixed. When paired port rings, call button will light and be flashing.		1. Configure a station pair
2. Make a busy primary port
3. Remain the callback against secondary port.
4. Call button of secondary port will light and be flahing.		Bug				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O

		-				Samsung 2GB SD Card applied		New Feature		New Feature		You can use Samsung 2GB SD Card to OfficeServ System.		Req.														OS7400,OS7200,OS7100		V4.53		O		O		O

		P100803006				Second cabinet trunk ports do not show in trunk group
After a 2 cabinet system is defaulted the trunk ports in the 2nd cabinet do not appear in the default trunk group. (They need to be manually programmed)
Same issue when using PSTN or BRI trunk card in second cab.		When OS7030 is defaulted, if Master cabinet is connected system DB is initialized before Slave cabinet is connected		In this case, system DB is initialized after Slave cabinet is connected.		1. Set up OS7030 Master cabinet and Slave cabinet.
2. Default the system.
3. Check that the trunk ports in the slave cabinet appear in the default 1st trunk group.(MMC 603)		Bug				OS7030		MP		V4.46e		Australia				OS7030		V4.53										O		only OS7030

		P100526001				MP10 v/mail message forward
when using forward option while listening to voicemail message the playback is fast forwarded to end of message rather than correct operation of fast forward for few seconds.
Effects MP10 only		There are a header and voice data in a voice message. A few months ago, the header structure was modified to support new features.
But it makes a problem to calculate the position of voice file that should be played.
If a user press FF,REW or Pause key, the position of file pointer becomes invalid value.
So, a user hears distorted voice.		Calculating position of a voice message is fixed, so it does not have anything with a message header.		1. Leave a message in a mailbox.
2. Log in a mailbox to listen to the new message.
3. Press 7,9 or 8 while listening a message.
4. Please check it works well.		Bug				OS7100 MP10		MP10		V4.46e		Australia				OS7100 MP10		V4.53						O						only MP10

		P100915002				Supervisor key dial tone
We have found a minor issue on the OS7200 MP20 processor with steps.
1.  Put three phones in a internal page group.
2.  One of the phones has a UCD Supervisor key assigned that receives the page.
3.  Page the three sets and finish the page.
4.  Have the user with the Supervisor key acess the feature.
5.  The set will respond with Dial Tone even with the display of the Supervisor feature.
6.  Press the key with the Supervisor key to leave the feature and then re-enter,  
7.  Dial tone will not be returned the second time.
8.  Please correct the software so that Dial tone will not be delivered to the end user after a page.		We had two engine chip. (old engine(7065), new engine(9604))
we set old engine mode, but system installed new engine.		We changed S/W that fixed new engine mode.		ok		Bug				OS7200 MP20		MP20		V4.4xx		USA				OS7200 MP20		V4.53				O								only MP20

		P100910003				IT Tool MMC 831 public rtp port update
OS7100 with OAS card.
IT Tool v1.46d
Configuration 7100 MP10a, UNI card 4TRM & 4DLM, OAS card
Start system up and do a proper initialization
Log into the system using KMMC.
MMC 831 shows the public rtp port as 30,000 for embedded MGI channels and OAS card channels.
Log out of KMMC and use IT Tool to log in. Search for MMC 831 (2.2.2) the public rtp port show as 30,000 for embedded MGI channels and 65535 for the OAS card channels.
Now log in thru KMMC and change the public to something other than 30,000 (ex: 30,333), reset card for it to take effect. 
Log out and log in using IT Tool. The public rtp port show as 65535 instead of 30,333.
It doesn’t matter if you change it thru IT Tool  it will show the same. The changes thru IT Tool  does take effect on the system but if you refresh it will still display 65535 in IT Tool.		In case of OS7100, OAS card work only MGI mode. 
In this case, if you read IT 2.2.2 option, MP S/W check a number of MGI channels.
But counting MGI channels was wrong.		Counting MGI channels in OAS card is fixed.		1. Configuration 7100 MP10a and OAS card
2. Connect IT Tool.
3. Change IT 2.2.2 options and reload it.
4. Check that the options chaged properly.		Bug				OS7100		MP		V4.51		USA				OS7100		V4.53						O						only OS7100

		P100819002				Itool
ITool V1.46d
VMS UCD Timer is not available in ITool

Ok via MMC		ucd vms timer' option is not included.		ucd vms timer' option will be added  at IT 5.14.6.		You can see 'ucd vms timer' option at IT 5.14.6		Bug				ALL		MP		V4.51		Australia				ALL		V4.53		O		O		O		O		O		only Australia and New Zealand

		P100824001				ABW CTI DATAVIEW ISSUE
A user in A UCD group presses their ABW key but Dataview does not get the message on  its CTI link.
We need the ABW to send a message to the DataView to let it know that they are not available for a call.
There is no message being sent for this condition.		When ABW key was pressed, if station state was idle or dial, abw status message was sent to cti.		We modified that abw status message was sent to cti regardless of state when ABW key was pressed,		OK		Bug				ALL		MP		V4.46d		USA				ALL		V4.53		O		O		O		O		O

		P100813001				MMC 119 GROUP DISPLAY
In Software V4.46d software, you can assign in MMC 119 to have line 1 or line 2 set for group display.
If you are using PRI trunking, the display shows the group information for two seconds before display the outside caller id.  If your are using Analog Trunks, the group display stays on the set for the duration of the call. 
The problem is that PRI trunking shows the GROUP display name to short and it is not adjustable.
Can we get the group display to stay on the phone longer.		In case of using PRI trunk, we firstly receive a CID number then receive a CID name info.
At each time, the LCD display is updated. 
There was a problem at second display. Station group data was missed.		We fix the problem that station group data was missed.		OK		Bug				ALL		MP		V4.46d		USA				ALL		V4.53		O		O		O		O		O

		P100914001				OS7030 CLI Incorrect on Analog trunks in Ireland
When using Analogue trunks in Ireland the OfficeServ 7030 is incorrectly inserting a 0 at the beginning of the CLI number on incoming calls. In Ireland on Analogue trunks the network provider will send the 0 if required and as such the officeserv does not need to insert a 0 on incoming calls CLI on analogue Trunks in Ireland.

Please note that CLI calls are handled correctly for ISDN calls.

I have attached a copy of the system DB and original report of the problem from the customer

Regards,

Iain		This issue is a new feature. It was not a specification of officeserv.		It is fixed.  '0' is not inserted for analog trunk when system receive a CLI number		1. Setup OfficeServ using analog trunk.
2. Make a analog trunk call to OfficeServ system.
3. Check that '0' is not inserted on incoming calls.		Bug				ALL		MP		V4.46		UK				ALL		V4.53		O		O		O		O		O		only Ireland and Turkey

		P100909002				SVMi20 Call Recording after a Barge In 
We have a customer who is complaing that they cannot do call-recording using the SVMi20 and Barge into the call at the same time.  Should you be able to do a barge-in into a call and record  the call on the SVMi20 at the same time assuming there are enough conference circuits available

In addition the customer is also complaing that after the barge-in user has left the call so there are only two people in the call it is not possible to do call recording using the SVMi20 by pressing the CR key is this correct.

This issue can be re-created in the lab on a OS7400 system.		Call recording was possible during conversation state and conference state.
Barge-in state is needed to include.		We add Barge-in state to be able to do call recording.		OK		Req.				ALL		MP		V4.46d		UK				ALL		V4.53		O		O		O		O		O

		-				Add self join alarm
When you call in the Conference-system from a trunk, you get an announcement to speak in your name (When you enable the Who am i-Option), but you get no signal when to speak.		SEUK Request.		Modified to hear self join alarm after playing recorded whoamI to all attendees.
so that new participant can recognize when to speak.
(Self join alarm and join alarm are same. => beep tone)		[Previous Join Flow]
Enter the ID/Password - Recording WhoAmI - All attendees could hear Join Alarm and recorded WhoAmI - Join the conference
[New Join Flow]
Enter the ID/Password - Recording WhoAmI - All attendees could hear Join Alarm and recorded WhoAmI - After finishing the recorded WhoAmI, participant can hear Self Join Alarm - Join the conference		Req.				ALL		MP		V4.52		UK						V4.53		O		O								only for CNF24 Card supported system.

		-				Language key code of system parameter is not saved.
Sometimes, language key code of system parameter is not saved after resetting the system.		The application often loads the key code value earlier than the mmc-daemon completes installation of prompts and customized files. So the application displays default value of key code not changed one.		The timing issue is fixed and the application always reads the key code after the mmc-daemon completes installation.		1. Set the country to USA
2. Log in Web Management and go to VM/AA
3. Open System Parameter → Language tab
4. Change the key code of language and press save button
5. Run "Save application" and reset the system.
6. Check the key code. The value should be changed.		Bug				ALL		MP		-		USA				OS7100 MP10		V4.53						O						only MP10

		-				WiFi Phone Registration Problem after power off/on
SIP mode's WiFi Phone was not registered after power off/on		Connected WiFi phone number for license key was counted in duplicate		Connected WiFi phone numbers for license key is fixed.		Connected WiFi phone numbers for license key is fixed.		Bug				ALL		OS7070		V4.43a		S.Africa				ALL		V4.53		O		O		O		O		O

		-				WiFi Phone Registration Problem after temp License is expired
WiFi Phone was not registered after temp License is expired		WiFi Phone was not registered after temp License is expired		Connected WiFi phone number for license key was counted incorrectly		How to count Connected WiFi phone numbers for license key is fixed.		Bug				ALL		MP		-		-				ALL		V4.53		O		O		O		O		O

		-				Diversion Header Support in Mobex Call
Diversion header is missing in outbound Mobex call. Vodacom requires the diversion header appeared in the INVITE message from the OfficeServ.		Mobex call was not considered to be a forwarded call and thus there was no scheme to apply diversion header to the mobex outbound call..		In case of Mobex outbound, diversion header is added, and it is confirmed by Vodacom.		1. Configure Mobex call
2. Make an inbound call to the Mobex number
3. Check the ethereal trace that the Mobex Invite contains the diversion header.		Req.				ALL		MP10a		V4.51		UK				ALL		V4.53		O		O		O		O		O

		-				E164 number support for Finland
E164 number system should be supported when the country code is set to Finland		E164 number system was available only for USA.		When the OfficeServ's country code is set to Finland and E164 database field is set to ENABLE, all the dialed number will be automatically converted to e164 format.		1. Set the country code to Finland
2. Make the trunk outbound call
3. Check the ethereal trace that the dialed number is converted to e164 format.		Req.				ALL		MP10a		V4.51		UK				ALL		V4.53		O		O		O		O		O		only Finland

		-				Add MMC516 (Tone Cadence set)
OS7200/7400 systems can modify tone cadence, but OS7100/7030/7070/MP20S systems cannot modify tone cadence.		New Feature		We add MMC516(tone cadence setting) for OS7100/7030/7070/MP20S systems.		1. Enter MMC516.
2. Select busy tone.
3. Modify tone cadence.(Min on-time/ Max on-time/ Min off-time/ Max off-time)
4. Check the busy tone detection..		Req.				ALL		MP10a		V4.51		-				ALL		V4.53				O
(MP20s)		O		O		O		only Linux System

		-				52XX station's one-way speech 
station A, B are same group and these stations are enbloc mode. 
One call route to this station group 
station A is ringing and station B pick up the call
After this pick-up, when station A make a call, station A happens one-way speech.		when IPP ringing, system sends MIC off, Speaker off message to IPP 
And after this pick-up, when station A make a call, system must send MIC on message to Station A. But system didn't MIC on message.		In this case, system send MIC on message to IPP		1. Setup two 52XX stations(Station A, Station B) as enbloc mode.
2. Make a station group using these 52XX stations.
3. Make a call to route this station group
3. station A is ringing and station B pick up the call
4. After this pick-up, Station A make a call
5. This call don't have any voice problem.		Bug				ALL		MP		V4.51		KOREA				ALL		V4.53		O		O		O		O		O

		-				voice prompt distortion on the MP20S VM ports
we found out a critical issue on field related to voice prompt distortion on the MP20S VM ports.
We could simply reproduce it following the below steps:
1. System configuration
    slot 0: MP20S (V4.46x or V4.51)     slot 1: UNI (BRM-DLM-SLM)
    slot 2: 16 SLI2                     slot 3: 16 SLI2
    slot 4: 16SLI2                      slot 5: empty (or 16SLI2)

When the prompt distortion happens then you can also see the VM port answering the call is different with the one you called,
Moreover, although you are talking with 302, the real busy port is 301.
It seems that the system wrongs the VM ports allocation at the boot up procedure.		In this case, message queue overflow happens. This makes a prompt distortion and VM port mis-allocation		When MP20S boot up, system download tel number information to VM module in duplicate. One is after SLI port initialization, and another is after receiving VM start message from VM module.
tel number download after SLI port initialization will be removed.		1. start OS7200 with MP20s.
2. call VM port number (301, 302....306) and check voice prompt quality.
3. VM Port allocation and VM's voice prompt quality are good.		Bug				OS7200		MP20s		V4.51		ITALY				OS7200 MP20s		V4.53				O
(MP20s)								only MP20s

		-				7070 SLI Port plug-out
7070 SLI Port lock-up occurs one time per 1 ~ 2 days.
SLI ports goes on plug-out status. (If they call from keyset on it then they found Plug Out message)
After restarting, the system is OK till next time.		SLI Port's diagnostic status was wrong.		We fix SLI Port's diagnostic status.		1. Setup OS7070 with SLI port.
2. Connect SLT to SLI ports and use them.
3. After 1 ~ 2 days, the SLI ports work fine.		Bug				OS7070		MP		V4.51		RUSSIA				OS7070		V4.53								O				only OS7070

		-				OS7200 SPNET FAX Problem.
When old MGI card is located in LCP cabinet, receiving a FAX call through SPNET have a problem.		When old MGI card is located in LCP cabinet, received MGCP message's channel information from MGI was wrong.		In this case, system make a channel information from MGI's lpm_port number.		1. Setup OS7200 with LCP cabinet.
2. Old MGI card is located in LCP cabinet..
3. Receive a FAX call through SPNET.
4. Received fax data is ok.		Bug				OS7200		MCP, MP20		V4.51		RUSSIA				OS7200 MP20s		V4.53				O
(MCP,MP20)								only MP20, MCP

		-				Apply new msp file to CNF24 card.
Required voice quality improvement.(noise suuppression, Auto Gain Control feature)		voice quality improvement.		Apply new msp file which is applied voice quality improvement.
(noise suuppression, Auto Gain Control feature)		Check voice quality during Meet-Me conference.		Req.				CNF24										CNF24		V1.01

		-				[DM] Change FTP Port for NAT
In the case 1 more than systems are in NAT, only 1 system use FTP.		STA Request.		Change FTP Port with setup screen in DM		1. System is in NAT. 
2. Set the NAT ( System's FTP Port )
3. Add the site with FTP Port in setup screen.
4. DM connection is OK.
( If FTP connection is error, display error message.)		Req.				OS7400, OS7200 MP20, MP20s		MP40, MP20, MP20s		V4.52		USA				OS7400, OS7200 MP20, MP20s		V4.53		O		O
(MP20,MP20s)								only MP40, MP20, MP20s

		-				[DM] DM Package files can upload with File Control Menu.
DM Package files can upload with File Control Menu for 7200 / 7400 system.		STA Request.		DM Package files can upload with File Control Menu.
( AccessDB.exe, osdm.jar, osdm.jnlp, osdm_public.jnlp, osdmhelp.jar )
If osdm.jnlp and osdm_public.jnlp is upload, system must be reboot.
So, these 2 files can't not upload. If you want to upload these 2 files, you must delete them.		1. Execute File Control Menu.
2. Select DM Files in Program Tab.
3. Execute Upload
4. Uploaded DM Files display in File Control Menu.		Req.				OS7400, OS7200 MP20, MP20s		MP40, MP20, MP20s		V4.52		USA				OS7400, OS7200 MP20, MP20s		V4.53		O		O
(MP20,MP20s)								only MP40, MP20, MP20s

		-				[DM] Add the Sort Function.
email address 9.1.6 section will not put extensions is a sequencial mode like IT-tools does.		STA Request.		Add the Sort Function.		1. Open page using Tel Number. ( ex. 5.15.1 )
2. Click the Sort Icon on Page.		Req.				OS7400, OS7200 MP20, MP20s		MP40, MP20, MP20s		V4.52						OS7400, OS7200 MP20, MP20s		V4.53		O		O
(MP20,MP20s)								only MP40, MP20, MP20s

		-				[DM] Input password 3 times without closing login screen.
If input invalid password, execute login screen again.		improvement		Input password 3 times without closing login screen. With 3rd invalid password, close DM.		1. Try input the invalid password.
2. With 3rd invalid password, close DM.		Req.				OS7400, OS7200 MP20, MP20s		MP40, MP20, MP20s		V4.52		USA				OS7400, OS7200 MP20, MP20s		V4.53		O		O
(MP20,MP20s)								only MP40, MP20, MP20s

						[CNF24] STA "Who am I Request" prompt
STA wants to change "Who am I Request" announcement as "Please record your name and then press the pound key."
=> Previous announcement is "Please record a greeting message and then press the pound key."		STA request		Apply modified whoamI request prompt.		1. Connect CNF24 card by ftp. (ID:admin, PW:samsung)
2. Go /mnt/nand0/prompt and copy new 0004.snd file.
3. Start to join Meet-Me conference and check the new prompt is applied well.						CNF24										CNF24		V1.01

		-				Busy Tone Frequency Option is Added
OfficeServ system's Busy Tone Frequency depends on system's country code. 
Therefore you cannot change it unless you change system's country code.		OfficeServ system's Busy Tone Frequency depends on Country code.		You can change system's Busy Tone Frequency by MMC 861 BUSY TONE FREQ option.		1. Change system's busy tone frequency MMC 861 BUSY TONE FREQ option.
2. This busy tone frequency base on country code.		Req.				ALL		MP				PERU				ALL		V4.53		O		O		O		O		O		only Central and South America

		-				SVM Max Message
Maximum number message of mclass block does not work. If it is set to 2, a user still can record messages more than 5.		That feature is described in manual, but actual program worked in different way.		It's fixed to limit max number messages according to the manual description.		1. Set "Maximum number messages" to 2 in Standard mclass block.
2. Leave a message to your mailbox.
3. SVM should not allow leaving more than 2 messages. I mean, 3 or 4 etc. not 2.
4. A subscriber will hear "message storage full" condition when he log on his mailbox and if his mailbox is full.		Req.				ALL		MP		V4.51		PA				ALL		V4.53		O		O		O		O		O

		-				Change invalid conference ID prompt		STA request		In the previous version, when participant dials wrong conference ID, system plays error announcement as "Sorry. That is not a valid entry."
But in the new version, "Sorry, that is not a valid Conference ID.  Please check the ID and call back again. Goodbye, and thank you for calling." will be heard.
(New prompt is 0008.snd for USA and 0208.snd for UK.)		1. Upload new prompt(0008 and 0208) to CNF24 card.
2. Dial the wrong conference ID on purpose to hear new error announcement.		Req.				CNF24		CNF24		V1.00		STA				CNF24		V1.01

		P101112003				MP20S prints out the room status and the wake up call set up for 40 stations only 
MP20S prints out the room status and the wake up call set up for only 40 stations
Operation (step by step sequence to reproduce a problem)
1. Install suitable card, set country to ITALY and start OfficeServ 7200/MP20S by default.
2. Connect a DGP to a DM/DLI port
3. Enable Hotel service, set the DGP as administrator and more than 40 guest rooms
4. Assign Hotel button to DGP
5. Connect the port 5106 by tenet and execute the print out status of available rooms
== print out status stops to the 40th rooms ==
6. Print out other room status and wake up setting		the number of extension is restricted per each model when you use hotel feature. But MP20s comes from MP10a whose number is 40 extension.		We now increased it to 100 extension like as OS7200 MP20.
For your reference, the following is the number of extension per model.

- OS7400 : 500 Extensions
- OS7200 : 100 Extensions
- OS7100, OS7070 : 40 Extensions
- OS7030 : 20 Extensions		OK		Bug				OS7200 MP20s		MP		V4.51		ITALY				OS720 MP20s		V4.53				O
(MP20s)								only MP20s

		P101030001				STATION PAIR and Call Coverage 
We have a issue with Station Pair and Call Coverage.
With two stations in STation pair,  if you assign the feature Call Coverage to one of the two stations paired, the station that has call coverage to these numbers will flash but not ring.
We would like the two stations in station pair to be able to be set with Call Coverage on another station.
If no phones are in station pair, than the call Coverage feature works fine.		Both of Station Paired phones  try to control CC key.
Only original phone should control CC key.		Only original phone control CC key.		1. Set station pair feature to station 2001 and station 2002.
2. Set CC2001 Key to station 2003.
3. Make a call to station 2001 from station 2004.
4. Station 2003 will flash and ring from CC key.		Bug				ALL		MP		V4.51		USA				ALL		V4.53		O		O		O		O		O

		P100915001				NND feature while doing auto record cause lost calls 
Tested on all 3-7000 series phone system Tested on sw v4.46d (released) and v4.51(beta) MMC 701 COS1 useable feature VM REC and VM AREC set to YES MMC 743  ext 201 set to auto record to mailbox 201; both inbound and outbound traffic.
MMC 722 assign NND to ext 201. Note: softkey can be used too.
MMC 414 assign called id analog trunks, using PRI nothing to turn on fails using them too.
Ext 201 answers a incoming call, auto answer feature is activated. Ext 201 user presses the NND no problem they can see CID info. When the screen times out from them pressing the NND it goes back to normal (conf page mute). If ext 201 user press the NND button again they have audio until the display returns to normal. 
At this point the inside and outside parties hears silence. The call isn’t put on hold because there is no MOH heard. Ext 201 can press the call button or DT and they can’t retrieve the call. Ext 201 will have to press the hold button on their phone and then go back off hook to get their call back.		There was a t-switch control bug while CID display retrun to normal display using NND(on AREC).		t-switch control bug is fixed.		OK		Bug				ALL		MP		V4.51		USA				ALL		V4.53		O		O		O		O		O

		-				Called Number Plan & Type option of PRI, BRI is shown in OfficeServ Linux System.		Requirement from Russia.		In case of Russia, New Zealand, Called Number Plan & Type option of PRI, BRI is shown in Linux System.		1. Set up OfficeServ Linux system. (OS7100, OS7070, OS7030, OS7200 MP20s)
2. Set country code to Russia or New Zealand.
3. You can see Called Number Plan & Type option of PRI, BRI options from KMMC 
   or IT		Req.				OS7070		MP		V4.51		RUSSIA				OS7200 MP20s, OS7100, OS7070, OS7030		V4.53				O
(MP20s)		O		O		O		only Linux System

		-				MCONF Unsupervised Conference Problem
There are no audio problem when Unsupervised Conference with MCONF key. 
See below STA report.

=== STA Report ====
1.The Secretary sets up the conference for the manager.
2.They are the ones that start the conference and add the users.
3.Here are the steps to reproduce this error.
A.Have secretary make the first Call to the end user.
B.They hit their MCONF feature to access the conference card and get dial tone.
C.They dial the second party and after answer, hit their MCONF feature again to add the parties together.
D.They repeat this process until all the parties have been joined.  This works up to this point.
E.The Secretary then leaves the conference called Un-Supervised conference.
F.The secretary does this by hitting the MCONF key and then the HOLD key and finally their CALL KEY. 
G.The Call key flashes but the conference is working.
H.The secretary then rejoins the conference by hitting the Call key.
I.At this point all audio to the users has stopped and no audio on any conference card feature until the card has been restarted.		There are no consideration about Unsupervised Conference when using MCONF.		There are problems about MPS release, LED control, and CNF24 channel management when Unsupervised Conference with MCONF key. This is fixed all.		Unsupervised Conference Test with MCONF key		Bug				OS7400, OS7200 MP20, MP20s		MP40, MP20, MP20s		V4.52		USA				OS7400, OS7200 MP20, MP20s		V4.53		O		O
(MP20,MP20s)								only MP40, MP20, MP20s

		-				Caller didn't hear ringback tone.
When caller dialled other user then if another user did hook-off, caller didn't hear ringback tone.		When another user did hook-off, MP20 system unintentionally disconnected ringback tone		We modifed that system didn't affect caller.		1) Off-hook on 201 DLI port and dial ohter user.
2) Hear the ring back tones cadences and dialed user is ringing.
3) In same time just off-hook on another user.
4) Check 201 DLI tone.		Bug				OS7200 MP20		MP20		V4.51		RUSSIA				OS7200		V4.53				O
(MP20)								only OS7200 MP20

		R1				SVMi-20i card is now available.		SVMi-20E will be unavailable.		SVMi-20i card is developed.		1. Install the SVMi-20i card.
2. Dial SVMi and test recording, playback or other features.		Req.				OS7400,OS7200(MP20)						ALL				OS7400,OS7200(MP20)		V4.60		O		O

		R2				MP20s Watchdog Restart.		The DTMF buffer was overflowed when system received DTMF repeatedly within DIAL PASS TM.		We enlarge the DTMF buffer, and prevent overflow.		1. Seizure TRK via SLT
2. Send DTMF repeatedly.		Bug.				OS7200		MP20s		-		USA				MP20s,MP10a,MP11,OS7070,OS7030		V4.60				O		O		O		O

		R3				Mobile Client		New feature		Provide mobile enterprise services as below.
(1) Basic SIP station call features (such as hold, resume, transfer, call forward setting, direct/group pickup, dnd setting, multi-ring, missed call indication)
(2) Mobile enterprise main features
(Move, One-step transfer, unregistered forward, smart routing)		1. Set WiFi environment.
2. Make mobile and login profile in DM 5.2.23 and 5.2.24.
3. Install mobile client on FMC phone and start provisioning to get system profiles.		Req.				OS7400						ALL				OS7400		V4.60		O

		R4.1				No-MGI Hold Tone/ Ringbacktone		New feature		You can use No-MGI solution without MGI channel		1. Make a viop trunk call to ipp station.
2. check the rtg packet and hear ringback tone		Req.				ALL						ALL						V4.60		O		O		O		O		O

		R5.1				Plug and Play for IP phone		New feature		Provide 3 types of PNP mode.
(1) Pre-Macaddr : neet to input phone mac address as its user id.
(2) Auto PNP : system find free user id and connect IP phone with this user id automatically.
(3) Normal Login : phone tries to connect PNP mode at first, but changes its display to get user id and password like normal login procedure.		1. Set PNP mode in MMC 841.		Req.				ALL						ALL				ALL		V4.60		O		O		O		O		O

		R5.3				IP phone auto upgrade		New feature		Provide auto upgrade menu regardless of ip phone type.		1. Input upgrade server ip in MMMC841.
2. In MMC914, set upgrade server type(TFTP/HTTP), and request auto upgrade to all connected IP phones.		Req.				ALL						ALL				ALL		V4.60		O		O		O		O		O

		R7.1				Request for supporting SIP TLS						1. Prepare SIP server which supports TLS connection.
2. Configure "DM 5.2.13 SIP Carrier Options" with the prepared SIP server. Especially, "SIP Signal Type" should be "TLS".
3. Verify that "SIP Service Available" in "DM 5.2.13" has changed to "YES".
4. Make SIP trunk outgoing call and incomming call.
5. Verify that the calls has been established successfully.		Req.				OS7400,OS7200(MP20)						ALL				OS7400,OS7200(MP20)		V4.60		O		O

		R7.2				Supporting sRTP (AES 128)		New feature		Supporting sRTP (AES 128)
Devices suppoting sRTP
- OSPP IPP : 2200, 5210, 5220, 5230, 5240, 5243, 3100
- OSPP WIP : 5120
- MGI16/64, OAS(MGI,RTG), Embedded MGI,RTG
- SVMi-20i
- IP-UMS
- SPNET, SIP Station/Trunk		1. Setup sutable cards and stations.
2. Configure following options.
- Select DM 2.1.5 System Options' sRTP Algorithm to AES128 
- Select DM 5.2.16 MGI Options' USE sRTP to Enable.
- Select DM 5.2.21 SVMi-20i Options' USE sRTP to Enable.
- Select DM 2.7.1 ITP Information's USE sRTP to Enable.
- Select DM 2.7.3 WIP Information's USE sRTP to Enable.
- Select DM 3.3.1 System Link ID's USE sRTP to Enable.
3. Check VoIP call's RTP/sRTP packet.		Req.				OS7400,OS7200(MP20)						ALL				OS7400,OS7200(MP20)		V4.60		O		O

		R8.1				Supporting Multi Carrier SIP registration		New feature		You can register 4 each SIP carriers. And you can select one specific sip carrier to make a call.
For this, DM 4.1.2 Trunk Groups' ISP Selection is added.		1. Setup DM 5.2.13 SIP Carrier Options for each carrier.
2. set DM 4.1.2 Trunk Groups' ISP Selection.
3. Make a call to specific carrier.		Req.				ALL						ALL				ALL		V4.60		O		O		O		O		O

		N100430002				Change the 480 Sip Message.		When system received 480 sip message, system show "Opposite Hangup"		"Opposite Hangup" message change to "Net Optaget".		1. Make a call with SIP trunk.
2. Plug out the mgi lan port.
3. Check the display.		Req.										Denmark				MP20s,MP10a,MP11,OS7070,OS7030		V4.60		O		O		O		O		O

		R8.3				Voice Band Data Mode through SIP trunk		New feature		You can use VBD feature in SIP Trunk.		1. Set "VBD" in DM5.2.6
2. Test Fax Call		Req.				ALL						ALL				ALL		v4.60		O		O		O		O		O

		R8.4				Privacy header options for outgoing SIP trunk calls						1. Set "CID Send" to "NO" in "DM 2.5.1 Station Data".
2. Make SIP trunk outgoing call from the station.
3. Verify that the outgoing INVITE has included "Privacy" header option with "id;critical".		Req.				ALL						ALL				ALL		V4.60		O		O		O		O		O

		R8.5				SIP peering option		New feature		Tandem between SIP/H.323 calls can be allowed by VoIP Tandem option which is newly added in MMC833.		1. Set VoIP Tandem in MMC833.
2. When SIP/H.323 call tries to tandem to SIP/H.323, system checks VoIP Tandem of outgoing SIP/H.323 call. If this option is disabled, current call can't tandem.		Req.				ALL						ALL				ALL		V4.60		O		O		O		O		O

		R8.6				Selectable codec for SIP trunk calls		New feature		You can select codec for SIP trunk.
1) DM 5.2.13 SIP Carrier Options' CODEC PR1~ CODEC PR4
2) DM 5.2.12 SIP Stack/Ext/Trunk Options - SIP Trunk Configuration  's CODEC PR1~ CODEC PR4		1. You can select codec for SIP trunk. Change SIP trunk's codec options.
2. Check that right codec is selected for SIP trunk.		Req.				ALL						ALL				ALL		V4.60		O		O		O		O		O

		N101116006				MOBEX Callback		New feature		MOBEX user dials to the system and if MOBEX certification is completed, system disconnects the call and make a call to MOBEX station. If MOBEX user answers the call, the user hears dial tone and can make a call without charging.		refer to the modification.		Req.				ALL						ALL				ALL		V4.60		O		O		O		O		O

		N090625013				MOBEX scheduling		New feature		MOBEX station and its master can ring at the same time. But this simultaneous ring is restricted by MOBEX scheduling time.		In MMC517, input MOBEX scheduling time.		Req.				ALL						ALL				ALL		V4.60		O		O		O		O		O

		R9.3				MOBEX ring group busy		New feature		If MOBEX station is busy, its master can be busy by following MOBEX RING GROUP BUSY option.		Set MOBEX ring group busy in MMC328.		Req.				ALL						ALL				ALL		V4.60		O		O		O		O		O

		N090625012				STA needs ability to set what type of calls can ring MOBEX stn.		New feature		R9.4
* MMC128 Mobex Caller 
  - STN->STN : In case of calling from the Station to Mobex Master
  - STN->SGP : In case of calling from the Station to Mobex Master which is the member of Station Group
  - TRK->STN : In case of calling from outside caller through Trunk to Mobex Master
  - TRK->SGP :  In case of calling from outside caller through Trunk to Mobex Master which is the member of Station Group
  - NET->STN :  In case of calling from outside caller through SPnet to Mobex Master
  - NET->SGP :  In case of calling from outside caller through SPnet to Mobex Master which is the member of Station Group
* Default Value
   - STN→STN : YES
   - STN->SGP : NO 
   - TRK->STN : YES
   - TRK->SGP : NO
   - NET->STN : YES
   - NET->SGP : NO		1. STN->STN 옵션이 No인 경우 
   내선이 Mobex Master를 호출하는 경우 Mobex Master만 호출되고 Ring Group 
   Member에 링이 울리지 않는다.
2. STN->SGP 옵션이 Yes인 경우 
   내선이 내선그룹 호출 시 멤버인 Mobex Master와 Ring Group Member에 링이 
   울린다.
3. TRK->STN 옵션이 No인 경우 
   내선이 Mobex Master를 호출하는 경우 Mobex Extension에 링이 울리지 않는다
4. TRK->SGP 옵션이 YES인 경우 
   국선이 내선그룹 호출 시 멤버인 Mobex Master와 Ring Group Member에 링이 
   울린다.
5. NET->STN 옵션이 No인 경우 
   Spnet이 Mobex Master를 호출하는 경우 Mobex Master만 호출되고 Ring Group 
   Member에 링이 울리지 않는다.
6. NET->SGP 옵션이 Yes인 경우 
   Spnet이 내선그룹 호출 시 멤버인 Mobex Master를 호출하는 경우 Mobex 
   Master와 Ring Group Member에 링이 울린다.		Req.				ALL		MP				STA				ALL		V4.60		O		O		O		O		O

		N101115002
N101123005				Authorize MOBEX by CLI Ringing Table		Implement Mobex authorization by CLI Ringing table by enabling MOBEX code as destination in MMC759 (IT3.2.5).
Several customers who want to use the MobEx executive feature have not an additional telephone number to dedicate to the service. CLI Ringing table already allows to route the call by CLI entries.		R9.5
Mobex Feature Code can be assigned on Destination of CLI RINGING in MMC759.		1. MMC714 DID DIGIT에 DID DIGIT를 입력한다.
2. MMC759 CLI RINGING의 착신 CLI를 입력한다. Destination에 Mobex Feature 
   Code를 설정한다.
3. PRI를 통해 착신 시키면 Mobex Dail Tone이 정상적으로 들리며  Mobex 인증
   방법에 따라 동작된다.		Req.				ALL		MP				SEI, SEG				ALL		V4.60		O		O		O		O		O

		N090625008				Recommend to change MOBEX feature code displays		make a selection
ON             OFF		MOBEX
ON          OFF		1. In MMC724, set Mobex feature code.
2. Press the feature code.
3. Check the display.		Req.										STA				MP20s,MP10a,MP11,OS7070,OS7030		V4.60		O		O		O		O		O

		R10.1				Supporting H.264 codec to Video SIP Phone		New feature		You can use Video SIP Station supporting H.264 codec.		1. Make a video call between SIP station supporting H.264
2. Check that H.264 video call is made.		Req.				ALL						ALL				ALL		V4.60		O		O		O		O		O

		R10.2				Sending DTMF to SIP Phone		New feature		You can send DTMF to SIP Station.		1. Select DM 2.7.2's DTMF type
2. Check that system send right DTMF to SIP station.		Req.				ALL						ALL				ALL		V4.60		O		O		O		O		O

		R11				CNF24 Enhancements		New feature		Add requirements
1. Outlook 2010.
2. Retry routine of Conference ID and Password.
3. Add Prompt Languages.
4. Email Template.
5. Time zone
6. Kick out option (Keep/Clean)
7. CNF24 port status menu
8. Summer time				Req.				ALL						ALL				ALL		V4.60		O		O		O		O		O

		R13.2				Single Address book and calendar features are added		Provide single Address book and calendar features across all system components, KSU, SMT Terminals and Applications.		MMC768 PHONE BOOK 추가 
  - 전화번호 입력
  - 전화번호 Name입력 
  - 전화기의 시스템 폰북의 카테고리 입력		* MMC768 PHONE BOOK 설정 
  - 해당 MMC에서 전화번호 입력-> 전화번호 Name입력-> 폰북 카테고리 입력
  - 100개까지 지정 가능함
  - UPDATE TO PHONE 옵션을 Yes하면 Phone Book생성 및 전화기에 Update요청을 
    함		Req.				ALL		MP				Plant				ALL		V4.60		O		O		O		O		O

		R13.3				Add SIP Trunk Error Alarm		Add alarm log about sip registration/deregistration				1. register/deregister sip phone.
2. Check DM6.1.1.												SEUK				MP20s,MP10a,MP11,OS7070,OS7030		V4.60		O		O		O		O		O

		R13.5				Modify default value for each country.		1. Set Menu 5.14.4 DID Busy Route value default = off 
2. Change to CoS of VMS ports		1. Set DM 5.14.4 DID Busy Route value default (On -> Off) 
2. Change to CoS of VMS ports
(1 -> 30)		1. 1. Set the Country in Germany
1. 2. Check the DM5.14.4

2.1. Set the Country in Italy
2.2. Check the DM 4.7.1.																MP20s,MP10a,MP11,OS7070,OS7030		V4.60		O		O		O		O		O

		R13.7				Separating SIP Trunking and Peering port		New feature		You can separate SIP Trunking and Peering port.
1. DM 5.2.13 SIP Carrier Options's SIP Trunk Max Channel
2. DM 5.2.12 SIP Stack/Ext/Trunk Options - SIP Trunk Configuration's SIP Trunk Max Channel		1. Set  DM 5.2.13 SIP Carrier Options's SIP Trunk Max Channel and DM 5.2.12 SIP Stack/Ext/Trunk Options - SIP Trunk Configuration's SIP Trunk Max Channel
2. Check that SIP trunk  have limitation to available channel no.		Req.				ALL						ALL				ALL		V4.60		O		O		O		O		O

		R13.9				DID Limit Count per Ring Plan is added		UK has previously requested this and  Resellers also request that the Max call on DDI is improved and extended to be "per Ring Plan"		MMC714 DID DIGIT에 Max Call Count 구분함.
  - Max Call Count를 MC1, MC2 ~ MC6로 늘림.
  - 00 ~ 99까지 입력된다.		1. Ring Plan을 설정한다.
2. PRI/BRI/VOIP호를 착신시킨다 
3. Ring Plan별로 착신 호에 대한 Limit Count가 다르게 동작한다.		Req.				ALL		MP				SEUK				ALL		V4.60		O		O		O		O		O

		R13.10				UCD Queue Limit Count feature is added		We already have Max call to DDI, But our resellers request a Max call in queue function.
THIS HAS ALREADY BEEN REQUESTED DUE TO THE HEALTHCARE BUSINESS IN THE UK - THIS FEATURE IS A COMMON FEATURE REQUEST IN THE DOCTOR'S SURGERY ENVIRONMENT IN THE UK		MMC607 UCD OPTIONS에 Limit 옵션 추가 
  - LIMIT COUNT : 99 (default), 0~99까지 입력 가능함.
  - LIMIT DEST : NONE (default), Station/StationGroup 입력 가능함		1. UCD그룹 호 착신 시 limit count를 주어 착신제한을 준다.
2. Limit Count를 넘어가는 호는 Limit Destination으로 전환된다.		Req.				ALL		MP				SEUK				ALL		V4.60		O		O		O		O		O

		P110204001				Ticket 10313 - Virtual port Mailbox delete
A virtual key extension will have its mailbox deleted when you do a station relocate, when using the embedded voicemail.
Please see attached document:
Ticket 10313 - Voicemail Virtual Mailbox delete		Some mailbox/ext creation messages didn't delivered to VM.
problem : When MP sends many IPC message to VM at once, some messages are lost because of limited IPC buffer size.		More IPC messages can be delivered to VM throuth IPC message size optimization.		OK		Bug				ALL						UK				ALL		V4.60		O		O		O		O		O

		P110825001				PWP Scheduling Issue
with V4.53c software, trying to schedule a conference for the next week will not work.
The system will not respond when you try to select the next week.
Downgrading to V4.53b fixes the issue.  
Please fix for V4.60 software.		Not Reproducible		Not Reproducible		Not Reproducible												USA

		P110715004				Wrapup timer
When an inbound UCD call is transfered by the user to another user, the wrapup timer does not work. The UCD user who transfered the call does not go into wrapup. This occurs on the Officeserv 7100, 7200 and 7400 on V4.53b and V4.46d		New feature		It was fixed. 
When an inbound UCD call is transfered by the user to another user, the wrapup timer will work correctly.		1. incoming ucd call and station A answer.
2. transfer a call to another
3. incoming ucd call and Station A will not be ringing during wrapup time		Req.				ALL						UK				ALL		V4.60		O		O		O		O		O

		P110413004				LCR code on Disply
When dialling out from a SMTI-5210, the lcr code being sent to line is being displayed on the handset before the number dialled.		On lcr mode lcd should be displayed except deleted modified digit. There has been a problem since V4.40.		It was fixed.  Modified digit was not displayed.		1. Set the lcr feature with analog trunk group.
2. Dial the lcr digit.
3. Press digits  
4. LCD will dispaly with pressed digits		Bug				ALL						UK				ALL		V4.60		O		O		O		O		O

		P110614001				Multiple connections via IT Tool
When connected to the OS7000 system via the ITTool I am disconnected if someone else connects even if they select no to disconnect current user.		When system has a another connection via IT, new socket will be closed. This problem was caused by control fault.		When system has a another connection via IT, new socket will be closed. This problem was caused by control fault.		ok		Bug				ALL						UK				ALL		V4.60		O		O		O		O		O

		P110816001				MMC 741 options will not execute thru pc programming
7200/7400 version 4.53c and 20E

In this scenario we have a 7400 on version 4.53c with 20E installed.
Log into voicemail and go to the port activity screen. From the port activity screen you will be able to see extensions and/or mailboxes added or deleted.
Log in using either device manager or IT Tool. Go to MMC 741 an extension is set to BOTH. This means an extension and mailbox should exist for the subscriber in the voicemail.
In MMC 741 extension 2005 is set to BOTH; if the option is changed to NONE and then saved the mailbox and extension stays in the voicemail. 
If you make this same change thru a keyset and then right soft key to save and confirm it, the change happens immediately in voicemail.
You can see in voice mail port activity that the mailbox and extension are deleted.		Although mailbox/ext info of stations are not changed, All stations messages are sent to VM. 
In this case, too many IPC messages are occured so some messages may be lost		MP don't send a IPC messages to VM if mailbox/ext info is not chaged.
The number of IPC message are reduced quite		ok		Bug				ALL						USA				ALL		V4.60		O		O		O		O		O

		P110816002				Unsupervised Conference Bridge
7400 with SIP trunks and/or PRI with 4.53c software
7200S with PRI with 4.53c software 

Set up a conference call with the CONF or MCONF key.  
Use 1 internal station; make a trunk call, once established, press CONF or MCONF key; make another trunk call, press CONF or MCONF key; and make 1 final trunk call. You will now have 1 internal station and 3 trunks in the conference.
The CALL key along with the CONF or MCONF key will be lit depending on which key you chose to set it up.
In order to leave the conference unsupervised; press the CONF or MCONF key and your active lit CALL key.
Once out of the conference the CONF or MCONF key now flashes. The CALL key will be out because you are not actively in the conference.
Press the CONF or MCONF key again to rejoin the conference.
You can rejoin the conference this time but the CALL key will not be lit.
You will not be able to leave the conference unsupervised again.
You can add the final party to the conference using CONF or MCONF key if you wish. 
You can only leave the conference once with 4 members.		There are bug that don't lit CALL key after rejoin unsuppervised conference.		Add code to lit CALL key after rejoin unsuppervised conference.		ok		Bug				ALL						USA				ALL		V4.60		O		O		O		O		O

		P110716002				SPNET TOLL RESTRICTION  
We received a report of this problem and can duplicate it in our lab.
Setup up two OfficeServ Switches and SPNET them to gether.
Our example had three digit extensions.
Make where you can dial the three digits and reach each switch.
Add trunks to one of the switches with outbound dialing.
Add Restrictions in Toll Restrictions table to restrict 0 and 011
The two nodes have node ids of 001 and 002.
When you add the restiction tables to one switch, it then can not dial the other node.
the 0 entry is causing the switch not to allow any node with a leading digit of 0 as part of 001 or 002.
Remove the 0 entry and then you can  dial the other node.
The problem in the toll restriction table is that we are not using any wild cards and it is acting like the wild card of * has been put next to the 0 entry.  If we had had, 0*, then we could understand when the node id of 001 would not work but not just a entry of 0.
Please fix.		This is not a problem. It's OfficeServ's spec.		This is not a problem. It's OfficeServ's spec.		This is not a problem. It's OfficeServ's spec.												USA

		N100227012				NO CLIP BUTTON.
Social Agencies need to block CID on per call basis on all trunk types.		STA requirement		Enable the NOCLIP button in DM and KMMC for STA to restrict CID through PRI.		1. Set Country as USA
2. Set NCLIP butoon for the phone or assign feature code
3. If you press NOCLIP, then CID will be restricted						ALL						USA				ALL		V4.60		O		O		O		O		O

		N091116002				Change priority between Alias or CLIP Translation table		SEUK requirement		User can select the priority of CLI name display for incoming call		1. input translation table in DM 3.2.6
 - input outside caller number and CLI name which will be displayed for that outside caller number
2. Set CLI NAME PRIORITY in DM 2.1.5						ALL						SEUK				ALL		V4.60		O		O		O		O		O

		N101123004				Trunk number information at LCD should be changeable to given Names		SEG requirement		When user make the ontgoing call through the trunk, Trunk Name will b displayed.		1. Input Trunk Name in DM 2.4.2
2. Select Trunk Name Display option in DM 5.14.5						ALL						SEG				ALL		V4.60		O		O		O		O		O

		P110824002				7100 voicemail language key code
7100 v453C (MP10a)
The steps to reproduce are this:
1) Open Sys Wide Parameters – Language Tab
2) Set English to Key Code 2 and French to Key Code 1.
3) Save the settings
4) Save Application
5) Reset 7100
6) Check Sys Wide Parameters – Language Tab
a. English is back to key code 1
b. French is back to key code 3.		We cannot reproduce this problem.
I've requested more detailed information to reproduce it via email, but I couldn't get anything.
So, I want to close this issue as "Not reproducible" or please give me more information.
Thank you.		No change.		-						OS7100						USA

		P110817001				Pre cofigured data in MMC712
Any software version being release after V4.30 does not have any precofigured data in MMC712.

Please can this be put back in on future softeware releases as the dealers have stated this is very usefull		Coding error.		We fixed it. We will set the default value of this mmc's but not mmc713.		1. clear memory.
2. check mmc 712 & 711		Bug.				OS7200						UK				ALL		V4.60		O		O		O		O		O

		P110810001				GPLIM V1.41 NTP CLOCKING ISSUE
This software V1.41 on the GPLIM cards with Switch Software of V4.53c will not sync the phone switch to the NTP config time Server.
We have changed the switch time and expect this feature to allow the switch to sync to the time server .
This is not happening.		No problem. test was wrong.		No change.								OS7400						USA				ALL		V4.60		O		O		O		O		O

		P110727001				MP20S RESTART
Specific sequence to cause switch restart.
Have two mp20s systems networked with spnet.
Have one node with station 201 and 202.
Have the other node with station 101 and 102.
Have the Call waiting in MMC 714 turned off for each node.
Have statoin 201 call station 202 and leave the phones off hook, not hands free.
Have station 101 call station 102 and answer the call.
Have station 102 transfer the call from 101 to station 202.
Make sure station 202 has two call keys.
When station 102 hears a busy, have them hit the answer release key but do not hang up the phone.
within one minute the the phone on station 101 and 102 will shut down with a switch restart.
Both switches are running V4.53c software.		In this test case, undeclared pointer is used.		In this test case, undeclared pointer is used.		-						OS7200						USA				ALL		V4.60		O		O		O		O		O

		P110707002				MWI (PRS mode) feature does not work on 16SLI2 card
Install suitable cards (16SLI 2), set country to ITALY and start OfficeServ 7200/MP20 by default.
Connect an SLT with LED working with the PRS (polarity reverse signal)
Call the SLT from a DGP and then press MSG button

MW with PRS does not work		The PRS MW feature has only worked with 16MWSLI.		We fix the feautre to work with 16SLI2 card.		-		Bug.				OS7200						ITALY				ALL		V4.60		O		O		O		O		O

		P110707001				OfficeServ does not detect the congestion tone to disconnect the cleared call automatically
Install suitable cards (A-TRK), set country to ITALY and start OfficeServ 7030 by default.
Set “Enable” Loop Trunk Tone Disconnect (IT 2.1.5)
Set “ON” Tone Check (IT 2.6.5)
Seize the A-TRK from a DGP and make an outgoing call to an external number
Opposite party answers and then hangs up the call
The DGP receives the congestion tone (200ms ON/OFF) coming from C.O.

The call is not disconnected;
Besides that if you make a call to a busy party then the call is disconnected;
Moreover if you change in IT 5.7.4 the “Busy Tone” timer from (470~550 ms ON/OFF) to  (170~230 ms ON/OFF) then the call is disconnected properly when the opposite party hangs up, but you are not able anymore to set the auto-redial feature in case of the called party is busy.
Note: For Italian specs, we would like the following setting:
1) OS system checks the “Busy Tone” (470~550 ms ON/OFF) for redial and auto-redial feature;
2) OS system checks the “NU Tone” (170~230 ms ON/OFF) for call disconnect.		All OfficeServ Systems detect only one tone.		All OfficeServ Systems detect only one tone. But  we can modify that OfficeServ Systems with embedded Linux detect two tone(busy tone, congestion tone).		-		Req.				OS7030						ITALY				MP20s,MP10a,MP11,OS7070,OS7030		V4.60				O		O		O		O

		P110704005				CID option cannot be set for CRM by means IT2.2.1
Install suitable cards (CRM in slot 2), set country to ITALY and start OfficeServ 7200/MP20 by default.
Go to IT2.2.1, change DTMF (default value) to CID option and save
Reload the IT2.2.1 page

Still DTMF option in set ON
If you change the CRM resource by means KMMC827 then the CID option can be set properly		First option slot : CRM(R2, CID, R2/CID)
Second option slot : CRM(only DTMFR)

System is recognized by this case.		fixed		-		Bug.				OS7200						ITALY				OS7400,OS7200(MP20)		V4.60		O		O

		P110704003				Rings before answer option (VMAA->PORT BLOCK->SAMSUNG IN-SKIN) does not work properly
Install suitable card, set country to ITALY and start OfficeServ 7030 by default.
Go to VMAA->PORT BLOCK->SAMSUNG IN-SKIN
Set “Ring before answer” to a value upper than default 1 (eg: 2, 3 or 4……)

No voice is played by the VMS port any more		"Ring before answer" of port block means that SVMi will answer the call when the phone rings like that number.
But that item is not used in our system, and it is written in SVMi-20E manual like the followings.

RINGS BEFORE ANSWER (DO NOT USE) This is the number of rings for the system to wait before going off hook
to answer a call.

That value should be '1' in our system because of the design of our system.		That value should be not modified, but it can be modified by the customer.
So, it' better to delete that item.

Unfortunately, there is no plan for SVMi-20E's new release. So, it keeps the current software.
But the other system like OS7100, OS7030 etc, will be changed.
That option will be deleted in next release.		-		-				OS7030						ITALY				MP20s,MP10a,MP11,OS7070,OS7030		V4.60				O		O		O		O

		P110625002				Wrong translation, LCD display text and still some English words		Italian Language 오류 (In the Menu New Alarm Reminder the translation of ring on time must be changed from ‘Oraaesattaa’ to ‘Ora esatta’  and the minutes from ‘minn’ to ‘min’)
=>dispplay error

fixed : Oraaesattaa -> Ora esatta,  minn -> min		Italian Language 오류 (In the Menu New Alarm Reminder the translation of ring on time must be changed from ‘Oraaesattaa’ to ‘Ora esatta’  and the minutes from ‘minn’ to ‘min’)
=>dispplay error

fixed : Oraaesattaa -> Ora esatta,  minn -> min				Bug.				SMT-I5220						ITALY

		P110623001				Ticket 11529 - UCD from AA on auto answer
Calls transferred from an auto attendant to a ucd group with the extensions configured for auto answer, the call will not auto answer until after it has been played the first message.
The call flow is as follows:
1 – In the Auto Attendant the caller selects 1 for extension 5001
2 – SVMi transfers the call to 3201
3 – Extension rings with the inbound call
4 -  The call is played the first queue message
5 – SVMi transfers the call again to extension 3201
6 – Extension 3201 Auto Answers the call

The correct call flow should be:
1 – In the Auto Attendant the caller selects 1 for extension 5001
2 – SVMi transfers the call to 3201
3 – Extension 3201 Auto Answers		call transferred from AA(VM) to ucd group with extensions configured for auto answer, Auto answer feature didn't work properly.		In this case, auto answer feature work properly.		1. In the AA the caller selects 1 for extension 5001
2. AA transfers the call to 3201
3. Extension 3201 auto answers.		Bug.				OS7400						UK				ALL		V4.60		O		O		O		O		O

		P110527002				Find Me Feature Callout Problem
Enable Find me feature on extension example 2003. This fails on the OS7100 MP10A, OS7030, OS7200S 
1. go to open block and extension block and select extension 2003.
2. Click on the Authorization tab and enable find me allowed and enable it.
3. Select the additional tab. Add several cell phones to the list. 
4. I have a analog telco line for testing.
5. setup LCR to allow and routing to enable the phone numbers to be called.
6. Dial the did number pointing to the voice mail and select extension 2003 to call.
7. The find me feature trys to call but does not complete any calls. 
8. I have enclosed a log file on this issue.		That's because "no answer fwd" time of extension 2003 is shorter than "no answer" time of SVMi.
While monitoring the call transferred to 2003, "no answer fwd" time of 2003 is timed out, so SVMi receives a recall because of "no answer".
Then subsequent process is currupted.		Change "NO ANS FWD" of Extension 2003 to bigger value at MMC 502.
It should be bigger than the no answer time of SVMi.		-		Bug.				OS7100						USA				ALL		V4.60		O		O		O		O		O

		P110527001				SVMI ALERT FEATURE OUTCALL FAILURE
Specific setup causes the message in a mailbox not to be delivered has a Alert Message.
1. Problem happens on OS7100 MP10A, OS7030, and OS7200S MP20S systems.
2. Setup mailbox 2001 and 2002 to alert two different cell phones.
3. Setup mailbox 2001 to auto forward to mailbox 2002 after 3 minutes.
4. call the system and leave a message in mailbox 2001. It will call you to let you know that the message has been delivered correctly. Do not listen to the message.
5. After 3 minutes, the message is auto forwarded to mailbox 2002. The message in mailbox 2002 does not try to Alert you that it has a message in that mailbox. 
6. If you leave a message dirrectly in mailbox 2002, it will alert you correctly. Only the auto forward to the mailbox 2002 fails. Please fix.		It was changed message alert to follow the outcall authorization.
But that code works when the port is active.
So, message alert works well when a user leaves a message in a mailbox because the port is still active.
But, the port is idle when the message is auto-forwarded. So, it's failed to alert.		It's fixed to alert regardless of port status.		-		Bug.				OS7100						USA				ALL		V4.60		O		O		O		O		O

		P110429009				IDCS28 BTN SET INTERACTION 
iDCS 28 button phone automatically execute feature on button 12
7100 MP10a, 7200-S, 7200 and 7400
8 DLi or 16 DLi card
From an iDCS 28 button perform a function that causes the system to give an error tone. While getting the error tone press the speaker button. The phone will automatically execute whatever feature is assigned to button 12. 
An example: Assign button 12 as DS201. Dial a invalid number and while the error tone is sounding press the speaker button. The phone will automatically call DS201 which is assigned to button 12.		dgp-key processing error		fixed		OK		Bug				ALL		MP		V4.53c		USA				ALL		T4.53h		O		O		O		O		O

		P110421001				SPECIFIC REDIAL FEATURE ISSUE
Problem not on every set, reproduced on DS-5014, ITP-5121, DS5121.
1. Make a outside call on one of these sets to a valid outside number that is answered. Hang up.
2. Dial digit 1 and wait for error tone of INVALID NUMBER.
3. While the error tone is played, hit the END key to release the call.
4. After a few seconds, the set will place a call to the last number dialed on step 1.
5. The END key is activating Last Number Redial feature on a invalid call.
6. Not every set does this but the ones listed do.		dgp-key processing error		fixed		OK		Bug				ALL		MP		V4.53c		USA				ALL		T4.53h		O		O		O		O		O

		P110418002				Programming od ANS/RLS Key to keysets 
Issue 1) ANS RLS key cannot be programmed to any keyset type when using MMC from SMT type keyset
Result screen shows Not Permitted

Issue 2) ANS RLS key cannot be programmed onto any SMT type keyset when using MMC from a Digital or ITP keyset or OfficeServ DMS. BUT can program ok using ITool
Result screen shows Not Permitted		When programming ANS/RLS key, checking SMT Phone's line type was wrong.		When programming ANS/RLS key, checking SMT Phone's line type was fixed.		1. Checking whether program ANS/RLS key to SMT Phone or not
2. Checking whether program ANS/RLS key by using SMT Phone or not.		Bug				ALL		MP		V4.53c		Australia				ALL		T4.53h		O		O		O		O		O

		P110414001				Call Forward No-Ans
Call Forward No Ans goes to wrong destination.
Only occurs in below circumstance with external numbers in destination fields

Program a external number in CFWD ALL destination for ext 201 eg 0-0417033782
Program a external number in CFWD No Ans destination for ext 201 eg 0-98722900
Activate Call Fwrd No Ans
Result - Incoming call incorrectly follows CFWD ALL destination		In case, a external number in FWD ALL is set and No Ans FWD is set, System selects a wrong number(a external in FWD ALL).		The bug is fixed. System selects a correct tel num. for FWD type.		OK		Bug				ALL		MP		V4.53c		Australia				ALL		T4.53h		O		O		O		O		O

		P110413003				WIFI Dect 
When doing a blind transfer of an inbound DDI call to a W5120 handset, the handset rings using the internal ringtone not the external ringtone		To resolve this issue, both system and wifi phone need to modify.		<System>
- Modify to send duplicate message in case of blind transfer. In this case call type is changed from internal to external because opposite party is changed from station to trunk user.
<Phone>
- Modify to change ring type in case of ringing.		OK		Bug				ALL		MP		V4.53b		UK				ALL		T4.53c		O		O		O		O		O

		P110413001				ANI CLID E&M Trunking not Displaying 
Since the MMC 119 Displays have changed, CLID and DDI number are supported, but we are not getting ANI clid, so users with E&M T1 Circuits after upgrading to V4.53b software are not receiving CLID.		It was not supported in V4.53c. The display flow was missed in code.		Fixed		OK		Bug				ALL		MP		V4.53b		STA				ALL		T4.53h		O		O		O		O		O

		P110402001				MMC 430 DMS100 Setting No Name 
When a OfficeServ 7000 switch sets their PRI interface to DMS100, The Carrier sync is not working and the NAME feature being delivered by telco is not delivered to the set. Putting back the default NI2 lets the name reappear on the keysets.		When customers use NI-2, Using DMS100 switch type for TEPRI card setting will make an error of CID name trnasfer.		-.There was a change of remote bit alarm pattern for DMS100 line sync. fail issue.
 -.It was applied only for DMS switch type of TEPRI card to protect side effect.
 -.But, if customer is using NI-2 switch type for network, DMS switch type of TEPRI card cause a CID name problem.
 -.Modification of remote bit alarm pattern is applied for all switch types of TEPRI card.		OK		-				TEPRI						STA				TEPRI

		P110707002				MWI (PRS mode) feature does not work on 16SLI2 card		The feature was only available on 16MWSLI.		We fix it. 16SLI2 card also supports PRS MWI.		OK		Bug		2011.07.07		MP20		MP		V4.xx		SEI				MP20		V4.60				O

		R13.8				SMDR buffering - All system, 10,000 lines		New feature		All system support SMDR buffering of max 10,000 lines		1. SMDR setting
2. Don't connect a billing server to OffceServ system
3. Make some SMDR data using calls.
4. Connect a billing server to the system using telnet
5. Check the buffered SMDR data		Req.				ALL						ALL						V4.60		O		O		O		O		O

		P110627002				VMMOH message is not saved in DM 2.2.3 SVMi Card		Mismatch input type		Change input type		VMMOH is saved		Bug				DM						ITALY				DM

		P110705001				The call cannot be transferred to a SIP phone after it has picked up the call		In this case, sip station's state was wrong		In this case, sip station's state is fixed.		1. Answer an incoming call from a DGP (eg. 203) and transfer the call to a SIP phone (eg. 207)
2. Pick up (direct pick up, group pick up) the call from another SIP phone (eg. 208)
3. Try to transfer the call from the DGP to SIP phone 208.
4. Transfering the call works fine.		Bug				ALL		MP		V4.53c		ITALY				ALL		V4.60		O		O		O		O		O

		P110622001				DM Modem Dialup Problem
We have received reports of Modem problem on the os7030 and os7100 mp10a.
The IT-TOOL program does not have the problem.  I received  new modem card from stock to test.
I had  Tech support dial onto my OS7030 and OS7100 to get results.  The Device Manager release V1.02c date code 2011.03.18 would ask for password then replay with check link status.
Same results on OS7100 MP10A V4.53c and OS7030 v4.53c.		When send data with modem, buffer is not cleared.		Send buffer clear whenever send with modem.		Connection with modem is ok		Bug				DM						STA				DM

		P110704004				VMS are not able to blind TRSF incoming call to an extension forwarded “ALL” to an external No
Please note that it occurs even when you blind transfer the incoming call from another DGP to the forwarded DGP very fastly		When a extension is set to EXT FWD ALL using BRI and VMS does blind transfer to the extention, Hook-on message from VMS disconnects BRI EXT call.
It was a problem. It just had to change a oppisite.		System does not disconnect BRI EXT call when it receives Hook-on message from VMS on blind transfer.		OK		Bug				ALL		MP		V4.53c		ITALY				ALL		V4.60		O		O		O		O		O

		P110824001				OS7000 SLT NAME PROBLEM
With V4.53c Software on the OS7000 Product line, we are not getting name delivery to analog sets.
We do get the number but not the name.
We get both on the Digital and IP sets name and  number.
We get this with both PRI trunks and Analog Trunks.		Mp task checks the cid name if it is correct or is not when send it to slt phone.
Bug returns the fault result . So blank data was sent.		It was fixed. Sli phone will receive the correct cid name.		OK		Bug				ALL		MP		V4.53c		STA				ALL		V4.60		O		O		O		O		O

		P110729004				Both TEPRI & BRI send wrong CLI when the number is longer than 8 digits starting with “00”
Please check if this rule is necessary when TEPRI&BRI are used in tandem mode, thanks.		When CLI is longer than 7 digits starting with “00” MP(TEPRI & BRI) send CLI without '00'.		This was OfficeServ Spec. But it seems not to be necessary.		When making a isdn call, MP(TEPRI & BRI) don't modify CLI and send inputed original CLI.		Req.				ALL		MP		V4.53c		ITALY				ALL		V4.60		O		O		O		O		O

		P110716003				Device Type Change DM 
We have a issue that works with IT-TOOL but does not work with Device Manager.
In section 2.4.1 identifying ports, with IT-TOOL you can change the Device Type to what every you want unless you add feature keys the the existing type.  But with DM you can not change the device type.
Unless this is not design intent, we will need the DM to be able to change the phone type in SECTION 2.4.1		2.4.1 device type must be change		2.4.1 device type is changable ( Only phone type )		2.4.1 Download => OK
2.4.1 Change device type => OK
2.4.1 Upload => OK		Bug				DM						STA				DM

		P110716004				MMC 740 SVM AUTO SETUP FEATURE 
We are seeing a issue dealing with MMC 740 SVM AUTO SETUP FEATURE associated with MMC 741 user setup for extension and mailbox settings.
It should work like this,  enable MMC 740 SVM AUTO SETUP feature.
Access MMC 741 and enable for both against a station.  
Watching port activity in the SVMI-20 you will see that the extension and mailbox for that station has been built.  But only if it is set by KMMC programming.  IT-TOOL and DM will not have any affect.
That is the first problem, DM should be able to build the extension and mailbox.

Second issue.
Turn off MMC 740 SVM AUTO SETUP FEATURE and repeat the test.
you will see that the mailbox and extension is built no matter what the SVM AUTO SETUP FEATURE is set.
We believe there should be no building and deleting unless MMC 740 AUTO SETUP is enabled.
Also, only KMMC programming will affect MMC 741 but not the DM program. Please fix.		* 1st issue
Although mailbox/ext info of stations are not changed, all stations messages are sent to VM. 
In this case, too many IPC messages are occured so some messages may be lost

* 2nd issue
MMC 740 SVM AUTO SETUP option is just used when SVM card starts.
On running state, MMC 741 setup immediately works regardless of MMC 740 SVM AUTO SETUP.		* 1st issue
MP will not send a IPC message to VM if a mailbox/ext info. of a extension is not chaged.
The number of IPC message are reduced quite.

* 2nd issue
No change.		OK		Bug				ALL		MP		V4.53c		STA				ALL		V4.60		O		O		O		O		O

		P110713001				DM V1.02C Datafill error
IN MMC 724 NCR program a code of 21.
IN MMC 824 point code 21 to node 00121
In MMC 722 on set program feature NS with code of 21.
Save the entry and refresh the screen,
The code of 21 has been changed to 021.
If you datafill with KMMC programming, no problem.		NS' Key not use '0' digit		If feature key is 'NS', delete '0'		In 4.9.1 and 4.9.2, 'NS' key can input N-LCR Number		Bug				DM						STA				DM

		P110716001				System Alarm Assignments 
We have our Alarms set in MMC 852 but we are receiving alarms in MMC 851 not showing up MMC 852.
This is happening on OS7100 mp10a, os7200,os7200s, and os7400.
The alarms are
MJE16
MJE17
MJE22
MJE23		Listed Alarms is different to each OfficeServ system. Alarms you mentioned are don't need it.		Listed Alarms is different to each OfficeServ system. Alarms you mentioned are don't need it.		OK		`				ALL		MP		V4.53c		STA				ALL		V4.60		O		O		O		O		O

		-				Support Hybrid Voice Paging feature (R4.2)		New Feature		Add hybrid voice paging.		1. Set Int. Paging Group at MMC 604
2. Set Paging Option at MMC 840
3. Set Paging Zone Option at MMC 874
4. Test Paging		Req.														ALL		V4.60		O		O		O		O		O

		-				change MSP firmware for voice encryption and fixing VM bug		Update and Fix a bug.		change firmware ( fix the silence detection problem)		1. Test MGI feature
2. Test SP feature
3. Test VM Feature		Bug														ALL		V4.60		O		O		O		O		O

		-				Support RTCP-XR		Advanced Feature		Add RTCP-XR Feature. Voip Stat. Record,		1. Test call with MGI channel
2. capture packet
3. check RTCP packet																ALL		V4.60		O		O		O		O		O

		P110915-0012				RTG Version Display Error		Package Build error		Rebuild package		OK		Bug				OS7030										ALL		V4.60		O		O		O		O		O

		P111004-0002				Call Drop at the long-run test about SIP peering		wrong media connection address in SDP		modify allocation of mgi/mps in SIP peering		1. test long-run		bug				OS7400										ALL		V4.60		O		O		O		O		O

		P111004-0003				MPS Task Suspend at the long-run test about SIP peering		made by abnormal termination of Abacus50 when there are too many  call errors.		modify allocation of mgi/mps in SIP peering		1. test long-run		Bug				OS7400										ALL		V4.60		O		O		O		O		O

		P110707001				OfficeServ does not detect the congestion tone to disconnect the cleared call automatically		OfficeServ could not detect different two tones simultaneously.		We've improved tone detection feature. Both busy tone and congestion tone will be detected simultaneously by OfficeServ. This feature is only available in ITALY and South Africa.		1. Check if system detect busy tone.
2. Check if system detect congestion tone.						OS7100
MP20s
OS7070
OS7030						ITALY				ALL		V4.60		O		O		O		O		O

		P110824003				Group display Station Group data.		In USA system receives cid number and cid name separately. When receiving cid number, system sends group name to the phone but when receiving cid name, system searches group name with null data.		Modify to send group name in case of receiving cid name.		Using PRI trunk, call station group which has its own group name.		Bug				ALL						STA				ALL		V4.60		O		O		O		O		O

		P111103-0003				RTG Higher Gain and RTG sound difference between G.729 and G.711.		RTG Tone has larger sound than MGI. Also basic sound is a little different each codec.		Tone gain is adjusted into -16dB
Same sound data is used for all codec.		1. check sound level
2. check sound duration		Reg.														ALL		V4.60		O		O		O		O		O

		P111125-0001				After initializing or restoring VM, the system does not reboot automatically.		Instead of automatical reboot, it shows a pop-up window to notice for a user to reboot manually in OS7100, OS7030, OS7070, MP20s.		System reboots automatically after initializing or restoring VM.		1. Initializing VM at Operating Utilities.
2. Restoring VM at Operating Utilities.
3. Check the system reboots in each case.		Bug														OS7100
OS7030
OS7070
MP20s		V4.60				O		O		O		O

						MSP firmware is updated to fix silence detection bug(Message cutoff).		MSP has a bug to detect silence.		MSP is updated.		1. Make MUTE key.
2. Record a message and press MUTE key.
3. Check the recording stopped after 7 seconds.		Bug				OS7030						STA				OS7100
OS7030
OS7070
MP20s		V4.60				O		O		O		O

		None		(Mbox 3112) Email Gateway From field is "stuck" on jderoko@offserv.net it should be jderoko@officeserv.net Each time I try to fix it, it goes back to jderoko@offserv.net. Tried to clear it out - will not let me.		(Mbox 3112) Email Gateway From field is "stuck" on jderoko@offserv.net it should be jderoko@officeserv.net Each time I try to fix it, it goes back to jderoko@offserv.net. Tried to clear it out - will not let me.		It's because email gateway license is exceeded. But nothing is provided to a user to notice the reason.		1. If email gateway license is exceeded, popup window wil be displayed to notice the error.
2. If disables email gateway of a mailbox and enters email addresses, press save and enables email gateway of it, the mailbox can use email gateway regardless of license. It's fixed.		1. Enable email gateway of a mailbox and enter email addresses for 5 mailboxes.
2. Enable email gateway for 6th mailbox and check it is not allowed and pop up window is displayed to notify the reason.
3. Disable email gateway and enter email addresses for 6th mailbox, press save and enable email gateway of it.
4. Check enabling email gateway is not allowed.		Bug				ALL						ALL				OS7100
OS7030
OS7070
MP20s		V4.60				O		O		O		O

		None				Email gateway does not work when trying to send email via gmail server in mp10a.		TLS certificates is not written to the system when upgrading to V4.60. The boot script is not modified to copy that files to the system.		Boot script is modified to copy certificates to the system. MP10a and MP20s have this issue.		1. Upgrade mp10a to V4.60 latest package.
2. Log in the system via terminal.
3. Check the file "cert.pem" and "key.pem" at "/os7100/vm/dta"		Bug				MP10a
MP20s						ALL				MP10a
MP20s		V4.60				O		O
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						OfficeServ System		Change Notes

		Qnet Number				Problem or Requirement		Reason		Modification		Test Procedure and result		Bug/
Req.		Issued Information												Release Information														Remarks

				검증완료일												Date		System		Package		Version		Country		Index		Package		Version		7400		7200		7100		7070		7030

		-				Group pickup info remains on screen
Group pickup info remains on screen when call is received on analogue trunks. Tested on OS7400 V4.46a 10.02.26, To replicate: setup 3 extensions in the same pickup group, enable pickup group info in 861 and 110. direct trunk line to one of the extensions and make an incoming call, disconnect call, pickup info remains on the 2 extensions that did not ring.		When analog trunk call is incoming, pickup group information is not deleted.		Delete pickup group information in case of incoming analog trunk call.		OK		Bug				OS7400		MP40		V4.46a		UK				ALL		V4.51		O		O

		-				Add IP-AOM in MMC841
Can we add an option to the IT Tool in MMC841 to allow us to upgrade the IP AOM in the same way as the IP Phones, currently you have to connect to the IP AOM via webbrowser to upgrade, this is slow process, much faster using IT Tool and MMC841 and 840 to upgrade.		New feature		Add IP-AOM to MMC841.		OK		Req.				OS7000		ALL		-		-				ALL		V4.51		O		O

		-				Speech comes over the speaker when in headset mode.
under certain configuration and call scenario you can hear speech coming over the speaker when in headset mode. To replicate,  setup 2 phones A=i5243 set auto campon to ON, B= i5243 set Secure OHVA to OFF and switch on headset mode, C= ISDN line or another internal extension. Make call from B to C all is ok, now from A call B, A is camped onto B and C's speech now comes over speaker. Tested on MP40 V4.46a 10.02.26, i3100 V1.28, i5210 V1.07, i5230 V1.07, i5243 V1.64.  When B is replaced by i5220 V2.10 then there is no problem or when A is replaced by digital phone.		We can reproduce this issue on V4.46e, but this issue is modified on V4.50.
=> This issue is already fixed on V4.50. 
In old version speaker is opened by following SECURE_OHVA option.		Modified not to open speaker path by following SECURE OHVA option.		OK		Bug				OS7000		ALL		V4.46e		-				ALL		V4.51		O		O

		N091006001				External Call Forward does not follow Station/Trunk use. 
First raised as bug but HQ asked to raise as New Feature.
The Problem: “If you setup station/trunk use and dial out directly from the phone the station/trunk use works ok.
But if you setup an external call forward on the extension doing the forward it can use a Trunk group that it is not allowed to use and does not follow the Station/Trunk use settings” The extension should only be able to select the trunks that it is allowed to use and not any trunk to complete the external call forward.
See attached DB mmc102, 304, 614, 603, 714 for configuration. In this example I have setup an external call forward to my mobile on ext 202. When I call the ddi the external call forward uses trunk 701 which it should not be allowed to use. this should be the same for all trunk group types .i.e ISDN,Analogue,Sip etc No PSWD for DB		New feature		Add Enhanced FWD to MMC210.
If this option and EXT FWD are ON, trunk call can be outgoing or not by following stn/trk use option.		OK		Req.				OS7200		MP20		V4.xx		UK				ALL		V4.51		O		O

		P100507004				Communicator shows LCR code 
Communicator shows the LCR code when call is connected.
see screenshot, I am dialling my mobile no 07900981347 when call is connected Communicator is also showing the LCR prefix, we dont want to see the LCR prefix.
Tested Communicator V1.0.0.7 and 1.1.0.2 in Desktop Mode		In case of LCR mode, changed a trsf_satus information sent to communicator to None message.		Modified to show original dialed number.		OK		Bug				Communicator						UK				ALL		V4.51		O		O

		P100522004				VMAME Feature Broke 
The first report was that IP phones with VMAME assigned do not hear the message being left by the calling user so they dont know if to answer or not. I have tried to the I5243 set and can not hear nor answer the call. I have also tried with a digital set and still can not hear the calling user with VMAME SET.
Assign VMAME to set.
Assign Forward No Answer to Voice Mail
Call station and after it forwards to voice mail, and trying talking. You will not hear the caller leaving a message.		When entering the VM AME mode,  MP did not send the audio control message.
So cannot hear the sounds.		We fixed the flow.  MP send the audio start message to IP Phone		1. Assign VMAME to set.
2. Assign Forward No Answer to Voice Mail
3. Call station and after it forwards to voice mail, and trying talking.  You will hear the caller leaving a message.		Bug				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O

		P100523001				16-TRK FLASH ISSUE  
We have a OS7200 MP20 with A 16TRK CARD where ports 5-16 will not flash.
Setup MP20 PROCESSOR
SLOT 1 16DLI
SLOT 2 16TRK
SLOT 3 8TRK
SLOT 4 8COMBO
SLOT 5 16MWSLI
PLUG IN STATION CORD ON FIRST PORT OF 16MWSLI CARD AND WIRE TO PORT 4 OF 16TRK CARD.
ACCESS MMC 406 AND HAVE ALL TRK PORTS RING MWSLI PORT WHERE WIRED.
Dial the trunk port on port 4 of 16trk card.
You will hear dial tone from the 16mwsli card.
dial another station on 16dli card and answer the call
dial the flash key to get dial tone and dial another digital station
you can go back and forworth with the flash key to both sets.
Now wire to port 5 of 16trk card and repeat steps.
When you flash the port 5 thru 16 of the 16trk card,  you will not get dial tone and disconnect the first call.		The number of port is up to 4 on the flash feature with 8TRK2, 16TRK.		The number of port is up to 4 on the flash feature with 8TRK2, 16TRK.		OK		Bug				OS7200		MP20		V4.xx		USA				MP20		V4.51				O								only for MP20

		P100526001				BARGE IN FAILURE 
In v4.46D Software, there is a issue with Barge in.
Say,. that 6759 and 7688 are on a call.
Number 6730 has just barged in on 6759 with no problems.
A new DID call rings on station 6759 but is not answered. It is left to go to voice mail after 3 rings.
When the call routes to voice mail.
The original call between 6759 and 7688 has changed.
7688 can still be heard on station 6730 barged in.
Station 6759 has dial tone after the call was dropped.
6759 and 7688 should have not lost the call.		When waiting call transfered to VM, Opposite Hangup msg generated. This message must be ignored, but there are checking  bug.		Ignore Oppsite Hangup message from waiting call at barge-in state.		OK		Bug				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O

		P100527001				Page Timeout Broke
In V4.46d software, the page timeout timer in MMC 501 has no affect.
You can do a internal page and it will never end without hanging up and hitting finish on the screen.
It should stop after the time out feature for Paging		There is not timeout during internal paging. This operation is specification.		Because of request, MMC 501 page timer will affect during internal paging		1. Set page timer in MMC 501
2. Check the timer affect or not during internal paging.		Req.				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O								only for USA

		P100602001				Virtual SLT ports ring Normal SLT ports 
Attached is a default DB on V4.46d
When you have a pot phone connected to the 8combo card and ring a virtual extension that is in the same slot and port then the pot phone will also ring.
To replicate: 1>connect a pot phone to 8 combo card port 1 ext 217, 2> from another phone dial virtual ext 3509, 3> you will now see that extension 217 starts to ring and it should not.		When ringing a virtual slt, ring message should not be sent to signalling part because there is not physical port.		We check the range of port relatated with ring message. If port is virtual port, ring message will be ignored.		1>connect a pot phone to 8 combo card port 1 ext 217, 
2> from another phone dial virtual ext 3509, 
3> ext 217 will be maintained idle state.		Bug				OS7200		MP20		V4.xx		UK				ALL		V4.51		O		O

		P100615001				MP20S MAIN GRETTING CLICKING
We have reports from Tech Support of Clicking on the MP20S voice mail main greeting when the main greeting is redone.  The default main menu greeting number 1001 sounds great.
The problem is when you re-record the greeting 1001 with a soft voice, you will hear clicking when listening to the greeting.  We have seen this issue on software v4.42,and V4.46d, and V4.49 software.
Only the MP20S is being reported,  no issues on the MP10a processor.
One dealer is spreading the word about this problem.
1.   Rerecord greeting 1001 with a soft voice and listen to the greeting.  You will hear clicking noise and static on the recording.		Source code bug.
MP20s has a different recording algorithm.
APIS module has a buffer and it saves the data from MSP to that buffer.
The buffer size is 1600bytes. If it is full, it will send it to VM_MGI module to save it as a file.
Before sending it, APIS moves the data of the buffer to another buffer to send it to VM_MGI.
But the another buffer size is smaller than previous buffer(exactly it is 14 bytes smaller than previous one)
So, 14bytes data is missing and it is the reason of clicking noise.		The buffer used to exchange data between apis and vm_mgi module is increased.(16 bytes)		1. Record a main greeting(for example, 1001)
2. Listen to it and check the clicking noise.		Bug				OS7200		MP20S		V4.xx		USA				MP20S		V4.51				O								only for MP20S

		P100615003				WIP cannot answer calls 
Cannot answer call to WIP500 handset.
Can make calls ok
Handset rings for incoming call but pressing key to answer does nothing

Issue occured after system upgrade from V4.21toV4.42c
Same issue occured in our lab with customers database and default database. 

System OS7400
WIP5000m V3.11.2
Combo Access Point
WLI card V1.18		system -> wip message struct was changed.
there was a problem that WIP couldn't receive some messages.		We retore the message struct to orginal struct.
WIP can receive and process messages.		OK		Bug				OS7400		MP40		V4.42c		Australia				ALL		V4.51		O		O

		P100617004				UCD Prompts Not clipped  
Prompts on the UCD group are not being clipped when an agent becomes free, I have repliacted the problem in the lab on V4.46d.
On V4.42b the UCD prompt is clipped when an agent becomes free.

Please resolve.		For requst of Russia, Prompts on the UCD group are not being clipped when an agent becomes free.
From V4.50 or V4.51 this will not be applied for UK.		For requst of Russia, Prompts on the UCD group are not being clipped when an agent becomes free.
From V4.50 or V4.51 this will not be applied for UK.		1. Set VMSUCD feature.
2. Make All agents be busy.
3. Call to UCD group and hear UCD prompt
4. Check that Prompts on the UCD group are being clipped when an agent becomes free.		Bug				OS7400		MP40		V4.46d		UK				ALL		V4.51		O		O								only for UK, EU

		P100617006				Auto Answer intermittently not working 
Under certain scenario Auto answer is intermitantly not working and instead an Announce ring mode is being used even though the extension is set to use Auto answer.
This has been replicated in the lab on V4.46d
To replicate: 1. VSLI 3501 fwrd to VM Group, make 3501 announce only mailbox and record a greeting, set no message left destination to Vsli 3502. 2. on 3502 forward to UCD group. 3. configure members of UCD group to use Auto Answer Ring mode. 4. Point DDI to VSLI 3501. 5. Make multiple calls to DDI (in the lab I made 6 multiple calls using ISDN tester), 6. When agent auto answers clear call and wait for next call to auto answer, intermitantly you will see Announce From XXX and extension does not auto answer.
I have found a work around to this problem but in the above scenario why is the extension not always Auto Answering when the call is coming thru the voicemail. DB attached.		System checks whether 2nd opposite port of opposite party is valid or not to prevent station pair answering automatically. If 2nd opposite port is valid, ring mode changes into announce mode.
Because of this procedure ring mode of UCD member becomes announce mode.		Modified to apply this procedure to station port only. 
So if trk port is used, ring mode is Auto Answer mode and the current call is transferred by VM, ring mode is not changed.		OK		Bug				OS7400		MP40		V4.46d		UK				ALL		V4.51		O		O

		P100622003				P100208005 SIP Hold Reinvite does not work correctly for Transfered calls
The solution for P100208005 does not fix the scenario where a call is transfered. In MMC837 if Hold reinvite is disabled the OfficeServ is still sending an Invite message to place a call on hold in v4.46d software when a call transfer is made.

If Hold reinvite is disabled the Officeserv should not send an Invite mesage to place the call on hold when a transfer is made or a call placed on hold.

REgards,

Iain		Hold reinvite option didn't affect to transferred call.		Hold reinvite option will affect to transferred call.
And you have to remember that hold reinvite option affect in case of MPS off.		1. Set MPS Service option to On.
2. Set hold reinvite option to off
3. Check that SIP Hold Reinvite works correctly for Transferred calls		Req.				OS7200		MP20		V4.xx		UK				ALL		V4.51		O		O

		P100622004				Incorrect SMDR code for UCD to UCD abandoned call. On v4.46d
This is similar problem to P100310013.
If a call overflows from a UCD group, to another UCD group and then overflows to VMS UCD for queue message, when the caller is tyransferring to an agent after the VMS UCD group message, if the caller hangs up when the agent phone is ringing, the system sends a 'C' code and not an 'A' code to SMDR.
Please see attached.		if a call to UCD Group and go to final destination which is UCD Group, and the caller hangs up when the agent phone is ringing, the system sends a 'C' code and not an 'A' code to SMDR.		In this case, I change to send a 'A' code instead of 'C' code to SMDR.		UCD Group A : one member, overflow time 1 second, Next Port VMSUCD group, retry count 1, final dest UCD group B
UCD Group B : several members(real agents)
If you make a call to UCD Group and go to final destination which is UCD Group, and the caller hangs up when the agent phone is ringing, the system sends a 'A' code to SMDR.		Req.				OS7400		MP40		V4.46d		UK				ALL		V4.51		O		O								only for UK, EU

		P100629004				SMT IP Phone delayed speech problem.
Logging this for reference - CJ Seo and EZ Kim already aware of the issue.

There is a delay of about 3 seconds when a user answers a call on SMT i phones. 5243/5230 and 5210.

Example: call into a system on alog trunk, answered by an SMTi5243, if the 5243 user says "hello, samsung communications", the caller only hears "mmunications". And the start of the speech is missed.
All software versions of terminals are having the problem.		T-swtich delay timer affected in this problem.		T-switch delay time was be applied to 300 msec in default. This delay time will be not applied.		OK		Bug				IPP						UK				ALL		V4.51		O		O								only for UK, EU

		P100706002				SIP Calls being rejected with a SIP 513 message too big 
On an OS7100 when a call to a SIP extension is routed out over an SIP Trunk the call is being rejected with a 513 message too big error. 

I have attached a SIP trace and a DB from the customer site.

Nimava report that this problem has been seen in v4.46a, v4.46d and v4.46e

Regards,

Iain		When sending re-Invite message, SIP stack puts 2 authorization headers in a message which makes the receiver confused and reject the message.		Right before sending out re-Invite message, SIP stack checks the number of authorization header and if it is more than 2, simply removes the first authorization header.		OK		Bug				OS7100		MP10		V4.46		UK				ALL		V4.51		O		O

		P100708003				Peri UCD stats showing 65xxx unanswered calls  
If there are calls in the queue when performing either a manual Clear Stats or Automatically then the unanswered calls show 65535 unanswered calls.

Replication: 1. setup a UCD group with two members>2. configure peri ucd>3. telnet onto port 5105>4. make a call into UCD group>5. while the call is in the queue use the supervisor key and perform a manual clear data.>6. you will now see the unanswered calls jump to 65535 on the peri stats.

Tested on 7400 V4.46d		There is an error to initialize unanswered calls.
Unanswered call count is calculated by subtracting ringing count from abandoned call count.
If there is an incoming call and supervisor clears ucd data, only abandoned call count is initialized.
So 65535 is shown when subtracting current ringing count from zero count(=abandoned call count).		Modified to add ringing count to initialized unanswered call count when supervisor clears UCD data.
Check with V4.51 S/W.		OK		Bug				OS7400		MP40		V4.46d		UK				ALL		V4.51		O		O

		P100715002				All SMT-i52xx/ Umlauts are missing after hooked off  
Umlauts are not indicated when hooked off at source side --> F lkel. Also when calling an internal user, at opposite/destination side it cannot be displayed ？ same: F lkel. This wrong indication was recognized at destination side terminals: SMT-i5210 / SMT-i5230 and also SMT-i5243		OfficeServ System doesn't support Umlauts characters display.		We change the system to support Umlauts characters of the station name if a IP Phone is the new model to be shown Umlauts characters(SMT-i3100, 5210, 5220, 5230, 5240, 5243) and station language is German.		OK		Req.				IPP						Germany				ALL		V4.51		O		O								only for Germany

		P100724001				MP20 CONFERENCE SQUELL
We have a report from that we can reproduce in our lab with telco analog lines but not 16mwsli ports.
in V4.46d software on the mp20 but not the mp20s processor with the same 16trk or 8trk2.
Start with a analog phone tied to a 16mwsli card,  go off hook and get dial tone,  dial a port on the 8trk2 card and call telco and have someone answer the phone.
Then hit the flash key and get dial tone,  dial the conference code of 46 and get dial tone again.
dial the second analog trunk and complete the call, hit the flash key to conference two outside partys together with the analog set.  No problem at this point.
Then hit the flash key and dial the third analog trunk on the 8trk2 card.
You will get dial tone again and dial a third party, when they answer, hit the flash key to tie the three outside partys together.
At this point, you will hear a squell on the conference that can not be stopped until one of the outside partys drops off.
This can be reproduce with the 16trk card with the same sequence.

The MP20S card with the same cabinet and trunk cards, and analog phone does not have the problem, onnly the mp20 card has this issue.		when being in conference, system didn't control gain.		when being in conference, system will control gain.		OK		Bug				OS7200		MP20		V4.xx		USA				MP20		V4.51				O								only for MP20

		P100728001				OS Operator not displaying CLIP Translation Properly
OS LInk V3.0.0.4
OS Operator V1.3.5.7
OS7100 MP10 V4.46e
Incoming calls are not showing the callers CLIP Translation name when programmed in MMC728 on OS Operator. Instead of showing the name there are some strange characters.
I have tested V4.46d on an MP20 and v4.46e on an MP10 with the same result, when I tested V4.30k on the MP10 then it is working ok. If you have a look at the attached screen shot and logs you can see the CLIP name is not shown properly.		When geting the cid name, garbage data is searched.		When geting the cid name, pointer operation was wrong. So it was fixed.		1. configure cid number and name 
2. making a internal call thru pri trunk
3. check the cid name on OS operator.		Bug				OS7100		MP10		4.46e		UK				ALL		V4.51		O		O

		P100729003				FOLLOW ME FORWARDING ISSUE
We have differences with this feature associated with forwarding that are different than the following forwarding features that work the same way.
Example, FNA, Forward Busy, Forward DND, Forward All, all work the same way with the Chain Forward Option MMC 210, Where the first called station or the forwarded station can be choisen to receive the voice mail. The FOLLOW ME feature will only go the the forwarded stations mailbox unlike the other forward options.
To make this consistent, we would like the FOLLOW ME feature to work with the associated option Chain Forward option in MMC 210 where you can pick which mailbox to deliver the message.
Normally, if someone usesthe FOLLOW ME feature, they would want the message to go the initially called number and not the forwarded stations mailbox.		In case of follow me feature, MMC 210 Chain Forward option didn't affect.		In case of follow me feature, MMC 210 Chain Forward option will affect.		1. Set chain forward option to off.
2. Set follow me feature from station A to station B
  (This means call that go to station B will go to station A)
3. Make a call to Station B, then the call go to station A and FNA to VMS.
4. The message go to initially called number(station A)'s mailbox.		Req.				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O

		P100729004				PAGE SUPPERVISOR FEATURE INTERACTION
We have found a minor issue on the OS7200 MP20 processor with steps.
1. Put three phones in a internal page group.
2. One of the phones has a UCD Supervisor key assigned that receives the page.
3. Page the three sets and finish the page.
4. Have the user with the Supervisor key acess the feature.
5. The set will respond with Dial Tone even with the display of the Supervisor feature.
6. Press the key with the Supervisor key to leave the feature and then re-enter,
7. Dial tone will not be returned the second time.
8. Please correct the software so that Dial tone will not be delivered to the end user after a page		The previous tone still exist.		When processing second tone message, we turn off first tone.		1. Test with above procedure.		Bug				OS7200		MP20		V4.xx		USA				MP20		V4.51				O								only for MP20

		P100807002				CBK with station Pair issue
We are seeing a issue with Call back feature is used with Station Pair feature.
To reproduce, follow the following steps.
1. assign a  station pair with example 6759 paired with 6730.
2. Make a outside call with station 6730.
3. While the station 6730 is on a call, have someone else call 6759 and hear the busy signal.
4. Hit the CBK or call back feature key against set 6759.
5. Hangup the call on station 6730.
6. The call back to the station that set the call back feature will ring and answer that set.
7. Both sets, 6759 and 6730 will ring but the secondary set will not ring the call button.
8. The primary set will ring the call button and the set can be answered that way.
9. The secondary set will ring and can be answered by picking up the receiver but not by hitting any call button.
10. the problem is the secondary set should have its call button light and should be able to be answered by hitting the call button flashing on the secondary set but you cant.		Paired port did not assign a call button when call back ring occured. To assigned a call button is missed.		It was fixed. When paired port rings, call button will light and be flashing.		1. Configure a station pair
2. Make a busy primary port
3. Remain the callback against secondary port.
4. Call button of secondary port will light and be flahing.		Bug				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O

		-				Samsung 2GB SD Card applied		New Feature		New Feature		You can use Samsung 2GB SD Card to OfficeServ System.		Req.														OS7400,OS7200,OS7100		V4.53		O		O		O

		P100803006				Second cabinet trunk ports do not show in trunk group
After a 2 cabinet system is defaulted the trunk ports in the 2nd cabinet do not appear in the default trunk group. (They need to be manually programmed)
Same issue when using PSTN or BRI trunk card in second cab.		When OS7030 is defaulted, if Master cabinet is connected system DB is initialized before Slave cabinet is connected		In this case, system DB is initialized after Slave cabinet is connected.		1. Set up OS7030 Master cabinet and Slave cabinet.
2. Default the system.
3. Check that the trunk ports in the slave cabinet appear in the default 1st trunk group.(MMC 603)		Bug				OS7030		MP		V4.46e		Australia				OS7030		V4.53										O		only OS7030

		P100526001				MP10 v/mail message forward
when using forward option while listening to voicemail message the playback is fast forwarded to end of message rather than correct operation of fast forward for few seconds.
Effects MP10 only		There are a header and voice data in a voice message. A few months ago, the header structure was modified to support new features.
But it makes a problem to calculate the position of voice file that should be played.
If a user press FF,REW or Pause key, the position of file pointer becomes invalid value.
So, a user hears distorted voice.		Calculating position of a voice message is fixed, so it does not have anything with a message header.		1. Leave a message in a mailbox.
2. Log in a mailbox to listen to the new message.
3. Press 7,9 or 8 while listening a message.
4. Please check it works well.		Bug				OS7100 MP10		MP10		V4.46e		Australia				OS7100 MP10		V4.53						O						only MP10

		P100915002				Supervisor key dial tone
We have found a minor issue on the OS7200 MP20 processor with steps.
1.  Put three phones in a internal page group.
2.  One of the phones has a UCD Supervisor key assigned that receives the page.
3.  Page the three sets and finish the page.
4.  Have the user with the Supervisor key acess the feature.
5.  The set will respond with Dial Tone even with the display of the Supervisor feature.
6.  Press the key with the Supervisor key to leave the feature and then re-enter,  
7.  Dial tone will not be returned the second time.
8.  Please correct the software so that Dial tone will not be delivered to the end user after a page.		We had two engine chip. (old engine(7065), new engine(9604))
we set old engine mode, but system installed new engine.		We changed S/W that fixed new engine mode.		ok		Bug				OS7200 MP20		MP20		V4.4xx		USA				OS7200 MP20		V4.53				O								only MP20

		P100910003				IT Tool MMC 831 public rtp port update
OS7100 with OAS card.
IT Tool v1.46d
Configuration 7100 MP10a, UNI card 4TRM & 4DLM, OAS card
Start system up and do a proper initialization
Log into the system using KMMC.
MMC 831 shows the public rtp port as 30,000 for embedded MGI channels and OAS card channels.
Log out of KMMC and use IT Tool to log in. Search for MMC 831 (2.2.2) the public rtp port show as 30,000 for embedded MGI channels and 65535 for the OAS card channels.
Now log in thru KMMC and change the public to something other than 30,000 (ex: 30,333), reset card for it to take effect. 
Log out and log in using IT Tool. The public rtp port show as 65535 instead of 30,333.
It doesn’t matter if you change it thru IT Tool  it will show the same. The changes thru IT Tool  does take effect on the system but if you refresh it will still display 65535 in IT Tool.		In case of OS7100, OAS card work only MGI mode. 
In this case, if you read IT 2.2.2 option, MP S/W check a number of MGI channels.
But counting MGI channels was wrong.		Counting MGI channels in OAS card is fixed.		1. Configuration 7100 MP10a and OAS card
2. Connect IT Tool.
3. Change IT 2.2.2 options and reload it.
4. Check that the options chaged properly.		Bug				OS7100		MP		V4.51		USA				OS7100		V4.53						O						only OS7100

		P100819002				Itool
ITool V1.46d
VMS UCD Timer is not available in ITool

Ok via MMC		ucd vms timer' option is not included.		ucd vms timer' option will be added  at IT 5.14.6.		You can see 'ucd vms timer' option at IT 5.14.6		Bug				ALL		MP		V4.51		Australia				ALL		V4.53		O		O		O		O		O		only Australia and New Zealand

		P100824001				ABW CTI DATAVIEW ISSUE
A user in A UCD group presses their ABW key but Dataview does not get the message on  its CTI link.
We need the ABW to send a message to the DataView to let it know that they are not available for a call.
There is no message being sent for this condition.		When ABW key was pressed, if station state was idle or dial, abw status message was sent to cti.		We modified that abw status message was sent to cti regardless of state when ABW key was pressed,		OK		Bug				ALL		MP		V4.46d		USA				ALL		V4.53		O		O		O		O		O

		P100813001				MMC 119 GROUP DISPLAY
In Software V4.46d software, you can assign in MMC 119 to have line 1 or line 2 set for group display.
If you are using PRI trunking, the display shows the group information for two seconds before display the outside caller id.  If your are using Analog Trunks, the group display stays on the set for the duration of the call. 
The problem is that PRI trunking shows the GROUP display name to short and it is not adjustable.
Can we get the group display to stay on the phone longer.		In case of using PRI trunk, we firstly receive a CID number then receive a CID name info.
At each time, the LCD display is updated. 
There was a problem at second display. Station group data was missed.		We fix the problem that station group data was missed.		OK		Bug				ALL		MP		V4.46d		USA				ALL		V4.53		O		O		O		O		O

		P100914001				OS7030 CLI Incorrect on Analog trunks in Ireland
When using Analogue trunks in Ireland the OfficeServ 7030 is incorrectly inserting a 0 at the beginning of the CLI number on incoming calls. In Ireland on Analogue trunks the network provider will send the 0 if required and as such the officeserv does not need to insert a 0 on incoming calls CLI on analogue Trunks in Ireland.

Please note that CLI calls are handled correctly for ISDN calls.

I have attached a copy of the system DB and original report of the problem from the customer

Regards,

Iain		This issue is a new feature. It was not a specification of officeserv.		It is fixed.  '0' is not inserted for analog trunk when system receive a CLI number		1. Setup OfficeServ using analog trunk.
2. Make a analog trunk call to OfficeServ system.
3. Check that '0' is not inserted on incoming calls.		Bug				ALL		MP		V4.46		UK				ALL		V4.53		O		O		O		O		O		only Ireland and Turkey

		P100909002				SVMi20 Call Recording after a Barge In 
We have a customer who is complaing that they cannot do call-recording using the SVMi20 and Barge into the call at the same time.  Should you be able to do a barge-in into a call and record  the call on the SVMi20 at the same time assuming there are enough conference circuits available

In addition the customer is also complaing that after the barge-in user has left the call so there are only two people in the call it is not possible to do call recording using the SVMi20 by pressing the CR key is this correct.

This issue can be re-created in the lab on a OS7400 system.		Call recording was possible during conversation state and conference state.
Barge-in state is needed to include.		We add Barge-in state to be able to do call recording.		OK		Req.				ALL		MP		V4.46d		UK				ALL		V4.53		O		O		O		O		O

		-				Add self join alarm
When you call in the Conference-system from a trunk, you get an announcement to speak in your name (When you enable the Who am i-Option), but you get no signal when to speak.		SEUK Request.		Modified to hear self join alarm after playing recorded whoamI to all attendees.
so that new participant can recognize when to speak.
(Self join alarm and join alarm are same. => beep tone)		[Previous Join Flow]
Enter the ID/Password - Recording WhoAmI - All attendees could hear Join Alarm and recorded WhoAmI - Join the conference
[New Join Flow]
Enter the ID/Password - Recording WhoAmI - All attendees could hear Join Alarm and recorded WhoAmI - After finishing the recorded WhoAmI, participant can hear Self Join Alarm - Join the conference		Req.				ALL		MP		V4.52		UK						V4.53		O		O								only for CNF24 Card supported system.

		-				Language key code of system parameter is not saved.
Sometimes, language key code of system parameter is not saved after resetting the system.		The application often loads the key code value earlier than the mmc-daemon completes installation of prompts and customized files. So the application displays default value of key code not changed one.		The timing issue is fixed and the application always reads the key code after the mmc-daemon completes installation.		1. Set the country to USA
2. Log in Web Management and go to VM/AA
3. Open System Parameter → Language tab
4. Change the key code of language and press save button
5. Run "Save application" and reset the system.
6. Check the key code. The value should be changed.		Bug				ALL		MP		-		USA				OS7100 MP10		V4.53						O						only MP10

		-				WiFi Phone Registration Problem after power off/on
SIP mode's WiFi Phone was not registered after power off/on		Connected WiFi phone number for license key was counted in duplicate		Connected WiFi phone numbers for license key is fixed.		Connected WiFi phone numbers for license key is fixed.		Bug				ALL		OS7070		V4.43a		S.Africa				ALL		V4.53		O		O		O		O		O

		-				WiFi Phone Registration Problem after temp License is expired
WiFi Phone was not registered after temp License is expired		WiFi Phone was not registered after temp License is expired		Connected WiFi phone number for license key was counted incorrectly		How to count Connected WiFi phone numbers for license key is fixed.		Bug				ALL		MP		-		-				ALL		V4.53		O		O		O		O		O

		-				Diversion Header Support in Mobex Call
Diversion header is missing in outbound Mobex call. Vodacom requires the diversion header appeared in the INVITE message from the OfficeServ.		Mobex call was not considered to be a forwarded call and thus there was no scheme to apply diversion header to the mobex outbound call..		In case of Mobex outbound, diversion header is added, and it is confirmed by Vodacom.		1. Configure Mobex call
2. Make an inbound call to the Mobex number
3. Check the ethereal trace that the Mobex Invite contains the diversion header.		Req.				ALL		MP10a		V4.51		UK				ALL		V4.53		O		O		O		O		O

		-				E164 number support for Finland
E164 number system should be supported when the country code is set to Finland		E164 number system was available only for USA.		When the OfficeServ's country code is set to Finland and E164 database field is set to ENABLE, all the dialed number will be automatically converted to e164 format.		1. Set the country code to Finland
2. Make the trunk outbound call
3. Check the ethereal trace that the dialed number is converted to e164 format.		Req.				ALL		MP10a		V4.51		UK				ALL		V4.53		O		O		O		O		O		only Finland

		-				Add MMC516 (Tone Cadence set)
OS7200/7400 systems can modify tone cadence, but OS7100/7030/7070/MP20S systems cannot modify tone cadence.		New Feature		We add MMC516(tone cadence setting) for OS7100/7030/7070/MP20S systems.		1. Enter MMC516.
2. Select busy tone.
3. Modify tone cadence.(Min on-time/ Max on-time/ Min off-time/ Max off-time)
4. Check the busy tone detection..		Req.				ALL		MP10a		V4.51		-				ALL		V4.53				O
(MP20s)		O		O		O		only Linux System

		-				52XX station's one-way speech 
station A, B are same group and these stations are enbloc mode. 
One call route to this station group 
station A is ringing and station B pick up the call
After this pick-up, when station A make a call, station A happens one-way speech.		when IPP ringing, system sends MIC off, Speaker off message to IPP 
And after this pick-up, when station A make a call, system must send MIC on message to Station A. But system didn't MIC on message.		In this case, system send MIC on message to IPP		1. Setup two 52XX stations(Station A, Station B) as enbloc mode.
2. Make a station group using these 52XX stations.
3. Make a call to route this station group
3. station A is ringing and station B pick up the call
4. After this pick-up, Station A make a call
5. This call don't have any voice problem.		Bug				ALL		MP		V4.51		KOREA				ALL		V4.53		O		O		O		O		O

		-				voice prompt distortion on the MP20S VM ports
we found out a critical issue on field related to voice prompt distortion on the MP20S VM ports.
We could simply reproduce it following the below steps:
1. System configuration
    slot 0: MP20S (V4.46x or V4.51)     slot 1: UNI (BRM-DLM-SLM)
    slot 2: 16 SLI2                     slot 3: 16 SLI2
    slot 4: 16SLI2                      slot 5: empty (or 16SLI2)

When the prompt distortion happens then you can also see the VM port answering the call is different with the one you called,
Moreover, although you are talking with 302, the real busy port is 301.
It seems that the system wrongs the VM ports allocation at the boot up procedure.		In this case, message queue overflow happens. This makes a prompt distortion and VM port mis-allocation		When MP20S boot up, system download tel number information to VM module in duplicate. One is after SLI port initialization, and another is after receiving VM start message from VM module.
tel number download after SLI port initialization will be removed.		1. start OS7200 with MP20s.
2. call VM port number (301, 302....306) and check voice prompt quality.
3. VM Port allocation and VM's voice prompt quality are good.		Bug				OS7200		MP20s		V4.51		ITALY				OS7200 MP20s		V4.53				O
(MP20s)								only MP20s

		-				7070 SLI Port plug-out
7070 SLI Port lock-up occurs one time per 1 ~ 2 days.
SLI ports goes on plug-out status. (If they call from keyset on it then they found Plug Out message)
After restarting, the system is OK till next time.		SLI Port's diagnostic status was wrong.		We fix SLI Port's diagnostic status.		1. Setup OS7070 with SLI port.
2. Connect SLT to SLI ports and use them.
3. After 1 ~ 2 days, the SLI ports work fine.		Bug				OS7070		MP		V4.51		RUSSIA				OS7070		V4.53								O				only OS7070

		-				OS7200 SPNET FAX Problem.
When old MGI card is located in LCP cabinet, receiving a FAX call through SPNET have a problem.		When old MGI card is located in LCP cabinet, received MGCP message's channel information from MGI was wrong.		In this case, system make a channel information from MGI's lpm_port number.		1. Setup OS7200 with LCP cabinet.
2. Old MGI card is located in LCP cabinet..
3. Receive a FAX call through SPNET.
4. Received fax data is ok.		Bug				OS7200		MCP, MP20		V4.51		RUSSIA				OS7200 MP20s		V4.53				O
(MCP,MP20)								only MP20, MCP

		-				Apply new msp file to CNF24 card.
Required voice quality improvement.(noise suuppression, Auto Gain Control feature)		voice quality improvement.		Apply new msp file which is applied voice quality improvement.
(noise suuppression, Auto Gain Control feature)		Check voice quality during Meet-Me conference.		Req.				CNF24										CNF24		V1.01

		-				[DM] Change FTP Port for NAT
In the case 1 more than systems are in NAT, only 1 system use FTP.		STA Request.		Change FTP Port with setup screen in DM		1. System is in NAT. 
2. Set the NAT ( System's FTP Port )
3. Add the site with FTP Port in setup screen.
4. DM connection is OK.
( If FTP connection is error, display error message.)		Req.				OS7400, OS7200 MP20, MP20s		MP40, MP20, MP20s		V4.52		USA				OS7400, OS7200 MP20, MP20s		V4.53		O		O
(MP20,MP20s)								only MP40, MP20, MP20s

		-				[DM] DM Package files can upload with File Control Menu.
DM Package files can upload with File Control Menu for 7200 / 7400 system.		STA Request.		DM Package files can upload with File Control Menu.
( AccessDB.exe, osdm.jar, osdm.jnlp, osdm_public.jnlp, osdmhelp.jar )
If osdm.jnlp and osdm_public.jnlp is upload, system must be reboot.
So, these 2 files can't not upload. If you want to upload these 2 files, you must delete them.		1. Execute File Control Menu.
2. Select DM Files in Program Tab.
3. Execute Upload
4. Uploaded DM Files display in File Control Menu.		Req.				OS7400, OS7200 MP20, MP20s		MP40, MP20, MP20s		V4.52		USA				OS7400, OS7200 MP20, MP20s		V4.53		O		O
(MP20,MP20s)								only MP40, MP20, MP20s

		-				[DM] Add the Sort Function.
email address 9.1.6 section will not put extensions is a sequencial mode like IT-tools does.		STA Request.		Add the Sort Function.		1. Open page using Tel Number. ( ex. 5.15.1 )
2. Click the Sort Icon on Page.		Req.				OS7400, OS7200 MP20, MP20s		MP40, MP20, MP20s		V4.52						OS7400, OS7200 MP20, MP20s		V4.53		O		O
(MP20,MP20s)								only MP40, MP20, MP20s

		-				[DM] Input password 3 times without closing login screen.
If input invalid password, execute login screen again.		improvement		Input password 3 times without closing login screen. With 3rd invalid password, close DM.		1. Try input the invalid password.
2. With 3rd invalid password, close DM.		Req.				OS7400, OS7200 MP20, MP20s		MP40, MP20, MP20s		V4.52		USA				OS7400, OS7200 MP20, MP20s		V4.53		O		O
(MP20,MP20s)								only MP40, MP20, MP20s

						[CNF24] STA "Who am I Request" prompt
STA wants to change "Who am I Request" announcement as "Please record your name and then press the pound key."
=> Previous announcement is "Please record a greeting message and then press the pound key."		STA request		Apply modified whoamI request prompt.		1. Connect CNF24 card by ftp. (ID:admin, PW:samsung)
2. Go /mnt/nand0/prompt and copy new 0004.snd file.
3. Start to join Meet-Me conference and check the new prompt is applied well.						CNF24										CNF24		V1.01

		-				Busy Tone Frequency Option is Added
OfficeServ system's Busy Tone Frequency depends on system's country code. 
Therefore you cannot change it unless you change system's country code.		OfficeServ system's Busy Tone Frequency depends on Country code.		You can change system's Busy Tone Frequency by MMC 861 BUSY TONE FREQ option.		1. Change system's busy tone frequency MMC 861 BUSY TONE FREQ option.
2. This busy tone frequency base on country code.		Req.				ALL		MP				PERU				ALL		V4.53		O		O		O		O		O		only Central and South America

		-				SVM Max Message
Maximum number message of mclass block does not work. If it is set to 2, a user still can record messages more than 5.		That feature is described in manual, but actual program worked in different way.		It's fixed to limit max number messages according to the manual description.		1. Set "Maximum number messages" to 2 in Standard mclass block.
2. Leave a message to your mailbox.
3. SVM should not allow leaving more than 2 messages. I mean, 3 or 4 etc. not 2.
4. A subscriber will hear "message storage full" condition when he log on his mailbox and if his mailbox is full.		Req.				ALL		MP		V4.51		PA				ALL		V4.53		O		O		O		O		O

		-				Change invalid conference ID prompt		STA request		In the previous version, when participant dials wrong conference ID, system plays error announcement as "Sorry. That is not a valid entry."
But in the new version, "Sorry, that is not a valid Conference ID.  Please check the ID and call back again. Goodbye, and thank you for calling." will be heard.
(New prompt is 0008.snd for USA and 0208.snd for UK.)		1. Upload new prompt(0008 and 0208) to CNF24 card.
2. Dial the wrong conference ID on purpose to hear new error announcement.		Req.				CNF24		CNF24		V1.00		STA				CNF24		V1.01

		P101112003				MP20S prints out the room status and the wake up call set up for 40 stations only 
MP20S prints out the room status and the wake up call set up for only 40 stations
Operation (step by step sequence to reproduce a problem)
1. Install suitable card, set country to ITALY and start OfficeServ 7200/MP20S by default.
2. Connect a DGP to a DM/DLI port
3. Enable Hotel service, set the DGP as administrator and more than 40 guest rooms
4. Assign Hotel button to DGP
5. Connect the port 5106 by tenet and execute the print out status of available rooms
== print out status stops to the 40th rooms ==
6. Print out other room status and wake up setting		the number of extension is restricted per each model when you use hotel feature. But MP20s comes from MP10a whose number is 40 extension.		We now increased it to 100 extension like as OS7200 MP20.
For your reference, the following is the number of extension per model.

- OS7400 : 500 Extensions
- OS7200 : 100 Extensions
- OS7100, OS7070 : 40 Extensions
- OS7030 : 20 Extensions		OK		Bug				OS7200 MP20s		MP		V4.51		ITALY				OS720 MP20s		V4.53				O
(MP20s)								only MP20s

		P101030001				STATION PAIR and Call Coverage 
We have a issue with Station Pair and Call Coverage.
With two stations in STation pair,  if you assign the feature Call Coverage to one of the two stations paired, the station that has call coverage to these numbers will flash but not ring.
We would like the two stations in station pair to be able to be set with Call Coverage on another station.
If no phones are in station pair, than the call Coverage feature works fine.		Both of Station Paired phones  try to control CC key.
Only original phone should control CC key.		Only original phone control CC key.		1. Set station pair feature to station 2001 and station 2002.
2. Set CC2001 Key to station 2003.
3. Make a call to station 2001 from station 2004.
4. Station 2003 will flash and ring from CC key.		Bug				ALL		MP		V4.51		USA				ALL		V4.53		O		O		O		O		O

		P100915001				NND feature while doing auto record cause lost calls 
Tested on all 3-7000 series phone system Tested on sw v4.46d (released) and v4.51(beta) MMC 701 COS1 useable feature VM REC and VM AREC set to YES MMC 743  ext 201 set to auto record to mailbox 201; both inbound and outbound traffic.
MMC 722 assign NND to ext 201. Note: softkey can be used too.
MMC 414 assign called id analog trunks, using PRI nothing to turn on fails using them too.
Ext 201 answers a incoming call, auto answer feature is activated. Ext 201 user presses the NND no problem they can see CID info. When the screen times out from them pressing the NND it goes back to normal (conf page mute). If ext 201 user press the NND button again they have audio until the display returns to normal. 
At this point the inside and outside parties hears silence. The call isn’t put on hold because there is no MOH heard. Ext 201 can press the call button or DT and they can’t retrieve the call. Ext 201 will have to press the hold button on their phone and then go back off hook to get their call back.		There was a t-switch control bug while CID display retrun to normal display using NND(on AREC).		t-switch control bug is fixed.		OK		Bug				ALL		MP		V4.51		USA				ALL		V4.53		O		O		O		O		O

		-				Called Number Plan & Type option of PRI, BRI is shown in OfficeServ Linux System.		Requirement from Russia.		In case of Russia, New Zealand, Called Number Plan & Type option of PRI, BRI is shown in Linux System.		1. Set up OfficeServ Linux system. (OS7100, OS7070, OS7030, OS7200 MP20s)
2. Set country code to Russia or New Zealand.
3. You can see Called Number Plan & Type option of PRI, BRI options from KMMC 
   or IT		Req.				OS7070		MP		V4.51		RUSSIA				OS7200 MP20s, OS7100, OS7070, OS7030		V4.53				O
(MP20s)		O		O		O		only Linux System

		-				MCONF Unsupervised Conference Problem
There are no audio problem when Unsupervised Conference with MCONF key. 
See below STA report.

=== STA Report ====
1.The Secretary sets up the conference for the manager.
2.They are the ones that start the conference and add the users.
3.Here are the steps to reproduce this error.
A.Have secretary make the first Call to the end user.
B.They hit their MCONF feature to access the conference card and get dial tone.
C.They dial the second party and after answer, hit their MCONF feature again to add the parties together.
D.They repeat this process until all the parties have been joined.  This works up to this point.
E.The Secretary then leaves the conference called Un-Supervised conference.
F.The secretary does this by hitting the MCONF key and then the HOLD key and finally their CALL KEY. 
G.The Call key flashes but the conference is working.
H.The secretary then rejoins the conference by hitting the Call key.
I.At this point all audio to the users has stopped and no audio on any conference card feature until the card has been restarted.		There are no consideration about Unsupervised Conference when using MCONF.		There are problems about MPS release, LED control, and CNF24 channel management when Unsupervised Conference with MCONF key. This is fixed all.		Unsupervised Conference Test with MCONF key		Bug				OS7400, OS7200 MP20, MP20s		MP40, MP20, MP20s		V4.52		USA				OS7400, OS7200 MP20, MP20s		V4.53		O		O
(MP20,MP20s)								only MP40, MP20, MP20s

		-				Caller didn't hear ringback tone.
When caller dialled other user then if another user did hook-off, caller didn't hear ringback tone.		When another user did hook-off, MP20 system unintentionally disconnected ringback tone		We modifed that system didn't affect caller.		1) Off-hook on 201 DLI port and dial ohter user.
2) Hear the ring back tones cadences and dialed user is ringing.
3) In same time just off-hook on another user.
4) Check 201 DLI tone.		Bug				OS7200 MP20		MP20		V4.51		RUSSIA				OS7200		V4.53				O
(MP20)								only OS7200 MP20

		-				PWP last week problem.
The Scheduler part of the conference programming in PWP and DM comes up with a date one year off from the switch time		When system time is last week of the year and next year's 1/1 is in last week, PWP recognize the week is 1st in next year.
If system time is last week of the year, PWP requests 1st week of next year. (last week of the year is equal to 1st week of next week)		If system time is last week, PWP requests 1st week of next year. (last week of year is equal to 1st week of next week)		1. Set the date of system for 2010/12/31
2. Log in PWP
3. Check the scheduler's dates		Bug				OS7200 MP20		MP40		V4.53		USA				MP40, MP20, MP20S		V4.53a		O		O
(MP20, MP20S)

		-				SIP OPTIONS problem
In MMC 837, when Alive Notify value is changed to ENABLE, OPTIONS message or alive check is not sent.		The creation of OPTIONS message is failed and finally sending OPTIONS is not working. The From header host value has have wrong value.
This problem occurs only when Outbound Proxy have domain vlue.		Fix setting host value of From header.
I check that From header has appropriate value whenever Outbound Proxy have ant value.		1) Set Outbound Proxy to domain value.
 Or, Outbound Proxy : ip, Proxy Domain: domain
2) Change Alive Notify to ENABLE.
3) Check whether OPTIONS is sent or not through Ethereal		Bug				OS7030				V4.53		Australia				ALL		V4.53b		O		O		O		O		O

		-				Adding SIP Station's Diversion Header of Invite message
When a call frowards to SIP Station, SIP Invite message includes Diversion Header.		Requirement from UK		STN/TRK A call to station B witch set to forward to SIP Station C.
In this case, when a call from STN/TRK A transfer to SIP Station C, SIP Invite message includes STN B's Diversion data.		1. Set and Make a call as following
A(STN or TRK) -> B (FWD set to C) → C (SIP Station)
2. Check Invite messge to C including diversion header by using Wireshark.		Req.				OS7200		MP20		V4.53		UK				ALL		V4.53b		O		O		O		O		O

		-				Trunk Disconnect Time is updated when transferring a call
A station that didn't set call restrict feature made a call to external. And the station transfered to another station that set call restrict feature. Then the call wasn't restricted..		A trunk disconnect time is not updated by call feature. This is a spec.		Because of turkey's request, a trunk disconnect time will be updated by transferring to another station.		1. Set MMC 314 CO CONFIRM to DISCONNECT
2. Set MMC 500 CO CONFIRM TIME to 0
3. Set Station A and Station B's MMC 502 TRK LIM TM to as following. 
4. Station A makes a call to external and transfers to station B
5. Test result is as following.
STN A STN B Result
  0         2     disconnect after 2 minutes.
  2         0     don't disconnect
  1         2     disconnect after 2 minutes.
  2         1     disconnect after 1 minutes.		Req.				OS7070				V4.53		Turkey				ALL		V4.53b		O		O		O		O		O		only Turkey

		-				NAT options are initialized after reboot on OS7100 MP11 system.		file permission error		file permission is modified.				Bug				OS7100		MP11		V4.53b						MP11		V4.53c						O (MP11)

		-				Improving SIP Trunk exclusive function.
When using DNS address as proxy and enable exclusive function, the incoming call can be rejected.		OfficeServ verify allowed peer using only first ip address from resolved ip lists. 
So OfficeServ can reject an incoming call from SIP servers with the same domain name but different IP address.		OfficeServ use all resolved ip address for SIP Server domain to verify peer.		1. Set Outbound proxy value to domain name which has ip lists.
2. Make a call from other gateway or system.
3. When receiving the call, check OfficeServ system works properly.
4. Note that domain name should have plural ip addresses and include sender system ip address. The sender ip address should not be first from resolved ip address lists.		Req.				OS7000										ALL		V4.53c		O		O		O		O		O

		P110309002				Networking issue os7100 and os500 switch
We have a new issue, OS500 networked with Centalized Voice mail service to 4 OS7100 with mp10 processors and no isues. They just added one OS7100 mp10a with V4.53 software and have a issue. With SPNET trunking, a call from the OS500 to the OS7100 MP10a routes fine but if they have forward no answer back to the OS500 switch, the caller sees on their display (OPP MGI NO SERVICE) and the the call drops.
They downgraded the OS7100 mp10a to software V4.46d and problem solved, messaging between os500 and os7100 mp10a with V453 softare has messaging problem.		When working no answer forward through SPNET, system got wrong forwarding trunk numbers.		When working no answer forward through SPNET, system will get right forwarding trunk numbers.		1. Set SPNET feature between system A and system B.
2. system A's station a make a call to system B's station b.
3. station b don't answer and the call forward to system A's station C.
4. everything work finely.		Bug		USA		OS7100		MP10a		V4.53b						ALL		V4.53c		O		O		O		O		O

		-				WiFi pause issue
When dial below digits sequentially on the SMT-W5210, can't see the auth code display and then an invalid message is displayed

(Auth feature ID) (4 digit auth code) (pause) (0) (external number digits) (call button to make the call)
→ In case of WiFi phone, menu key is considered as pause key.		Pause is considered as one of auth code. So system disconnects the call and displays invalid message.		If pause code is entered in auth state, it is not saved as one of auth code and just 3 second is delayed.		1. Enable Auth COS in MMC701
2. Set Auth code in MMC707.
3. Set Auth feature code in MMC724.
4. Dial below digits on the SMT-W5210.
→ (Auth feature ID) (4 digit auth code) (pause) (0) (external number digits) (call button to make the call)		Bug		S.Africa		OS7000										ALL		V4.53c		O		O		O		O		O

		P110222003				It is fixed that the clip translation name does not display on an SLT handset.
When using the CRM module in a MP20 or MP40 in v4.53b the clip translation name does not display on an SLT handset		When incoming call goes to SLT handset, System didn't check clip translation name table(MMC728). so clip number only displayed on SLT handset.		System checks the clip translation name table for SLT handset.		1. In MMC 728 Clip translation, set clip number and name.
2. Make a incoming call with the clip number to SLT handset
3. If the clip translation name display on SLT handset, it is success.		Bug		UK		OS7400/OS7200				V4.53b						ALL		V4.53c		O		O		O		O		O

		-				SIP Hold Pick up does not work		When working hold and hold pickup, SIP phone's internal state is separated to 2 state. This makes a problem.		Checking special feature keys is fixed.		1. Make a call with SIP phone.
2. Hold the call from the SIP phone by dialing 11.
3. Pick up the hold call by dialing 12.
4. Everything works normally.		Bug		ITALY		OS7000				V4.53b						ALL		V4.53c		O		O		O		O		O

		-				Consultation transfer does not work through Spnet on the 3rd party SIP station		When transferring through SPNET, SIP phone's internal state is separated to 2 states. This makes a problem.		Checking special feature keys (E-LCR, Remote Station, etc) is fixed.		1. Make a call with SIP phone.
2. Transfer the call through SPNET.
3. Everything works normally.		Bug		ITALY		OS7000				V4.53b						ALL		V4.53c		O		O		O		O		O

		-				Changing Station name in Common Port Control (ITool 2.4.2) using IT makes SMT phones loosing connection to MP10a		When changing station name by using IT, OfficeServ system try to send too many messages to IPP.
This makes OfficeServ system's buffer overflow.		As changing how to deal with saving station name, OfficeServ system reduced the number of messages tried to send to IPP because of preventing buffer overflow.		1. Setup OS7100 MP10a and over 30 IPPs.
2. Change and save Station name using IT 2.4.2
3. The station name is saved normally.		Bug		Australia		OS7100		MP10a		V4.53b						ALL		V4.53c		O		O		O		O		O

		P101123007				DS5012L incorrect time
When the time ticks over to the hour the phone will go back 2min and display say 11:58
When it should say 12:00.

eg Time display goes from 11:59 then 12:00 for about 2 secs then goes backwards and displays 11:58 for 1 min then 11:59 for a sec then shows 12:01.

Customer site history.
Phones were previously working ok untill mcp was upgraded to V4.46d. Then the issue started to occur		Basically, This is a DS-5012L's problem. But OfficeServ system made up for DS-5012L's fault.
When DS-5012L received a specific message about the year from OfficeServ, this problem occurred.		OfficeServ send a specific message about the year only one time a day at 03:00		1. Setup DS-5012 connected OfficeServ.
2. Check the time every 10 minutes on time.		Req.		Australia		OS7200		MCP		V4.53b						ALL		V4.53c		O		O		O		O		O

		-				SLT port plug-out issue
Irregularly OS7070's SLT port is plugged out.		Irregularly OS7070's diagnostic feature malfunctions.		Removed a diagnostic feature's malfunction.		1. Setup OS7070 with SLT
2. Use the SLT without plug-out		Bug		Russia		OS7070				V4.46h								V4.53c								O

		-				Fail to connect VM web on MP10a.
When booting up as USA county code, you fail to connect VM web on MP10a about 80%.		When booting up as USA county code, VM Web module sometimes fails to execute.		The order to execute VM Web is changed.		1. Setup OS7100 MP10a as USA country code.
2. Connect and use VM Web.		Bug		USA		OS7100		MP10a		V4.53b								V4.53c						O

		P110322002				System Reset Sequence
We have a specific sequence that causes a system reset.
Create a spnet network using two OS7100 MP10A Systems running V4.53 software.
The trunks coming in on System A is Analog.
The call flows is as follows.
Calls come into NOde A and are passed thru to a  station group in Node B using MMC 406.
The call rings a station group in Node b.
The calls is not answered by a member of the station group.
It is then transfered back across the network via next port in MMC 601.
At this point the Node b that sent the call back via next port optoin resets.		When working no answer forward through SPNET, system got wrong forwarding trunk numbers because of a specific flag isn't initialized.
This makes system's reset.		A specific flag is initialized.		1. everything work finely between SPNET.		Bug		USA		OS7100		MP10a		V4.53b						ALL		V4.53c		O		O		O		O		O

		P110328001				OAS card restart in OS7100
OAS card restart in OS7100
OS7100
MP10a/MP10 V4.46e
Tested Slot 1 and 2 OAS V2.01

OAS card restarts after 6 calls
When card has reset it is not operational. Attempted call show “No MGI Channels”
OAS LED’s show SVC2 is the only led ON (Normal state is SVC1 and SVC4 ON)

Using OAS reset button or ITool to reset OAS card will make card operational again

Issue can replicated each time by simply accessing the MGI trunk group (eg dial 803, wait for dial tone, hangup. Do this approx 6 times) 
Attached is database from our lab test and trace from OAS card bootup		When using OAS card in OS7100, MPS in OAS card is not blocked. 
If you attempt to call, MP wrongly send a message related MPS to OAS card.		In this case, MP don't send a message related MPS to OAS card.		1. Set-up OAS card in OS7100
2. Attempt to call related to MPS.
3. OAS card don't restart.		Bug		Australia		OS7100		MP10a		V4.46e						OS7100		V4.53c						O





Sheet2

		





Sheet3

		






_1382207409.pdf
SOFT

Technology Partner

October 26, 2011

Greetings,

BroadSoft is pleased to announce that the Samsung OfficeServ 7000 Series has been
formally validated with BroadWorks. The device model(s) listed below have been
validated as interoperable with the BroadWorks SIP interface. Any issues and limitations
identified during the interoperability testing are documented in the BroadSoft Partner
Configuration Guide (PCG) PartnerConfigGuide Samsung OfficeServ 7000 Series. The
PCG is available to BroadSoft customers on the BroadSoft Xchange website,
http://xchange.broadsoft.com.

BroadSoft validates that the device works properly with the BroadWorks SIP interface.
BroadSoft does not validate qualitative aspects of the device or other device capabilities,
which are outside the scope of the SIP signaling interface.

The validation covers the Samsung versions(s) and BroadWorks release listed below.
Other versions and releases tested previously are documented in the PCG.

Samsung OfficeServ Models: 7030, 7070, 7100, 7200, 7400
Samsung OfficeServ Version: V4.54a
BroadWorks Release 17.SP3

*This validation also applies to subsequent compatible maintenance releases to this
device version.

Thanks,

LO Qxﬂm” J%T:fc iﬁ:a_?}

Wesley Hacker

9737 Washington Blvd Suite 350
Gaithersburg, MD USA 20878
Tel +1 301.977.9440

Fax +1 301.977.8846
www.broadsoft.com
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						OfficeServ System		Change Notes

		Qnet Number				Problem or Requirement		Reason		Modification		Test Procedure and result		Bug/
Req.		Issued Information												Release Information														Remarks

				검증완료일												Date		System		Package		Version		Country		Index		Package		Version		7400		7200		7100		7070		7030

		-				Group pickup info remains on screen
Group pickup info remains on screen when call is received on analogue trunks. Tested on OS7400 V4.46a 10.02.26, To replicate: setup 3 extensions in the same pickup group, enable pickup group info in 861 and 110. direct trunk line to one of the extensions and make an incoming call, disconnect call, pickup info remains on the 2 extensions that did not ring.		When analog trunk call is incoming, pickup group information is not deleted.		Delete pickup group information in case of incoming analog trunk call.		OK		Bug				OS7400		MP40		V4.46a		UK				ALL		V4.51		O		O

		-				Add IP-AOM in MMC841
Can we add an option to the IT Tool in MMC841 to allow us to upgrade the IP AOM in the same way as the IP Phones, currently you have to connect to the IP AOM via webbrowser to upgrade, this is slow process, much faster using IT Tool and MMC841 and 840 to upgrade.		New feature		Add IP-AOM to MMC841.		OK		Req.				OS7000		ALL		-		-				ALL		V4.51		O		O

		-				Speech comes over the speaker when in headset mode.
under certain configuration and call scenario you can hear speech coming over the speaker when in headset mode. To replicate,  setup 2 phones A=i5243 set auto campon to ON, B= i5243 set Secure OHVA to OFF and switch on headset mode, C= ISDN line or another internal extension. Make call from B to C all is ok, now from A call B, A is camped onto B and C's speech now comes over speaker. Tested on MP40 V4.46a 10.02.26, i3100 V1.28, i5210 V1.07, i5230 V1.07, i5243 V1.64.  When B is replaced by i5220 V2.10 then there is no problem or when A is replaced by digital phone.		We can reproduce this issue on V4.46e, but this issue is modified on V4.50.
=> This issue is already fixed on V4.50. 
In old version speaker is opened by following SECURE_OHVA option.		Modified not to open speaker path by following SECURE OHVA option.		OK		Bug				OS7000		ALL		V4.46e		-				ALL		V4.51		O		O

		N091006001				External Call Forward does not follow Station/Trunk use. 
First raised as bug but HQ asked to raise as New Feature.
The Problem: “If you setup station/trunk use and dial out directly from the phone the station/trunk use works ok.
But if you setup an external call forward on the extension doing the forward it can use a Trunk group that it is not allowed to use and does not follow the Station/Trunk use settings” The extension should only be able to select the trunks that it is allowed to use and not any trunk to complete the external call forward.
See attached DB mmc102, 304, 614, 603, 714 for configuration. In this example I have setup an external call forward to my mobile on ext 202. When I call the ddi the external call forward uses trunk 701 which it should not be allowed to use. this should be the same for all trunk group types .i.e ISDN,Analogue,Sip etc No PSWD for DB		New feature		Add Enhanced FWD to MMC210.
If this option and EXT FWD are ON, trunk call can be outgoing or not by following stn/trk use option.		OK		Req.				OS7200		MP20		V4.xx		UK				ALL		V4.51		O		O

		P100507004				Communicator shows LCR code 
Communicator shows the LCR code when call is connected.
see screenshot, I am dialling my mobile no 07900981347 when call is connected Communicator is also showing the LCR prefix, we dont want to see the LCR prefix.
Tested Communicator V1.0.0.7 and 1.1.0.2 in Desktop Mode		In case of LCR mode, changed a trsf_satus information sent to communicator to None message.		Modified to show original dialed number.		OK		Bug				Communicator						UK				ALL		V4.51		O		O

		P100522004				VMAME Feature Broke 
The first report was that IP phones with VMAME assigned do not hear the message being left by the calling user so they dont know if to answer or not. I have tried to the I5243 set and can not hear nor answer the call. I have also tried with a digital set and still can not hear the calling user with VMAME SET.
Assign VMAME to set.
Assign Forward No Answer to Voice Mail
Call station and after it forwards to voice mail, and trying talking. You will not hear the caller leaving a message.		When entering the VM AME mode,  MP did not send the audio control message.
So cannot hear the sounds.		We fixed the flow.  MP send the audio start message to IP Phone		1. Assign VMAME to set.
2. Assign Forward No Answer to Voice Mail
3. Call station and after it forwards to voice mail, and trying talking.  You will hear the caller leaving a message.		Bug				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O

		P100523001				16-TRK FLASH ISSUE  
We have a OS7200 MP20 with A 16TRK CARD where ports 5-16 will not flash.
Setup MP20 PROCESSOR
SLOT 1 16DLI
SLOT 2 16TRK
SLOT 3 8TRK
SLOT 4 8COMBO
SLOT 5 16MWSLI
PLUG IN STATION CORD ON FIRST PORT OF 16MWSLI CARD AND WIRE TO PORT 4 OF 16TRK CARD.
ACCESS MMC 406 AND HAVE ALL TRK PORTS RING MWSLI PORT WHERE WIRED.
Dial the trunk port on port 4 of 16trk card.
You will hear dial tone from the 16mwsli card.
dial another station on 16dli card and answer the call
dial the flash key to get dial tone and dial another digital station
you can go back and forworth with the flash key to both sets.
Now wire to port 5 of 16trk card and repeat steps.
When you flash the port 5 thru 16 of the 16trk card,  you will not get dial tone and disconnect the first call.		The number of port is up to 4 on the flash feature with 8TRK2, 16TRK.		The number of port is up to 4 on the flash feature with 8TRK2, 16TRK.		OK		Bug				OS7200		MP20		V4.xx		USA				MP20		V4.51				O								only for MP20

		P100526001				BARGE IN FAILURE 
In v4.46D Software, there is a issue with Barge in.
Say,. that 6759 and 7688 are on a call.
Number 6730 has just barged in on 6759 with no problems.
A new DID call rings on station 6759 but is not answered. It is left to go to voice mail after 3 rings.
When the call routes to voice mail.
The original call between 6759 and 7688 has changed.
7688 can still be heard on station 6730 barged in.
Station 6759 has dial tone after the call was dropped.
6759 and 7688 should have not lost the call.		When waiting call transfered to VM, Opposite Hangup msg generated. This message must be ignored, but there are checking  bug.		Ignore Oppsite Hangup message from waiting call at barge-in state.		OK		Bug				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O

		P100527001				Page Timeout Broke
In V4.46d software, the page timeout timer in MMC 501 has no affect.
You can do a internal page and it will never end without hanging up and hitting finish on the screen.
It should stop after the time out feature for Paging		There is not timeout during internal paging. This operation is specification.		Because of request, MMC 501 page timer will affect during internal paging		1. Set page timer in MMC 501
2. Check the timer affect or not during internal paging.		Req.				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O								only for USA

		P100602001				Virtual SLT ports ring Normal SLT ports 
Attached is a default DB on V4.46d
When you have a pot phone connected to the 8combo card and ring a virtual extension that is in the same slot and port then the pot phone will also ring.
To replicate: 1>connect a pot phone to 8 combo card port 1 ext 217, 2> from another phone dial virtual ext 3509, 3> you will now see that extension 217 starts to ring and it should not.		When ringing a virtual slt, ring message should not be sent to signalling part because there is not physical port.		We check the range of port relatated with ring message. If port is virtual port, ring message will be ignored.		1>connect a pot phone to 8 combo card port 1 ext 217, 
2> from another phone dial virtual ext 3509, 
3> ext 217 will be maintained idle state.		Bug				OS7200		MP20		V4.xx		UK				ALL		V4.51		O		O

		P100615001				MP20S MAIN GRETTING CLICKING
We have reports from Tech Support of Clicking on the MP20S voice mail main greeting when the main greeting is redone.  The default main menu greeting number 1001 sounds great.
The problem is when you re-record the greeting 1001 with a soft voice, you will hear clicking when listening to the greeting.  We have seen this issue on software v4.42,and V4.46d, and V4.49 software.
Only the MP20S is being reported,  no issues on the MP10a processor.
One dealer is spreading the word about this problem.
1.   Rerecord greeting 1001 with a soft voice and listen to the greeting.  You will hear clicking noise and static on the recording.		Source code bug.
MP20s has a different recording algorithm.
APIS module has a buffer and it saves the data from MSP to that buffer.
The buffer size is 1600bytes. If it is full, it will send it to VM_MGI module to save it as a file.
Before sending it, APIS moves the data of the buffer to another buffer to send it to VM_MGI.
But the another buffer size is smaller than previous buffer(exactly it is 14 bytes smaller than previous one)
So, 14bytes data is missing and it is the reason of clicking noise.		The buffer used to exchange data between apis and vm_mgi module is increased.(16 bytes)		1. Record a main greeting(for example, 1001)
2. Listen to it and check the clicking noise.		Bug				OS7200		MP20S		V4.xx		USA				MP20S		V4.51				O								only for MP20S

		P100615003				WIP cannot answer calls 
Cannot answer call to WIP500 handset.
Can make calls ok
Handset rings for incoming call but pressing key to answer does nothing

Issue occured after system upgrade from V4.21toV4.42c
Same issue occured in our lab with customers database and default database. 

System OS7400
WIP5000m V3.11.2
Combo Access Point
WLI card V1.18		system -> wip message struct was changed.
there was a problem that WIP couldn't receive some messages.		We retore the message struct to orginal struct.
WIP can receive and process messages.		OK		Bug				OS7400		MP40		V4.42c		Australia				ALL		V4.51		O		O

		P100617004				UCD Prompts Not clipped  
Prompts on the UCD group are not being clipped when an agent becomes free, I have repliacted the problem in the lab on V4.46d.
On V4.42b the UCD prompt is clipped when an agent becomes free.

Please resolve.		For requst of Russia, Prompts on the UCD group are not being clipped when an agent becomes free.
From V4.50 or V4.51 this will not be applied for UK.		For requst of Russia, Prompts on the UCD group are not being clipped when an agent becomes free.
From V4.50 or V4.51 this will not be applied for UK.		1. Set VMSUCD feature.
2. Make All agents be busy.
3. Call to UCD group and hear UCD prompt
4. Check that Prompts on the UCD group are being clipped when an agent becomes free.		Bug				OS7400		MP40		V4.46d		UK				ALL		V4.51		O		O								only for UK, EU

		P100617006				Auto Answer intermittently not working 
Under certain scenario Auto answer is intermitantly not working and instead an Announce ring mode is being used even though the extension is set to use Auto answer.
This has been replicated in the lab on V4.46d
To replicate: 1. VSLI 3501 fwrd to VM Group, make 3501 announce only mailbox and record a greeting, set no message left destination to Vsli 3502. 2. on 3502 forward to UCD group. 3. configure members of UCD group to use Auto Answer Ring mode. 4. Point DDI to VSLI 3501. 5. Make multiple calls to DDI (in the lab I made 6 multiple calls using ISDN tester), 6. When agent auto answers clear call and wait for next call to auto answer, intermitantly you will see Announce From XXX and extension does not auto answer.
I have found a work around to this problem but in the above scenario why is the extension not always Auto Answering when the call is coming thru the voicemail. DB attached.		System checks whether 2nd opposite port of opposite party is valid or not to prevent station pair answering automatically. If 2nd opposite port is valid, ring mode changes into announce mode.
Because of this procedure ring mode of UCD member becomes announce mode.		Modified to apply this procedure to station port only. 
So if trk port is used, ring mode is Auto Answer mode and the current call is transferred by VM, ring mode is not changed.		OK		Bug				OS7400		MP40		V4.46d		UK				ALL		V4.51		O		O

		P100622003				P100208005 SIP Hold Reinvite does not work correctly for Transfered calls
The solution for P100208005 does not fix the scenario where a call is transfered. In MMC837 if Hold reinvite is disabled the OfficeServ is still sending an Invite message to place a call on hold in v4.46d software when a call transfer is made.

If Hold reinvite is disabled the Officeserv should not send an Invite mesage to place the call on hold when a transfer is made or a call placed on hold.

REgards,

Iain		Hold reinvite option didn't affect to transferred call.		Hold reinvite option will affect to transferred call.
And you have to remember that hold reinvite option affect in case of MPS off.		1. Set MPS Service option to On.
2. Set hold reinvite option to off
3. Check that SIP Hold Reinvite works correctly for Transferred calls		Req.				OS7200		MP20		V4.xx		UK				ALL		V4.51		O		O

		P100622004				Incorrect SMDR code for UCD to UCD abandoned call. On v4.46d
This is similar problem to P100310013.
If a call overflows from a UCD group, to another UCD group and then overflows to VMS UCD for queue message, when the caller is tyransferring to an agent after the VMS UCD group message, if the caller hangs up when the agent phone is ringing, the system sends a 'C' code and not an 'A' code to SMDR.
Please see attached.		if a call to UCD Group and go to final destination which is UCD Group, and the caller hangs up when the agent phone is ringing, the system sends a 'C' code and not an 'A' code to SMDR.		In this case, I change to send a 'A' code instead of 'C' code to SMDR.		UCD Group A : one member, overflow time 1 second, Next Port VMSUCD group, retry count 1, final dest UCD group B
UCD Group B : several members(real agents)
If you make a call to UCD Group and go to final destination which is UCD Group, and the caller hangs up when the agent phone is ringing, the system sends a 'A' code to SMDR.		Req.				OS7400		MP40		V4.46d		UK				ALL		V4.51		O		O								only for UK, EU

		P100629004				SMT IP Phone delayed speech problem.
Logging this for reference - CJ Seo and EZ Kim already aware of the issue.

There is a delay of about 3 seconds when a user answers a call on SMT i phones. 5243/5230 and 5210.

Example: call into a system on alog trunk, answered by an SMTi5243, if the 5243 user says "hello, samsung communications", the caller only hears "mmunications". And the start of the speech is missed.
All software versions of terminals are having the problem.		T-swtich delay timer affected in this problem.		T-switch delay time was be applied to 300 msec in default. This delay time will be not applied.		OK		Bug				IPP						UK				ALL		V4.51		O		O								only for UK, EU

		P100706002				SIP Calls being rejected with a SIP 513 message too big 
On an OS7100 when a call to a SIP extension is routed out over an SIP Trunk the call is being rejected with a 513 message too big error. 

I have attached a SIP trace and a DB from the customer site.

Nimava report that this problem has been seen in v4.46a, v4.46d and v4.46e

Regards,

Iain		When sending re-Invite message, SIP stack puts 2 authorization headers in a message which makes the receiver confused and reject the message.		Right before sending out re-Invite message, SIP stack checks the number of authorization header and if it is more than 2, simply removes the first authorization header.		OK		Bug				OS7100		MP10		V4.46		UK				ALL		V4.51		O		O

		P100708003				Peri UCD stats showing 65xxx unanswered calls  
If there are calls in the queue when performing either a manual Clear Stats or Automatically then the unanswered calls show 65535 unanswered calls.

Replication: 1. setup a UCD group with two members>2. configure peri ucd>3. telnet onto port 5105>4. make a call into UCD group>5. while the call is in the queue use the supervisor key and perform a manual clear data.>6. you will now see the unanswered calls jump to 65535 on the peri stats.

Tested on 7400 V4.46d		There is an error to initialize unanswered calls.
Unanswered call count is calculated by subtracting ringing count from abandoned call count.
If there is an incoming call and supervisor clears ucd data, only abandoned call count is initialized.
So 65535 is shown when subtracting current ringing count from zero count(=abandoned call count).		Modified to add ringing count to initialized unanswered call count when supervisor clears UCD data.
Check with V4.51 S/W.		OK		Bug				OS7400		MP40		V4.46d		UK				ALL		V4.51		O		O

		P100715002				All SMT-i52xx/ Umlauts are missing after hooked off  
Umlauts are not indicated when hooked off at source side --> F lkel. Also when calling an internal user, at opposite/destination side it cannot be displayed ？ same: F lkel. This wrong indication was recognized at destination side terminals: SMT-i5210 / SMT-i5230 and also SMT-i5243		OfficeServ System doesn't support Umlauts characters display.		We change the system to support Umlauts characters of the station name if a IP Phone is the new model to be shown Umlauts characters(SMT-i3100, 5210, 5220, 5230, 5240, 5243) and station language is German.		OK		Req.				IPP						Germany				ALL		V4.51		O		O								only for Germany

		P100724001				MP20 CONFERENCE SQUELL
We have a report from that we can reproduce in our lab with telco analog lines but not 16mwsli ports.
in V4.46d software on the mp20 but not the mp20s processor with the same 16trk or 8trk2.
Start with a analog phone tied to a 16mwsli card,  go off hook and get dial tone,  dial a port on the 8trk2 card and call telco and have someone answer the phone.
Then hit the flash key and get dial tone,  dial the conference code of 46 and get dial tone again.
dial the second analog trunk and complete the call, hit the flash key to conference two outside partys together with the analog set.  No problem at this point.
Then hit the flash key and dial the third analog trunk on the 8trk2 card.
You will get dial tone again and dial a third party, when they answer, hit the flash key to tie the three outside partys together.
At this point, you will hear a squell on the conference that can not be stopped until one of the outside partys drops off.
This can be reproduce with the 16trk card with the same sequence.

The MP20S card with the same cabinet and trunk cards, and analog phone does not have the problem, onnly the mp20 card has this issue.		when being in conference, system didn't control gain.		when being in conference, system will control gain.		OK		Bug				OS7200		MP20		V4.xx		USA				MP20		V4.51				O								only for MP20

		P100728001				OS Operator not displaying CLIP Translation Properly
OS LInk V3.0.0.4
OS Operator V1.3.5.7
OS7100 MP10 V4.46e
Incoming calls are not showing the callers CLIP Translation name when programmed in MMC728 on OS Operator. Instead of showing the name there are some strange characters.
I have tested V4.46d on an MP20 and v4.46e on an MP10 with the same result, when I tested V4.30k on the MP10 then it is working ok. If you have a look at the attached screen shot and logs you can see the CLIP name is not shown properly.		When geting the cid name, garbage data is searched.		When geting the cid name, pointer operation was wrong. So it was fixed.		1. configure cid number and name 
2. making a internal call thru pri trunk
3. check the cid name on OS operator.		Bug				OS7100		MP10		4.46e		UK				ALL		V4.51		O		O

		P100729003				FOLLOW ME FORWARDING ISSUE
We have differences with this feature associated with forwarding that are different than the following forwarding features that work the same way.
Example, FNA, Forward Busy, Forward DND, Forward All, all work the same way with the Chain Forward Option MMC 210, Where the first called station or the forwarded station can be choisen to receive the voice mail. The FOLLOW ME feature will only go the the forwarded stations mailbox unlike the other forward options.
To make this consistent, we would like the FOLLOW ME feature to work with the associated option Chain Forward option in MMC 210 where you can pick which mailbox to deliver the message.
Normally, if someone usesthe FOLLOW ME feature, they would want the message to go the initially called number and not the forwarded stations mailbox.		In case of follow me feature, MMC 210 Chain Forward option didn't affect.		In case of follow me feature, MMC 210 Chain Forward option will affect.		1. Set chain forward option to off.
2. Set follow me feature from station A to station B
  (This means call that go to station B will go to station A)
3. Make a call to Station B, then the call go to station A and FNA to VMS.
4. The message go to initially called number(station A)'s mailbox.		Req.				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O

		P100729004				PAGE SUPPERVISOR FEATURE INTERACTION
We have found a minor issue on the OS7200 MP20 processor with steps.
1. Put three phones in a internal page group.
2. One of the phones has a UCD Supervisor key assigned that receives the page.
3. Page the three sets and finish the page.
4. Have the user with the Supervisor key acess the feature.
5. The set will respond with Dial Tone even with the display of the Supervisor feature.
6. Press the key with the Supervisor key to leave the feature and then re-enter,
7. Dial tone will not be returned the second time.
8. Please correct the software so that Dial tone will not be delivered to the end user after a page		The previous tone still exist.		When processing second tone message, we turn off first tone.		1. Test with above procedure.		Bug				OS7200		MP20		V4.xx		USA				MP20		V4.51				O								only for MP20

		P100807002				CBK with station Pair issue
We are seeing a issue with Call back feature is used with Station Pair feature.
To reproduce, follow the following steps.
1. assign a  station pair with example 6759 paired with 6730.
2. Make a outside call with station 6730.
3. While the station 6730 is on a call, have someone else call 6759 and hear the busy signal.
4. Hit the CBK or call back feature key against set 6759.
5. Hangup the call on station 6730.
6. The call back to the station that set the call back feature will ring and answer that set.
7. Both sets, 6759 and 6730 will ring but the secondary set will not ring the call button.
8. The primary set will ring the call button and the set can be answered that way.
9. The secondary set will ring and can be answered by picking up the receiver but not by hitting any call button.
10. the problem is the secondary set should have its call button light and should be able to be answered by hitting the call button flashing on the secondary set but you cant.		Paired port did not assign a call button when call back ring occured. To assigned a call button is missed.		It was fixed. When paired port rings, call button will light and be flashing.		1. Configure a station pair
2. Make a busy primary port
3. Remain the callback against secondary port.
4. Call button of secondary port will light and be flahing.		Bug				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O

		-				Samsung 2GB SD Card applied		New Feature		New Feature		You can use Samsung 2GB SD Card to OfficeServ System.		Req.														OS7400,OS7200,OS7100		V4.53		O		O		O

		P100803006				Second cabinet trunk ports do not show in trunk group
After a 2 cabinet system is defaulted the trunk ports in the 2nd cabinet do not appear in the default trunk group. (They need to be manually programmed)
Same issue when using PSTN or BRI trunk card in second cab.		When OS7030 is defaulted, if Master cabinet is connected system DB is initialized before Slave cabinet is connected		In this case, system DB is initialized after Slave cabinet is connected.		1. Set up OS7030 Master cabinet and Slave cabinet.
2. Default the system.
3. Check that the trunk ports in the slave cabinet appear in the default 1st trunk group.(MMC 603)		Bug				OS7030		MP		V4.46e		Australia				OS7030		V4.53										O		only OS7030

		P100526001				MP10 v/mail message forward
when using forward option while listening to voicemail message the playback is fast forwarded to end of message rather than correct operation of fast forward for few seconds.
Effects MP10 only		There are a header and voice data in a voice message. A few months ago, the header structure was modified to support new features.
But it makes a problem to calculate the position of voice file that should be played.
If a user press FF,REW or Pause key, the position of file pointer becomes invalid value.
So, a user hears distorted voice.		Calculating position of a voice message is fixed, so it does not have anything with a message header.		1. Leave a message in a mailbox.
2. Log in a mailbox to listen to the new message.
3. Press 7,9 or 8 while listening a message.
4. Please check it works well.		Bug				OS7100 MP10		MP10		V4.46e		Australia				OS7100 MP10		V4.53						O						only MP10

		P100915002				Supervisor key dial tone
We have found a minor issue on the OS7200 MP20 processor with steps.
1.  Put three phones in a internal page group.
2.  One of the phones has a UCD Supervisor key assigned that receives the page.
3.  Page the three sets and finish the page.
4.  Have the user with the Supervisor key acess the feature.
5.  The set will respond with Dial Tone even with the display of the Supervisor feature.
6.  Press the key with the Supervisor key to leave the feature and then re-enter,  
7.  Dial tone will not be returned the second time.
8.  Please correct the software so that Dial tone will not be delivered to the end user after a page.		We had two engine chip. (old engine(7065), new engine(9604))
we set old engine mode, but system installed new engine.		We changed S/W that fixed new engine mode.		ok		Bug				OS7200 MP20		MP20		V4.4xx		USA				OS7200 MP20		V4.53				O								only MP20

		P100910003				IT Tool MMC 831 public rtp port update
OS7100 with OAS card.
IT Tool v1.46d
Configuration 7100 MP10a, UNI card 4TRM & 4DLM, OAS card
Start system up and do a proper initialization
Log into the system using KMMC.
MMC 831 shows the public rtp port as 30,000 for embedded MGI channels and OAS card channels.
Log out of KMMC and use IT Tool to log in. Search for MMC 831 (2.2.2) the public rtp port show as 30,000 for embedded MGI channels and 65535 for the OAS card channels.
Now log in thru KMMC and change the public to something other than 30,000 (ex: 30,333), reset card for it to take effect. 
Log out and log in using IT Tool. The public rtp port show as 65535 instead of 30,333.
It doesn’t matter if you change it thru IT Tool  it will show the same. The changes thru IT Tool  does take effect on the system but if you refresh it will still display 65535 in IT Tool.		In case of OS7100, OAS card work only MGI mode. 
In this case, if you read IT 2.2.2 option, MP S/W check a number of MGI channels.
But counting MGI channels was wrong.		Counting MGI channels in OAS card is fixed.		1. Configuration 7100 MP10a and OAS card
2. Connect IT Tool.
3. Change IT 2.2.2 options and reload it.
4. Check that the options chaged properly.		Bug				OS7100		MP		V4.51		USA				OS7100		V4.53						O						only OS7100

		P100819002				Itool
ITool V1.46d
VMS UCD Timer is not available in ITool

Ok via MMC		ucd vms timer' option is not included.		ucd vms timer' option will be added  at IT 5.14.6.		You can see 'ucd vms timer' option at IT 5.14.6		Bug				ALL		MP		V4.51		Australia				ALL		V4.53		O		O		O		O		O		only Australia and New Zealand

		P100824001				ABW CTI DATAVIEW ISSUE
A user in A UCD group presses their ABW key but Dataview does not get the message on  its CTI link.
We need the ABW to send a message to the DataView to let it know that they are not available for a call.
There is no message being sent for this condition.		When ABW key was pressed, if station state was idle or dial, abw status message was sent to cti.		We modified that abw status message was sent to cti regardless of state when ABW key was pressed,		OK		Bug				ALL		MP		V4.46d		USA				ALL		V4.53		O		O		O		O		O

		P100813001				MMC 119 GROUP DISPLAY
In Software V4.46d software, you can assign in MMC 119 to have line 1 or line 2 set for group display.
If you are using PRI trunking, the display shows the group information for two seconds before display the outside caller id.  If your are using Analog Trunks, the group display stays on the set for the duration of the call. 
The problem is that PRI trunking shows the GROUP display name to short and it is not adjustable.
Can we get the group display to stay on the phone longer.		In case of using PRI trunk, we firstly receive a CID number then receive a CID name info.
At each time, the LCD display is updated. 
There was a problem at second display. Station group data was missed.		We fix the problem that station group data was missed.		OK		Bug				ALL		MP		V4.46d		USA				ALL		V4.53		O		O		O		O		O

		P100914001				OS7030 CLI Incorrect on Analog trunks in Ireland
When using Analogue trunks in Ireland the OfficeServ 7030 is incorrectly inserting a 0 at the beginning of the CLI number on incoming calls. In Ireland on Analogue trunks the network provider will send the 0 if required and as such the officeserv does not need to insert a 0 on incoming calls CLI on analogue Trunks in Ireland.

Please note that CLI calls are handled correctly for ISDN calls.

I have attached a copy of the system DB and original report of the problem from the customer

Regards,

Iain		This issue is a new feature. It was not a specification of officeserv.		It is fixed.  '0' is not inserted for analog trunk when system receive a CLI number		1. Setup OfficeServ using analog trunk.
2. Make a analog trunk call to OfficeServ system.
3. Check that '0' is not inserted on incoming calls.		Bug				ALL		MP		V4.46		UK				ALL		V4.53		O		O		O		O		O		only Ireland and Turkey

		P100909002				SVMi20 Call Recording after a Barge In 
We have a customer who is complaing that they cannot do call-recording using the SVMi20 and Barge into the call at the same time.  Should you be able to do a barge-in into a call and record  the call on the SVMi20 at the same time assuming there are enough conference circuits available

In addition the customer is also complaing that after the barge-in user has left the call so there are only two people in the call it is not possible to do call recording using the SVMi20 by pressing the CR key is this correct.

This issue can be re-created in the lab on a OS7400 system.		Call recording was possible during conversation state and conference state.
Barge-in state is needed to include.		We add Barge-in state to be able to do call recording.		OK		Req.				ALL		MP		V4.46d		UK				ALL		V4.53		O		O		O		O		O

		-				Add self join alarm
When you call in the Conference-system from a trunk, you get an announcement to speak in your name (When you enable the Who am i-Option), but you get no signal when to speak.		SEUK Request.		Modified to hear self join alarm after playing recorded whoamI to all attendees.
so that new participant can recognize when to speak.
(Self join alarm and join alarm are same. => beep tone)		[Previous Join Flow]
Enter the ID/Password - Recording WhoAmI - All attendees could hear Join Alarm and recorded WhoAmI - Join the conference
[New Join Flow]
Enter the ID/Password - Recording WhoAmI - All attendees could hear Join Alarm and recorded WhoAmI - After finishing the recorded WhoAmI, participant can hear Self Join Alarm - Join the conference		Req.				ALL		MP		V4.52		UK						V4.53		O		O								only for CNF24 Card supported system.

		-				Language key code of system parameter is not saved.
Sometimes, language key code of system parameter is not saved after resetting the system.		The application often loads the key code value earlier than the mmc-daemon completes installation of prompts and customized files. So the application displays default value of key code not changed one.		The timing issue is fixed and the application always reads the key code after the mmc-daemon completes installation.		1. Set the country to USA
2. Log in Web Management and go to VM/AA
3. Open System Parameter → Language tab
4. Change the key code of language and press save button
5. Run "Save application" and reset the system.
6. Check the key code. The value should be changed.		Bug				ALL		MP		-		USA				OS7100 MP10		V4.53						O						only MP10

		-				WiFi Phone Registration Problem after power off/on
SIP mode's WiFi Phone was not registered after power off/on		Connected WiFi phone number for license key was counted in duplicate		Connected WiFi phone numbers for license key is fixed.		Connected WiFi phone numbers for license key is fixed.		Bug				ALL		OS7070		V4.43a		S.Africa				ALL		V4.53		O		O		O		O		O

		-				WiFi Phone Registration Problem after temp License is expired
WiFi Phone was not registered after temp License is expired		WiFi Phone was not registered after temp License is expired		Connected WiFi phone number for license key was counted incorrectly		How to count Connected WiFi phone numbers for license key is fixed.		Bug				ALL		MP		-		-				ALL		V4.53		O		O		O		O		O

		-				Diversion Header Support in Mobex Call
Diversion header is missing in outbound Mobex call. Vodacom requires the diversion header appeared in the INVITE message from the OfficeServ.		Mobex call was not considered to be a forwarded call and thus there was no scheme to apply diversion header to the mobex outbound call..		In case of Mobex outbound, diversion header is added, and it is confirmed by Vodacom.		1. Configure Mobex call
2. Make an inbound call to the Mobex number
3. Check the ethereal trace that the Mobex Invite contains the diversion header.		Req.				ALL		MP10a		V4.51		UK				ALL		V4.53		O		O		O		O		O

		-				E164 number support for Finland
E164 number system should be supported when the country code is set to Finland		E164 number system was available only for USA.		When the OfficeServ's country code is set to Finland and E164 database field is set to ENABLE, all the dialed number will be automatically converted to e164 format.		1. Set the country code to Finland
2. Make the trunk outbound call
3. Check the ethereal trace that the dialed number is converted to e164 format.		Req.				ALL		MP10a		V4.51		UK				ALL		V4.53		O		O		O		O		O		only Finland

		-				Add MMC516 (Tone Cadence set)
OS7200/7400 systems can modify tone cadence, but OS7100/7030/7070/MP20S systems cannot modify tone cadence.		New Feature		We add MMC516(tone cadence setting) for OS7100/7030/7070/MP20S systems.		1. Enter MMC516.
2. Select busy tone.
3. Modify tone cadence.(Min on-time/ Max on-time/ Min off-time/ Max off-time)
4. Check the busy tone detection..		Req.				ALL		MP10a		V4.51		-				ALL		V4.53				O
(MP20s)		O		O		O		only Linux System

		-				52XX station's one-way speech 
station A, B are same group and these stations are enbloc mode. 
One call route to this station group 
station A is ringing and station B pick up the call
After this pick-up, when station A make a call, station A happens one-way speech.		when IPP ringing, system sends MIC off, Speaker off message to IPP 
And after this pick-up, when station A make a call, system must send MIC on message to Station A. But system didn't MIC on message.		In this case, system send MIC on message to IPP		1. Setup two 52XX stations(Station A, Station B) as enbloc mode.
2. Make a station group using these 52XX stations.
3. Make a call to route this station group
3. station A is ringing and station B pick up the call
4. After this pick-up, Station A make a call
5. This call don't have any voice problem.		Bug				ALL		MP		V4.51		KOREA				ALL		V4.53		O		O		O		O		O

		-				voice prompt distortion on the MP20S VM ports
we found out a critical issue on field related to voice prompt distortion on the MP20S VM ports.
We could simply reproduce it following the below steps:
1. System configuration
    slot 0: MP20S (V4.46x or V4.51)     slot 1: UNI (BRM-DLM-SLM)
    slot 2: 16 SLI2                     slot 3: 16 SLI2
    slot 4: 16SLI2                      slot 5: empty (or 16SLI2)

When the prompt distortion happens then you can also see the VM port answering the call is different with the one you called,
Moreover, although you are talking with 302, the real busy port is 301.
It seems that the system wrongs the VM ports allocation at the boot up procedure.		In this case, message queue overflow happens. This makes a prompt distortion and VM port mis-allocation		When MP20S boot up, system download tel number information to VM module in duplicate. One is after SLI port initialization, and another is after receiving VM start message from VM module.
tel number download after SLI port initialization will be removed.		1. start OS7200 with MP20s.
2. call VM port number (301, 302....306) and check voice prompt quality.
3. VM Port allocation and VM's voice prompt quality are good.		Bug				OS7200		MP20s		V4.51		ITALY				OS7200 MP20s		V4.53				O
(MP20s)								only MP20s

		-				7070 SLI Port plug-out
7070 SLI Port lock-up occurs one time per 1 ~ 2 days.
SLI ports goes on plug-out status. (If they call from keyset on it then they found Plug Out message)
After restarting, the system is OK till next time.		SLI Port's diagnostic status was wrong.		We fix SLI Port's diagnostic status.		1. Setup OS7070 with SLI port.
2. Connect SLT to SLI ports and use them.
3. After 1 ~ 2 days, the SLI ports work fine.		Bug				OS7070		MP		V4.51		RUSSIA				OS7070		V4.53								O				only OS7070

		-				OS7200 SPNET FAX Problem.
When old MGI card is located in LCP cabinet, receiving a FAX call through SPNET have a problem.		When old MGI card is located in LCP cabinet, received MGCP message's channel information from MGI was wrong.		In this case, system make a channel information from MGI's lpm_port number.		1. Setup OS7200 with LCP cabinet.
2. Old MGI card is located in LCP cabinet..
3. Receive a FAX call through SPNET.
4. Received fax data is ok.		Bug				OS7200		MCP, MP20		V4.51		RUSSIA				OS7200 MP20s		V4.53				O
(MCP,MP20)								only MP20, MCP

		-				Apply new msp file to CNF24 card.
Required voice quality improvement.(noise suuppression, Auto Gain Control feature)		voice quality improvement.		Apply new msp file which is applied voice quality improvement.
(noise suuppression, Auto Gain Control feature)		Check voice quality during Meet-Me conference.		Req.				CNF24										CNF24		V1.01

		-				[DM] Change FTP Port for NAT
In the case 1 more than systems are in NAT, only 1 system use FTP.		STA Request.		Change FTP Port with setup screen in DM		1. System is in NAT. 
2. Set the NAT ( System's FTP Port )
3. Add the site with FTP Port in setup screen.
4. DM connection is OK.
( If FTP connection is error, display error message.)		Req.				OS7400, OS7200 MP20, MP20s		MP40, MP20, MP20s		V4.52		USA				OS7400, OS7200 MP20, MP20s		V4.53		O		O
(MP20,MP20s)								only MP40, MP20, MP20s

		-				[DM] DM Package files can upload with File Control Menu.
DM Package files can upload with File Control Menu for 7200 / 7400 system.		STA Request.		DM Package files can upload with File Control Menu.
( AccessDB.exe, osdm.jar, osdm.jnlp, osdm_public.jnlp, osdmhelp.jar )
If osdm.jnlp and osdm_public.jnlp is upload, system must be reboot.
So, these 2 files can't not upload. If you want to upload these 2 files, you must delete them.		1. Execute File Control Menu.
2. Select DM Files in Program Tab.
3. Execute Upload
4. Uploaded DM Files display in File Control Menu.		Req.				OS7400, OS7200 MP20, MP20s		MP40, MP20, MP20s		V4.52		USA				OS7400, OS7200 MP20, MP20s		V4.53		O		O
(MP20,MP20s)								only MP40, MP20, MP20s

		-				[DM] Add the Sort Function.
email address 9.1.6 section will not put extensions is a sequencial mode like IT-tools does.		STA Request.		Add the Sort Function.		1. Open page using Tel Number. ( ex. 5.15.1 )
2. Click the Sort Icon on Page.		Req.				OS7400, OS7200 MP20, MP20s		MP40, MP20, MP20s		V4.52						OS7400, OS7200 MP20, MP20s		V4.53		O		O
(MP20,MP20s)								only MP40, MP20, MP20s

		-				[DM] Input password 3 times without closing login screen.
If input invalid password, execute login screen again.		improvement		Input password 3 times without closing login screen. With 3rd invalid password, close DM.		1. Try input the invalid password.
2. With 3rd invalid password, close DM.		Req.				OS7400, OS7200 MP20, MP20s		MP40, MP20, MP20s		V4.52		USA				OS7400, OS7200 MP20, MP20s		V4.53		O		O
(MP20,MP20s)								only MP40, MP20, MP20s

						[CNF24] STA "Who am I Request" prompt
STA wants to change "Who am I Request" announcement as "Please record your name and then press the pound key."
=> Previous announcement is "Please record a greeting message and then press the pound key."		STA request		Apply modified whoamI request prompt.		1. Connect CNF24 card by ftp. (ID:admin, PW:samsung)
2. Go /mnt/nand0/prompt and copy new 0004.snd file.
3. Start to join Meet-Me conference and check the new prompt is applied well.						CNF24										CNF24		V1.01

		-				Busy Tone Frequency Option is Added
OfficeServ system's Busy Tone Frequency depends on system's country code. 
Therefore you cannot change it unless you change system's country code.		OfficeServ system's Busy Tone Frequency depends on Country code.		You can change system's Busy Tone Frequency by MMC 861 BUSY TONE FREQ option.		1. Change system's busy tone frequency MMC 861 BUSY TONE FREQ option.
2. This busy tone frequency base on country code.		Req.				ALL		MP				PERU				ALL		V4.53		O		O		O		O		O		only Central and South America

		-				SVM Max Message
Maximum number message of mclass block does not work. If it is set to 2, a user still can record messages more than 5.		That feature is described in manual, but actual program worked in different way.		It's fixed to limit max number messages according to the manual description.		1. Set "Maximum number messages" to 2 in Standard mclass block.
2. Leave a message to your mailbox.
3. SVM should not allow leaving more than 2 messages. I mean, 3 or 4 etc. not 2.
4. A subscriber will hear "message storage full" condition when he log on his mailbox and if his mailbox is full.		Req.				ALL		MP		V4.51		PA				ALL		V4.53		O		O		O		O		O

		-				Change invalid conference ID prompt		STA request		In the previous version, when participant dials wrong conference ID, system plays error announcement as "Sorry. That is not a valid entry."
But in the new version, "Sorry, that is not a valid Conference ID.  Please check the ID and call back again. Goodbye, and thank you for calling." will be heard.
(New prompt is 0008.snd for USA and 0208.snd for UK.)		1. Upload new prompt(0008 and 0208) to CNF24 card.
2. Dial the wrong conference ID on purpose to hear new error announcement.		Req.				CNF24		CNF24		V1.00		STA				CNF24		V1.01

		P101112003				MP20S prints out the room status and the wake up call set up for 40 stations only 
MP20S prints out the room status and the wake up call set up for only 40 stations
Operation (step by step sequence to reproduce a problem)
1. Install suitable card, set country to ITALY and start OfficeServ 7200/MP20S by default.
2. Connect a DGP to a DM/DLI port
3. Enable Hotel service, set the DGP as administrator and more than 40 guest rooms
4. Assign Hotel button to DGP
5. Connect the port 5106 by tenet and execute the print out status of available rooms
== print out status stops to the 40th rooms ==
6. Print out other room status and wake up setting		the number of extension is restricted per each model when you use hotel feature. But MP20s comes from MP10a whose number is 40 extension.		We now increased it to 100 extension like as OS7200 MP20.
For your reference, the following is the number of extension per model.

- OS7400 : 500 Extensions
- OS7200 : 100 Extensions
- OS7100, OS7070 : 40 Extensions
- OS7030 : 20 Extensions		OK		Bug				OS7200 MP20s		MP		V4.51		ITALY				OS720 MP20s		V4.53				O
(MP20s)								only MP20s

		P101030001				STATION PAIR and Call Coverage 
We have a issue with Station Pair and Call Coverage.
With two stations in STation pair,  if you assign the feature Call Coverage to one of the two stations paired, the station that has call coverage to these numbers will flash but not ring.
We would like the two stations in station pair to be able to be set with Call Coverage on another station.
If no phones are in station pair, than the call Coverage feature works fine.		Both of Station Paired phones  try to control CC key.
Only original phone should control CC key.		Only original phone control CC key.		1. Set station pair feature to station 2001 and station 2002.
2. Set CC2001 Key to station 2003.
3. Make a call to station 2001 from station 2004.
4. Station 2003 will flash and ring from CC key.		Bug				ALL		MP		V4.51		USA				ALL		V4.53		O		O		O		O		O

		P100915001				NND feature while doing auto record cause lost calls 
Tested on all 3-7000 series phone system Tested on sw v4.46d (released) and v4.51(beta) MMC 701 COS1 useable feature VM REC and VM AREC set to YES MMC 743  ext 201 set to auto record to mailbox 201; both inbound and outbound traffic.
MMC 722 assign NND to ext 201. Note: softkey can be used too.
MMC 414 assign called id analog trunks, using PRI nothing to turn on fails using them too.
Ext 201 answers a incoming call, auto answer feature is activated. Ext 201 user presses the NND no problem they can see CID info. When the screen times out from them pressing the NND it goes back to normal (conf page mute). If ext 201 user press the NND button again they have audio until the display returns to normal. 
At this point the inside and outside parties hears silence. The call isn’t put on hold because there is no MOH heard. Ext 201 can press the call button or DT and they can’t retrieve the call. Ext 201 will have to press the hold button on their phone and then go back off hook to get their call back.		There was a t-switch control bug while CID display retrun to normal display using NND(on AREC).		t-switch control bug is fixed.		OK		Bug				ALL		MP		V4.51		USA				ALL		V4.53		O		O		O		O		O

		-				Called Number Plan & Type option of PRI, BRI is shown in OfficeServ Linux System.		Requirement from Russia.		In case of Russia, New Zealand, Called Number Plan & Type option of PRI, BRI is shown in Linux System.		1. Set up OfficeServ Linux system. (OS7100, OS7070, OS7030, OS7200 MP20s)
2. Set country code to Russia or New Zealand.
3. You can see Called Number Plan & Type option of PRI, BRI options from KMMC 
   or IT		Req.				OS7070		MP		V4.51		RUSSIA				OS7200 MP20s, OS7100, OS7070, OS7030		V4.53				O
(MP20s)		O		O		O		only Linux System

		-				MCONF Unsupervised Conference Problem
There are no audio problem when Unsupervised Conference with MCONF key. 
See below STA report.

=== STA Report ====
1.The Secretary sets up the conference for the manager.
2.They are the ones that start the conference and add the users.
3.Here are the steps to reproduce this error.
A.Have secretary make the first Call to the end user.
B.They hit their MCONF feature to access the conference card and get dial tone.
C.They dial the second party and after answer, hit their MCONF feature again to add the parties together.
D.They repeat this process until all the parties have been joined.  This works up to this point.
E.The Secretary then leaves the conference called Un-Supervised conference.
F.The secretary does this by hitting the MCONF key and then the HOLD key and finally their CALL KEY. 
G.The Call key flashes but the conference is working.
H.The secretary then rejoins the conference by hitting the Call key.
I.At this point all audio to the users has stopped and no audio on any conference card feature until the card has been restarted.		There are no consideration about Unsupervised Conference when using MCONF.		There are problems about MPS release, LED control, and CNF24 channel management when Unsupervised Conference with MCONF key. This is fixed all.		Unsupervised Conference Test with MCONF key		Bug				OS7400, OS7200 MP20, MP20s		MP40, MP20, MP20s		V4.52		USA				OS7400, OS7200 MP20, MP20s		V4.53		O		O
(MP20,MP20s)								only MP40, MP20, MP20s

		-				Caller didn't hear ringback tone.
When caller dialled other user then if another user did hook-off, caller didn't hear ringback tone.		When another user did hook-off, MP20 system unintentionally disconnected ringback tone		We modifed that system didn't affect caller.		1) Off-hook on 201 DLI port and dial ohter user.
2) Hear the ring back tones cadences and dialed user is ringing.
3) In same time just off-hook on another user.
4) Check 201 DLI tone.		Bug				OS7200 MP20		MP20		V4.51		RUSSIA				OS7200		V4.53				O
(MP20)								only OS7200 MP20

		-				PWP last week problem.
The Scheduler part of the conference programming in PWP and DM comes up with a date one year off from the switch time		When system time is last week of the year and next year's 1/1 is in last week, PWP recognize the week is 1st in next year.
If system time is last week of the year, PWP requests 1st week of next year. (last week of the year is equal to 1st week of next week)		If system time is last week, PWP requests 1st week of next year. (last week of year is equal to 1st week of next week)		1. Set the date of system for 2010/12/31
2. Log in PWP
3. Check the scheduler's dates		Bug				OS7200 MP20		MP40		V4.53		USA				MP40, MP20, MP20S		V4.53a		O		O
(MP20, MP20S)

		-				SIP OPTIONS problem
In MMC 837, when Alive Notify value is changed to ENABLE, OPTIONS message or alive check is not sent.		The creation of OPTIONS message is failed and finally sending OPTIONS is not working. The From header host value has have wrong value.
This problem occurs only when Outbound Proxy have domain vlue.		Fix setting host value of From header.
I check that From header has appropriate value whenever Outbound Proxy have ant value.		1) Set Outbound Proxy to domain value.
 Or, Outbound Proxy : ip, Proxy Domain: domain
2) Change Alive Notify to ENABLE.
3) Check whether OPTIONS is sent or not through Ethereal		Bug				OS7030				V4.53		Australia				ALL		V4.53b		O		O		O		O		O

		-				Adding SIP Station's Diversion Header of Invite message
When a call frowards to SIP Station, SIP Invite message includes Diversion Header.		Requirement from UK		STN/TRK A call to station B witch set to forward to SIP Station C.
In this case, when a call from STN/TRK A transfer to SIP Station C, SIP Invite message includes STN B's Diversion data.		1. Set and Make a call as following
A(STN or TRK) -> B (FWD set to C) → C (SIP Station)
2. Check Invite messge to C including diversion header by using Wireshark.		Req.				OS7200		MP20		V4.53		UK				ALL		V4.53b		O		O		O		O		O

		-				Trunk Disconnect Time is updated when transferring a call
A station that didn't set call restrict feature made a call to external. And the station transfered to another station that set call restrict feature. Then the call wasn't restricted..		A trunk disconnect time is not updated by call feature. This is a spec.		Because of turkey's request, a trunk disconnect time will be updated by transferring to another station.		1. Set MMC 314 CO CONFIRM to DISCONNECT
2. Set MMC 500 CO CONFIRM TIME to 0
3. Set Station A and Station B's MMC 502 TRK LIM TM to as following. 
4. Station A makes a call to external and transfers to station B
5. Test result is as following.
STN A STN B Result
  0         2     disconnect after 2 minutes.
  2         0     don't disconnect
  1         2     disconnect after 2 minutes.
  2         1     disconnect after 1 minutes.		Req.				OS7070				V4.53		Turkey				ALL		V4.53b		O		O		O		O		O		only Turkey
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				검증 부서 기입부분												구현측 기입부분								검증부서 기입부분

				No.		1Q 등록번호		Module		Issues		Frequency		Issued Date		구현
담당자		R&D Comments		Operation afer modifying		조치일		최종결과		Closed 
Date		V4.40
09.05.09		Note

				V4.40 (09.05.09)
■ Version     
종류 변경 전 Version 변경 후 Version CheckSum
Boot V2.02 (08.09.22) V4.30 (08.09.22) D04C
SYSTEM V2.02 (08.09.22) V4.30 (08.09.22) -
MP V2.02 (08.09.22) V4.30 (08.09.22) -
SP V2.23 (08.09.17) V2.23 (08.09.17) -
VM V2.76 (08.09.18) V2.76 (08.09.18) -
MGI V2.00 (08.08.12) V2.01 (08.09.10) -
BRI V4.21a (08.09.18) V4.21a (08.09.18) -
WEB V4.09m (08.09.22) V4.10 (08.09.22) -
MPS        -                 V1.00 (08.09.08) -
Installer V1.27a (08.09.02) V1.30 (08.09.22) -

				1				Call		When using MGI call, codec negotiation doesn't follow MMC841 DSP option. Codec always follows MMC840 ITP DSP option.
<In case of MGI call, MMC835 G.711 Codec, MPS Off and MGI First>
 IPP(MP20)  ----MGI16-----  SIP TRK  -----MGI64-----   IPP(MP40)
         G.729              G.711             G.729
=> Codec between IPP and system doesn't follow MMC841 option.		100%		09/5/12		이동성		In case of IP Phone call using MGI Channel, System did not consider MMC 841 option. Now, we fix to follow MMC841.				09/5/19		close				Fail

				2				New IPP		There is an abnormal operation in SMT-i5243.
=> Even thought SMT-i5243 was upgraded into the latest package, UI can't display inserted digits in idle mode.		once		09/5/12		단말		Now, We fixed this problem.						close

				3				TEPRI2/a		The issue of SEI PRI trunk is as belows.
- set MMC420 PRI MODE(DDI), OVERLAP Mode, NATIONAL
- set MMC714 DID Table.
- Making a PRI trunk call.
  When using Redial button, the outgoing call follows MMC714 table. (OK)
  But when inserting digits step by step, the call is transferred to the 
  operator or is rejected. (NOK)
- There is no problem in V4.26(09.02.27), but the latest version V4.26(09.04.27) has same problem as above.		100%		09/5/13		나송운		It is fixed in test version (T4.26a 09.05.14).						close				Fail

				4				DATA		Bootrom of WIM card can't be upgraded.
- send detailed trace message to the person in charge.		Info		09/5/13		김현아		This problem is due to AMD chip. 
AMD chip can't be erased when upgrading bootfile by using ROM Writer.
Only one specific chip has the above problem. The other WIM cards work well.						close

				5				Call		SEI Request
- Change MMC119 Default Option as belows.
===========================
 Line1 : CLI NAME First
 Line2 : DDI NUMBER/NAME
===========================
- If clip display changes in V4.40, the current users might feel uncomfortable.		Info		09/5/14		전준범		If country is Italy or Australia, MMC119 default  option is changed  as belows.
RING LINE1:CLI NAME FIRST
RING LINE2:DDI NUMBER/NAME				09/5/15		close

				6				4BRI		Italy BRI 3rd-party Conference.
- Install 4BRI card in MP40/MP20. Set ISDN MODE to P-P DDI mode.
- If you select iHOLD key during conversation, "Hold" is displayed immediately after displaying "MAKE a Call". In this case the opposite party can't hear hold tone or hold announcement. If you select iRET or ALTER key, silence problem occurs.
=> BRM(V4.22a 09.04.29) has no problem, only 4BRI(V6.02 09.04.27) has the above problem.
[09.05.25] The previous issue is fixed in V6.02(09.05.22), but 4BRI still has two problems as belows.
- When the user selects iHOLD key again after finishing conference mode, "Hold" is displayed immediately after displaying "MAKE a Call".
- Incoming ISDN trunk call is rejected infrequently. In this case, MP sends ACU_CLEAR_RQ to BRI module because of data channel error. (In the previous version of 4BRI, there is no problem.)		100%		09/5/14		나송운		원인: 4BRI에서 TI(Telecom Italia)로 부터 INFORMATION message를 받았을 때 HOLD state에 대한 처리가 잘 못됨. 
대책: TI로부터 수신되는 Display IE 값에 따라 HOLD state를 처리함.				09/5/20		open

				7				New IPP		Even though the system changes its station number(ex. 202=>402), SMT-i5243 can't display new station number(402) but displays old station number(202).
New station number can be displayed only in case of rebooting IPP.
=> SMT-i3100 has no problem.		100%		09/5/15		정오현		This is Phone(SMT-i5243) problem.				09/5/18		close

				8				DATA		Can't use VoIP Service of WIM card.
- Select VoIP Service > VoIP DB option. Then "Can not Connect to MCP" pop-up message is displayed and can't use VoIP service.		100%		09/5/15		김현아		VoIP Service of WIM Card can be used in case of connecting to eth2. (not eth1/eth3)				09/5/18		close

				9				MP20		The below problem occurs when 8COMBO2 card is installed in MP20(old cabinet).
- Install 8COMBO2 card in the base cabinet of MP20. "Tick" noise is heared in case of DGP to DGP call.
- In this case you can see some slow operations. (It is very slow to display Idle Mode Date or set KMMC.)
- There is no problem if other cards such as WIM/PLIM are installed in MP20 with 8COMBO2.
- Both V81 and V91 have a same problem. You can see the version of 8COMBO2 in MMC859.
- MP20 CPLD Version : V0
  LCP Version : V4.17(09.04.29)		100%		09/5/18		이인기		Old cabinet H/W Problem. No problem at new cabinet.				09/5/20		H/W problem

				10				Call		One-way issue of conference.
1. Make conference call between DGP station A,B,C. (station A,B,C are connected to the same system.)
2. If one of conference members(ex. station A) ends its conference call, then the call between station B and C has a one-way problem.

=> This problem occurs only in OS7400.		100%		09/5/18		정지우		원인: After conference, remained conference information. Changed to delete conference information first then control tswitch.				09/5/19		close

				11				Call		IP-UMS connection problem.
- Install WIM card in C1-S1 of MP20. Then enable VoIP Service of WIM card.
- Set IP-UMS options in MMC830, MMC857.
- When starting IP-UMS service, MP20 can't connect with IP-UMS.		100%		09/5/19		이은진		MP modified: when WIM receive data, UMS receiving is blocked. Delete block scheme.

IP-UMS modlfied : When starting IP-UMS service, IP-UMS delays the interval of sending keyphone message for displaying message count. 
(IP-UMS version: V1.3.3.9)				09/5/25		modify

				12				MP20		Slow Operation of MP20.
- Install 4BRI in C1-S3 and TEPRIa in C2-S3.
- Select C2-S3 Clock Resource in MMC826 to follow TEPRIa's referece clock.
- Connect BRI cable to C1-S3 4BRI card.
  Then you can see the below messages in console. 
  These message are printed repeatedly.
  "[SYS] MP20 System REF Clock SET:0x34"
  "[SYS] MP20 System REF Clock SET:0x3F"
- Due to these messages, system operates very slowly. (displaying date, setting kmmc, making an outgoing call, etc.)
- If 4BRI and TEPRIa are installed in the same cabinet(=rack), there is no problem. In other words, you can see this problem if 4BRI and TEPRIa are installed in the different cabinet.		100%		09/5/19		정지우		When reference clock check, there are no lpno check routine. When BRI and PRI is same slot (different cabinet), there are problem, reference clock changed repeatedly. Change to check lpno.				09/5/20		close

				13				New IPP		1. External user makes a call to VM using SIP TRK. And transfer the call to New IPP(SMT-i3100).
2. SMT-i3100 is ringing but is cleared after a while.
=> Only SMT-i3100 has such a problem. In this case call flow is OK but the ring itself is not OK.		100%		09/5/19		정오현		During the new IPP is ringing status, if the phone is recvived "Audio start msg", the phone is stop the ringing status.
So, in case of ringing status, the system will not send "Audio start msg".				09/5/20		close

				14				Call		Hold Tone can't be heared as the below case.
- Set MP20 in NAT environment.
- Set MPS to ON.
- Set Italy Telecom representative number in MMC837. (MMC832 Server USE:ON)
- IPP makes a call to the external user by using SIP TRK. 
  If IPP selects Hold key, the external user can't hear Hold Tone. 
=> There is no problem if MPS is set to OFF.		100%		09/5/19		이동성		We fixed that phone and mgi simutaneously rtp  sending problem in case of hold operation.				09/5/20		close

				15				Call		Announce Transfer Issue as the below case.
- Set station pair between DGP 'A' and SIP Station 'a'.
- DGP 'B' calls to SIP Station 'b' and SIP Station 'b' transfers the current call to another SIP station 'a' during conversation. ===> Announce Transfer
- Instead of SIP station 'a' DGP 'A' answers the transferred call and SIP station 'b' ends its call. In this case both DGP 'A' and 'B' are still in hold state. ===> Problem
- Status of SIP station 'b' also is BUSY in MMC434.
=> All above calls are local.
=> This issues was reported in SEI V4.30d.		100%		09/5/19		정지우		There are state mismatch at SIP to SIP call. Change to get corect state at SIP to SIP call.				09/5/20		close

				16				Call		Master of Conference call has no-speech problem.

- Set MP20 and MP40 under WIM Router.
- Set SPNet configuration between MP20 and MP40.
- Set MPS to ON.
- Connect SIP station to MP20. In this case SIP station is in the public network.
- IPP of MP40 makes a call to IPP of MP20.
- IPP of MP20 makes a conference call with SIP station.
- In this case IPP of MP20(Master of Conference call) hears something like Ringback Tone and no-speech problem occurs.
- The call between IPP of MP40 and SIP station is OK.
- This problem occurs only 1 or 2 times in 10 times.		10%		09/5/20		정지우		After conference, sometimes remained tswich information about MGI. Changed to delete tswitch information about MGI before conference connection.				09/5/21		close

				17				Call		Italy 3rd-party conference issue in MP40.
If 4BRI is installed in the 1st/2nd slot, system sends acu_inform_rq msg to the network. (OK)
But if 4BRI is installed in the 5th slot, system sends acu_facility_rq msg instead of acu_inform_rq msg. (NOK)		100%		09/5/20		이수경		[Modified]
In case of checking Italy bri conference conditions, port was processed by byte type not word type.
=> Change port into word type.
This result was applied to the V4.40 (2009.05.26)				09/5/26		modify

				18				Call		System can't handle 2nd BRM information normally when 2 BRM cards are installed in the 2nd slot of MP10.
- Install 2 BRM cards in the 2nd slot of MP10 
  (1st BRM port:701,703 / 2nd BRM port:705,707)
- In KMMC421 8 BRM ports are displayed normally, but if user inserts MSN digits in 703 port then 705,707 ports also have same MSN digits.
- In IT 3.2.4, you can see only 701,703 ports. 2nd BRM ports can't be displayed.
=> There is no problem if 2 BRM cards are installed in the 1st slot of MP10.		100%		09/5/21		이수경		Fixed. 
System defined that the max count of BRI per uni slotis 4 not 6. This problem fixed to 6.				09/5/21		close

				19				New IPP		Set IPNW REAL RB to OFF. (default value of this option is OFF)
In case of making a SPNet call, 1st and 2nd ringback tone are different.
- Both SMT-i5243 and i3100 have a same problem.		Info		09/5/21		정오현		Because tone message and audio start message is send to ipp sametime. It's fixed.				09/5/21		close

				20				Call		As the below case, status of SIP station changes into NONE so SIP station can't receive incoming call.
- Set Expire Time to 600 in MMC837 and register SIP Station.
- After registration is completed, set Expire Time to 50 in MMC837.
- In this case you can see that the status of SIP station changes into NONE in MMC434.
- SIP station can't receive or make a call until it sends REGISTER message to the system.		100%		09/5/21		박형일		This is not a problem.
- Although the expire time of registered SIP station is 600s, if the value of "MMC837 Expire Time" is changed to 50s, the OfficeServ system recognizes the expire time of SIP station to 50s. So, the system deregisters the SIP station.  
- We recommend users to do not change "MMC837 Expire Time" value during working or register stations again in this case.				09/5/21		close

				21				Call		Transfer MOH interrupts after no answer forward to station group.
- Install suitable card, set country to ITALY and start the system by default.
- Through MMC 210 enable Transfer MOH.
- Through MMC 408 set MOH source 371.
- Set NoAnswer forward to station Group on 201
- Route incoming calls to VMS, then make an incoming call and dial 201 while hearing Day Main Menu Welcome message : during call transfer you can hear internal chime, but when no answer forward starts,the music stops and you hear ringback tone.
=> This issue is reported by SEI site (in V4.30d)		100%		09/5/22		민경일		In case of setting No Answer Forward to station group on 201, Transfer MOH is not applied during transfering to station group. It's fixed.				09/5/22		modify

				22				VM		Subscriber Import function of Web Management still has some problems.
- Connect to Web Management. - VM/AA
- Create a "Subscriber.TXT" file through "Subscriber" Menu.
- Access "Operating Utilities" -> "Subscriber Import" menu.
- Select the file previously created, check one of the import options and press submit.: the dialogue windows that appears is empty(as show in the figure below), but if you go on with import procedure the result is successful.
=> This issue is reported by SEI site (in T4.30h)		100%		09/5/22		김석호		It's because the directory accessed by VM and web is different. VM is fixed to use /tmp when executing "subscriber import". We have verified the function works in 4.30i.				09/5/25		modify

				23				Call		SIP TRK Mobex certification issue. (same as SEUK Issue #11.)
- When MPS is set to ON and AUTH BY CLI is selected, external user can't hear confirm tone. (Auto certification doesn't work.) After a few seconds, the call is disconneted.
=> Auto certification works well when MPS is set to OFF.
=> Refer to the attached trace messages in the daily report. 
   (ISP : Welcome)		100%		09/5/22		이수경		Fixed.
In case of mobex incoming, mgi should be seizured.
But before mgi is seizured, system sent acu_update_rq message.				09/5/25		modify

				24				WEB		In Web management, select the following menu. 
=> VMAA > Operating Utilities > Subscriber Import
- Therer is korean word such as '찾아보기' even though the country is set to Italy.		Info		09/5/22		김석호		That button text does not follow system country and is displayed by web browser. Please check the Operating system(Windows) and browser is Korean edition.				09/5/25		close

				25				Call		In V4.40(09.05.09), external user seizures ISDN/SIP trunk and makes a call to the system using the number which is not registered in DID table. In this case the operator receives the call and displays the lcd msg as the below.
==============
0504321
CALL FOR 5000
==============
But in V4.30b, when external user seizures SIP trunk and makes a call using the number which is not registered in DID table, the operator displays the lcd msg as the below. (In case of seizuring ISDN trunk, operator displays the above lcd msg.)
==============
0504321
INVALID NO
==============
=> Which lcd msg is correct..?		Info		09/5/22		전준범		Both messages are correct.
But we consider a confusion, we unify the lcd message(->"CALL FOR") in V4.40
"CALL FOR" messgae will be displayed in V4.40 and later version.				09/5/25		no problem

				26				New IPP		New IPP(SMT-i5243) should use new TFTPD program to upgrade PKG due to its PKG size. Is this TFTPD program provided for free or not..? (TFTPD is not a freeware program)		Info		09/5/22		단말		Use Pumpkin(Freeware) instead of TFTPD.
But user should change the default options to upload IPP PKG due to its file size.				09/5/26		close

				27				Call		When sip station makes a call to another station, the ringback tone can't be heard infrequently.		10%		09/5/25		정지우		In case of 180, there are no initilization of message field about 183. fixed to be initilized.				09/5/27		modify

				28				Call		There is a LED problem in case of upgrading system to the latest version.
- LED of all stations including IPP and DGP is flickering when the system is upgraded from V4.40(09.05.09) to V4.40(09.05.23). 
- If the system is downgraded to V4.40(09.05.09), LED is not flickering any more.		100%		09/5/25		민경일		We had a error about checking received e-mail count. And It's fixed.				09/5/26		modify

				29				New IPP		Why does SMT-i5243 send SIP REGISTER message to the system periodically..?		Info		09/5/25		단말		VCS registration.				09/5/26		close

				30				Call		If SIP station is the one of Dispatch Conference members and answers the conference call, it shows "Remote Hold" message and is on hold.
In this case DGP/IPP works well.		100%		09/5/25		이동성		We fixed that SYSTEM abnormally send reINVITE to SIP station				09/5/26		modify

				31				Call		When the call is outgoing following MMC837 ISP options, call operation depends on MMC323 CLIP number.
- Set MMC837 ISP options.
- Do not insert any digits in MMC323 table.
- When DGP/IPP seizures SIP trunk and makes a call, the call is outgoing following MMC837 ISP options.
- But if DGP A makes a call to DGP B(=Mobex master station), the external user(=Mobex station) can't receive the call. In this case SIP trunk call is always outgoing with the station number of DGP A.		100%		09/5/26		이수경		Fixed.
If cli info does not exist and ISP Primary Number exists, system will send ISP Primary Number.				09/5/27		modify

				32				Call		One-way problem in case of using SIP trunk and auto call record.
- Set MP20 system under NAT environment.
- Set Auto Call Recording in MMC701,752.
- One-way problem occurs when the station makes a SIP trunk call and is on the conversation.
- It happens regardless of MPS setting.
- You can see that MGI sends no-speech data to IPP in the ethereal packets which I attached to the daily report.		100%		09/5/26		이동성		Wrong T-switch control happened because conference state is not checked at Call Record. It's fixed.				09/5/27		modify

				33				Call		Display Issue of BRI 3rd-party conference call.
- Make a call to the 1st party using BRI trunk(PTP mode).
- Hold the 1st call using iHOLD key and make the 2nd call.
- If the 2nd party doesn't answer, "DISC    " soft msg should be displayed instead of "CONF PAGE MUTE" soft msg to disconnect the 2nd call and be back to the 1st party.		100%		09/5/27		이수경								open

				34				Call		Abnormal operation of station Group .
- Set "MEMBER 01:DGP, MEMBER 02:SIP Station" in MMC601.
- Set "TYPE:NORMAL GRP, RING :SEQUENTIAL, NXT HUNT:010SEC".
- Connect VM using BRI-TRK and insert station group number 501.
- Ring of DGP is completed after NXT HUNT time 10 sec and SIP station starts to ring. But in this case not only SIP station but also the operator are ringing at the same time. Even though SIP station answers the call, the call has no-speech problem. If the operator answers the call, SIP station is still ringing.
=> This issue is reported by SEI site (in V4.30?)
=> Another Issue. (If user sets SIP station as the 1st member of station group, the incoming call can't be transferred to the 2nd member after NXT HUNT time.)		100%		09/5/27		이동성								open
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00058685[000:    ]>LPM  d_idle   date/time 0F00FF03 14051329 0409    



00058685[088:2017]>LPM  d_idle   date/time 0F00FF03 14051329 0409    



00058746[123:2102]<tmr  d_idle   kmmc_lock 16FF0123 2102FFFF FFFFFFFF



00058779[190:8301]<QSIG t_idle   conn_in   610120FF 00BC0001 004A0000 00725600



00058779[190:8301]>LPM  t_incom  dgp_led   11061113 00000000 00000000 0000FFFF



00058779[190:8301]>LPM  t_didstn dgp_led   11061113 00000000 00000000 0000FFFF



00058779[123:2102]<call d_idle   szr_stn   10050123 21020190 830100C2 20202020



00058779[190:8301]<call t_didstn szr_stn_r 11000190 83010123 21020100 45585420



00058779[190:8301]>LPM  t_didstn dgp_led   11061113 00000000 00000000 0000FFFF

58779 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c5) sub_id(02) s_ip(255.255.255.2

55) d_ip(255.255.255.255)





00058779[040:8601]>LPM  d_idle   mps_msg   4C000302 0500FFFF FFFFFFFF FFFFFFFF

58779 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c4) sub_id(02) s_ip(255.255.255.2

55) d_ip(255.255.255.255)





00058780[040:8601]>LPM  d_idle   mps_msg   4C000302 0400FFFF FFFFFFFF FFFFFFFF

58780 [Call->Call] MGI Reserve (17)  : port(190), mgi(040), state(d7)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

58780 [toMGI] CRCX : send_task(6) port(0040), remote_ip(20.0.0.41) remote_port(4

0008) codec(11), Mode(2)



00058780[040:8601]>LPM  d_idle   mgi_msg   44004400 06011A00 00401400 00299C48

58781 [Call->MGI ] port(040),sid(00) 0601 1a00 0040 1400 0029 9c48 9c49 0b00 012

0 2002 0031

58781 [CALL->CFG ] TSW_CNTL: rx_port(0040),tx_port(0007),type(3),gain(00)



00058781[040:8601]>LPM  d_idle   tswitch   00030007 FF000000



00058781[190:8301]>LPM  t_didstn dgp_led   11061113 00000000 00000000 0000FFFF



00058781[123:2102]<call d_ring   add_cbt   7DFF0123 21020190 830100D7 01070104



00058782[123:2102]<call d_ring   add_ringq 75FF0123 21020190 830100D7 1D00FF00



00058782[190:8301]<QSIG t_rback  unknown   4A0120FF 000052 8



00058782[190:8301]<QSIG t_rback  unknown   4A0120FF 000052 8



00058782[190:8301]<QSIG t_rback  unknown   4A0120FF 000052 8



00058783[190:8301]<QSIG t_rback  unknown   4A0120FF 000052 8



00058785[190:8301]<pper t_rback  spnet_lnk 0FFF0190 83010190 8301FFFF 20202020



00058785[190:8301]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00058798[190:8301]<QSIG t_rback  unknown   4A0120FF 000052 8



00058808[123:2102]<ipp  d_ring             10112900 01000020



00058808[123:2102]<LPM  d_ring   hook_off  0100FFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

58808 [toMGI] DLCX : send_task(6) port(0040)



00058808[040:8601]>LPM  d_idle   mgi_msg   44004400 06030000 00400000

58808 [Call->MGI ] port(040),sid(00) 0603 0000 0040 00ff ffff ffff ffff ffff 455

8 5420 3231

58808 [Call->Call] MGI Release  : port(190), mgi(040), state(c3)

58808 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c6) sub_id(01) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00058808[040:8601]>LPM  d_idle   mps_msg   4C000301 06001400 00562328 14000015

58808 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c7) sub_id(01) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00058809[040:8601]>LPM  d_idle   mps_msg   4C000301 07001400 00299C48 14000015

58809 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 659c ffff ffff ffff fff

f

58809 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 659c ffff ffff ffff fff

f

58809 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 659c ffff ffff ffff fff

f

58809 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 659c ffff ffff ffff fff

f



00058810[190:8301]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00058810[190:8301]<call t_rback  opphof    1B000190 83010123 21020104 00455854

58810 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c7) sub_id(03) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00058810[040:8601]>LPM  d_idle   mps_msg   4C000303 07001400 00299C48 14000015

58811 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c6) sub_id(03) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00058811[040:8601]>LPM  d_idle   mps_msg   4C000303 06001400 00562328 14000015



00058811[190:8301]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00058811[190:8301]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00058811[190:8301]>LPM  t_rback  lpsts_ask 06111113 00000000 00000000 0000FFFF



00058812[190:8301]<call t_rback  imhof     71FF0190 83010123 21020104 FFFFFFFF



00058812[123:2102]<call d_conv   state     1A060123 21020123 21020106 FFFFFFFF



00058812[190:8301]<QSIG t_rback  unknown   4A0120FF 000052 8



00058812[190:8301]<inet t_rback            11130000 00000000 00000000 FFFF1400



00058812[190:8301]<QSIG t_rback  conn_co   620120FF 00880001 003C0000 004C5600

58813 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c7) sub_id(03) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00058813[040:8601]>LPM  d_idle   mps_msg   4C000303 07001400 00299C48 14000015

58813 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c6) sub_id(03) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00058813[040:8601]>LPM  d_idle   mps_msg   4C000303 06001400 00562328 14000015



00058814[190:8301]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00058814[190:8301]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00058814[190:8301]>LPM  t_conv   dgp_led   11060 7 



00058814[190:8301]<call t_conv   state     1A000190 83010190 830100C3 FFFFFFFF



00058814[123:2102]<call d_conv   call_dur  4C000123 21020190 830100C4



00058815[190:8301]<QSIG t_conv   unknown   4A0120FF 000052 8



00058815[190:8301]<QSIG t_conv   unknown   4A0120FF 000052 8



00058815[190:8301]<QSIG t_conv   unknown   4A0120FF 000052 8



00058815[190:8301]<QSIG t_conv   unknown   4A0120FF 000052 8



00058835[190:8301]<pper t_conv   spnet_lnk 0FFF0190 83010190 8301FFFF 20202020



00058835[190:8301]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00058848[190:8301]<QSIG t_conv   unknown   4A0120FF 000052 8



00058850[123:2102]<ipp  d_conv             10112900 004C0020



00058850[123:2102]<LPM  d_conv   k_soft_l  004CFFFF

58850 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 659c ffff ffff ffff fff

f

58850 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 659c ffff ffff ffff fff

f



00058850[190:8301]<call t_conv   thold     22030190 83010123 21020106 FFFFFFFF

58850 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c7) sub_id(02) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00058850[040:8601]>LPM  d_idle   mps_msg   4C000302 07001400 00299C48 14000015

58850 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c6) sub_id(02) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00058850[040:8601]>LPM  d_idle   mps_msg   4C000302 06001400 00562328 14000015

58850 [Call->Call] MGI Reserve (30)  : port(190), mgi(042), state(c4)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

58851 [toMGI] CRCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0008) codec(11), Mode(2)



00058851[040:8601]>LPM  d_idle   mgi_msg   44004400 06011A02 00421400 00299C48

58851 [Call->MGI ] port(042),sid(00) 0601 1a02 0042 1400 0029 9c48 9c49 0b00 012

0 2002 0031

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

58851 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0008) codec(11), Mode(2), Faxinfo(0)



00058852[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00299C48

58852 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0029 9c48 9c49 0b00 012

0 2002 0002

58852 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(00ee),type(2),gain(00)



00058852[042:8603]>LPM  d_idle   tswitch   000200EE FF002D00



00058853[190:8301]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00058853[190:8301]>LPM  t_thold  dgp_led   11061113 00000000 00000000 0000FFFF



00058853[123:2102]<call d_dial1  k_conf    324C0123 21020123 FFFF0106 0263FFFF



00058853[123:2102]<call d_cfst1  cnf       3F010123 FFFF0123 21020158 45585420



00058853[123:2102]<call d_cfst1  cnf_r     40000123 21020123 FFFF0165 FFFFFFFF



00058854[190:8301]<call t_thold  cnf       3F020190 83010123 21020165 45585420

58854 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(ffff),type(4),gain(00)



00058854[042:8603]>LPM  d_idle   tswitch   0004FFFF FF002D00

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

58854 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0008) codec(11), Mode(2), Faxinfo(0)



00058855[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00299C48

58855 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0029 9c48 9c49 0b00 012

0 2002 0002

58855 [CALL->LPM ] CONF_CNTL: port(0190),cnf_grp(00),mode(1),invalid_mbr: 

mbr(ffff,ffff,ffff,ffff,ffff)



00058855[042:8603]>LPM  d_idle   conf      02010008

58856 [CALL->LPM ] CONF_CNTL: port(0190),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0190,ffff,ffff,ffff,ffff)



00058856[042:8603]>LPM  d_idle   conf      02000000

 is_conf_status port = 400  OK!!





00058856[190:8301]>LPM  t_thold  dgp_led   11061113 00000000 00000000 0000FFFF



00058856[123:2102]<call d_cfin   cnf_r     40000123 21020190 830100CA 20202020



00058856[190:8301]<call t_conf   state     1AD10190 83010190 830100CA FFFFFFFF

 is_conf_status port = 400  OK!!





00058857[190:8301]>LPM  t_conf   dgp_led   11060   



00058857[123:2102]<call d_cfdial cnf_hold  6C000123 21020190 830100CA FFFFFFFF

58857 [CALL->LPM ] CONF_CNTL: port(0190),cnf_grp(00),mode(1),mbr_indx(00): 

mbr(ffff,ffff,ffff,ffff,ffff)



00058857[042:8603]>LPM  d_idle   conf      02010000

58858 [Call->Call] MGI Reserve (30)  : port(190), mgi(042), state(d1)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

58858 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0008) codec(11), Mode(2), Faxinfo(0)



00058858[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00299C48

58858 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0029 9c48 9c49 0b00 012

0 2002 0071

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

58859 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0008) codec(11), Mode(2), Faxinfo(0)



00058859[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00299C48

58859 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0029 9c48 9c49 0b00 012

0 2002 0002

58860 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(00ee),type(2),gain(00)



00058860[042:8603]>LPM  d_idle   tswitch   000200EE FF002D00



00058860[190:8301]<QSIG t_conf   unknown   4A0120FF 000052 8



00058885[190:8301]<pper t_conf   spnet_lnk 0FFF0190 83010190 8301FFFF 20202020



00058885[190:8301]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00058892[123:2102]<ipp  d_cfdial           10112900 04020020



00058892[123:2102]<LPM  d_cfdial digit_2   0402FFFF



00058895[123:2102]<ipp  d_cfdial           10112900 04010020



00058895[123:2102]<LPM  d_cfdial digit_1   0401FFFF



00058898[190:8301]<QSIG t_conf   unknown   4A0120FF 000052 8



00058899[123:2102]<ipp  d_cfdial           10112900 04070020



00058899[123:2102]<LPM  d_cfdial digit_7   0407FFFF



00058902[123:2102]<ipp  d_cfdial           10112900 04020020



00058902[123:2102]<LPM  d_cfdial digit_2   0402FFFF



00058902[123:2102]<call d_cfdial k_dss2172 32FF0123 21020123 FFFF0134 0169FFFF



00058902[169:2172]<call d_idle   szr_stn   10080169 21720123 21020134 45585420



00058902[169:2172]>LPM  d_idle   dgp_ring  180004FF

58902 [CALLTASK] Can't send virtual port(0169) to SP



58902 [toPRI(sz:80)] ACU_CONN_RQ   

 7E80 0169 0050 2341 00FF 4CFF 5600 0100 0000 00FF 0000 0000 0000 0000 0000 0000

 0404 0010 0808 0000 3231 3732 3231 3032 6368 6961 6D61 7461 2064 6120 3231 3032

 4558 5420 3231 3032 4558 5420 3231 3732

58902 call_szr_stn(109)



00058902[123:2102]<call d_cfstn  szr_stn_r 11230123 21020169 21720100 45585420



00058903[123:2102]<call d_bri    state     1A6E0123 21020123 2102013A FFFFFFFF



00058903[169:2172]<sip  d_idle             14660000 00000000 00000000 00000000



00058903[169:2172]<LPM  d_idle   unknown   660079FF 00000000 00000000 00000000



00058903[123:2102]<call d_bri    szr_stn_r 11000123 21020169 21720100 45585420



00058903[123:2102]<call d_brirbk bri_state 96FF0123 21020169 21720100 01660001

 [CALL:123] dgp_bri_rbk_bri_state>>> bri_msg(66), tone_tsw(01), sub_detail(01)





00058904[169:2172]<call d_brirng add_ringq 75FF0169 21720123 2102016E 0100FF00



00058904[169:2172]<call d_brirng send_info 98010169 21720123 2102016E 45585420



00058905[169:2172]<sip  d_brirng           14650000 00000000 00000000 00000000



00058905[169:2172]<LPM  d_brirng unknown   650079FF 00000000 00000000 00000000



00058905[123:2102]<call d_brirbk bri_state 96FF0123 21020169 21720175 0065FF07

 [CALL:123] dgp_bri_rbk_bri_state>>> bri_msg(65), tone_tsw(00), sub_detail(07)



58905 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 659c ffff ffff ffff fff

f

58905 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 659c ffff ffff ffff fff

f



00058928[169:2172]<sip  d_brirng           1462000B FFFFFFFF 552AFCFB 4E20FFFF



00058928[169:2172]<LPM  d_brirng unknown   620079FF FFFFFFFF FFFFFF56 FFFFFFFF

58928 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c8) sub_id(01) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00058928[040:8601]>LPM  d_idle   mps_msg   4C000301 0800552A FCFB4E20 14000015

58928 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c9) sub_id(01) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00058928[040:8601]>LPM  d_idle   mps_msg   4C000301 09001400 00562328 14000015

58928 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65a2 ffff ffff ffff fff

f

58928 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65a2 ffff ffff ffff fff

f

58928 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 65a2 ffff ffff ffff fff

f

58928 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 65a2 ffff ffff ffff fff

f

58928 [toPRI(sz:42)] Unknown Messag

 7E80 0169 002A 2350 00FF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF

58929 [CALLTASK] Can't send virtual port(0169) to SP





00058929[169:2172]>LPM  d_brirng dgp_ring  180000FF

58929 [CALLTASK] Can't send virtual port(0169) to SP



58929 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c8) sub_id(03) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00058930[040:8601]>LPM  d_idle   mps_msg   4C000303 0800552A FCFB4E20 14000015

58930 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c9) sub_id(03) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00058930[040:8601]>LPM  d_idle   mps_msg   4C000303 09001400 00562328 14000015

58930 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

58931 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c8) sub_id(03) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00058931[040:8601]>LPM  d_idle   mps_msg   4C000303 0800552A FCFB4E20 14000015

58931 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c9) sub_id(03) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00058931[040:8601]>LPM  d_idle   mps_msg   4C000303 09001400 00562328 14000015

58932 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

58932 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF



00058933[123:2102]<call d_brirbk opphof    1B000123 21020169 21720175 00455854

58933 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65a2 ffff ffff ffff fff

f

58933 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65a2 ffff ffff ffff fff

f



00058933[123:2102]<call d_brirbk imhof     71FF0123 21020169 21720175 FFFFFFFF



00058934[123:2102]<call d_brirbk bri_state 96FF0123 21020169 21720175 01620101

 [CALL:123] dgp_bri_rbk_bri_state>>> bri_msg(62), tone_tsw(01), sub_detail(01)



58934 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c9) sub_id(03) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00058934[040:8601]>LPM  d_idle   mps_msg   4C000303 09001400 00562328 14000015

58934 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c8) sub_id(03) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00058935[040:8601]>LPM  d_idle   mps_msg   4C000303 0800552A FCFB4E20 14000015

58935 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65a2 ffff ffff ffff fff

f

58935 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65a2 ffff ffff ffff fff

f

58935 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 65a2 ffff ffff ffff fff

f

58936 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 65a2 ffff ffff ffff fff

f

58936 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF



00058936[169:2172]<call d_conv   state     1A060169 21720169 21720106 FFFFFFFF



00058937[123:2102]<call d_cfconv state     1A370123 21020123 21020137 FFFFFFFF



00058937[190:8301]<pper t_conf   spnet_lnk 0FFF0190 83010190 8301FFFF 20202020



00058937[190:8301]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00058948[190:8301]<QSIG t_conf   unknown   4A0120FF 000052 8



00058959[123:2102]<ipp  d_cfconv           10112900 004E0020



00058959[123:2102]<LPM  d_cfconv k_soft_r  004EFFFF

58959 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65a2 ffff ffff ffff fff

f

58959 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65a2 ffff ffff ffff fff

f



00058959[169:2172]<call d_conv   thold     22030169 21720123 21020137 FFFFFFFF

58959 [CALLTASK] Can't send virtual port(0169) to SP



58959 [Call->Call] MGI Reserve (18)  : port(169), mgi(045), state(06)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

58959 [toMGI] CRCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2)



00058959[040:8601]>LPM  d_idle   mgi_msg   44004400 06019A05 0045552A FCFB4E20

58959 [Call->MGI ] port(045),sid(00) 0601 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

58960 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(000b),type(3),gain(00)



00058960[045:8606]>LPM  d_idle   tswitch   0003000B FF00000 

58960 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1904 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

[CODEC:0169] SIP TX ACU_UPDATE_RQ : connid(00), codec(11 10 3 4 2), ip(85.42.252

.250), rtp(25010) priority(19) sipcall_index(ff ff ff ff)





00058961[169:2172]<call d_thold  cnf       3F020169 21720123 21020137 45585420

58961 [CALLTASK] Can't send virtual port(0169) to SP





00058961[169:2172]>LPM  d_thold  dgp_tone  140000FF

58961 [CALLTASK] Can't send virtual port(0169) to SP



58961 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(ffff),type(4),gain(00)



00058962[045:8606]>LPM  d_idle   tswitch   0004FFFF FF00000 

58962 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c8) sub_id(02) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00058962[040:8601]>LPM  d_idle   mps_msg   4C000302 0800552A FCFB4E20 14000015

58962 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c9) sub_id(02) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00058962[040:8601]>LPM  d_idle   mps_msg   4C000302 09001400 00562328 14000015

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

58963 [toMGI] MDCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00058963[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A05 0045552A FCFB4E20

58963 [Call->MGI ] port(045),sid(00) 0602 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

58964 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

58964 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(1),invalid_mbr: 

mbr(ffff,ffff,ffff,ffff,ffff)



00058964[045:8606]>LPM  d_idle   conf      02010008

58965 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,ffff,ffff,ffff,ffff)

58965 [Call->Call] MGI Reserve (12)  : port(169), mgi(045), state(0d)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

58965 [toMGI] MDCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00058965[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A05 0045552A FCFB4E20

58966 [Call->MGI ] port(045),sid(00) 0602 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00058966[045:8606]>LPM  d_idle   conf      02000000

58966 [CALL->LPM ] CONF_CNTL: port(0190),cnf_grp(00),mode(1),invalid_mbr: 

mbr(0169,ffff,ffff,ffff,ffff)



00058966[042:8603]>LPM  d_idle   conf      02010008

58966 [CALL->LPM ] CONF_CNTL: port(0190),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0190,ffff,ffff,ffff)



00058967[042:8603]>LPM  d_idle   conf      02000006

58967 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,0190,ffff,ffff,ffff)

58967 [Call->Call] MGI Reserve (12)  : port(169), mgi(045), state(0d)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

58968 [toMGI] MDCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00058968[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A05 0045552A FCFB4E20

58968 [Call->MGI ] port(045),sid(00) 0602 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00058968[045:8606]>LPM  d_idle   conf      02000006



00058968[123:2102]<call d_cfin   cnf_r     40000123 21020169 2172010D 45585420

58969 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF



00058969[169:2172]<call d_conf   state     1A330169 21720169 2172010D FFFFFFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

58970 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0008) codec(11), Mode(2), Faxinfo(0)



00058970[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00299C48

58970 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0029 9c48 9c49 0b00 012

0 2002 0000

58970 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(0008),type(3),gain(00)



00058970[042:8603]>LPM  d_idle   tswitch   00030008 0100000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

58971 [toMGI] MDCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00058971[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A05 0045552A FCFB4E20

58971 [Call->MGI ] port(045),sid(00) 0602 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

58971 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(0008),type(3),gain(00)



00058972[045:8606]>LPM  d_idle   tswitch   00030008 0100000 



00058972[123:2102]<call d_cfdial cnf_hold  6C000123 21020169 2172010D FFFFFFFF



00058972[123:2102]<call d_cfdial cnf_hold  6C010123 21020169 21720133 FFFFFFFF

58972 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(ffff),type(4),gain(00)



00058972[042:8603]>LPM  d_idle   tswitch   0004FFFF FF002D00

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

58973 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0008) codec(11), Mode(2), Faxinfo(0)



00058973[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00299C48

58973 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0029 9c48 9c49 0b00 012

0 2002 0002

58974 [CALL->LPM ] CONF_CNTL: port(0190),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,ffff,ffff,ffff)



00058974[042:8603]>LPM  d_idle   conf      02010008

58974 [CALL->LPM ] CONF_CNTL: port(0190),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0190,ffff,ffff,ffff)



00058974[042:8603]>LPM  d_idle   conf      02000000

58974 [CALL->LPM ] CONF_CNTL: port(0190),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,ffff,ffff,ffff)



00058975[042:8603]>LPM  d_idle   conf      02010008

58975 [CALL->LPM ] CONF_CNTL: port(0190),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0190,ffff,ffff,ffff)



00058975[042:8603]>LPM  d_idle   conf      02000006

58975 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,0190,ffff,ffff,ffff)

58976 [Call->Call] MGI Reserve (12)  : port(169), mgi(045), state(33)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

58976 [toMGI] MDCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00058976[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A05 0045552A FCFB4E20

58976 [Call->MGI ] port(045),sid(00) 0602 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00058977[045:8606]>LPM  d_idle   conf      02000006



00058977[169:2172]<sip  d_conf             1471000B 00000000 00000000 00000000



00058977[169:2172]<LPM  d_conf   unknown   710079FF 19000000 00000000 00000000

58977 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

[CODEC:0169] SIP TX ACU_UPDATE_RQ : connid(00), codec(11 255 255 255 255), ip(85

.42.252.250), rtp(25010) priority(1a) sipcall_index(ff ff ff ff)





00058980[169:2172]<sip  d_conf             1471000B 00000000 00000000 00000000



00058980[169:2172]<LPM  d_conf   unknown   710079FF 1A000000 00000000 00000000



00058985[190:8301]<pper t_conf   spnet_lnk 0FFF0190 83010190 8301FFFF 20202020

 is_conf_status port = 400  OK!!





00058985[190:8301]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00058998[190:8301]<QSIG t_conf   unknown   4A0120FF 000052 8



00059007[123:2102]<ipp  d_cfdial           10112900 004E0020



00059007[123:2102]<LPM  d_cfdial k_soft_r  004EFFFF

59007 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

59007 [Call->Call] MGI Reserve (40)  : port(123), mgi(046), state(34)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

59007 [toMGI] CRCX : send_task(6) port(0046), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2)



00059007[040:8601]>LPM  d_idle   mgi_msg   44004400 06011A06 00461400 00562328

59008 [Call->MGI ] port(046),sid(00) 0601 1a06 0046 1400 0056 2328 2329 0b00 012

0 2002 0071

59008 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 61b4 ffff ffff ffff fff

f

59008 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 61b4 ffff ffff ffff fff

f

59008 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 61b4 ffff ffff ffff fff

f

59008 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 61b4 ffff ffff ffff fff

f

59009 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(1),invalid_mbr: 

mbr(0169,0190,ffff,ffff,ffff)



00059009[046:8607]>LPM  d_idle   conf      02010008

59009 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(0),mbr_indx(02): 

mbr(0169,0190,0123,ffff,ffff)

59009 [Call->Call] MGI Reserve (12)  : port(123), mgi(046), state(34)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

59010 [toMGI] MDCX : send_task(6) port(0046), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2), Faxinfo(0)



00059010[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A06 00461400 00562328

59010 [Call->MGI ] port(046),sid(00) 0602 1a06 0046 1400 0056 2328 2329 0b00 012

0 2002 0071



00059010[046:8607]>LPM  d_idle   conf      02000000

59011 [CALL->LPM ] CONF_CNTL: port(0190),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,0123,ffff,ffff)



00059011[042:8603]>LPM  d_idle   conf      02010008

59011 [CALL->LPM ] CONF_CNTL: port(0190),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0190,0123,ffff,ffff)



00059011[042:8603]>LPM  d_idle   conf      02000006

59011 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,0190,0123,ffff,ffff)

59012 [Call->Call] MGI Reserve (12)  : port(169), mgi(045), state(33)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59012 [toMGI] MDCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00059012[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A05 0045552A FCFB4E20

59013 [Call->MGI ] port(045),sid(00) 0602 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00059013[045:8606]>LPM  d_idle   conf      02000006

59013 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(0),mbr_indx(02): 

mbr(0169,0190,0123,ffff,ffff)

59013 [Call->Call] MGI Reserve (12)  : port(123), mgi(046), state(34)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

59014 [toMGI] MDCX : send_task(6) port(0046), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2), Faxinfo(0)



00059014[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A06 00461400 00562328

59014 [Call->MGI ] port(046),sid(00) 0602 1a06 0046 1400 0056 2328 2329 0b00 012

0 2002 0071



00059014[046:8607]>LPM  d_idle   conf      02000006



00059014[123:2102]<call d_conf   state     1A330123 21020123 21020134 FFFFFFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59015 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0008) codec(11), Mode(2), Faxinfo(0)



00059015[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00299C48

59015 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0029 9c48 9c49 0b00 012

0 2002 0000

59016 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(0008),type(3),gain(00)



00059016[042:8603]>LPM  d_idle   tswitch   00030008 0100000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59016 [toMGI] MDCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00059016[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A05 0045552A FCFB4E20

59017 [Call->MGI ] port(045),sid(00) 0602 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

59017 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(0008),type(3),gain(00)



00059017[045:8606]>LPM  d_idle   tswitch   00030008 0100000 



00059035[190:8301]<pper t_conf   spnet_lnk 0FFF0190 83010190 8301FFFF 20202020

 is_conf_status port = 400  OK!!





00059035[190:8301]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00059048[190:8301]<QSIG t_conf   unknown   4A0120FF 000052 8



00059085[190:8301]<pper t_conf   spnet_lnk 0FFF0190 83010190 8301FFFF 20202020

 is_conf_status port = 400  OK!!





00059085[190:8301]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00059098[190:8301]<QSIG t_conf   unknown   4A0120FF 000052 8



00059114[123:2102]<tmr  d_conf   conf_int  39FF0123 2102FFFF FFFFFFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59114 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0008) codec(11), Mode(2), Faxinfo(0)



00059114[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00299C48

59114 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0029 9c48 9c49 0b00 012

0 2002 0000

59114 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(0008),type(3),gain(00)



00059114[042:8603]>LPM  d_idle   tswitch   00030008 0100000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59114 [toMGI] MDCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00059115[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A05 0045552A FCFB4E20

59115 [Call->MGI ] port(045),sid(00) 0602 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

59115 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(0008),type(3),gain(00)



00059115[045:8606]>LPM  d_idle   tswitch   00030008 0100000 



00059125[123:2102]<ipp  d_conf             10112900 02000020



00059125[123:2102]<LPM  d_conf   hook_on   0200FFFF

59125 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(1),mbr_indx(02): 

mbr(0169,0190,ffff,ffff,ffff)



00059125[046:8607]>LPM  d_idle   conf      02010000

59125 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(2),invalid_mbr: 

mbr(0169,0190,ffff,ffff,ffff)



00059125[046:8607]>LPM  d_idle   conf      02020000



00059125[123:2102]<call d_rls    state     1A090123 21020123 21020133 FFFFFFFF



00059125[190:8301]<call t_conf   oppchg    1E000190 83010123 21020109 45585420

59125 [CALL->LPM ] CONF_CNTL: port(0190),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,ffff,ffff,ffff)



00059126[042:8603]>LPM  d_idle   conf      02010000

59126 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(ffff),type(4),gain(00)



00059126[042:8603]>LPM  d_idle   tswitch   0004FFFF FF002D00

 is_conf_status port = 361  OK!!



 to_sp_tswitch discard message!! port_no(190) opp(169)



59126 [CALL->LPM ] CONF_CNTL: port(0190),cnf_grp(00),mode(2),invalid_mbr: 

mbr(0169,ffff,ffff,ffff,ffff)



00059127[042:8603]>LPM  d_idle   conf      02020000

 is_conf_status port = 361  OK!!





00059127[190:8301]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF

 is_conf_status port = 361  OK!!





00059127[190:8301]>LPM  t_conv   dgp_led   11060   



00059127[169:2172]<call d_conf   oppchg    1E000169 21720123 21020109 20202020

59127 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(1),mbr_indx(00): 

mbr(ffff,ffff,ffff,ffff,ffff)



00059128[045:8606]>LPM  d_idle   conf      02010000

59128 [CALLTASK] Can't send virtual port(0169) to SP





00059128[169:2172]>LPM  d_conf   dgp_tone  140000FF

59128 [CALLTASK] Can't send virtual port(0169) to SP



59128 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(ffff),type(4),gain(00)



00059129[045:8606]>LPM  d_idle   tswitch   0004FFFF FF00000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59129 [toMGI] DLCX : send_task(6) port(0045)



00059129[040:8601]>LPM  d_idle   mgi_msg   44004400 06030005 00450 D 

59129 [Call->MGI ] port(045),sid(00) 0603 0005 0045 00ff ffff ffff ffff ffff 040

3 0fc4 0571

59129 [Call->Call] MGI Release  : port(169), mgi(045), state(33)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59130 [toMGI] DLCX : send_task(6) port(0042)



00059130[040:8601]>LPM  d_idle   mgi_msg   44004400 06030002 00420 C 

59130 [Call->MGI ] port(042),sid(00) 0603 0002 0042 00ff ffff ffff ffff ffff 000

0 0002 0571

59130 [Call->Call] MGI Release  : port(190), mgi(042), state(c4)

59130 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00ca) sub_id(01) s_ip(85.42.252.251

) d_ip(20.0.0.41)





00059131[040:8601]>LPM  d_idle   mps_msg   4C000301 0A00552A FCFB4E20 14000015

59131 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00cb) sub_id(01) s_ip(20.0.0.41) d_

ip(85.42.252.251)





00059131[040:8601]>LPM  d_idle   mps_msg   4C000301 0B001400 00299C48 14000015



00059131[190:8301]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF

59132 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A07 3430 3034 3136 32FF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0190 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

[CODEC:0169] SIP TX ACU_UPDATE_RQ : connid(00), codec(11 10 3 255 255), ip(85.42

.252.250), rtp(26020) priority(1a) sipcall_index(ff ff ff ff)



59132 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A07 3430 3034 3136 32FF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0190 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

59133 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(2),invalid_mbr: 

mbr(ffff,ffff,ffff,ffff,ffff)



00059133[169:2172]>LPM  d_conf   conf      02020000

59133 [CALLTASK] Can't send virtual port(0169) to SP





00059134[190:8301]<call t_conv   state     1A010190 83010190 830100D1 FFFFFFFF



00059134[169:2172]<call d_conv   state     1A060169 21720169 21720106 FFFFFFFF



00059134[123:2102]<call d_rls    get_rq_r  78010123 21020123 21020109 FFFFFFFF

59134 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 61b4 ffff ffff ffff fff

f

59134 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 61b4 ffff ffff ffff fff

f

59135 [CALL->CFG ] TSW_CNTL: rx_port(0046),tx_port(ffff),type(4),gain(00)



00059135[046:8607]>LPM  d_idle   tswitch   0004FFFF FF0072  

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

59135 [toMGI] DLCX : send_task(6) port(0046)



00059135[040:8601]>LPM  d_idle   mgi_msg   44004400 06030006 00460 D 

59135 [Call->MGI ] port(046),sid(00) 0603 0006 0046 00ff ffff ffff ffff ffff 455

8 5420 3231

59136 [Call->Call] MGI Release  : port(123), mgi(046), state(09)



00059136[169:2172]<call d_conv   call_dur  4C000169 21720190 830100C4



00059136[190:8301]<QSIG t_conv   unknown   4A0120FF 000052 8



00059136[169:2172]<sip  d_conv             1471000B 00000000 00000000 00000000



00059136[169:2172]<LPM  d_conv   unknown   710079FF 1A000000 00000000 00000000



00059137[190:8301]>LPM  t_conv   dgp_led   11060 7 

59137 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00ca) sub_id(03) s_ip(85.42.252.251

) d_ip(20.0.0.41)





00059137[040:8601]>LPM  d_idle   mps_msg   4C000303 0A00552A FCFB4E20 14000015

59137 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00cb) sub_id(03) s_ip(20.0.0.41) d_

ip(85.42.252.251)





00059137[040:8601]>LPM  d_idle   mps_msg   4C000303 0B001400 00299C48 14000015



00059138[190:8301]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00059138[190:8301]<pper t_conv   spnet_lnk 0FFF0190 83010190 8301FFFF 20202020



00059138[190:8301]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00059143[169:2172]<sip  d_conv             14630000 00000000 00000000 00000000



00059143[169:2172]<LPM  d_conv   unknown   630079FF 00100000 00000000 00000000

59143 [toPRI(sz:22)] ACU_CLEAR_RS  

 7E80 0169 0016 2344 00FF 4C00 0000 0000 0000 0000 0000



00059143[169:2172]<LPM  d_conv   hook_on   0263FFFF

59143 [CALLTASK] Can't send virtual port(0169) to SP



59143 [CALLTASK] Can't send virtual port(0169) to SP





00059143[190:8301]<call t_conv   autordl   3C010190 83010169 21720106 FFFFFFFF



00059143[190:8301]<call t_conv   opphon    1CFF0190 83010169 21720106 00FF00FF



00059143[190:8301]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00059143[190:8301]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00059143[190:8301]<call t_rls    imhon     72FF0190 83010169 21720106 00FF00FF



00059143[169:2172]<call d_rls    state     1A090169 21720169 21720106 FFFFFFFF



00059144[190:8301]<call t_rls    get_ringq 77FF0190 83010169 21720109 FFFFFFFF



00059144[169:2172]<call d_rls    get_rq_r  78010169 21720169 21720109 FFFFFFFF



00059144[169:2172]>LPM  d_rls    dgp_tone  140000FF

59144 [CALLTASK] Can't send virtual port(0169) to SP



59144 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00ca) sub_id(02) s_ip(85.42.252.251

) d_ip(20.0.0.41)





00059145[040:8601]>LPM  d_idle   mps_msg   4C000302 0A00552A FCFB4E20 14000015

59145 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00cb) sub_id(02) s_ip(20.0.0.41) d_

ip(85.42.252.251)





00059145[040:8601]>LPM  d_idle   mps_msg   4C000302 0B001400 00299C48 14000015

59145 [CALLTASK] Can't send virtual port(0169) to SP





00059145[169:2172]>LPM  d_idle   dgp_ring  180000FF

59146 [CALLTASK] Can't send virtual port(0169) to SP





00059146[169:2172]>LPM  d_idle   disp_info 3E030000 FF015   

59146 [CALLTASK] Can't send virtual port(0169) to SP





00059146[169:2172]<LPM  d_idle   hook_on   02FFFFFF

59146 [CALLTASK] Can't send virtual port(0169) to SP





00059146[169:2172]<sip  d_idle             14640000 00000000 00000000 00000000



00059147[169:2172]<LPM  d_idle   unknown   640079FF 00000000 00000000 00000000



00059147[169:2172]<LPM  d_idle   hook_on   0264FFFF

59147 [CALLTASK] Can't send virtual port(0169) to SP





00059147[190:8301]<QSIG t_rls    clear_co  640120FF 003A0000 00000000 00000010



00059147[190:8301]<LPM  t_rls    hook_on   0264FFFF



================================================================================= OK













00059381[191:8302]<QSIG t_idle   conn_in   610221FF 00BC0001 004A0000 00725600



00059381[191:8302]>LPM  t_incom  dgp_led   11061113 00000000 00000000 0000FFFF



00059381[191:8302]>LPM  t_didstn dgp_led   11061113 00000000 00000000 0000FFFF



00059381[123:2102]<call d_idle   szr_stn   10050123 21020191 830200C2 20202020



00059381[191:8302]<call t_didstn szr_stn_r 11000191 83020123 21020100 45585420



00059381[191:8302]>LPM  t_didstn dgp_led   11061113 00000000 00000000 0000FFFF

59381 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00cd) sub_id(02) s_ip(255.255.255.2

55) d_ip(255.255.255.255)





00059381[040:8601]>LPM  d_idle   mps_msg   4C000302 0D00FFFF FFFFFFFF FFFFFFFF

59381 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00cc) sub_id(02) s_ip(255.255.255.2

55) d_ip(255.255.255.255)





00059382[040:8601]>LPM  d_idle   mps_msg   4C000302 0C00FFFF FFFFFFFF FFFFFFFF

59382 [Call->Call] MGI Reserve (17)  : port(191), mgi(043), state(d7)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59382 [toMGI] CRCX : send_task(6) port(0043), remote_ip(20.0.0.41) remote_port(4

0012) codec(11), Mode(2)



00059382[040:8601]>LPM  d_idle   mgi_msg   44004400 06011A03 00431400 00299C4C

59383 [Call->MGI ] port(043),sid(00) 0601 1a03 0043 1400 0029 9c4c 9c4d 0b00 012

0 2002 0031

59383 [CALL->CFG ] TSW_CNTL: rx_port(0043),tx_port(0007),type(3),gain(00)



00059383[043:8604]>LPM  d_idle   tswitch   00030007 FF000000



00059383[191:8302]>LPM  t_didstn dgp_led   11061113 00000000 00000000 0000FFFF



00059383[123:2102]<call d_ring   add_cbt   7DFF0123 21020191 830200D7 01070104



00059384[123:2102]<call d_ring   add_ringq 75FF0123 21020191 830200D7 1D00FF00



00059384[191:8302]<QSIG t_rback  unknown   4A0221FF 000052 8



00059384[191:8302]<QSIG t_rback  unknown   4A0221FF 000052 8



00059384[191:8302]<QSIG t_rback  unknown   4A0221FF 000052 8



00059385[191:8302]<pper t_rback  spnet_lnk 0FFF0191 83020191 8302FFFF 20202020



00059385[191:8302]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00059385[191:8302]<QSIG t_rback  unknown   4A0221FF 000052 8



00059398[191:8302]<QSIG t_rback  unknown   4A0221FF 000052 8



00059399[123:2102]<ipp  d_ring             10112900 00170020



00059399[123:2102]<LPM  d_ring   k_pgm07   0017FFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59399 [toMGI] DLCX : send_task(6) port(0043)



00059399[040:8601]>LPM  d_idle   mgi_msg   44004400 06030003 00430000

59399 [Call->MGI ] port(043),sid(00) 0603 0003 0043 00ff ffff ffff ffff ffff 455

8 5420 3231

59399 [Call->Call] MGI Release  : port(191), mgi(043), state(c3)

59399 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00ce) sub_id(01) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00059399[040:8601]>LPM  d_idle   mps_msg   4C000301 0E001400 00562328 14000015

59399 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00cf) sub_id(01) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00059399[040:8601]>LPM  d_idle   mps_msg   4C000301 0F001400 00299C4C 14000015

59399 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65ac ffff ffff ffff fff

f

59400 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65ac ffff ffff ffff fff

f

59400 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 65ac ffff ffff ffff fff

f

59400 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 65ac ffff ffff ffff fff

f



00059400[191:8302]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00059400[191:8302]<call t_rback  opphof    1B000191 83020123 21020104 00455854

59401 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00cf) sub_id(03) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00059401[040:8601]>LPM  d_idle   mps_msg   4C000303 0F001400 00299C4C 14000015

59401 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00ce) sub_id(03) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00059401[040:8601]>LPM  d_idle   mps_msg   4C000303 0E001400 00562328 14000015



00059402[191:8302]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00059402[191:8302]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00059402[191:8302]>LPM  t_rback  lpsts_ask 06111113 00000000 00000000 0000FFFF



00059402[191:8302]<call t_rback  imhof     71FF0191 83020123 21020104 FFFFFFFF



00059402[123:2102]<call d_conv   state     1A060123 21020123 21020106 FFFFFFFF



00059403[191:8302]<QSIG t_rback  unknown   4A0221FF 000052 8



00059403[191:8302]<inet t_rback            11130000 00000000 00000000 FFFF1400



00059403[191:8302]<QSIG t_rback  conn_co   620221FF 00880001 003C0000 004C5600

59403 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00cf) sub_id(03) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00059403[040:8601]>LPM  d_idle   mps_msg   4C000303 0F001400 00299C4C 14000015

59404 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00ce) sub_id(03) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00059404[040:8601]>LPM  d_idle   mps_msg   4C000303 0E001400 00562328 14000015



00059404[191:8302]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00059404[191:8302]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00059405[191:8302]>LPM  t_conv   dgp_led   11060 7 



00059405[191:8302]<call t_conv   state     1A000191 83020191 830200C3 FFFFFFFF



00059405[123:2102]<call d_conv   call_dur  4C000123 21020191 830200C4



00059405[191:8302]<QSIG t_conv   unknown   4A0221FF 000052 8



00059405[191:8302]<QSIG t_conv   unknown   4A0221FF 000052 8



00059405[191:8302]<QSIG t_conv   unknown   4A0221FF 000052 8



00059406[191:8302]<QSIG t_conv   unknown   4A0221FF 000052 8



00059435[191:8302]<pper t_conv   spnet_lnk 0FFF0191 83020191 8302FFFF 20202020



00059435[191:8302]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00059448[191:8302]<QSIG t_conv   unknown   4A0221FF 000052 8



00059450[123:2102]<tmr  d_conv   route_opt 64FF0123 2102FFFF FFFFFFFF



00059477[123:2102]<ipp  d_conv             10112900 004C0020



00059477[123:2102]<LPM  d_conv   k_soft_l  004CFFFF

59477 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65ac ffff ffff ffff fff

f

59477 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65ac ffff ffff ffff fff

f



00059477[191:8302]<call t_conv   thold     22030191 83020123 21020106 FFFFFFFF

59477 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00cf) sub_id(02) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00059477[040:8601]>LPM  d_idle   mps_msg   4C000302 0F001400 00299C4C 14000015

59477 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00ce) sub_id(02) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00059478[040:8601]>LPM  d_idle   mps_msg   4C000302 0E001400 00562328 14000015

59478 [Call->Call] MGI Reserve (30)  : port(191), mgi(045), state(c4)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59478 [toMGI] CRCX : send_task(6) port(0045), remote_ip(20.0.0.41) remote_port(4

0012) codec(11), Mode(2)



00059478[040:8601]>LPM  d_idle   mgi_msg   44004400 06011A05 00451400 00299C4C

59479 [Call->MGI ] port(045),sid(00) 0601 1a05 0045 1400 0029 9c4c 9c4d 0b00 012

0 2002 0031

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59479 [toMGI] MDCX : send_task(6) port(0045), remote_ip(20.0.0.41) remote_port(4

0012) codec(11), Mode(2), Faxinfo(0)



00059479[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A05 00451400 00299C4C

59480 [Call->MGI ] port(045),sid(00) 0602 1a05 0045 1400 0029 9c4c 9c4d 0b00 012

0 2002 0002

59480 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(00ee),type(2),gain(00)



00059480[045:8606]>LPM  d_idle   tswitch   000200EE FF002D00



00059480[191:8302]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00059480[191:8302]>LPM  t_thold  dgp_led   11061113 00000000 00000000 0000FFFF



00059481[123:2102]<call d_dial1  k_conf    324C0123 21020123 FFFF0106 0263FFFF



00059481[123:2102]<call d_cfst1  cnf       3F010123 FFFF0123 21020158 45585420



00059481[123:2102]<call d_cfst1  cnf_r     40000123 21020123 FFFF0165 FFFFFFFF



00059481[191:8302]<call t_thold  cnf       3F020191 83020123 21020165 45585420

59481 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(ffff),type(4),gain(00)



00059482[045:8606]>LPM  d_idle   tswitch   0004FFFF FF002D00

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59482 [toMGI] MDCX : send_task(6) port(0045), remote_ip(20.0.0.41) remote_port(4

0012) codec(11), Mode(2), Faxinfo(0)



00059482[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A05 00451400 00299C4C

59482 [Call->MGI ] port(045),sid(00) 0602 1a05 0045 1400 0029 9c4c 9c4d 0b00 012

0 2002 0002

59483 [CALL->LPM ] CONF_CNTL: port(0191),cnf_grp(00),mode(1),invalid_mbr: 

mbr(ffff,ffff,ffff,ffff,ffff)



00059483[045:8606]>LPM  d_idle   conf      02010008

59483 [CALL->LPM ] CONF_CNTL: port(0191),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0191,ffff,ffff,ffff,ffff)



00059483[045:8606]>LPM  d_idle   conf      02000000

 is_conf_status port = 401  OK!!





00059484[191:8302]>LPM  t_thold  dgp_led   11061113 00000000 00000000 0000FFFF



00059484[123:2102]<call d_cfin   cnf_r     40000123 21020191 830200CA 20202020



00059484[191:8302]<call t_conf   state     1AD10191 83020191 830200CA FFFFFFFF

 is_conf_status port = 401  OK!!





00059484[191:8302]>LPM  t_conf   dgp_led   11060   



00059485[123:2102]<call d_cfdial cnf_hold  6C000123 21020191 830200CA FFFFFFFF

59485 [CALL->LPM ] CONF_CNTL: port(0191),cnf_grp(00),mode(1),mbr_indx(00): 

mbr(ffff,ffff,ffff,ffff,ffff)



00059485[045:8606]>LPM  d_idle   conf      02010000

59485 [Call->Call] MGI Reserve (30)  : port(191), mgi(045), state(d1)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59486 [toMGI] MDCX : send_task(6) port(0045), remote_ip(20.0.0.41) remote_port(4

0012) codec(11), Mode(2), Faxinfo(0)



00059486[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A05 00451400 00299C4C

59486 [Call->MGI ] port(045),sid(00) 0602 1a05 0045 1400 0029 9c4c 9c4d 0b00 012

0 2002 0071

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59486 [toMGI] MDCX : send_task(6) port(0045), remote_ip(20.0.0.41) remote_port(4

0012) codec(11), Mode(2), Faxinfo(0)



00059487[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A05 00451400 00299C4C

59487 [Call->MGI ] port(045),sid(00) 0602 1a05 0045 1400 0029 9c4c 9c4d 0b00 012

0 2002 0002

59487 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(00ee),type(2),gain(00)



00059487[045:8606]>LPM  d_idle   tswitch   000200EE FF002D00



00059488[191:8302]<QSIG t_conf   unknown   4A0221FF 000052 8



00059488[191:8302]<pper t_conf   spnet_lnk 0FFF0191 83020191 8302FFFF 20202020



00059488[191:8302]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00059498[191:8302]<QSIG t_conf   unknown   4A0221FF 000052 8



00059520[123:2102]<ipp  d_cfdial           10112900 002D0020



00059520[123:2102]<LPM  d_cfdial k_fix29   002DFFFF



00059523[123:2102]<ipp  d_cfdial           10112900 002D0020



00059523[123:2102]<LPM  d_cfdial k_fix29   002DFFFF



00059525[123:2102]<ipp  d_cfdial           10112900 002D0020



00059525[123:2102]<LPM  d_cfdial k_fix29   002DFFFF



00059531[123:2102]<ipp  d_cfdial           10112900 04020020



00059531[123:2102]<LPM  d_cfdial digit_2   0402FFFF



00059533[123:2102]<ipp  d_cfdial           10112900 04010020



00059533[123:2102]<LPM  d_cfdial digit_1   0401FFFF



00059535[191:8302]<pper t_conf   spnet_lnk 0FFF0191 83020191 8302FFFF 20202020



00059535[191:8302]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00059535[123:2102]<ipp  d_cfdial           10112900 04070020



00059535[123:2102]<LPM  d_cfdial digit_7   0407FFFF



00059537[123:2102]<ipp  d_cfdial           10112900 04020020



00059537[123:2102]<LPM  d_cfdial digit_2   0402FFFF



00059537[123:2102]<call d_cfdial k_dss2172 32FF0123 21020123 FFFF0134 0169FFFF



00059537[169:2172]<call d_idle   szr_stn   10080169 21720123 21020134 45585420



00059537[169:2172]>LPM  d_idle   dgp_ring  180004FF

59537 [CALLTASK] Can't send virtual port(0169) to SP



59537 [toPRI(sz:80)] ACU_CONN_RQ   

 7E80 0169 0050 2341 00FF 4CFF 5600 0100 0000 00FF 0000 0000 0000 0000 0000 0000

 0404 0010 0808 0000 3231 3732 3231 3032 6368 6961 6D61 7461 2064 6120 3231 3032

 4558 5420 3231 3032 4558 5420 3231 3732

59538 call_szr_stn(109)



00059538[123:2102]<call d_cfstn  szr_stn_r 11230123 21020169 21720100 45585420



00059538[123:2102]<call d_bri    state     1A6E0123 21020123 2102013A FFFFFFFF



00059538[169:2172]<sip  d_idle             14660000 00000000 00000000 00000000



00059539[169:2172]<LPM  d_idle   unknown   660079FF 00000000 00000000 00000000



00059539[123:2102]<call d_bri    szr_stn_r 11000123 21020169 21720100 45585420



00059539[123:2102]<call d_brirbk bri_state 96FF0123 21020169 21720100 01660001

 [CALL:123] dgp_bri_rbk_bri_state>>> bri_msg(66), tone_tsw(01), sub_detail(01)





00059539[169:2172]<call d_brirng add_ringq 75FF0169 21720123 2102016E 0100FF00



00059540[169:2172]<call d_brirng send_info 98010169 21720123 2102016E 45585420



00059540[169:2172]<sip  d_brirng           14650000 00000000 00000000 00000000



00059540[169:2172]<LPM  d_brirng unknown   650079FF 00000000 00000000 00000000



00059540[123:2102]<call d_brirbk bri_state 96FF0123 21020169 21720175 0065FF07

 [CALL:123] dgp_bri_rbk_bri_state>>> bri_msg(65), tone_tsw(00), sub_detail(07)



59541 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65ac ffff ffff ffff fff

f

59541 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65ac ffff ffff ffff fff

f



00059548[191:8302]<QSIG t_conf   unknown   4A0221FF 000052 8



00059556[169:2172]<sip  d_brirng           1462000B FFFFFFFF 552AFCFB 4E20FFFF



00059556[169:2172]<LPM  d_brirng unknown   620079FF FFFFFFFF FFFFFF56 FFFFFFFF

59556 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d0) sub_id(01) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00059556[040:8601]>LPM  d_idle   mps_msg   4C000301 1000552A FCFB4E20 14000015

59556 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d1) sub_id(01) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00059556[040:8601]>LPM  d_idle   mps_msg   4C000301 11001400 00562328 14000015

59556 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65b2 ffff ffff ffff fff

f

59556 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65b2 ffff ffff ffff fff

f

59556 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 65b2 ffff ffff ffff fff

f

59556 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 65b2 ffff ffff ffff fff

f

59557 [toPRI(sz:42)] Unknown Messag

 7E80 0169 002A 2350 00FF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF

59557 [CALLTASK] Can't send virtual port(0169) to SP





00059557[169:2172]>LPM  d_brirng dgp_ring  180000FF

59557 [CALLTASK] Can't send virtual port(0169) to SP



59557 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d0) sub_id(03) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00059558[040:8601]>LPM  d_idle   mps_msg   4C000303 1000552A FCFB4E20 14000015

59558 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d1) sub_id(03) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00059558[040:8601]>LPM  d_idle   mps_msg   4C000303 11001400 00562328 14000015

59558 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

59559 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d0) sub_id(03) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00059559[040:8601]>LPM  d_idle   mps_msg   4C000303 1000552A FCFB4E20 14000015

59559 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d1) sub_id(03) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00059560[040:8601]>LPM  d_idle   mps_msg   4C000303 11001400 00562328 14000015

59560 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

59560 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF



00059561[123:2102]<call d_brirbk opphof    1B000123 21020169 21720175 00455854

59561 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65b2 ffff ffff ffff fff

f

59561 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65b2 ffff ffff ffff fff

f



00059561[123:2102]<call d_brirbk imhof     71FF0123 21020169 21720175 FFFFFFFF



00059562[123:2102]<call d_brirbk bri_state 96FF0123 21020169 21720175 01620101

 [CALL:123] dgp_bri_rbk_bri_state>>> bri_msg(62), tone_tsw(01), sub_detail(01)



59562 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d1) sub_id(03) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00059562[040:8601]>LPM  d_idle   mps_msg   4C000303 11001400 00562328 14000015

59563 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d0) sub_id(03) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00059563[040:8601]>LPM  d_idle   mps_msg   4C000303 1000552A FCFB4E20 14000015

59563 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65b2 ffff ffff ffff fff

f

59563 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65b2 ffff ffff ffff fff

f

59563 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 65b2 ffff ffff ffff fff

f

59564 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 65b2 ffff ffff ffff fff

f

59564 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF



00059564[169:2172]<call d_conv   state     1A060169 21720169 21720106 FFFFFFFF



00059565[123:2102]<call d_cfconv state     1A370123 21020123 21020137 FFFFFFFF



00059582[123:2102]<ipp  d_cfconv           10112900 004E0020



00059582[123:2102]<LPM  d_cfconv k_soft_r  004EFFFF

59582 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65b2 ffff ffff ffff fff

f

59582 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65b2 ffff ffff ffff fff

f



00059582[169:2172]<call d_conv   thold     22030169 21720123 21020137 FFFFFFFF

59582 [CALLTASK] Can't send virtual port(0169) to SP



59582 [Call->Call] MGI Reserve (18)  : port(169), mgi(048), state(06)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59582 [toMGI] CRCX : send_task(6) port(0048), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2)



00059583[040:8601]>LPM  d_idle   mgi_msg   44004400 06019A08 0048552A FCFB4E20

59583 [Call->MGI ] port(048),sid(00) 0601 9a08 0048 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

59583 [CALL->CFG ] TSW_CNTL: rx_port(0048),tx_port(000b),type(3),gain(00)



00059583[048:8609]>LPM  d_idle   tswitch   0003000B FF00000 

59584 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1904 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

[CODEC:0169] SIP TX ACU_UPDATE_RQ : connid(00), codec(11 10 3 4 2), ip(85.42.252

.250), rtp(25016) priority(19) sipcall_index(ff ff ff ff)





00059584[169:2172]<call d_thold  cnf       3F020169 21720123 21020137 45585420

59585 [CALLTASK] Can't send virtual port(0169) to SP





00059585[169:2172]>LPM  d_thold  dgp_tone  140000FF

59585 [CALLTASK] Can't send virtual port(0169) to SP



59585 [CALL->CFG ] TSW_CNTL: rx_port(0048),tx_port(ffff),type(4),gain(00)



00059585[048:8609]>LPM  d_idle   tswitch   0004FFFF FF00000 

59585 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d0) sub_id(02) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00059586[040:8601]>LPM  d_idle   mps_msg   4C000302 1000552A FCFB4E20 14000015

59586 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d1) sub_id(02) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00059586[040:8601]>LPM  d_idle   mps_msg   4C000302 11001400 00562328 14000015

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59587 [toMGI] MDCX : send_task(6) port(0048), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00059587[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A08 0048552A FCFB4E20

59587 [Call->MGI ] port(048),sid(00) 0602 9a08 0048 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

59587 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

59588 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(1),invalid_mbr: 

mbr(ffff,ffff,ffff,ffff,ffff)



00059588[048:8609]>LPM  d_idle   conf      02010008

59588 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,ffff,ffff,ffff,ffff)

59589 [Call->Call] MGI Reserve (12)  : port(169), mgi(048), state(0d)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59589 [toMGI] MDCX : send_task(6) port(0048), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00059589[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A08 0048552A FCFB4E20

59589 [Call->MGI ] port(048),sid(00) 0602 9a08 0048 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00059590[048:8609]>LPM  d_idle   conf      02000000

59590 [CALL->LPM ] CONF_CNTL: port(0191),cnf_grp(00),mode(1),invalid_mbr: 

mbr(0169,ffff,ffff,ffff,ffff)



00059590[045:8606]>LPM  d_idle   conf      02010008

59590 [CALL->LPM ] CONF_CNTL: port(0191),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0191,ffff,ffff,ffff)



00059590[045:8606]>LPM  d_idle   conf      02000006

59591 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,0191,ffff,ffff,ffff)

59591 [Call->Call] MGI Reserve (12)  : port(169), mgi(048), state(0d)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59591 [toMGI] MDCX : send_task(6) port(0048), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00059592[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A08 0048552A FCFB4E20

59592 [Call->MGI ] port(048),sid(00) 0602 9a08 0048 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00059592[048:8609]>LPM  d_idle   conf      02000006



00059592[123:2102]<call d_cfin   cnf_r     40000123 21020169 2172010D 45585420

59592 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF



00059593[169:2172]<call d_conf   state     1A330169 21720169 2172010D FFFFFFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59593 [toMGI] MDCX : send_task(6) port(0045), remote_ip(20.0.0.41) remote_port(4

0012) codec(11), Mode(2), Faxinfo(0)



00059593[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A05 00451400 00299C4C

59594 [Call->MGI ] port(045),sid(00) 0602 1a05 0045 1400 0029 9c4c 9c4d 0b00 012

0 2002 0000

59594 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(0008),type(3),gain(00)



00059594[045:8606]>LPM  d_idle   tswitch   00030008 0100000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59594 [toMGI] MDCX : send_task(6) port(0048), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00059595[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A08 0048552A FCFB4E20

59595 [Call->MGI ] port(048),sid(00) 0602 9a08 0048 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

59595 [CALL->CFG ] TSW_CNTL: rx_port(0048),tx_port(0008),type(3),gain(00)



00059595[048:8609]>LPM  d_idle   tswitch   00030008 0100000 



00059596[123:2102]<call d_cfdial cnf_hold  6C000123 21020169 2172010D FFFFFFFF



00059596[123:2102]<call d_cfdial cnf_hold  6C010123 21020169 21720133 FFFFFFFF

59596 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(ffff),type(4),gain(00)



00059596[045:8606]>LPM  d_idle   tswitch   0004FFFF FF002D00

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59596 [toMGI] MDCX : send_task(6) port(0045), remote_ip(20.0.0.41) remote_port(4

0012) codec(11), Mode(2), Faxinfo(0)



00059597[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A05 00451400 00299C4C

59597 [Call->MGI ] port(045),sid(00) 0602 1a05 0045 1400 0029 9c4c 9c4d 0b00 012

0 2002 0002

59597 [CALL->LPM ] CONF_CNTL: port(0191),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,ffff,ffff,ffff)



00059598[045:8606]>LPM  d_idle   conf      02010008

59598 [CALL->LPM ] CONF_CNTL: port(0191),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0191,ffff,ffff,ffff)



00059598[045:8606]>LPM  d_idle   conf      02000000

59598 [CALL->LPM ] CONF_CNTL: port(0191),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,ffff,ffff,ffff)



00059598[045:8606]>LPM  d_idle   conf      02010008

59599 [CALL->LPM ] CONF_CNTL: port(0191),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0191,ffff,ffff,ffff)



00059599[045:8606]>LPM  d_idle   conf      02000006

59599 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,0191,ffff,ffff,ffff)

59599 [Call->Call] MGI Reserve (12)  : port(169), mgi(048), state(33)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59600 [toMGI] MDCX : send_task(6) port(0048), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00059600[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A08 0048552A FCFB4E20

59600 [Call->MGI ] port(048),sid(00) 0602 9a08 0048 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00059600[048:8609]>LPM  d_idle   conf      02000006



00059601[191:8302]<pper t_conf   spnet_lnk 0FFF0191 83020191 8302FFFF 20202020

 is_conf_status port = 401  OK!!





00059601[191:8302]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00059601[169:2172]<sip  d_conf             1471000B 00000000 00000000 00000000



00059601[169:2172]<LPM  d_conf   unknown   710079FF 19000000 00000000 00000000

59601 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

[CODEC:0169] SIP TX ACU_UPDATE_RQ : connid(00), codec(11 255 255 255 255), ip(85

.42.252.250), rtp(25016) priority(1a) sipcall_index(ff ff ff ff)





00059602[191:8302]<QSIG t_conf   unknown   4A0221FF 000052 8



00059604[169:2172]<sip  d_conf             1471000B 00000000 00000000 00000000



00059604[169:2172]<LPM  d_conf   unknown   710079FF 1A000000 00000000 00000000



00059635[191:8302]<pper t_conf   spnet_lnk 0FFF0191 83020191 8302FFFF 20202020

 is_conf_status port = 401  OK!!





00059635[191:8302]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00059648[191:8302]<QSIG t_conf   unknown   4A0221FF 000052 8



00059662[123:2102]<ipp  d_cfdial           10112900 004E0020



00059662[123:2102]<LPM  d_cfdial k_soft_r  004EFFFF

59662 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

59662 [Call->Call] MGI Reserve (40)  : port(123), mgi(04a), state(34)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

59662 [toMGI] CRCX : send_task(6) port(004a), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2)



00059662[040:8601]>LPM  d_idle   mgi_msg   44004400 06011A0A 004A1400 00562328

59662 [Call->MGI ] port(04a),sid(00) 0601 1a0a 004a 1400 0056 2328 2329 0b00 012

0 2002 0071

59663 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 61bc ffff ffff ffff fff

f

59663 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 61bc ffff ffff ffff fff

f

59663 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 61bc ffff ffff ffff fff

f

59663 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 61bc ffff ffff ffff fff

f

59663 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(1),invalid_mbr: 

mbr(0169,0191,ffff,ffff,ffff)



00059664[04A:8611]>LPM  d_idle   conf      02010008

59664 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(0),mbr_indx(02): 

mbr(0169,0191,0123,ffff,ffff)

59664 [Call->Call] MGI Reserve (12)  : port(123), mgi(04a), state(34)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

59664 [toMGI] MDCX : send_task(6) port(004a), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2), Faxinfo(0)



00059665[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A0A 004A1400 00562328

59665 [Call->MGI ] port(04a),sid(00) 0602 1a0a 004a 1400 0056 2328 2329 0b00 012

0 2002 0071



00059665[04A:8611]>LPM  d_idle   conf      02000000

59665 [CALL->LPM ] CONF_CNTL: port(0191),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,0123,ffff,ffff)



00059666[045:8606]>LPM  d_idle   conf      02010008

59666 [CALL->LPM ] CONF_CNTL: port(0191),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0191,0123,ffff,ffff)



00059666[045:8606]>LPM  d_idle   conf      02000006

59666 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,0191,0123,ffff,ffff)

59666 [Call->Call] MGI Reserve (12)  : port(169), mgi(048), state(33)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59667 [toMGI] MDCX : send_task(6) port(0048), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00059667[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A08 0048552A FCFB4E20

59667 [Call->MGI ] port(048),sid(00) 0602 9a08 0048 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00059668[048:8609]>LPM  d_idle   conf      02000006

59668 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(0),mbr_indx(02): 

mbr(0169,0191,0123,ffff,ffff)

59668 [Call->Call] MGI Reserve (12)  : port(123), mgi(04a), state(34)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

59668 [toMGI] MDCX : send_task(6) port(004a), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2), Faxinfo(0)



00059669[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A0A 004A1400 00562328

59669 [Call->MGI ] port(04a),sid(00) 0602 1a0a 004a 1400 0056 2328 2329 0b00 012

0 2002 0071



00059669[04A:8611]>LPM  d_idle   conf      02000006



00059669[123:2102]<call d_conf   state     1A330123 21020123 21020134 FFFFFFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59670 [toMGI] MDCX : send_task(6) port(0045), remote_ip(20.0.0.41) remote_port(4

0012) codec(11), Mode(2), Faxinfo(0)



00059670[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A05 00451400 00299C4C

59670 [Call->MGI ] port(045),sid(00) 0602 1a05 0045 1400 0029 9c4c 9c4d 0b00 012

0 2002 0000

59670 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(0008),type(3),gain(00)



00059671[045:8606]>LPM  d_idle   tswitch   00030008 0100000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59671 [toMGI] MDCX : send_task(6) port(0048), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00059671[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A08 0048552A FCFB4E20

59671 [Call->MGI ] port(048),sid(00) 0602 9a08 0048 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

59672 [CALL->CFG ] TSW_CNTL: rx_port(0048),tx_port(0008),type(3),gain(00)



00059672[048:8609]>LPM  d_idle   tswitch   00030008 0100000 



00059685[191:8302]<pper t_conf   spnet_lnk 0FFF0191 83020191 8302FFFF 20202020

 is_conf_status port = 401  OK!!





00059685[191:8302]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00059695[123:2102]<ipp  d_conf             10112900 01000020



00059695[123:2102]<LPM  d_conf   hook_off  0100FFFF



00059698[191:8302]<QSIG t_conf   unknown   4A0221FF 000052 8



00059735[191:8302]<pper t_conf   spnet_lnk 0FFF0191 83020191 8302FFFF 20202020

 is_conf_status port = 401  OK!!





00059735[191:8302]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00059748[191:8302]<QSIG t_conf   unknown   4A0221FF 000052 8



00059769[123:2102]<tmr  d_conf   conf_int  39FF0123 2102FFFF FFFFFFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59769 [toMGI] MDCX : send_task(6) port(0045), remote_ip(20.0.0.41) remote_port(4

0012) codec(11), Mode(2), Faxinfo(0)



00059769[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A05 00451400 00299C4C

59769 [Call->MGI ] port(045),sid(00) 0602 1a05 0045 1400 0029 9c4c 9c4d 0b00 012

0 2002 0000

59769 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(0008),type(3),gain(00)



00059769[045:8606]>LPM  d_idle   tswitch   00030008 0100000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59769 [toMGI] MDCX : send_task(6) port(0048), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00059770[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A08 0048552A FCFB4E20

59770 [Call->MGI ] port(048),sid(00) 0602 9a08 0048 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

59770 [CALL->CFG ] TSW_CNTL: rx_port(0048),tx_port(0008),type(3),gain(00)



00059770[048:8609]>LPM  d_idle   tswitch   00030008 0100000 



00059785[191:8302]<pper t_conf   spnet_lnk 0FFF0191 83020191 8302FFFF 20202020

 is_conf_status port = 401  OK!!





00059785[191:8302]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00059789[169:2172]<sip  d_conf             14630000 00000000 00000000 00000000



00059789[169:2172]<LPM  d_conf   unknown   630079FF 00100000 00000000 00000000

59789 [toPRI(sz:22)] ACU_CLEAR_RS  

 7E80 0169 0016 2344 00FF 4C00 0000 0000 0000 0000 0000



00059789[169:2172]<LPM  d_conf   hook_on   0263FFFF

59789 [CALLTASK] Can't send virtual port(0169) to SP



59789 [CALLTASK] Can't send virtual port(0169) to SP





00059789[169:2172]>LPM  d_conf   dgp_tone  140000FF

59789 [CALLTASK] Can't send virtual port(0169) to SP



59789 [CALL->CFG ] TSW_CNTL: rx_port(0048),tx_port(ffff),type(4),gain(00)



00059789[048:8609]>LPM  d_idle   tswitch   0004FFFF FF00000 



00059790[123:2102]<call d_conf   imhon     72FF0123 21020169 21720133 00FF00FF

59790 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(1),mbr_indx(00): 

mbr(ffff,0191,0123,ffff,ffff)



00059790[048:8609]>LPM  d_idle   conf      02010000

59790 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(1),invalid_mbr: 

mbr(ffff,0191,0123,ffff,ffff)



00059790[048:8609]>LPM  d_idle   conf      02010000



00059791[169:2172]<call d_rls    state     1A090169 21720169 21720133 FFFFFFFF



00059791[123:2102]<call d_conf   oppchg    1E010123 21020123 21020133 20202020

59791 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(1),mbr_indx(02): 

mbr(ffff,0191,ffff,ffff,ffff)



00059791[04A:8611]>LPM  d_idle   conf      02010000

59791 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(1),invalid_mbr: 

mbr(ffff,0191,ffff,ffff,ffff)



00059792[04A:8611]>LPM  d_idle   conf      02010000

 is_conf_status port = 401  OK!!



 to_sp_tswitch discard message!! port_no(123) opp(191)



59792 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(2),invalid_mbr: 

mbr(ffff,0191,ffff,ffff,ffff)



00059792[04A:8611]>LPM  d_idle   conf      02020000



00059793[191:8302]<call t_conf   oppchg    1E010191 83020123 21020133 45585420

59793 [CALL->LPM ] CONF_CNTL: port(0191),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(ffff,ffff,ffff,ffff,ffff)



00059793[045:8606]>LPM  d_idle   conf      02010000

59793 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(ffff),type(4),gain(00)



00059793[045:8606]>LPM  d_idle   tswitch   0004FFFF FF002D00

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59794 [toMGI] DLCX : send_task(6) port(0045)



00059794[040:8601]>LPM  d_idle   mgi_msg   44004400 06030005 00450 D 

59794 [Call->MGI ] port(045),sid(00) 0603 0005 0045 00ff ffff ffff ffff ffff 000

0 0002 0571

59794 [Call->Call] MGI Release  : port(191), mgi(045), state(d1)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

59795 [toMGI] DLCX : send_task(6) port(004a)



00059795[040:8601]>LPM  d_idle   mgi_msg   44004400 0603000A 004A0 D 

59795 [Call->MGI ] port(04a),sid(00) 0603 000a 004a 00ff ffff ffff ffff ffff 030

0 06c2 0571

59795 [Call->Call] MGI Release  : port(123), mgi(04a), state(06)

59795 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d2) sub_id(01) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00059796[040:8601]>LPM  d_idle   mps_msg   4C000301 12001400 00299C4C 14000015

59796 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d3) sub_id(01) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00059796[040:8601]>LPM  d_idle   mps_msg   4C000301 13001400 00562328 14000015

59796 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65b6 ffff ffff ffff fff

f

59796 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65b6 ffff ffff ffff fff

f

59797 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 65b6 ffff ffff ffff fff

f

59797 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 65b6 ffff ffff ffff fff

f



00059797[191:8302]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF

59797 [CALL->LPM ] CONF_CNTL: port(0191),cnf_grp(00),mode(2),invalid_mbr: 

mbr(ffff,ffff,ffff,ffff,ffff)



00059798[191:8302]>LPM  t_conf   conf      02020000

59798 [CALLTASK] Can't send virtual port(0191) to SP





00059798[191:8302]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00059798[191:8302]>LPM  t_conv   dgp_led   11060 7 



00059798[169:2172]<call d_rls    get_rq_r  78010169 21720169 21720109 FFFFFFFF



00059798[169:2172]>LPM  d_rls    dgp_tone  140000FF

59799 [CALLTASK] Can't send virtual port(0169) to SP



59799 [CALL->CFG ] TSW_CNTL: rx_port(0048),tx_port(ffff),type(4),gain(00)



00059799[048:8609]>LPM  d_idle   tswitch   0004FFFF FF0072  

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59799 [toMGI] DLCX : send_task(6) port(0048)



00059799[040:8601]>LPM  d_idle   mgi_msg   44004400 06030008 00480 D 

59800 [Call->MGI ] port(048),sid(00) 0603 0008 0048 00ff ffff ffff ffff ffff 455

8 5420 3231

59800 [Call->Call] MGI Release  : port(169), mgi(048), state(09)

59800 [CALLTASK] Can't send virtual port(0169) to SP





00059800[169:2172]>LPM  d_idle   dgp_ring  180000FF

59800 [CALLTASK] Can't send virtual port(0169) to SP





00059800[169:2172]>LPM  d_idle   disp_info 3E030000 FF015   

59801 [CALLTASK] Can't send virtual port(0169) to SP





00059801[123:2102]<call d_conv   state     1A060123 21020123 21020106 FFFFFFFF



00059801[191:8302]<call t_conv   state     1A010191 83020191 830200D1 FFFFFFFF



00059801[123:2102]<call d_conv   call_dur  4C000123 21020191 830200C4



00059801[169:2172]<LPM  d_idle   hook_on   02FFFFFF

59801 [CALLTASK] Can't send virtual port(0169) to SP





00059802[169:2172]<sip  d_idle             14640000 00000000 00000000 00000000



00059802[169:2172]<LPM  d_idle   unknown   640079FF 00000000 00000000 00000000



00059802[169:2172]<LPM  d_idle   hook_on   0264FFFF

59802 [CALLTASK] Can't send virtual port(0169) to SP





00059802[123:2102]<ipp  d_conv             10112900 02000020



00059802[123:2102]<LPM  d_conv   hook_on   0200FFFF

59803 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65b6 ffff ffff ffff fff

f

59803 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65b6 ffff ffff ffff fff

f



00059803[191:8302]<call t_conv   autordl   3C010191 83020123 21020106 FFFFFFFF



00059803[191:8302]<call t_conv   opphon    1CFF0191 83020123 21020106 00FF00FF



00059804[191:8302]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00059804[191:8302]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00059804[191:8302]<call t_rls    imhon     72FF0191 83020123 21020106 00FF00FF



00059804[123:2102]<call d_rls    state     1A090123 21020123 21020106 FFFFFFFF



00059804[191:8302]<call t_rls    get_ringq 77FF0191 83020123 21020109 FFFFFFFF



00059805[123:2102]<call d_rls    get_rq_r  78010123 21020123 21020109 FFFFFFFF

59805 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65b6 ffff ffff ffff fff

f

59805 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65b6 ffff ffff ffff fff

f

59805 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d3) sub_id(02) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00059805[040:8601]>LPM  d_idle   mps_msg   4C000302 13001400 00562328 14000015

59806 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d2) sub_id(02) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00059806[040:8601]>LPM  d_idle   mps_msg   4C000302 12001400 00299C4C 14000015



00059806[191:8302]<QSIG t_rls    unknown   4A0221FF 000052 8



00059806[191:8302]<QSIG t_rls    unknown   4A0221FF 000052 8



00059807[191:8302]<QSIG t_rls    clear_co  640221FF 003A0000 00000000 00000010



00059807[191:8302]<LPM  t_rls    hook_on   0264FFFF



=============================================================================== OK







00059973[192:8303]<QSIG t_idle   conn_in   610322FF 00BC0001 004A0000 00725600



00059973[192:8303]>LPM  t_incom  dgp_led   11061113 00000000 00000000 0000FFFF



00059973[192:8303]>LPM  t_didstn dgp_led   11061113 00000000 00000000 0000FFFF



00059973[123:2102]<call d_idle   szr_stn   10050123 21020192 830300C2 20202020



00059973[192:8303]<call t_didstn szr_stn_r 11000192 83030123 21020100 45585420



00059973[192:8303]>LPM  t_didstn dgp_led   11061113 00000000 00000000 0000FFFF

59973 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d5) sub_id(02) s_ip(255.255.255.2

55) d_ip(255.255.255.255)





00059973[040:8601]>LPM  d_idle   mps_msg   4C000302 1500FFFF FFFFFFFF FFFFFFFF

59974 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d4) sub_id(02) s_ip(255.255.255.2

55) d_ip(255.255.255.255)





00059974[040:8601]>LPM  d_idle   mps_msg   4C000302 1400FFFF FFFFFFFF FFFFFFFF

59974 [Call->Call] MGI Reserve (17)  : port(192), mgi(046), state(d7)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59974 [toMGI] CRCX : send_task(6) port(0046), remote_ip(20.0.0.41) remote_port(4

0016) codec(11), Mode(2)



00059975[040:8601]>LPM  d_idle   mgi_msg   44004400 06011A06 00461400 00299C50

59975 [Call->MGI ] port(046),sid(00) 0601 1a06 0046 1400 0029 9c50 9c51 0b00 012

0 2002 0031

59975 [CALL->CFG ] TSW_CNTL: rx_port(0046),tx_port(0007),type(3),gain(00)



00059975[046:8607]>LPM  d_idle   tswitch   00030007 FF000000



00059976[192:8303]>LPM  t_didstn dgp_led   11061113 00000000 00000000 0000FFFF



00059976[123:2102]<call d_ring   add_cbt   7DFF0123 21020192 830300D7 01070104



00059976[123:2102]<call d_ring   add_ringq 75FF0123 21020192 830300D7 1D00FF00



00059976[192:8303]<QSIG t_rback  unknown   4A0322FF 000052 8



00059976[192:8303]<QSIG t_rback  unknown   4A0322FF 000052 8



00059977[192:8303]<QSIG t_rback  unknown   4A0322FF 000052 8



00059978[192:8303]<QSIG t_rback  unknown   4A0322FF 000052 8



00059985[192:8303]<pper t_rback  spnet_lnk 0FFF0192 83030192 8303FFFF 20202020



00059985[192:8303]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00059995[123:2102]<ipp  d_ring             10112900 00170020



00059995[123:2102]<LPM  d_ring   k_pgm07   0017FFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

59995 [toMGI] DLCX : send_task(6) port(0046)



00059995[040:8601]>LPM  d_idle   mgi_msg   44004400 06030006 00460000

59995 [Call->MGI ] port(046),sid(00) 0603 0006 0046 00ff ffff ffff ffff ffff 455

8 5420 3231

59995 [Call->Call] MGI Release  : port(192), mgi(046), state(c3)

59995 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d6) sub_id(01) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00059995[040:8601]>LPM  d_idle   mps_msg   4C000301 16001400 00562328 14000015

59995 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d7) sub_id(01) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00059995[040:8601]>LPM  d_idle   mps_msg   4C000301 17001400 00299C50 14000015

59995 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65bc ffff ffff ffff fff

f

59996 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65bc ffff ffff ffff fff

f

59996 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 65bc ffff ffff ffff fff

f

59996 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 65bc ffff ffff ffff fff

f



00059996[192:8303]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00059996[192:8303]<call t_rback  opphof    1B000192 83030123 21020104 00455854

59997 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d7) sub_id(03) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00059997[040:8601]>LPM  d_idle   mps_msg   4C000303 17001400 00299C50 14000015

59997 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d6) sub_id(03) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00059997[040:8601]>LPM  d_idle   mps_msg   4C000303 16001400 00562328 14000015



00059998[192:8303]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00059998[192:8303]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00059998[192:8303]>LPM  t_rback  lpsts_ask 06111113 00000000 00000000 0000FFFF



00059998[192:8303]<call t_rback  imhof     71FF0192 83030123 21020104 FFFFFFFF



00059999[123:2102]<call d_conv   state     1A060123 21020123 21020106 FFFFFFFF



00059999[192:8303]<QSIG t_rback  unknown   4A0322FF 000052 8



00059999[192:8303]<QSIG t_rback  unknown   4A0322FF 000052 8



00059999[192:8303]<inet t_rback            11130000 00000000 00000000 FFFF1400



00059999[192:8303]<QSIG t_rback  conn_co   620322FF 00880001 003C0000 004C5600

59999 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d7) sub_id(03) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00060000[040:8601]>LPM  d_idle   mps_msg   4C000303 17001400 00299C50 14000015

60000 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d6) sub_id(03) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00060000[040:8601]>LPM  d_idle   mps_msg   4C000303 16001400 00562328 14000015



00060000[192:8303]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00060001[192:8303]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00060001[192:8303]>LPM  t_conv   dgp_led   11060 7 



00060001[192:8303]<call t_conv   state     1A000192 83030192 830300C3 FFFFFFFF



00060001[123:2102]<call d_conv   call_dur  4C000123 21020192 830300C4



00060001[192:8303]<QSIG t_conv   unknown   4A0322FF 000052 8



00060002[192:8303]<QSIG t_conv   unknown   4A0322FF 000052 8



00060002[192:8303]<QSIG t_conv   unknown   4A0322FF 000052 8



00060002[192:8303]<QSIG t_conv   unknown   4A0322FF 000052 8



00060035[192:8303]<pper t_conv   spnet_lnk 0FFF0192 83030192 8303FFFF 20202020



00060035[192:8303]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00060046[123:2102]<tmr  d_conv   route_opt 64FF0123 2102FFFF FFFFFFFF



00060048[192:8303]<QSIG t_conv   unknown   4A0322FF 000052 8



00060057[123:2102]<ipp  d_conv             10112900 002C0020



00060057[123:2102]<LPM  d_conv   k_fix28   002CFFFF



00060059[123:2102]<ipp  d_conv             10112900 002C0020



00060059[123:2102]<LPM  d_conv   k_fix28   002CFFFF



00060065[123:2102]<ipp  d_conv             10112900 004C0020



00060065[123:2102]<LPM  d_conv   k_soft_l  004CFFFF

60065 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65bc ffff ffff ffff fff

f

60065 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65bc ffff ffff ffff fff

f



00060065[192:8303]<call t_conv   thold     22030192 83030123 21020106 FFFFFFFF

60065 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d7) sub_id(02) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00060065[040:8601]>LPM  d_idle   mps_msg   4C000302 17001400 00299C50 14000015

60065 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d6) sub_id(02) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00060065[040:8601]>LPM  d_idle   mps_msg   4C000302 16001400 00562328 14000015

60065 [Call->Call] MGI Reserve (30)  : port(192), mgi(048), state(c4)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60066 [toMGI] CRCX : send_task(6) port(0048), remote_ip(20.0.0.41) remote_port(4

0016) codec(11), Mode(2)



00060066[040:8601]>LPM  d_idle   mgi_msg   44004400 06011A08 00481400 00299C50

60066 [Call->MGI ] port(048),sid(00) 0601 1a08 0048 1400 0029 9c50 9c51 0b00 012

0 2002 0031

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60066 [toMGI] MDCX : send_task(6) port(0048), remote_ip(20.0.0.41) remote_port(4

0016) codec(11), Mode(2), Faxinfo(0)



00060067[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A08 00481400 00299C50

60067 [Call->MGI ] port(048),sid(00) 0602 1a08 0048 1400 0029 9c50 9c51 0b00 012

0 2002 0002

60067 [CALL->CFG ] TSW_CNTL: rx_port(0048),tx_port(00ee),type(2),gain(00)



00060067[048:8609]>LPM  d_idle   tswitch   000200EE FF002D00



00060068[192:8303]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00060068[192:8303]>LPM  t_thold  dgp_led   11061113 00000000 00000000 0000FFFF



00060068[123:2102]<call d_dial1  k_conf    324C0123 21020123 FFFF0106 0263FFFF



00060068[123:2102]<call d_cfst1  cnf       3F010123 FFFF0123 21020158 45585420



00060068[123:2102]<call d_cfst1  cnf_r     40000123 21020123 FFFF0165 FFFFFFFF



00060069[192:8303]<call t_thold  cnf       3F020192 83030123 21020165 45585420

60069 [CALL->CFG ] TSW_CNTL: rx_port(0048),tx_port(ffff),type(4),gain(00)



00060069[048:8609]>LPM  d_idle   tswitch   0004FFFF FF002D00

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60069 [toMGI] MDCX : send_task(6) port(0048), remote_ip(20.0.0.41) remote_port(4

0016) codec(11), Mode(2), Faxinfo(0)



00060070[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A08 00481400 00299C50

60070 [Call->MGI ] port(048),sid(00) 0602 1a08 0048 1400 0029 9c50 9c51 0b00 012

0 2002 0002

60070 [CALL->LPM ] CONF_CNTL: port(0192),cnf_grp(00),mode(1),invalid_mbr: 

mbr(ffff,ffff,ffff,ffff,ffff)



00060070[048:8609]>LPM  d_idle   conf      02010008

60070 [CALL->LPM ] CONF_CNTL: port(0192),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0192,ffff,ffff,ffff,ffff)



00060071[048:8609]>LPM  d_idle   conf      02000000

 is_conf_status port = 402  OK!!





00060071[192:8303]>LPM  t_thold  dgp_led   11061113 00000000 00000000 0000FFFF



00060071[123:2102]<call d_cfin   cnf_r     40000123 21020192 830300CA 20202020



00060071[192:8303]<call t_conf   state     1AD10192 83030192 830300CA FFFFFFFF

 is_conf_status port = 402  OK!!





00060072[192:8303]>LPM  t_conf   dgp_led   11060   



00060072[123:2102]<call d_cfdial cnf_hold  6C000123 21020192 830300CA FFFFFFFF

60072 [CALL->LPM ] CONF_CNTL: port(0192),cnf_grp(00),mode(1),mbr_indx(00): 

mbr(ffff,ffff,ffff,ffff,ffff)



00060072[048:8609]>LPM  d_idle   conf      02010000

60072 [Call->Call] MGI Reserve (30)  : port(192), mgi(048), state(d1)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60073 [toMGI] MDCX : send_task(6) port(0048), remote_ip(20.0.0.41) remote_port(4

0016) codec(11), Mode(2), Faxinfo(0)



00060073[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A08 00481400 00299C50

60073 [Call->MGI ] port(048),sid(00) 0602 1a08 0048 1400 0029 9c50 9c51 0b00 012

0 2002 0071

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60074 [toMGI] MDCX : send_task(6) port(0048), remote_ip(20.0.0.41) remote_port(4

0016) codec(11), Mode(2), Faxinfo(0)



00060074[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A08 00481400 00299C50

60074 [Call->MGI ] port(048),sid(00) 0602 1a08 0048 1400 0029 9c50 9c51 0b00 012

0 2002 0002

60074 [CALL->CFG ] TSW_CNTL: rx_port(0048),tx_port(00ee),type(2),gain(00)



00060075[048:8609]>LPM  d_idle   tswitch   000200EE FF002D00



00060075[192:8303]<QSIG t_conf   unknown   4A0322FF 000052 8



00060085[192:8303]<pper t_conf   spnet_lnk 0FFF0192 83030192 8303FFFF 20202020



00060085[192:8303]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00060086[123:2102]<ipp  d_cfdial           10112900 04020020



00060086[123:2102]<LPM  d_cfdial digit_2   0402FFFF



00060088[123:2102]<ipp  d_cfdial           10112900 04010020



00060088[123:2102]<LPM  d_cfdial digit_1   0401FFFF



00060090[123:2102]<ipp  d_cfdial           10112900 04070020



00060090[123:2102]<LPM  d_cfdial digit_7   0407FFFF



00060092[123:2102]<ipp  d_cfdial           10112900 04020020



00060092[123:2102]<LPM  d_cfdial digit_2   0402FFFF



00060092[123:2102]<call d_cfdial k_dss2172 32FF0123 21020123 FFFF0134 0169FFFF



00060092[169:2172]<call d_idle   szr_stn   10080169 21720123 21020134 45585420



00060092[169:2172]>LPM  d_idle   dgp_ring  180004FF

60092 [CALLTASK] Can't send virtual port(0169) to SP



60092 [toPRI(sz:80)] ACU_CONN_RQ   

 7E80 0169 0050 2341 00FF 4CFF 5600 0100 0000 00FF 0000 0000 0000 0000 0000 0000

 0404 0010 0808 0000 3231 3732 3231 3032 6368 6961 6D61 7461 2064 6120 3231 3032

 4558 5420 3231 3032 4558 5420 3231 3732

60092 call_szr_stn(109)



00060093[123:2102]<call d_cfstn  szr_stn_r 11230123 21020169 21720100 45585420



00060093[123:2102]<call d_bri    state     1A6E0123 21020123 2102013A FFFFFFFF



00060093[169:2172]<sip  d_idle             14660000 00000000 00000000 00000000



00060093[169:2172]<LPM  d_idle   unknown   660079FF 00000000 00000000 00000000



00060093[123:2102]<call d_bri    szr_stn_r 11000123 21020169 21720100 45585420



00060094[123:2102]<call d_brirbk bri_state 96FF0123 21020169 21720100 01660001

 [CALL:123] dgp_bri_rbk_bri_state>>> bri_msg(66), tone_tsw(01), sub_detail(01)





00060094[169:2172]<call d_brirng add_ringq 75FF0169 21720123 2102016E 0100FF00



00060094[169:2172]<call d_brirng send_info 98010169 21720123 2102016E 45585420



00060095[169:2172]<sip  d_brirng           14650000 00000000 00000000 00000000



00060095[169:2172]<LPM  d_brirng unknown   650079FF 00000000 00000000 00000000



00060095[123:2102]<call d_brirbk bri_state 96FF0123 21020169 21720175 0065FF07

 [CALL:123] dgp_bri_rbk_bri_state>>> bri_msg(65), tone_tsw(00), sub_detail(07)



60095 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65bc ffff ffff ffff fff

f

60096 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65bc ffff ffff ffff fff

f



00060098[192:8303]<QSIG t_conf   unknown   4A0322FF 000052 8



00060119[169:2172]<sip  d_brirng           1462000B FFFFFFFF 552AFCFB 4E20FFFF



00060119[169:2172]<LPM  d_brirng unknown   620079FF FFFFFFFF FFFFFF56 FFFFFFFF

60119 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d8) sub_id(01) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00060119[040:8601]>LPM  d_idle   mps_msg   4C000301 1800552A FCFB4E20 14000015

60119 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d9) sub_id(01) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00060119[040:8601]>LPM  d_idle   mps_msg   4C000301 19001400 00562328 14000015

60119 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65c2 ffff ffff ffff fff

f

60119 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65c2 ffff ffff ffff fff

f

60119 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 65c2 ffff ffff ffff fff

f

60119 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 65c2 ffff ffff ffff fff

f

60120 [toPRI(sz:42)] Unknown Messag

 7E80 0169 002A 2350 00FF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF

60120 [CALLTASK] Can't send virtual port(0169) to SP





00060120[169:2172]>LPM  d_brirng dgp_ring  180000FF

60120 [CALLTASK] Can't send virtual port(0169) to SP



60120 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d8) sub_id(03) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00060121[040:8601]>LPM  d_idle   mps_msg   4C000303 1800552A FCFB4E20 14000015

60121 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d9) sub_id(03) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00060121[040:8601]>LPM  d_idle   mps_msg   4C000303 19001400 00562328 14000015

60121 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

60122 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d8) sub_id(03) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00060122[040:8601]>LPM  d_idle   mps_msg   4C000303 1800552A FCFB4E20 14000015

60122 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d9) sub_id(03) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00060123[040:8601]>LPM  d_idle   mps_msg   4C000303 19001400 00562328 14000015

60123 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

60123 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF



00060124[123:2102]<call d_brirbk opphof    1B000123 21020169 21720175 00455854

60124 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65c2 ffff ffff ffff fff

f

60124 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65c2 ffff ffff ffff fff

f



00060124[123:2102]<call d_brirbk imhof     71FF0123 21020169 21720175 FFFFFFFF



00060125[123:2102]<call d_brirbk bri_state 96FF0123 21020169 21720175 01620101

 [CALL:123] dgp_bri_rbk_bri_state>>> bri_msg(62), tone_tsw(01), sub_detail(01)



60125 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d9) sub_id(03) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00060125[040:8601]>LPM  d_idle   mps_msg   4C000303 19001400 00562328 14000015

60126 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d8) sub_id(03) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00060126[040:8601]>LPM  d_idle   mps_msg   4C000303 1800552A FCFB4E20 14000015

60126 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65c2 ffff ffff ffff fff

f

60126 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65c2 ffff ffff ffff fff

f

60126 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 65c2 ffff ffff ffff fff

f

60127 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 65c2 ffff ffff ffff fff

f

60127 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF



00060127[169:2172]<call d_conv   state     1A060169 21720169 21720106 FFFFFFFF



00060128[123:2102]<call d_cfconv state     1A370123 21020123 21020137 FFFFFFFF



00060135[192:8303]<pper t_conf   spnet_lnk 0FFF0192 83030192 8303FFFF 20202020



00060135[192:8303]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00060148[192:8303]<QSIG t_conf   unknown   4A0322FF 000052 8



00060159[123:2102]<ipp  d_cfconv           10112900 004E0020



00060159[123:2102]<LPM  d_cfconv k_soft_r  004EFFFF

60159 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65c2 ffff ffff ffff fff

f

60159 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65c2 ffff ffff ffff fff

f



00060159[169:2172]<call d_conv   thold     22030169 21720123 21020137 FFFFFFFF

60159 [CALLTASK] Can't send virtual port(0169) to SP



60159 [Call->Call] MGI Reserve (18)  : port(169), mgi(04b), state(06)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60159 [toMGI] CRCX : send_task(6) port(004b), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2)



00060160[040:8601]>LPM  d_idle   mgi_msg   44004400 06019A0B 004B552A FCFB4E20

60160 [Call->MGI ] port(04b),sid(00) 0601 9a0b 004b 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

60160 [CALL->CFG ] TSW_CNTL: rx_port(004b),tx_port(000b),type(3),gain(00)



00060160[04B:8612]>LPM  d_idle   tswitch   0003000B FF00000 

60160 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1904 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

[CODEC:0169] SIP TX ACU_UPDATE_RQ : connid(00), codec(11 10 3 4 2), ip(85.42.252

.250), rtp(25022) priority(19) sipcall_index(ff ff ff ff)





00060161[169:2172]<call d_thold  cnf       3F020169 21720123 21020137 45585420

60161 [CALLTASK] Can't send virtual port(0169) to SP





00060162[169:2172]>LPM  d_thold  dgp_tone  140000FF

60162 [CALLTASK] Can't send virtual port(0169) to SP



60162 [CALL->CFG ] TSW_CNTL: rx_port(004b),tx_port(ffff),type(4),gain(00)



00060162[04B:8612]>LPM  d_idle   tswitch   0004FFFF FF00000 

60162 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d8) sub_id(02) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00060163[040:8601]>LPM  d_idle   mps_msg   4C000302 1800552A FCFB4E20 14000015

60163 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00d9) sub_id(02) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00060163[040:8601]>LPM  d_idle   mps_msg   4C000302 19001400 00562328 14000015

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60163 [toMGI] MDCX : send_task(6) port(004b), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00060164[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A0B 004B552A FCFB4E20

60164 [Call->MGI ] port(04b),sid(00) 0602 9a0b 004b 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

60164 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

60165 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(1),invalid_mbr: 

mbr(ffff,ffff,ffff,ffff,ffff)



00060165[04B:8612]>LPM  d_idle   conf      02010008

60165 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,ffff,ffff,ffff,ffff)

60165 [Call->Call] MGI Reserve (12)  : port(169), mgi(04b), state(0d)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60166 [toMGI] MDCX : send_task(6) port(004b), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00060166[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A0B 004B552A FCFB4E20

60166 [Call->MGI ] port(04b),sid(00) 0602 9a0b 004b 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00060166[04B:8612]>LPM  d_idle   conf      02000000

60167 [CALL->LPM ] CONF_CNTL: port(0192),cnf_grp(00),mode(1),invalid_mbr: 

mbr(0169,ffff,ffff,ffff,ffff)



00060167[048:8609]>LPM  d_idle   conf      02010008

60167 [CALL->LPM ] CONF_CNTL: port(0192),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0192,ffff,ffff,ffff)



00060167[048:8609]>LPM  d_idle   conf      02000006

60167 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,0192,ffff,ffff,ffff)

60168 [Call->Call] MGI Reserve (12)  : port(169), mgi(04b), state(0d)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60168 [toMGI] MDCX : send_task(6) port(004b), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00060168[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A0B 004B552A FCFB4E20

60169 [Call->MGI ] port(04b),sid(00) 0602 9a0b 004b 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00060169[04B:8612]>LPM  d_idle   conf      02000006



00060169[123:2102]<call d_cfin   cnf_r     40000123 21020169 2172010D 45585420

60169 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF



00060170[169:2172]<call d_conf   state     1A330169 21720169 2172010D FFFFFFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60170 [toMGI] MDCX : send_task(6) port(0048), remote_ip(20.0.0.41) remote_port(4

0016) codec(11), Mode(2), Faxinfo(0)



00060170[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A08 00481400 00299C50

60171 [Call->MGI ] port(048),sid(00) 0602 1a08 0048 1400 0029 9c50 9c51 0b00 012

0 2002 0000

60171 [CALL->CFG ] TSW_CNTL: rx_port(0048),tx_port(0008),type(3),gain(00)



00060171[048:8609]>LPM  d_idle   tswitch   00030008 0100000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60171 [toMGI] MDCX : send_task(6) port(004b), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00060172[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A0B 004B552A FCFB4E20

60172 [Call->MGI ] port(04b),sid(00) 0602 9a0b 004b 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

60172 [CALL->CFG ] TSW_CNTL: rx_port(004b),tx_port(0008),type(3),gain(00)



00060172[04B:8612]>LPM  d_idle   tswitch   00030008 0100000 



00060172[123:2102]<call d_cfdial cnf_hold  6C000123 21020169 2172010D FFFFFFFF



00060173[123:2102]<call d_cfdial cnf_hold  6C010123 21020169 21720133 FFFFFFFF

60173 [CALL->CFG ] TSW_CNTL: rx_port(0048),tx_port(ffff),type(4),gain(00)



00060173[048:8609]>LPM  d_idle   tswitch   0004FFFF FF002D00

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60173 [toMGI] MDCX : send_task(6) port(0048), remote_ip(20.0.0.41) remote_port(4

0016) codec(11), Mode(2), Faxinfo(0)



00060174[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A08 00481400 00299C50

60174 [Call->MGI ] port(048),sid(00) 0602 1a08 0048 1400 0029 9c50 9c51 0b00 012

0 2002 0002

60174 [CALL->LPM ] CONF_CNTL: port(0192),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,ffff,ffff,ffff)



00060174[048:8609]>LPM  d_idle   conf      02010008

60175 [CALL->LPM ] CONF_CNTL: port(0192),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0192,ffff,ffff,ffff)



00060175[048:8609]>LPM  d_idle   conf      02000000

60175 [CALL->LPM ] CONF_CNTL: port(0192),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,ffff,ffff,ffff)



00060175[048:8609]>LPM  d_idle   conf      02010008

60175 [CALL->LPM ] CONF_CNTL: port(0192),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0192,ffff,ffff,ffff)



00060176[048:8609]>LPM  d_idle   conf      02000006

60176 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,0192,ffff,ffff,ffff)

60176 [Call->Call] MGI Reserve (12)  : port(169), mgi(04b), state(33)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60176 [toMGI] MDCX : send_task(6) port(004b), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00060177[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A0B 004B552A FCFB4E20

60177 [Call->MGI ] port(04b),sid(00) 0602 9a0b 004b 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00060177[04B:8612]>LPM  d_idle   conf      02000006



00060177[169:2172]<sip  d_conf             1471000B 00000000 00000000 00000000



00060178[169:2172]<LPM  d_conf   unknown   710079FF 19000000 00000000 00000000

60178 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

[CODEC:0169] SIP TX ACU_UPDATE_RQ : connid(00), codec(11 255 255 255 255), ip(85

.42.252.250), rtp(25022) priority(1a) sipcall_index(ff ff ff ff)





00060179[123:2102]<ipp  d_cfdial           10112900 004E0020



00060179[123:2102]<LPM  d_cfdial k_soft_r  004EFFFF

60179 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

60180 [Call->Call] MGI Reserve (40)  : port(123), mgi(042), state(34)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

60180 [toMGI] CRCX : send_task(6) port(0042), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2)



00060180[040:8601]>LPM  d_idle   mgi_msg   44004400 06011A02 00421400 00562328

60180 [Call->MGI ] port(042),sid(00) 0601 1a02 0042 1400 0056 2328 2329 0b00 012

0 2002 0071

60181 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 61ac ffff ffff ffff fff

f

60181 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 61ac ffff ffff ffff fff

f

60181 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 61ac ffff ffff ffff fff

f

60181 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 61ac ffff ffff ffff fff

f

60181 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(1),invalid_mbr: 

mbr(0169,0192,ffff,ffff,ffff)



00060182[042:8603]>LPM  d_idle   conf      02010008

60182 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(0),mbr_indx(02): 

mbr(0169,0192,0123,ffff,ffff)

60182 [Call->Call] MGI Reserve (12)  : port(123), mgi(042), state(34)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

60182 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2), Faxinfo(0)



00060183[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00562328

60183 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0056 2328 2329 0b00 012

0 2002 0071



00060183[042:8603]>LPM  d_idle   conf      02000000

60183 [CALL->LPM ] CONF_CNTL: port(0192),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,0123,ffff,ffff)



00060184[048:8609]>LPM  d_idle   conf      02010008

60184 [CALL->LPM ] CONF_CNTL: port(0192),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0192,0123,ffff,ffff)



00060184[048:8609]>LPM  d_idle   conf      02000006

60184 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,0192,0123,ffff,ffff)

60184 [Call->Call] MGI Reserve (12)  : port(169), mgi(04b), state(33)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60185 [toMGI] MDCX : send_task(6) port(004b), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00060185[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A0B 004B552A FCFB4E20

60185 [Call->MGI ] port(04b),sid(00) 0602 9a0b 004b 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00060186[04B:8612]>LPM  d_idle   conf      02000006

60186 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(0),mbr_indx(02): 

mbr(0169,0192,0123,ffff,ffff)

60186 [Call->Call] MGI Reserve (12)  : port(123), mgi(042), state(34)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

60186 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2), Faxinfo(0)



00060187[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00562328

60187 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0056 2328 2329 0b00 012

0 2002 0071



00060187[042:8603]>LPM  d_idle   conf      02000006



00060187[123:2102]<call d_conf   state     1A330123 21020123 21020134 FFFFFFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60188 [toMGI] MDCX : send_task(6) port(0048), remote_ip(20.0.0.41) remote_port(4

0016) codec(11), Mode(2), Faxinfo(0)



00060188[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A08 00481400 00299C50

60188 [Call->MGI ] port(048),sid(00) 0602 1a08 0048 1400 0029 9c50 9c51 0b00 012

0 2002 0000

60188 [CALL->CFG ] TSW_CNTL: rx_port(0048),tx_port(0008),type(3),gain(00)



00060189[048:8609]>LPM  d_idle   tswitch   00030008 0100000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60189 [toMGI] MDCX : send_task(6) port(004b), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00060189[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A0B 004B552A FCFB4E20

60189 [Call->MGI ] port(04b),sid(00) 0602 9a0b 004b 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

60190 [CALL->CFG ] TSW_CNTL: rx_port(004b),tx_port(0008),type(3),gain(00)



00060190[04B:8612]>LPM  d_idle   tswitch   00030008 0100000 



00060190[169:2172]<sip  d_conf             1471000B 00000000 00000000 00000000



00060190[169:2172]<LPM  d_conf   unknown   710079FF 1A000000 00000000 00000000



00060190[192:8303]<pper t_conf   spnet_lnk 0FFF0192 83030192 8303FFFF 20202020

 is_conf_status port = 402  OK!!





00060191[192:8303]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00060198[192:8303]<QSIG t_conf   unknown   4A0322FF 000052 8



00060224[123:2102]<ipp  d_conf             10112900 01000020



00060224[123:2102]<LPM  d_conf   hook_off  0100FFFF



00060235[192:8303]<pper t_conf   spnet_lnk 0FFF0192 83030192 8303FFFF 20202020

 is_conf_status port = 402  OK!!





00060235[192:8303]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00060248[192:8303]<QSIG t_conf   unknown   4A0322FF 000052 8



00060271[123:2102]<ipp  d_conf             10112900 02000020



00060271[123:2102]<LPM  d_conf   hook_on   0200FFFF

60271 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(1),mbr_indx(02): 

mbr(0169,0192,ffff,ffff,ffff)



00060271[042:8603]>LPM  d_idle   conf      02010000

60271 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(2),invalid_mbr: 

mbr(0169,0192,ffff,ffff,ffff)



00060271[042:8603]>LPM  d_idle   conf      02020000



00060271[123:2102]<call d_rls    state     1A090123 21020123 21020133 FFFFFFFF



00060272[192:8303]<call t_conf   oppchg    1E000192 83030123 21020109 45585420

60272 [CALL->LPM ] CONF_CNTL: port(0192),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,ffff,ffff,ffff)



00060272[048:8609]>LPM  d_idle   conf      02010000

60272 [CALL->CFG ] TSW_CNTL: rx_port(0048),tx_port(ffff),type(4),gain(00)



00060272[048:8609]>LPM  d_idle   tswitch   0004FFFF FF002D00

 is_conf_status port = 361  OK!!



 to_sp_tswitch discard message!! port_no(192) opp(169)



60273 [CALL->LPM ] CONF_CNTL: port(0192),cnf_grp(00),mode(2),invalid_mbr: 

mbr(0169,ffff,ffff,ffff,ffff)



00060273[048:8609]>LPM  d_idle   conf      02020000

 is_conf_status port = 361  OK!!





00060273[192:8303]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF

 is_conf_status port = 361  OK!!





00060274[192:8303]>LPM  t_conv   dgp_led   11060   



00060274[169:2172]<call d_conf   oppchg    1E000169 21720123 21020109 20202020

60274 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(1),mbr_indx(00): 

mbr(ffff,ffff,ffff,ffff,ffff)



00060274[04B:8612]>LPM  d_idle   conf      02010000

60274 [CALLTASK] Can't send virtual port(0169) to SP





00060274[169:2172]>LPM  d_conf   dgp_tone  140000FF

60275 [CALLTASK] Can't send virtual port(0169) to SP



60275 [CALL->CFG ] TSW_CNTL: rx_port(004b),tx_port(ffff),type(4),gain(00)



00060275[04B:8612]>LPM  d_idle   tswitch   0004FFFF FF00000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60275 [toMGI] DLCX : send_task(6) port(004b)



00060275[040:8601]>LPM  d_idle   mgi_msg   44004400 0603000B 004B0 D 

60276 [Call->MGI ] port(04b),sid(00) 0603 000b 004b 00ff ffff ffff ffff ffff 040

3 0fc4 0571

60276 [Call->Call] MGI Release  : port(169), mgi(04b), state(33)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60276 [toMGI] DLCX : send_task(6) port(0048)



00060276[040:8601]>LPM  d_idle   mgi_msg   44004400 06030008 00480 D 

60276 [Call->MGI ] port(048),sid(00) 0603 0008 0048 00ff ffff ffff ffff ffff 000

0 0002 0571

60277 [Call->Call] MGI Release  : port(192), mgi(048), state(c4)

60277 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00da) sub_id(01) s_ip(85.42.252.251

) d_ip(20.0.0.41)





00060277[040:8601]>LPM  d_idle   mps_msg   4C000301 1A00552A FCFB4E20 14000015

60277 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00db) sub_id(01) s_ip(20.0.0.41) d_

ip(85.42.252.251)





00060278[040:8601]>LPM  d_idle   mps_msg   4C000301 1B001400 00299C50 14000015



00060278[192:8303]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF

60278 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A07 3430 3034 3136 32FF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0192 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

[CODEC:0169] SIP TX ACU_UPDATE_RQ : connid(00), codec(11 10 3 255 255), ip(85.42

.252.250), rtp(26052) priority(1a) sipcall_index(ff ff ff ff)



60279 [toPRI(sz:

[SIPM]62)] ACU_UPDATE_RQ  

 7E80 0169 003E 2351 00FF 1A07 3430 3034 3136 32FF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0192 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF82

60280 [CALL->LPM ] CONF_CNTL: port( In sip_callha0ndle..An Invalid Ev169ent (=),

cnf_grp(0069),mode(2),invalid_mbr: ) under a Stat

mbr(e (=ffff,ffff,ffff12,ffff,ffff)



00060280[169:2172]>LPM  d_conf   conf      02020000)

60280 [CALLTASK] Can't send virtual port(0169) to SP





00060280[192:8303]<call t_conv   state     1A010192 83030192 830300D1 FFFFFFFF



00060280[169:2172]<call d_conv   state     1A060169 21720169 21720106 FFFFFFFF



00060281[123:2102]<call d_rls    get_rq_r  78010123 21020123 21020109 FFFFFFFF

60281 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 61ac ffff ffff ffff fff

f

60281 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 61ac ffff ffff ffff fff

f

60281 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(ffff),type(4),gain(00)



00060281[042:8603]>LPM  d_idle   tswitch   0004FFFF FF0072  

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

60282 [toMGI] DLCX : send_task(6) port(0042)



00060282[040:8601]>LPM  d_idle   mgi_msg   44004400 06030002 00420 D 

60282 [Call->MGI ] port(042),sid(00) 0603 0002 0042 00ff ffff ffff ffff ffff 455

8 5420 3231

60282 [Call->Call] MGI Release  : port(123), mgi(042), state(09)



00060282[169:2172]<call d_conv   call_dur  4C000169 21720192 830300C4



00060283[169:2172]<sip  d_conv             14630000 00000000 00000000 00000000



00060283[169:2172]<LPM  d_conv   unknown   630079FF 00100000 00000000 00000000

60283 [toPRI(sz:22)] ACU_CLEAR_RS  

 7E80 0169 0016 2344 00FF 4C00 0000 0000 0000 0000 0000



00060283[169:2172]<LPM  d_conv   hook_on   0263FFFF

60283 [CALLTASK] Can't send virtual port(0169) to SP



60284 [CALLTASK] Can't send virtual port(0169) to SP





00060284[192:8303]<call t_conv   autordl   3C010192 83030169 21720106 FFFFFFFF



00060284[192:8303]<call t_conv   opphon    1CFF0192 83030169 21720106 00FF00FF



00060284[192:8303]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00060284[192:8303]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00060285[192:8303]<call t_rls    imhon     72FF0192 83030169 21720106 00FF00FF



00060285[169:2172]<call d_rls    state     1A090169 21720169 21720106 FFFFFFFF



00060285[192:8303]<call t_rls    get_ringq 77FF0192 83030169 21720109 FFFFFFFF



00060285[169:2172]<call d_rls    get_rq_r  78010169 21720169 21720109 FFFFFFFF



00060286[169:2172]>LPM  d_rls    dgp_tone  140000FF

60286 [CALLTASK] Can't send virtual port(0169) to SP



60286 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00da) sub_id(02) s_ip(85.42.252.251

) d_ip(20.0.0.41)





00060286[040:8601]>LPM  d_idle   mps_msg   4C000302 1A00552A FCFB4E20 14000015

60286 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00db) sub_id(02) s_ip(20.0.0.41) d_

ip(85.42.252.251)





00060287[040:8601]>LPM  d_idle   mps_msg   4C000302 1B001400 00299C50 14000015

60287 [CALLTASK] Can't send virtual port(0169) to SP





00060287[169:2172]>LPM  d_idle   dgp_ring  180000FF

60287 [CALLTASK] Can't send virtual port(0169) to SP





00060287[169:2172]>LPM  d_idle   disp_info 3E030000 FF015   

60287 [CALLTASK] Can't send virtual port(0169) to SP





00060288[169:2172]<LPM  d_idle   hook_on   02FFFFFF

60288 [CALLTASK] Can't send virtual port(0169) to SP





00060288[192:8303]<QSIG t_rls    unknown   4A0322FF 000052 8



00060288[169:2172]<sip  d_idle             14640000 00000000 00000000 00000000



00060288[169:2172]<LPM  d_idle   unknown   640079FF 00000000 00000000 00000000



00060288[169:2172]<LPM  d_idle   hook_on   0264FFFF

60289 [CALLTASK] Can't send virtual port(0169) to SP





00060289[192:8303]<QSIG t_rls    clear_co  640322FF 003A0000 00000000 00000010



00060289[192:8303]<LPM  t_rls    hook_on   0264FFFF



00060289[192:8303]<pper t_idle   spnet_lnk 0FFF0192 83030192 8303FFFF 20202020





================================================================================= OK







00060419[193:8304]<QSIG t_idle   conn_in   610423FF 00BC0001 004A0000 00725600



00060419[193:8304]>LPM  t_incom  dgp_led   11061113 00000000 00000000 0000FFFF



00060419[193:8304]>LPM  t_didstn dgp_led   11061113 00000000 00000000 0000FFFF



00060419[123:2102]<call d_idle   szr_stn   10050123 21020193 830400C2 20202020



00060419[193:8304]<call t_didstn szr_stn_r 11000193 83040123 21020100 45585420



00060419[193:8304]>LPM  t_didstn dgp_led   11061113 00000000 00000000 0000FFFF

60419 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00dd) sub_id(02) s_ip(255.255.255.2

55) d_ip(255.255.255.255)





00060419[040:8601]>LPM  d_idle   mps_msg   4C000302 1D00FFFF FFFFFFFF FFFFFFFF

60419 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00dc) sub_id(02) s_ip(255.255.255.2

55) d_ip(255.255.255.255)





00060419[040:8601]>LPM  d_idle   mps_msg   4C000302 1C00FFFF FFFFFFFF FFFFFFFF

60420 [Call->Call] MGI Reserve (17)  : port(193), mgi(049), state(d7)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60420 [toMGI] CRCX : send_task(6) port(0049), remote_ip(20.0.0.41) remote_port(4

0020) codec(11), Mode(2)



00060420[040:8601]>LPM  d_idle   mgi_msg   44004400 06011A09 00491400 00299C54

60420 [Call->MGI ] port(049),sid(00) 0601 1a09 0049 1400 0029 9c54 9c55 0b00 012

0 2002 0031

60421 [CALL->CFG ] TSW_CNTL: rx_port(0049),tx_port(0007),type(3),gain(00)



00060421[049:8610]>LPM  d_idle   tswitch   00030007 FF000000



00060421[193:8304]>LPM  t_didstn dgp_led   11061113 00000000 00000000 0000FFFF



00060421[123:2102]<call d_ring   add_cbt   7DFF0123 21020193 830400D7 01070104



00060421[123:2102]<call d_ring   add_ringq 75FF0123 21020193 830400D7 1D00FF00



00060422[193:8304]<QSIG t_rback  unknown   4A0423FF 000052 8



00060422[193:8304]<QSIG t_rback  unknown   4A0423FF 000052 8



00060422[193:8304]<QSIG t_rback  unknown   4A0423FF 000052 8



00060423[193:8304]<QSIG t_rback  unknown   4A0423FF 000052 8



00060445[123:2102]<ipp  d_ring             10112900 01000020



00060445[123:2102]<LPM  d_ring   hook_off  0100FFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60445 [toMGI] DLCX : send_task(6) port(0049)



00060445[040:8601]>LPM  d_idle   mgi_msg   44004400 06030009 00492 00

60445 [Call->MGI ] port(049),sid(00) 0603 0009 0049 00ff ffff ffff ffff ffff 455

8 5420 3231

60445 [Call->Call] MGI Release  : port(193), mgi(049), state(c3)

60445 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00de) sub_id(01) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00060445[040:8601]>LPM  d_idle   mps_msg   4C000301 1E001400 00562328 14000015

60445 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00df) sub_id(01) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00060445[040:8601]>LPM  d_idle   mps_msg   4C000301 1F001400 00299C54 14000015

60446 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65cc ffff ffff ffff fff

f

60446 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65cc ffff ffff ffff fff

f

60446 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 65cc ffff ffff ffff fff

f

60446 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 65cc ffff ffff ffff fff

f



00060447[193:8304]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00060447[193:8304]<call t_rback  opphof    1B000193 83040123 21020104 00455854

60447 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00df) sub_id(03) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00060447[040:8601]>LPM  d_idle   mps_msg   4C000303 1F001400 00299C54 14000015

60447 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00de) sub_id(03) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00060448[040:8601]>LPM  d_idle   mps_msg   4C000303 1E001400 00562328 14000015



00060448[193:8304]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00060448[193:8304]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00060448[193:8304]>LPM  t_rback  lpsts_ask 06111113 00000000 00000000 0000FFFF



00060449[193:8304]<call t_rback  imhof     71FF0193 83040123 21020104 FFFFFFFF



00060449[123:2102]<call d_conv   state     1A060123 21020123 21020106 FFFFFFFF



00060449[193:8304]<QSIG t_rback  unknown   4A0423FF 000052 8



00060449[193:8304]<QSIG t_rback  unknown   4A0423FF 000052 8



00060449[193:8304]<inet t_rback            11130000 00000000 00000000 FFFF1400



00060450[193:8304]<QSIG t_rback  conn_co   620423FF 00880001 003C0000 004C5600

60450 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00df) sub_id(03) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00060450[040:8601]>LPM  d_idle   mps_msg   4C000303 1F001400 00299C54 14000015

60450 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00de) sub_id(03) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00060450[040:8601]>LPM  d_idle   mps_msg   4C000303 1E001400 00562328 14000015



00060451[193:8304]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00060451[193:8304]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00060451[193:8304]>LPM  t_conv   dgp_led   11060 7 



00060451[193:8304]<call t_conv   state     1A000193 83040193 830400C3 FFFFFFFF



00060451[123:2102]<call d_conv   call_dur  4C000123 21020193 830400C4



00060452[193:8304]<QSIG t_conv   unknown   4A0423FF 000052 8



00060452[193:8304]<QSIG t_conv   unknown   4A0423FF 000052 8



00060452[193:8304]<QSIG t_conv   unknown   4A0423FF 000052 8



00060455[193:8304]<pper t_conv   spnet_lnk 0FFF0193 83040193 8304FFFF 20202020



00060455[193:8304]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00060468[193:8304]<QSIG t_conv   unknown   4A0423FF 000052 8



00060478[123:2102]<ipp  d_conv             10112900 004C0020



00060478[123:2102]<LPM  d_conv   k_soft_l  004CFFFF

60478 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65cc ffff ffff ffff fff

f

60478 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65cc ffff ffff ffff fff

f



00060478[193:8304]<call t_conv   thold     22030193 83040123 21020106 FFFFFFFF

60478 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00df) sub_id(02) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00060478[040:8601]>LPM  d_idle   mps_msg   4C000302 1F001400 00299C54 14000015

60478 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00de) sub_id(02) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00060478[040:8601]>LPM  d_idle   mps_msg   4C000302 1E001400 00562328 14000015

60478 [Call->Call] MGI Reserve (30)  : port(193), mgi(04b), state(c4)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60479 [toMGI] CRCX : send_task(6) port(004b), remote_ip(20.0.0.41) remote_port(4

0020) codec(11), Mode(2)



00060479[040:8601]>LPM  d_idle   mgi_msg   44004400 06011A0B 004B1400 00299C54

60479 [Call->MGI ] port(04b),sid(00) 0601 1a0b 004b 1400 0029 9c54 9c55 0b00 012

0 2002 0031

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60480 [toMGI] MDCX : send_task(6) port(004b), remote_ip(20.0.0.41) remote_port(4

0020) codec(11), Mode(2), Faxinfo(0)



00060480[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A0B 004B1400 00299C54

60480 [Call->MGI ] port(04b),sid(00) 0602 1a0b 004b 1400 0029 9c54 9c55 0b00 012

0 2002 0002

60480 [CALL->CFG ] TSW_CNTL: rx_port(004b),tx_port(00ee),type(2),gain(00)



00060480[04B:8612]>LPM  d_idle   tswitch   000200EE FF002D00



00060481[193:8304]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00060481[193:8304]>LPM  t_thold  dgp_led   11061113 00000000 00000000 0000FFFF



00060481[123:2102]<call d_dial1  k_conf    324C0123 21020123 FFFF0106 0263FFFF



00060481[123:2102]<call d_cfst1  cnf       3F010123 FFFF0123 21020158 45585420



00060481[123:2102]<call d_cfst1  cnf_r     40000123 21020123 FFFF0165 FFFFFFFF



00060482[193:8304]<call t_thold  cnf       3F020193 83040123 21020165 45585420

60482 [CALL->CFG ] TSW_CNTL: rx_port(004b),tx_port(ffff),type(4),gain(00)



00060482[04B:8612]>LPM  d_idle   tswitch   0004FFFF FF002D00

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60482 [toMGI] MDCX : send_task(6) port(004b), remote_ip(20.0.0.41) remote_port(4

0020) codec(11), Mode(2), Faxinfo(0)



00060483[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A0B 004B1400 00299C54

60483 [Call->MGI ] port(04b),sid(00) 0602 1a0b 004b 1400 0029 9c54 9c55 0b00 012

0 2002 0002

60483 [CALL->LPM ] CONF_CNTL: port(0193),cnf_grp(00),mode(1),invalid_mbr: 

mbr(ffff,ffff,ffff,ffff,ffff)



00060483[04B:8612]>LPM  d_idle   conf      02010008

60484 [CALL->LPM ] CONF_CNTL: port(0193),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0193,ffff,ffff,ffff,ffff)



00060484[04B:8612]>LPM  d_idle   conf      02000000

 is_conf_status port = 403  OK!!





00060484[193:8304]>LPM  t_thold  dgp_led   11061113 00000000 00000000 0000FFFF



00060484[123:2102]<call d_cfin   cnf_r     40000123 21020193 830400CA 20202020



00060485[193:8304]<call t_conf   state     1AD10193 83040193 830400CA FFFFFFFF

 is_conf_status port = 403  OK!!





00060485[193:8304]>LPM  t_conf   dgp_led   11060   



00060485[123:2102]<call d_cfdial cnf_hold  6C000123 21020193 830400CA FFFFFFFF

60485 [CALL->LPM ] CONF_CNTL: port(0193),cnf_grp(00),mode(1),mbr_indx(00): 

mbr(ffff,ffff,ffff,ffff,ffff)



00060486[04B:8612]>LPM  d_idle   conf      02010000

60486 [Call->Call] MGI Reserve (30)  : port(193), mgi(04b), state(d1)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60486 [toMGI] MDCX : send_task(6) port(004b), remote_ip(20.0.0.41) remote_port(4

0020) codec(11), Mode(2), Faxinfo(0)



00060486[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A0B 004B1400 00299C54

60486 [Call->MGI ] port(04b),sid(00) 0602 1a0b 004b 1400 0029 9c54 9c55 0b00 012

0 2002 0071

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60487 [toMGI] MDCX : send_task(6) port(004b), remote_ip(20.0.0.41) remote_port(4

0020) codec(11), Mode(2), Faxinfo(0)



00060487[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A0B 004B1400 00299C54

60487 [Call->MGI ] port(04b),sid(00) 0602 1a0b 004b 1400 0029 9c54 9c55 0b00 012

0 2002 0002

60488 [CALL->CFG ] TSW_CNTL: rx_port(004b),tx_port(00ee),type(2),gain(00)



00060488[04B:8612]>LPM  d_idle   tswitch   000200EE FF002D00



00060488[193:8304]<QSIG t_conf   unknown   4A0423FF 000052 8



00060493[123:2102]<ipp  d_cfdial           10112900 04020020



00060493[123:2102]<LPM  d_cfdial digit_2   0402FFFF



00060495[123:2102]<ipp  d_cfdial           10112900 04010020



00060495[123:2102]<LPM  d_cfdial digit_1   0401FFFF



00060497[123:2102]<ipp  d_cfdial           10112900 04070020



00060497[123:2102]<LPM  d_cfdial digit_7   0407FFFF



00060499[123:2102]<ipp  d_cfdial           10112900 04020020



00060499[123:2102]<LPM  d_cfdial digit_2   0402FFFF



00060499[123:2102]<call d_cfdial k_dss2172 32FF0123 21020123 FFFF0134 0169FFFF



00060499[169:2172]<call d_idle   szr_stn   10080169 21720123 21020134 45585420



00060499[169:2172]>LPM  d_idle   dgp_ring  180004FF

60499 [CALLTASK] Can't send virtual port(0169) to SP



60499 [toPRI(sz:80)] ACU_CONN_RQ   

 7E80 0169 0050 2341 00FF 4CFF 5600 0100 0000 00FF 0000 0000 0000 0000 0000 0000

 0404 0010 0808 0000 3231 3732 3231 3032 6368 6961 6D61 7461 2064 6120 3231 3032

 4558 5420 3231 3032 4558 5420 3231 3732

60499 call_szr_stn(109)



00060499[123:2102]<call d_cfstn  szr_stn_r 11230123 21020169 21720100 45585420



00060499[123:2102]<call d_bri    state     1A6E0123 21020123 2102013A FFFFFFFF



00060500[169:2172]<sip  d_idle             14660000 00000000 00000000 00000000



00060500[169:2172]<LPM  d_idle   unknown   660079FF 00000000 00000000 00000000



00060500[123:2102]<call d_bri    szr_stn_r 11000123 21020169 21720100 45585420



00060500[123:2102]<call d_brirbk bri_state 96FF0123 21020169 21720100 01660001

 [CALL:123] dgp_bri_rbk_bri_state>>> bri_msg(66), tone_tsw(01), sub_detail(01)





00060501[169:2172]<call d_brirng add_ringq 75FF0169 21720123 2102016E 0100FF00



00060501[169:2172]<call d_brirng send_info 98010169 21720123 2102016E 45585420



00060502[169:2172]<sip  d_brirng           14650000 00000000 00000000 00000000



00060502[169:2172]<LPM  d_brirng unknown   650079FF 00000000 00000000 00000000



00060502[123:2102]<call d_brirbk bri_state 96FF0123 21020169 21720175 0065FF07

 [CALL:123] dgp_bri_rbk_bri_state>>> bri_msg(65), tone_tsw(00), sub_detail(07)



60502 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65cc ffff ffff ffff fff

f

60502 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65cc ffff ffff ffff fff

f



00060505[000:    ]>LPM  d_idle   date/time 0F00FF03 1405132C 0609    



00060505[088:2017]>LPM  d_idle   date/time 0F00FF03 1405132C 0609    



00060505[193:8304]<pper t_conf   spnet_lnk 0FFF0193 83040193 8304FFFF 20202020



00060505[193:8304]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00060513[169:2172]<sip  d_brirng           1462000B FFFFFFFF 552AFCFB 4E20FFFF



00060513[169:2172]<LPM  d_brirng unknown   620079FF FFFFFFFF FFFFFF56 FFFFFFFF

60513 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e0) sub_id(01) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00060513[040:8601]>LPM  d_idle   mps_msg   4C000301 2000552A FCFB4E20 14000015

60513 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e1) sub_id(01) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00060513[040:8601]>LPM  d_idle   mps_msg   4C000301 21001400 00562328 14000015

60513 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65d2 ffff ffff ffff fff

f

60513 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65d2 ffff ffff ffff fff

f

60513 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 65d2 ffff ffff ffff fff

f

60513 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 65d2 ffff ffff ffff fff

f

60513 [toPRI(sz:42)] Unknown Messag

 7E80 0169 002A 2350 00FF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF

60514 [CALLTASK] Can't send virtual port(0169) to SP





00060514[169:2172]>LPM  d_brirng dgp_ring  180000FF

60514 [CALLTASK] Can't send virtual port(0169) to SP



60514 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e0) sub_id(03) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00060515[040:8601]>LPM  d_idle   mps_msg   4C000303 2000552A FCFB4E20 14000015

60515 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e1) sub_id(03) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00060515[040:8601]>LPM  d_idle   mps_msg   4C000303 21001400 00562328 14000015

60515 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

60516 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e0) sub_id(03) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00060516[040:8601]>LPM  d_idle   mps_msg   4C000303 2000552A FCFB4E20 14000015

60516 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e1) sub_id(03) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00060516[040:8601]>LPM  d_idle   mps_msg   4C000303 21001400 00562328 14000015

60517 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

60517 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF



00060518[123:2102]<call d_brirbk opphof    1B000123 21020169 21720175 00455854

60518 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65d2 ffff ffff ffff fff

f

60518 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65d2 ffff ffff ffff fff

f



00060518[123:2102]<call d_brirbk imhof     71FF0123 21020169 21720175 FFFFFFFF



00060519[123:2102]<call d_brirbk bri_state 96FF0123 21020169 21720175 01620101

 [CALL:123] dgp_bri_rbk_bri_state>>> bri_msg(62), tone_tsw(01), sub_detail(01)



60519 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e1) sub_id(03) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00060519[040:8601]>LPM  d_idle   mps_msg   4C000303 21001400 00562328 14000015

60519 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e0) sub_id(03) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00060520[040:8601]>LPM  d_idle   mps_msg   4C000303 2000552A FCFB4E20 14000015

60520 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65d2 ffff ffff ffff fff

f

60520 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65d2 ffff ffff ffff fff

f

60520 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 65d2 ffff ffff ffff fff

f

60521 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 65d2 ffff ffff ffff fff

f

60521 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF



00060521[169:2172]<call d_conv   state     1A060169 21720169 21720106 FFFFFFFF



00060522[123:2102]<call d_cfconv state     1A370123 21020123 21020137 FFFFFFFF



00060522[193:8304]<QSIG t_conf   unknown   4A0423FF 000052 8



00060541[123:2102]<ipp  d_cfconv           10112900 004E0020



00060541[123:2102]<LPM  d_cfconv k_soft_r  004EFFFF

60541 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65d2 ffff ffff ffff fff

f

60541 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65d2 ffff ffff ffff fff

f



00060541[169:2172]<call d_conv   thold     22030169 21720123 21020137 FFFFFFFF

60541 [CALLTASK] Can't send virtual port(0169) to SP



60541 [Call->Call] MGI Reserve (18)  : port(169), mgi(042), state(06)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60541 [toMGI] CRCX : send_task(6) port(0042), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2)



00060542[040:8601]>LPM  d_idle   mgi_msg   44004400 06019A02 0042552A FCFB4E20

60542 [Call->MGI ] port(042),sid(00) 0601 9a02 0042 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

60542 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(000b),type(3),gain(00)



00060542[042:8603]>LPM  d_idle   tswitch   0003000B FF00000 

60542 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1904 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

[CODEC:0169] SIP TX ACU_UPDATE_RQ : connid(00), codec(11 10 3 4 2), ip(85.42.252

.250), rtp(25004) priority(19) sipcall_index(ff ff ff ff)





00060543[169:2172]<call d_thold  cnf       3F020169 21720123 21020137 45585420

60543 [CALLTASK] Can't send virtual port(0169) to SP





00060544[169:2172]>LPM  d_thold  dgp_tone  140000FF

60544 [CALLTASK] Can't send virtual port(0169) to SP



60544 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(ffff),type(4),gain(00)



00060544[042:8603]>LPM  d_idle   tswitch   0004FFFF FF00000 

60544 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e0) sub_id(02) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00060545[040:8601]>LPM  d_idle   mps_msg   4C000302 2000552A FCFB4E20 14000015

60545 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e1) sub_id(02) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00060545[040:8601]>LPM  d_idle   mps_msg   4C000302 21001400 00562328 14000015

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60545 [toMGI] MDCX : send_task(6) port(0042), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00060546[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A02 0042552A FCFB4E20

60546 [Call->MGI ] port(042),sid(00) 0602 9a02 0042 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

60546 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

60547 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(1),invalid_mbr: 

mbr(ffff,ffff,ffff,ffff,ffff)



00060547[042:8603]>LPM  d_idle   conf      02010008

60547 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,ffff,ffff,ffff,ffff)

60547 [Call->Call] MGI Reserve (12)  : port(169), mgi(042), state(0d)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60548 [toMGI] MDCX : send_task(6) port(0042), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00060548[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A02 0042552A FCFB4E20

60548 [Call->MGI ] port(042),sid(00) 0602 9a02 0042 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00060549[042:8603]>LPM  d_idle   conf      02000000

60549 [CALL->LPM ] CONF_CNTL: port(0193),cnf_grp(00),mode(1),invalid_mbr: 

mbr(0169,ffff,ffff,ffff,ffff)



00060549[04B:8612]>LPM  d_idle   conf      02010008

60549 [CALL->LPM ] CONF_CNTL: port(0193),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0193,ffff,ffff,ffff)



00060549[04B:8612]>LPM  d_idle   conf      02000006

60549 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,0193,ffff,ffff,ffff)

60550 [Call->Call] MGI Reserve (12)  : port(169), mgi(042), state(0d)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60550 [toMGI] MDCX : send_task(6) port(0042), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00060550[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A02 0042552A FCFB4E20

60551 [Call->MGI ] port(042),sid(00) 0602 9a02 0042 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00060551[042:8603]>LPM  d_idle   conf      02000006



00060551[123:2102]<call d_cfin   cnf_r     40000123 21020169 2172010D 45585420

60551 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF



00060552[169:2172]<call d_conf   state     1A330169 21720169 2172010D FFFFFFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60552 [toMGI] MDCX : send_task(6) port(004b), remote_ip(20.0.0.41) remote_port(4

0020) codec(11), Mode(2), Faxinfo(0)



00060552[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A0B 004B1400 00299C54

60553 [Call->MGI ] port(04b),sid(00) 0602 1a0b 004b 1400 0029 9c54 9c55 0b00 012

0 2002 0000

60553 [CALL->CFG ] TSW_CNTL: rx_port(004b),tx_port(0008),type(3),gain(00)



00060553[04B:8612]>LPM  d_idle   tswitch   00030008 0100000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60553 [toMGI] MDCX : send_task(6) port(0042), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00060554[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A02 0042552A FCFB4E20

60554 [Call->MGI ] port(042),sid(00) 0602 9a02 0042 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

60554 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(0008),type(3),gain(00)



00060554[042:8603]>LPM  d_idle   tswitch   00030008 0100000 



00060554[123:2102]<call d_cfdial cnf_hold  6C000123 21020169 2172010D FFFFFFFF



00060555[123:2102]<call d_cfdial cnf_hold  6C010123 21020169 21720133 FFFFFFFF

60555 [CALL->CFG ] TSW_CNTL: rx_port(004b),tx_port(ffff),type(4),gain(00)



00060555[04B:8612]>LPM  d_idle   tswitch   0004FFFF FF002D00

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60555 [toMGI] MDCX : send_task(6) port(004b), remote_ip(20.0.0.41) remote_port(4

0020) codec(11), Mode(2), Faxinfo(0)



00060556[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A0B 004B1400 00299C54

60556 [Call->MGI ] port(04b),sid(00) 0602 1a0b 004b 1400 0029 9c54 9c55 0b00 012

0 2002 0002

60556 [CALL->LPM ] CONF_CNTL: port(0193),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,ffff,ffff,ffff)



00060556[04B:8612]>LPM  d_idle   conf      02010008

60557 [CALL->LPM ] CONF_CNTL: port(0193),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0193,ffff,ffff,ffff)



00060557[04B:8612]>LPM  d_idle   conf      02000000

60557 [CALL->LPM ] CONF_CNTL: port(0193),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,ffff,ffff,ffff)



00060557[04B:8612]>LPM  d_idle   conf      02010008

60557 [CALL->LPM ] CONF_CNTL: port(0193),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0193,ffff,ffff,ffff)



00060558[04B:8612]>LPM  d_idle   conf      02000006

60558 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,0193,ffff,ffff,ffff)

60558 [Call->Call] MGI Reserve (12)  : port(169), mgi(042), state(33)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60558 [toMGI] MDCX : send_task(6) port(0042), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00060559[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A02 0042552A FCFB4E20

60559 [Call->MGI ] port(042),sid(00) 0602 9a02 0042 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00060559[042:8603]>LPM  d_idle   conf      02000006



00060559[169:2172]<sip  d_conf             1471000B 00000000 00000000 00000000



00060560[169:2172]<LPM  d_conf   unknown   710079FF 19000000 00000000 00000000

60560 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

[CODEC:0169] SIP TX ACU_UPDATE_RQ : connid(00), codec(11 255 255 255 255), ip(85

.42.252.250), rtp(25004) priority(1a) sipcall_index(ff ff ff ff)





00060561[193:8304]<pper t_conf   spnet_lnk 0FFF0193 83040193 8304FFFF 20202020

 is_conf_status port = 403  OK!!





00060561[193:8304]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00060562[169:2172]<sip  d_conf             1471000B 00000000 00000000 00000000



00060562[169:2172]<LPM  d_conf   unknown   710079FF 1A000000 00000000 00000000



00060568[193:8304]<QSIG t_conf   unknown   4A0423FF 000052 8



00060593[123:2102]<ipp  d_cfdial           10112900 004E0020



00060593[123:2102]<LPM  d_cfdial k_soft_r  004EFFFF

60593 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

60593 [Call->Call] MGI Reserve (40)  : port(123), mgi(046), state(34)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

60593 [toMGI] CRCX : send_task(6) port(0046), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2)



00060593[040:8601]>LPM  d_idle   mgi_msg   44004400 06011A06 00461400 00562328

60594 [Call->MGI ] port(046),sid(00) 0601 1a06 0046 1400 0056 2328 2329 0b00 012

0 2002 0071

60594 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 61b4 ffff ffff ffff fff

f

60594 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 61b4 ffff ffff ffff fff

f

60594 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 61b4 ffff ffff ffff fff

f

60595 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 61b4 ffff ffff ffff fff

f

60595 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(1),invalid_mbr: 

mbr(0169,0193,ffff,ffff,ffff)



00060595[046:8607]>LPM  d_idle   conf      02010008

60595 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(0),mbr_indx(02): 

mbr(0169,0193,0123,ffff,ffff)

60595 [Call->Call] MGI Reserve (12)  : port(123), mgi(046), state(34)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

60596 [toMGI] MDCX : send_task(6) port(0046), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2), Faxinfo(0)



00060596[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A06 00461400 00562328

60596 [Call->MGI ] port(046),sid(00) 0602 1a06 0046 1400 0056 2328 2329 0b00 012

0 2002 0071



00060597[046:8607]>LPM  d_idle   conf      02000000

60597 [CALL->LPM ] CONF_CNTL: port(0193),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,0123,ffff,ffff)



00060597[04B:8612]>LPM  d_idle   conf      02010008

60597 [CALL->LPM ] CONF_CNTL: port(0193),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0193,0123,ffff,ffff)



00060597[04B:8612]>LPM  d_idle   conf      02000006

60598 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,0193,0123,ffff,ffff)

60598 [Call->Call] MGI Reserve (12)  : port(169), mgi(042), state(33)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60598 [toMGI] MDCX : send_task(6) port(0042), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00060598[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A02 0042552A FCFB4E20

60599 [Call->MGI ] port(042),sid(00) 0602 9a02 0042 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00060599[042:8603]>LPM  d_idle   conf      02000006

60599 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(0),mbr_indx(02): 

mbr(0169,0193,0123,ffff,ffff)

60599 [Call->Call] MGI Reserve (12)  : port(123), mgi(046), state(34)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

60600 [toMGI] MDCX : send_task(6) port(0046), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2), Faxinfo(0)



00060600[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A06 00461400 00562328

60600 [Call->MGI ] port(046),sid(00) 0602 1a06 0046 1400 0056 2328 2329 0b00 012

0 2002 0071



00060600[046:8607]>LPM  d_idle   conf      02000006



00060601[123:2102]<call d_conf   state     1A330123 21020123 21020134 FFFFFFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60601 [toMGI] MDCX : send_task(6) port(004b), remote_ip(20.0.0.41) remote_port(4

0020) codec(11), Mode(2), Faxinfo(0)



00060601[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A0B 004B1400 00299C54

60601 [Call->MGI ] port(04b),sid(00) 0602 1a0b 004b 1400 0029 9c54 9c55 0b00 012

0 2002 0000

60602 [CALL->CFG ] TSW_CNTL: rx_port(004b),tx_port(0008),type(3),gain(00)



00060602[04B:8612]>LPM  d_idle   tswitch   00030008 0100000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60602 [toMGI] MDCX : send_task(6) port(0042), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00060602[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A02 0042552A FCFB4E20

60603 [Call->MGI ] port(042),sid(00) 0602 9a02 0042 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

60603 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(0008),type(3),gain(00)



00060603[042:8603]>LPM  d_idle   tswitch   00030008 0100000 



00060603[123:2102]<ipp  d_conf             10112900 004E0020



00060603[123:2102]<LPM  d_conf   k_soft_r  004EFFFF

60604 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(1),mbr_indx(02): 

mbr(0169,0193,ffff,ffff,ffff)



00060604[046:8607]>LPM  d_idle   conf      02010000

60604 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF



00060605[123:2102]<call d_cfdial cnf_hold  6C000123 FFFF0123 21020133 FFFFFFFF



00060605[193:8304]<pper t_conf   spnet_lnk 0FFF0193 83040193 8304FFFF 20202020

 is_conf_status port = 403  OK!!





00060605[193:8304]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00060618[193:8304]<QSIG t_conf   unknown   4A0423FF 000052 8



00060652[123:2102]<ipp  d_cfdial           10112900 004E0020



00060652[123:2102]<LPM  d_cfdial k_soft_r  004EFFFF

60652 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

60652 [toMGI] MDCX : send_task(6) port(0046), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2), Faxinfo(0)



00060652[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A06 00461400 00562328

60652 [Call->MGI ] port(046),sid(00) 0602 1a06 0046 1400 0056 2328 2329 0b00 012

0 2002 0071

60652 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(1),invalid_mbr: 

mbr(0169,0193,ffff,ffff,ffff)



00060652[046:8607]>LPM  d_idle   conf      02010008

60652 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(0),mbr_indx(02): 

mbr(0169,0193,0123,ffff,ffff)

60653 [Call->Call] MGI Reserve (12)  : port(123), mgi(046), state(34)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

60653 [toMGI] MDCX : send_task(6) port(0046), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2), Faxinfo(0)



00060653[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A06 00461400 00562328

60654 [Call->MGI ] port(046),sid(00) 0602 1a06 0046 1400 0056 2328 2329 0b00 012

0 2002 0071



00060654[046:8607]>LPM  d_idle   conf      02000000

60654 [CALL->LPM ] CONF_CNTL: port(0193),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,0123,ffff,ffff)



00060654[04B:8612]>LPM  d_idle   conf      02010008

60654 [CALL->LPM ] CONF_CNTL: port(0193),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0193,0123,ffff,ffff)



00060655[04B:8612]>LPM  d_idle   conf      02000006

60655 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,0193,0123,ffff,ffff)

60655 [Call->Call] MGI Reserve (12)  : port(169), mgi(042), state(33)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60655 [toMGI] MDCX : send_task(6) port(0042), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00060656[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A02 0042552A FCFB4E20

60656 [Call->MGI ] port(042),sid(00) 0602 9a02 0042 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00060656[042:8603]>LPM  d_idle   conf      02000006

60656 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(0),mbr_indx(02): 

mbr(0169,0193,0123,ffff,ffff)

60657 [Call->Call] MGI Reserve (12)  : port(123), mgi(046), state(34)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

60657 [toMGI] MDCX : send_task(6) port(0046), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2), Faxinfo(0)



00060657[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A06 00461400 00562328

60658 [Call->MGI ] port(046),sid(00) 0602 1a06 0046 1400 0056 2328 2329 0b00 012

0 2002 0071



00060658[046:8607]>LPM  d_idle   conf      02000006



00060658[123:2102]<call d_conf   state     1A330123 21020123 21020134 FFFFFFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60658 [toMGI] MDCX : send_task(6) port(004b), remote_ip(20.0.0.41) remote_port(4

0020) codec(11), Mode(2), Faxinfo(0)



00060659[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A0B 004B1400 00299C54

60659 [Call->MGI ] port(04b),sid(00) 0602 1a0b 004b 1400 0029 9c54 9c55 0b00 012

0 2002 0000

60659 [CALL->CFG ] TSW_CNTL: rx_port(004b),tx_port(0008),type(3),gain(00)



00060659[04B:8612]>LPM  d_idle   tswitch   00030008 0100000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60660 [toMGI] MDCX : send_task(6) port(0042), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00060660[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A02 0042552A FCFB4E20

60660 [Call->MGI ] port(042),sid(00) 0602 9a02 0042 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

60660 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(0008),type(3),gain(00)



00060661[042:8603]>LPM  d_idle   tswitch   00030008 0100000 



00060661[193:8304]<pper t_conf   spnet_lnk 0FFF0193 83040193 8304FFFF 20202020

 is_conf_status port = 403  OK!!





00060661[193:8304]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00060668[193:8304]<QSIG t_conf   unknown   4A0423FF 000052 8



00060705[193:8304]<pper t_conf   spnet_lnk 0FFF0193 83040193 8304FFFF 20202020

 is_conf_status port = 403  OK!!





00060705[193:8304]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00060718[193:8304]<QSIG t_conf   unknown   4A0423FF 000052 8



00060755[193:8304]<pper t_conf   spnet_lnk 0FFF0193 83040193 8304FFFF 20202020

 is_conf_status port = 403  OK!!





00060755[193:8304]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00060758[123:2102]<tmr  d_conf   conf_int  39FF0123 2102FFFF FFFFFFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60758 [toMGI] MDCX : send_task(6) port(004b), remote_ip(20.0.0.41) remote_port(4

0020) codec(11), Mode(2), Faxinfo(0)



00060758[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A0B 004B1400 00299C54

60758 [Call->MGI ] port(04b),sid(00) 0602 1a0b 004b 1400 0029 9c54 9c55 0b00 012

0 2002 0000

60758 [CALL->CFG ] TSW_CNTL: rx_port(004b),tx_port(0008),type(3),gain(00)



00060758[04B:8612]>LPM  d_idle   tswitch   00030008 0100000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60758 [toMGI] MDCX : send_task(6) port(0042), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00060758[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A02 0042552A FCFB4E20

60758 [Call->MGI ] port(042),sid(00) 0602 9a02 0042 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

60759 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(0008),type(3),gain(00)



00060759[042:8603]>LPM  d_idle   tswitch   00030008 0100000 



00060768[193:8304]<QSIG t_conf   unknown   4A0423FF 000052 8



00060805[193:8304]<pper t_conf   spnet_lnk 0FFF0193 83040193 8304FFFF 20202020

 is_conf_status port = 403  OK!!





00060805[193:8304]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00060818[193:8304]<QSIG t_conf   unknown   4A0423FF 000052 8



00060855[193:8304]<pper t_conf   spnet_lnk 0FFF0193 83040193 8304FFFF 20202020

 is_conf_status port = 403  OK!!





00060855[193:8304]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00060856[123:2102]<tmr  d_conf   conf_int  39FF0123 2102FFFF FFFFFFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60856 [toMGI] MDCX : send_task(6) port(004b), remote_ip(20.0.0.41) remote_port(4

0020) codec(11), Mode(2), Faxinfo(0)



00060856[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A0B 004B1400 00299C54

60856 [Call->MGI ] port(04b),sid(00) 0602 1a0b 004b 1400 0029 9c54 9c55 0b00 012

0 2002 0000

60856 [CALL->CFG ] TSW_CNTL: rx_port(004b),tx_port(0008),type(3),gain(00)



00060856[04B:8612]>LPM  d_idle   tswitch   00030008 0100000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

60856 [toMGI] MDCX : send_task(6) port(0042), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00060857[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A02 0042552A FCFB4E20

60857 [Call->MGI ] port(042),sid(00) 0602 9a02 0042 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

60857 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(0008),type(3),gain(00)



00060857[042:8603]>LPM  d_idle   tswitch   00030008 0100000 



00060868[193:8304]<QSIG t_conf   unknown   4A0423FF 000052 8











00060905[193:8304]<pper t_conf   spnet_lnk 0FFF0193 83040193 8304FFFF 20202020

 is_conf_status port = 403  OK!!





00060905[193:8304]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF





00060918[193:8304]<QSIG t_conf   unknown 

  4A0423FF 000052 8



===================================================================================  NOK















00061454[194:8305]<QSIG t_idle   conn_in   610524FF 00BC0001 004A0000 00725600



00061454[194:8305]>LPM  t_incom  dgp_led   11061113 00000000 00000000 0000FFFF



00061454[194:8305]>LPM  t_didstn dgp_led   11061113 00000000 00000000 0000FFFF



00061454[123:2102]<call d_idle   szr_stn   10050123 21020194 830500C2 20202020



00061454[194:8305]<call t_didstn szr_stn_r 11000194 83050123 21020100 45585420



00061454[194:8305]>LPM  t_didstn dgp_led   11061113 00000000 00000000 0000FFFF

61454 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e5) sub_id(02) s_ip(255.255.255.2

55) d_ip(255.255.255.255)





00061454[040:8601]>LPM  d_idle   mps_msg   4C000302 2500FFFF FFFFFFFF FFFFFFFF

61454 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e4) sub_id(02) s_ip(255.255.255.2

55) d_ip(255.255.255.255)





00061454[040:8601]>LPM  d_idle   mps_msg   4C000302 2400FFFF FFFFFFFF FFFFFFFF

61455 [Call->Call] MGI Reserve (17)  : port(194), mgi(040), state(d7)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61455 [toMGI] CRCX : send_task(6) port(0040), remote_ip(20.0.0.41) remote_port(4

0024) codec(11), Mode(2)



00061455[040:8601]>LPM  d_idle   mgi_msg   44004400 06011A00 00401400 00299C58

61455 [Call->MGI ] port(040),sid(00) 0601 1a00 0040 1400 0029 9c58 9c59 0b00 012

0 2002 0031

61456 [CALL->CFG ] TSW_CNTL: rx_port(0040),tx_port(0007),type(3),gain(00)



00061456[040:8601]>LPM  d_idle   tswitch   00030007 FF000000



00061456[194:8305]>LPM  t_didstn dgp_led   11061113 00000000 00000000 0000FFFF



00061456[123:2102]<call d_ring   add_cbt   7DFF0123 21020194 830500D7 01070104



00061456[123:2102]<call d_ring   add_ringq 75FF0123 21020194 830500D7 1D00FF00



00061457[194:8305]<QSIG t_rback  unknown   4A0524FF 000052 8



00061457[194:8305]<pper t_rback  spnet_lnk 0FFF0194 83050194 8305FFFF 20202020



00061457[194:8305]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00061457[194:8305]<QSIG t_rback  unknown   4A0524FF 000052 8



00061457[194:8305]<QSIG t_rback  unknown   4A0524FF 000052 8



00061458[194:8305]<QSIG t_rback  unknown   4A0524FF 000052 8



00061468[194:8305]<QSIG t_rback  unknown   4A0524FF 000052 8



00061481[123:2102]<ipp  d_ring             10112900 01000020



00061481[123:2102]<LPM  d_ring   hook_off  0100FFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61481 [toMGI] DLCX : send_task(6) port(0040)



00061481[040:8601]>LPM  d_idle   mgi_msg   44004400 06030000 00402 00

61481 [Call->MGI ] port(040),sid(00) 0603 0000 0040 00ff ffff ffff ffff ffff 455

8 5420 3231

61481 [Call->Call] MGI Release  : port(194), mgi(040), state(c3)

61481 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e6) sub_id(01) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00061482[040:8601]>LPM  d_idle   mps_msg   4C000301 26001400 00562328 14000015

61482 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e7) sub_id(01) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00061482[040:8601]>LPM  d_idle   mps_msg   4C000301 27001400 00299C58 14000015

61482 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65dc ffff ffff ffff fff

f

61482 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65dc ffff ffff ffff fff

f

61483 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 65dc ffff ffff ffff fff

f

61483 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 65dc ffff ffff ffff fff

f



00061483[194:8305]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00061483[194:8305]<call t_rback  opphof    1B000194 83050123 21020104 00455854

61483 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e7) sub_id(03) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00061484[040:8601]>LPM  d_idle   mps_msg   4C000303 27001400 00299C58 14000015

61484 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e6) sub_id(03) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00061484[040:8601]>LPM  d_idle   mps_msg   4C000303 26001400 00562328 14000015



00061484[194:8305]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00061485[194:8305]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00061485[194:8305]>LPM  t_rback  lpsts_ask 06111113 00000000 00000000 0000FFFF



00061485[194:8305]<call t_rback  imhof     71FF0194 83050123 21020104 FFFFFFFF



00061485[123:2102]<call d_conv   state     1A060123 21020123 21020106 FFFFFFFF



00061485[194:8305]<QSIG t_rback  unknown   4A0524FF 000052 8



00061486[194:8305]<QSIG t_rback  unknown   4A0524FF 000052 8



00061486[194:8305]<inet t_rback            11130000 00000000 00000000 FFFF1400



00061486[194:8305]<QSIG t_rback  conn_co   620524FF 00880001 003C0000 004C5600

61486 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e7) sub_id(03) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00061486[040:8601]>LPM  d_idle   mps_msg   4C000303 27001400 00299C58 14000015

61487 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e6) sub_id(03) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00061487[040:8601]>LPM  d_idle   mps_msg   4C000303 26001400 00562328 14000015



00061487[194:8305]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00061487[194:8305]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00061488[194:8305]>LPM  t_conv   dgp_led   11060 7 



00061488[194:8305]<call t_conv   state     1A000194 83050194 830500C3 FFFFFFFF



00061488[123:2102]<call d_conv   call_dur  4C000123 21020194 830500C4



00061488[194:8305]<QSIG t_conv   unknown   4A0524FF 000052 8



00061488[194:8305]<QSIG t_conv   unknown   4A0524FF 000052 8



00061488[194:8305]<QSIG t_conv   unknown   4A0524FF 000052 8



00061505[194:8305]<pper t_conv   spnet_lnk 0FFF0194 83050194 8305FFFF 20202020



00061505[194:8305]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00061517[123:2102]<ipp  d_conv             10112900 004C0020



00061517[123:2102]<LPM  d_conv   k_soft_l  004CFFFF

61517 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65dc ffff ffff ffff fff

f

61517 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65dc ffff ffff ffff fff

f



00061517[194:8305]<call t_conv   thold     22030194 83050123 21020106 FFFFFFFF

61517 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e7) sub_id(02) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00061517[040:8601]>LPM  d_idle   mps_msg   4C000302 27001400 00299C58 14000015

61517 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e6) sub_id(02) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00061517[040:8601]>LPM  d_idle   mps_msg   4C000302 26001400 00562328 14000015

61517 [Call->Call] MGI Reserve (30)  : port(194), mgi(042), state(c4)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61517 [toMGI] CRCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0024) codec(11), Mode(2)



00061518[040:8601]>LPM  d_idle   mgi_msg   44004400 06011A02 00421400 00299C58

61518 [Call->MGI ] port(042),sid(00) 0601 1a02 0042 1400 0029 9c58 9c59 0b00 012

0 2002 0031

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61518 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0024) codec(11), Mode(2), Faxinfo(0)



00061519[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00299C58

61519 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0029 9c58 9c59 0b00 012

0 2002 0002

61519 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(00ee),type(2),gain(00)



00061519[042:8603]>LPM  d_idle   tswitch   000200EE FF002D00



00061519[194:8305]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00061520[194:8305]>LPM  t_thold  dgp_led   11061113 00000000 00000000 0000FFFF



00061520[123:2102]<call d_dial1  k_conf    324C0123 21020123 FFFF0106 0263FFFF



00061520[123:2102]<call d_cfst1  cnf       3F010123 FFFF0123 21020158 45585420



00061520[123:2102]<call d_cfst1  cnf_r     40000123 21020123 FFFF0165 FFFFFFFF



00061520[194:8305]<call t_thold  cnf       3F020194 83050123 21020165 45585420

61521 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(ffff),type(4),gain(00)



00061521[042:8603]>LPM  d_idle   tswitch   0004FFFF FF002D00

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61521 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0024) codec(11), Mode(2), Faxinfo(0)



00061521[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00299C58

61522 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0029 9c58 9c59 0b00 012

0 2002 0002

61522 [CALL->LPM ] CONF_CNTL: port(0194),cnf_grp(00),mode(1),invalid_mbr: 

mbr(ffff,ffff,ffff,ffff,ffff)



00061522[042:8603]>LPM  d_idle   conf      02010008

61522 [CALL->LPM ] CONF_CNTL: port(0194),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0194,ffff,ffff,ffff,ffff)



00061523[042:8603]>LPM  d_idle   conf      02000000

 is_conf_status port = 404  OK!!





00061523[194:8305]>LPM  t_thold  dgp_led   11061113 00000000 00000000 0000FFFF



00061523[123:2102]<call d_cfin   cnf_r     40000123 21020194 830500CA 20202020



00061523[194:8305]<call t_conf   state     1AD10194 83050194 830500CA FFFFFFFF

 is_conf_status port = 404  OK!!





00061524[194:8305]>LPM  t_conf   dgp_led   11060   



00061524[123:2102]<call d_cfdial cnf_hold  6C000123 21020194 830500CA FFFFFFFF

61524 [CALL->LPM ] CONF_CNTL: port(0194),cnf_grp(00),mode(1),mbr_indx(00): 

mbr(ffff,ffff,ffff,ffff,ffff)



00061524[042:8603]>LPM  d_idle   conf      02010000

61524 [Call->Call] MGI Reserve (30)  : port(194), mgi(042), state(d1)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61525 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0024) codec(11), Mode(2), Faxinfo(0)



00061525[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00299C58

61525 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0029 9c58 9c59 0b00 012

0 2002 0071

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61526 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0024) codec(11), Mode(2), Faxinfo(0)



00061526[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00299C58

61526 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0029 9c58 9c59 0b00 012

0 2002 0002

61526 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(00ee),type(2),gain(00)



00061527[042:8603]>LPM  d_idle   tswitch   000200EE FF002D00



00061527[194:8305]<QSIG t_conf   unknown   4A0524FF 000052 8



00061527[194:8305]<QSIG t_conf   unknown   4A0524FF 000052 8



00061536[123:2102]<ipp  d_cfdial           10112900 04020020



00061536[123:2102]<LPM  d_cfdial digit_2   0402FFFF



00061539[123:2102]<ipp  d_cfdial           10112900 04010020



00061539[123:2102]<LPM  d_cfdial digit_1   0401FFFF



00061541[123:2102]<ipp  d_cfdial           10112900 04070020



00061541[123:2102]<LPM  d_cfdial digit_7   0407FFFF



00061543[123:2102]<ipp  d_cfdial           10112900 04020020



00061543[123:2102]<LPM  d_cfdial digit_2   0402FFFF



00061543[123:2102]<call d_cfdial k_dss2172 32FF0123 21020123 FFFF0134 0169FFFF



00061543[169:2172]<call d_idle   szr_stn   10080169 21720123 21020134 45585420



00061543[169:2172]>LPM  d_idle   dgp_ring  180004FF

61543 [CALLTASK] Can't send virtual port(0169) to SP



61543 [toPRI(sz:80)] ACU_CONN_RQ   

 7E80 0169 0050 2341 00FF 4CFF 5600 0100 0000 00FF 0000 0000 0000 0000 0000 0000

 0404 0010 0808 0000 3231 3732 3231 3032 6368 6961 6D61 7461 2064 6120 3231 3032

 4558 5420 3231 3032 4558 5420 3231 3732

61543 call_szr_stn(109)



00061543[123:2102]<call d_cfstn  szr_stn_r 11230123 21020169 21720100 45585420



00061544[123:2102]<call d_bri    state     1A6E0123 21020123 2102013A FFFFFFFF



00061544[169:2172]<sip  d_idle             14660000 00000000 00000000 00000000



00061544[169:2172]<LPM  d_idle   unknown   660079FF 00000000 00000000 00000000



00061544[123:2102]<call d_bri    szr_stn_r 11000123 21020169 21720100 45585420



00061545[123:2102]<call d_brirbk bri_state 96FF0123 21020169 21720100 01660001

 [CALL:123] dgp_bri_rbk_bri_state>>> bri_msg(66), tone_tsw(01), sub_detail(01)





00061545[169:2172]<call d_brirng add_ringq 75FF0169 21720123 2102016E 0100FF00



00061545[169:2172]<call d_brirng send_info 98010169 21720123 2102016E 45585420



00061546[169:2172]<sip  d_brirng           14650000 00000000 00000000 00000000



00061546[169:2172]<LPM  d_brirng unknown   650079FF 00000000 00000000 00000000



00061546[123:2102]<call d_brirbk bri_state 96FF0123 21020169 21720175 0065FF07

 [CALL:123] dgp_bri_rbk_bri_state>>> bri_msg(65), tone_tsw(00), sub_detail(07)



61546 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65dc ffff ffff ffff fff

f

61546 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65dc ffff ffff ffff fff

f



00061555[169:2172]<sip  d_brirng           1462000B FFFFFFFF 552AFCFB 4E20FFFF



00061555[169:2172]<LPM  d_brirng unknown   620079FF FFFFFFFF FFFFFF56 FFFFFFFF

61555 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e8) sub_id(01) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00061555[040:8601]>LPM  d_idle   mps_msg   4C000301 2800552A FCFB4E20 14000015

61555 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e9) sub_id(01) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00061555[040:8601]>LPM  d_idle   mps_msg   4C000301 29001400 00562328 14000015

61555 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65e2 ffff ffff ffff fff

f

61555 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65e2 ffff ffff ffff fff

f

61555 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 65e2 ffff ffff ffff fff

f

61555 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 65e2 ffff ffff ffff fff

f

61556 [toPRI(sz:42)] Unknown Messag

 7E80 0169 002A 2350 00FF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF

61556 [CALLTASK] Can't send virtual port(0169) to SP





00061556[169:2172]>LPM  d_brirng dgp_ring  180000FF

61556 [CALLTASK] Can't send virtual port(0169) to SP



61556 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e8) sub_id(03) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00061557[040:8601]>LPM  d_idle   mps_msg   4C000303 2800552A FCFB4E20 14000015

61557 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e9) sub_id(03) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00061557[040:8601]>LPM  d_idle   mps_msg   4C000303 29001400 00562328 14000015

61557 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

61558 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e8) sub_id(03) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00061558[040:8601]>LPM  d_idle   mps_msg   4C000303 2800552A FCFB4E20 14000015

61558 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e9) sub_id(03) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00061559[040:8601]>LPM  d_idle   mps_msg   4C000303 29001400 00562328 14000015

61559 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

61559 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF



00061560[123:2102]<call d_brirbk opphof    1B000123 21020169 21720175 00455854

61560 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65e2 ffff ffff ffff fff

f

61560 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65e2 ffff ffff ffff fff

f



00061560[123:2102]<call d_brirbk imhof     71FF0123 21020169 21720175 FFFFFFFF



00061561[123:2102]<call d_brirbk bri_state 96FF0123 21020169 21720175 01620101

 [CALL:123] dgp_bri_rbk_bri_state>>> bri_msg(62), tone_tsw(01), sub_detail(01)



61561 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e9) sub_id(03) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00061561[040:8601]>LPM  d_idle   mps_msg   4C000303 29001400 00562328 14000015

61562 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e8) sub_id(03) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00061562[040:8601]>LPM  d_idle   mps_msg   4C000303 2800552A FCFB4E20 14000015

61562 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65e2 ffff ffff ffff fff

f

61562 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65e2 ffff ffff ffff fff

f

61562 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 65e2 ffff ffff ffff fff

f

61563 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 65e2 ffff ffff ffff fff

f

61563 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF



00061563[169:2172]<call d_conv   state     1A060169 21720169 21720106 FFFFFFFF



00061564[123:2102]<call d_cfconv state     1A370123 21020123 21020137 FFFFFFFF



00061564[194:8305]<pper t_conf   spnet_lnk 0FFF0194 83050194 8305FFFF 20202020



00061564[194:8305]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00061568[194:8305]<QSIG t_conf   unknown   4A0524FF 000052 8



00061588[123:2102]<ipp  d_cfconv           10112900 004E0020



00061588[123:2102]<LPM  d_cfconv k_soft_r  004EFFFF

61588 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65e2 ffff ffff ffff fff

f

61588 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65e2 ffff ffff ffff fff

f



00061588[169:2172]<call d_conv   thold     22030169 21720123 21020137 FFFFFFFF

61588 [CALLTASK] Can't send virtual port(0169) to SP



61588 [Call->Call] MGI Reserve (18)  : port(169), mgi(045), state(06)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61589 [toMGI] CRCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2)



00061589[040:8601]>LPM  d_idle   mgi_msg   44004400 06019A05 0045552A FCFB4E20

61589 [Call->MGI ] port(045),sid(00) 0601 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

61589 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(000b),type(3),gain(00)



00061590[045:8606]>LPM  d_idle   tswitch   0003000B FF00000 

61590 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1904 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

[CODEC:0169] SIP TX ACU_UPDATE_RQ : connid(00), codec(11 10 3 4 2), ip(85.42.252

.250), rtp(25010) priority(19) sipcall_index(ff ff ff ff)





00061591[169:2172]<call d_thold  cnf       3F020169 21720123 21020137 45585420

61591 [CALLTASK] Can't send virtual port(0169) to SP





00061591[169:2172]>LPM  d_thold  dgp_tone  140000FF

61591 [CALLTASK] Can't send virtual port(0169) to SP



61591 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(ffff),type(4),gain(00)



00061591[045:8606]>LPM  d_idle   tswitch   0004FFFF FF00000 

61591 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e8) sub_id(02) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00061592[040:8601]>LPM  d_idle   mps_msg   4C000302 2800552A FCFB4E20 14000015

61592 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00e9) sub_id(02) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00061592[040:8601]>LPM  d_idle   mps_msg   4C000302 29001400 00562328 14000015

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61593 [toMGI] MDCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00061593[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A05 0045552A FCFB4E20

61593 [Call->MGI ] port(045),sid(00) 0602 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

61593 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

61594 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(1),invalid_mbr: 

mbr(ffff,ffff,ffff,ffff,ffff)



00061594[045:8606]>LPM  d_idle   conf      02010008

61594 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,ffff,ffff,ffff,ffff)

61595 [Call->Call] MGI Reserve (12)  : port(169), mgi(045), state(0d)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61595 [toMGI] MDCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00061595[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A05 0045552A FCFB4E20

61595 [Call->MGI ] port(045),sid(00) 0602 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00061596[045:8606]>LPM  d_idle   conf      02000000

61596 [CALL->LPM ] CONF_CNTL: port(0194),cnf_grp(00),mode(1),invalid_mbr: 

mbr(0169,ffff,ffff,ffff,ffff)



00061596[042:8603]>LPM  d_idle   conf      02010008

61596 [CALL->LPM ] CONF_CNTL: port(0194),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0194,ffff,ffff,ffff)



00061597[042:8603]>LPM  d_idle   conf      02000006

61597 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,0194,ffff,ffff,ffff)

61597 [Call->Call] MGI Reserve (12)  : port(169), mgi(045), state(0d)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61597 [toMGI] MDCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00061598[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A05 0045552A FCFB4E20

61598 [Call->MGI ] port(045),sid(00) 0602 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00061598[045:8606]>LPM  d_idle   conf      02000006



00061598[123:2102]<call d_cfin   cnf_r     40000123 21020169 2172010D 45585420

61598 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF



00061599[169:2172]<call d_conf   state     1A330169 21720169 2172010D FFFFFFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61599 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0024) codec(11), Mode(2), Faxinfo(0)



00061600[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00299C58

61600 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0029 9c58 9c59 0b00 012

0 2002 0000

61600 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(0008),type(3),gain(00)



00061600[042:8603]>LPM  d_idle   tswitch   00030008 0100000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61601 [toMGI] MDCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00061601[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A05 0045552A FCFB4E20

61601 [Call->MGI ] port(045),sid(00) 0602 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

61601 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(0008),type(3),gain(00)



00061601[045:8606]>LPM  d_idle   tswitch   00030008 0100000 



00061602[123:2102]<call d_cfdial cnf_hold  6C000123 21020169 2172010D FFFFFFFF



00061602[123:2102]<call d_cfdial cnf_hold  6C010123 21020169 21720133 FFFFFFFF

61602 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(ffff),type(4),gain(00)



00061602[042:8603]>LPM  d_idle   tswitch   0004FFFF FF002D00

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61603 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0024) codec(11), Mode(2), Faxinfo(0)



00061603[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00299C58

61603 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0029 9c58 9c59 0b00 012

0 2002 0002

61603 [CALL->LPM ] CONF_CNTL: port(0194),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,ffff,ffff,ffff)



00061604[042:8603]>LPM  d_idle   conf      02010008

61604 [CALL->LPM ] CONF_CNTL: port(0194),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0194,ffff,ffff,ffff)



00061604[042:8603]>LPM  d_idle   conf      02000000

61604 [CALL->LPM ] CONF_CNTL: port(0194),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,ffff,ffff,ffff)



00061604[042:8603]>LPM  d_idle   conf      02010008

61605 [CALL->LPM ] CONF_CNTL: port(0194),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0194,ffff,ffff,ffff)



00061605[042:8603]>LPM  d_idle   conf      02000006

61605 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,0194,ffff,ffff,ffff)

61605 [Call->Call] MGI Reserve (12)  : port(169), mgi(045), state(33)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61606 [toMGI] MDCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00061606[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A05 0045552A FCFB4E20

61606 [Call->MGI ] port(045),sid(00) 0602 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00061606[045:8606]>LPM  d_idle   conf      02000006



00061607[169:2172]<sip  d_conf             1471000B 00000000 00000000 00000000



00061607[169:2172]<LPM  d_conf   unknown   710079FF 19000000 00000000 00000000

61607 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

[CODEC:0169] SIP TX ACU_UPDATE_RQ : connid(00), codec(11 255 255 255 255), ip(85

.42.252.250), rtp(25010) priority(1a) sipcall_index(ff ff ff ff)





00061608[194:8305]<pper t_conf   spnet_lnk 0FFF0194 83050194 8305FFFF 20202020

 is_conf_status port = 404  OK!!





00061608[194:8305]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00061610[169:2172]<sip  d_conf             1471000B 00000000 00000000 00000000



00061610[169:2172]<LPM  d_conf   unknown   710079FF 1A000000 00000000 00000000



00061611[123:2102]<ipp  d_cfdial           10112900 004E0020



00061611[123:2102]<LPM  d_cfdial k_soft_r  004EFFFF

61611 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

61611 [Call->Call] MGI Reserve (40)  : port(123), mgi(04a), state(34)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

61611 [toMGI] CRCX : send_task(6) port(004a), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2)



00061611[040:8601]>LPM  d_idle   mgi_msg   44004400 06011A0A 004A1400 00562328

61611 [Call->MGI ] port(04a),sid(00) 0601 1a0a 004a 1400 0056 2328 2329 0b00 012

0 2002 0071

61611 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 61bc ffff ffff ffff fff

f

61612 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 61bc ffff ffff ffff fff

f

61612 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 61bc ffff ffff ffff fff

f

61612 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 61bc ffff ffff ffff fff

f

61612 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(1),invalid_mbr: 

mbr(0169,0194,ffff,ffff,ffff)



00061613[04A:8611]>LPM  d_idle   conf      02010008

61613 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(0),mbr_indx(02): 

mbr(0169,0194,0123,ffff,ffff)

61613 [Call->Call] MGI Reserve (12)  : port(123), mgi(04a), state(34)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

61613 [toMGI] MDCX : send_task(6) port(004a), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2), Faxinfo(0)



00061614[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A0A 004A1400 00562328

61614 [Call->MGI ] port(04a),sid(00) 0602 1a0a 004a 1400 0056 2328 2329 0b00 012

0 2002 0071



00061614[04A:8611]>LPM  d_idle   conf      02000000

61614 [CALL->LPM ] CONF_CNTL: port(0194),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,0123,ffff,ffff)



00061614[042:8603]>LPM  d_idle   conf      02010008

61615 [CALL->LPM ] CONF_CNTL: port(0194),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0194,0123,ffff,ffff)



00061615[042:8603]>LPM  d_idle   conf      02000006

61615 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,0194,0123,ffff,ffff)

61615 [Call->Call] MGI Reserve (12)  : port(169), mgi(045), state(33)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61616 [toMGI] MDCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00061616[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A05 0045552A FCFB4E20

61616 [Call->MGI ] port(045),sid(00) 0602 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00061616[045:8606]>LPM  d_idle   conf      02000006

61617 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(0),mbr_indx(02): 

mbr(0169,0194,0123,ffff,ffff)

61617 [Call->Call] MGI Reserve (12)  : port(123), mgi(04a), state(34)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

61617 [toMGI] MDCX : send_task(6) port(004a), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2), Faxinfo(0)



00061618[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A0A 004A1400 00562328

61618 [Call->MGI ] port(04a),sid(00) 0602 1a0a 004a 1400 0056 2328 2329 0b00 012

0 2002 0071



00061618[04A:8611]>LPM  d_idle   conf      02000006



00061618[123:2102]<call d_conf   state     1A330123 21020123 21020134 FFFFFFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61618 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0024) codec(11), Mode(2), Faxinfo(0)



00061619[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00299C58

61619 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0029 9c58 9c59 0b00 012

0 2002 0000

61619 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(0008),type(3),gain(00)



00061619[042:8603]>LPM  d_idle   tswitch   00030008 0100000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61620 [toMGI] MDCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00061620[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A05 0045552A FCFB4E20

61620 [Call->MGI ] port(045),sid(00) 0602 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

61620 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(0008),type(3),gain(00)



00061621[045:8606]>LPM  d_idle   tswitch   00030008 0100000 



00061621[194:8305]<QSIG t_conf   unknown   4A0524FF 000052 8



00061655[194:8305]<pper t_conf   spnet_lnk 0FFF0194 83050194 8305FFFF 20202020

 is_conf_status port = 404  OK!!





00061655[194:8305]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00061668[194:8305]<QSIG t_conf   unknown   4A0524FF 000052 8



00061705[000:    ]>LPM  d_idle   date/time 0F00FF03 1405132E 0609    



00061705[088:2017]>LPM  d_idle   date/time 0F00FF03 1405132E 0609    



00061705[194:8305]<pper t_conf   spnet_lnk 0FFF0194 83050194 8305FFFF 20202020

 is_conf_status port = 404  OK!!





00061705[194:8305]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00061718[194:8305]<QSIG t_conf   unknown   4A0524FF 000052 8



00061718[123:2102]<tmr  d_conf   conf_int  39FF0123 2102FFFF FFFFFFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61718 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0024) codec(11), Mode(2), Faxinfo(0)



00061718[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00299C58

61718 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0029 9c58 9c59 0b00 012

0 2002 0000

61718 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(0008),type(3),gain(00)



00061718[042:8603]>LPM  d_idle   tswitch   00030008 0100000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61718 [toMGI] MDCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00061718[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A05 0045552A FCFB4E20

61719 [Call->MGI ] port(045),sid(00) 0602 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

61719 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(0008),type(3),gain(00)



00061719[045:8606]>LPM  d_idle   tswitch   00030008 0100000 



00061722[123:2102]<ipp  d_conf             10112900 02000020



00061722[123:2102]<LPM  d_conf   hook_on   0200FFFF

61722 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(1),mbr_indx(02): 

mbr(0169,0194,ffff,ffff,ffff)



00061722[04A:8611]>LPM  d_idle   conf      02010000

61722 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(2),invalid_mbr: 

mbr(0169,0194,ffff,ffff,ffff)



00061722[04A:8611]>LPM  d_idle   conf      02020000



00061722[123:2102]<call d_rls    state     1A090123 21020123 21020133 FFFFFFFF



00061722[194:8305]<call t_conf   oppchg    1E000194 83050123 21020109 45585420

61723 [CALL->LPM ] CONF_CNTL: port(0194),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,ffff,ffff,ffff)



00061723[042:8603]>LPM  d_idle   conf      02010000

61723 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(ffff),type(4),gain(00)



00061723[042:8603]>LPM  d_idle   tswitch   0004FFFF FF002D00

 is_conf_status port = 361  OK!!



 to_sp_tswitch discard message!! port_no(194) opp(169)



61724 [CALL->LPM ] CONF_CNTL: port(0194),cnf_grp(00),mode(2),invalid_mbr: 

mbr(0169,ffff,ffff,ffff,ffff)



00061724[042:8603]>LPM  d_idle   conf      02020000

 is_conf_status port = 361  OK!!





00061724[194:8305]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF

 is_conf_status port = 361  OK!!





00061724[194:8305]>LPM  t_conv   dgp_led   11060   



00061725[169:2172]<call d_conf   oppchg    1E000169 21720123 21020109 20202020

61725 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(1),mbr_indx(00): 

mbr(ffff,ffff,ffff,ffff,ffff)



00061725[045:8606]>LPM  d_idle   conf      02010000

61725 [CALLTASK] Can't send virtual port(0169) to SP





00061725[169:2172]>LPM  d_conf   dgp_tone  140000FF

61726 [CALLTASK] Can't send virtual port(0169) to SP



61726 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(ffff),type(4),gain(00)



00061726[045:8606]>LPM  d_idle   tswitch   0004FFFF FF00000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61726 [toMGI] DLCX : send_task(6) port(0045)



00061726[040:8601]>LPM  d_idle   mgi_msg   44004400 06030005 00450 C 

61727 [Call->MGI ] port(045),sid(00) 0603 0005 0045 00ff ffff ffff ffff ffff 040

3 0fc4 0571

61727 [Call->Call] MGI Release  : port(169), mgi(045), state(33)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61727 [toMGI] DLCX : send_task(6) port(0042)



00061727[040:8601]>LPM  d_idle   mgi_msg   44004400 06030002 00420 D 

61727 [Call->MGI ] port(042),sid(00) 0603 0002 0042 00ff ffff ffff ffff ffff 000

0 0002 0571

61728 [Call->Call] MGI Release  : port(194), mgi(042), state(c4)

61728 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00ea) sub_id(01) s_ip(85.42.252.251

) d_ip(20.0.0.41)





00061728[040:8601]>LPM  d_idle   mps_msg   4C000301 2A00552A FCFB4E20 14000015

61728 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00eb) sub_id(01) s_ip(20.0.0.41) d_

ip(85.42.252.251)





00061729[040:8601]>LPM  d_idle   mps_msg   4C000301 2B001400 00299C58 14000015



00061729[194:8305]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF

61729 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A07 3430 3034 3136 32FF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0194 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

[CODEC:0169] SIP TX ACU_UPDATE_RQ : connid(00), codec(11 10 3 255 255), ip(85.42

.252.250), rtp(26084) priority(1a) sipcall_index(ff ff ff ff)



61730 [toPRI(sz:

[SIPM]62)] ACU_UPDATE_RQ  

 7E80 0169 003E 2351 00FF 1A07 3430 3034 3136 32FF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0194 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF82

61730 [CALL->LPM ] CONF_CNTL: port( In sip_callhandle0..An Invalid Event 169(=),

cnf_grp(00),mode(692),invalid_mbr: ) under a State (=

mbr(12ffff,ffff,ffff),ffff,ffff)



00061731[169:2172]>LPM  d_conf   conf      02020000

61731 [CALLTASK] Can't send virtual port(0169) to SP





00061731[194:8305]<call t_conv   state     1A010194 83050194 830500D1 FFFFFFFF



00061731[169:2172]<call d_conv   state     1A060169 21720169 21720106 FFFFFFFF



00061732[123:2102]<call d_rls    get_rq_r  78010123 21020123 21020109 FFFFFFFF

61732 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 61bc ffff ffff ffff fff

f

61732 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 61bc ffff ffff ffff fff

f

61732 [CALL->CFG ] TSW_CNTL: rx_port(004a),tx_port(ffff),type(4),gain(00)



00061732[04A:8611]>LPM  d_idle   tswitch   0004FFFF FF0072  

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

61733 [toMGI] DLCX : send_task(6) port(004a)



00061733[040:8601]>LPM  d_idle   mgi_msg   44004400 0603000A 004A0 D 

61733 [Call->MGI ] port(04a),sid(00) 0603 000a 004a 00ff ffff ffff ffff ffff 455

8 5420 3231

61733 [Call->Call] MGI Release  : port(123), mgi(04a), state(09)



00061733[169:2172]<call d_conv   call_dur  4C000169 21720194 830500C4



00061734[169:2172]<sip  d_conv             14630000 00000000 00000000 00000000



00061734[169:2172]<LPM  d_conv   unknown   630079FF 00100000 00000000 00000000

61734 [toPRI(sz:22)] ACU_CLEAR_RS  

 7E80 0169 0016 2344 00FF 4C00 0000 0000 0000 0000 0000



00061734[169:2172]<LPM  d_conv   hook_on   0263FFFF

61734 [CALLTASK] Can't send virtual port(0169) to SP



61735 [CALLTASK] Can't send virtual port(0169) to SP





00061735[194:8305]<call t_conv   autordl   3C010194 83050169 21720106 FFFFFFFF



00061735[194:8305]<call t_conv   opphon    1CFF0194 83050169 21720106 00FF00FF



00061735[194:8305]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00061735[194:8305]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00061736[194:8305]<call t_rls    imhon     72FF0194 83050169 21720106 00FF00FF



00061736[169:2172]<call d_rls    state     1A090169 21720169 21720106 FFFFFFFF



00061736[194:8305]<call t_rls    get_ringq 77FF0194 83050169 21720109 FFFFFFFF



00061736[169:2172]<call d_rls    get_rq_r  78010169 21720169 21720109 FFFFFFFF



00061736[169:2172]>LPM  d_rls    dgp_tone  140000FF

61737 [CALLTASK] Can't send virtual port(0169) to SP



61737 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00ea) sub_id(02) s_ip(85.42.252.251

) d_ip(20.0.0.41)





00061737[040:8601]>LPM  d_idle   mps_msg   4C000302 2A00552A FCFB4E20 14000015

61737 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00eb) sub_id(02) s_ip(20.0.0.41) d_

ip(85.42.252.251)





00061737[040:8601]>LPM  d_idle   mps_msg   4C000302 2B001400 00299C58 14000015

61738 [CALLTASK] Can't send virtual port(0169) to SP





00061738[169:2172]>LPM  d_idle   dgp_ring  180000FF

61738 [CALLTASK] Can't send virtual port(0169) to SP





00061738[169:2172]>LPM  d_idle   disp_info 3E030000 FF015   

61738 [CALLTASK] Can't send virtual port(0169) to SP





00061738[169:2172]<LPM  d_idle   hook_on   02FFFFFF

61739 [CALLTASK] Can't send virtual port(0169) to SP





00061739[194:8305]<QSIG t_rls    unknown   4A0524FF 000052 8



00061739[169:2172]<sip  d_idle             14640000 00000000 00000000 00000000



00061739[169:2172]<LPM  d_idle   unknown   640079FF 00000000 00000000 00000000



00061739[169:2172]<LPM  d_idle   hook_on   0264FFFF

61740 [CALLTASK] Can't send virtual port(0169) to SP





00061740[194:8305]<QSIG t_rls    clear_co  640524FF 003A0000 00000000 00000010



00061740[194:8305]<LPM  t_rls    hook_on   0264FFFF



===================================================================================  OK









00061896[195:8306]<QSIG t_idle   conn_in   610625FF 00BC0001 004A0000 00725600



00061896[195:8306]>LPM  t_incom  dgp_led   11061113 00000000 00000000 0000FFFF



00061896[195:8306]>LPM  t_didstn dgp_led   11061113 00000000 00000000 0000FFFF



00061896[123:2102]<call d_idle   szr_stn   10050123 21020195 830600C2 20202020



00061896[195:8306]<call t_didstn szr_stn_r 11000195 83060123 21020100 45585420



00061896[195:8306]>LPM  t_didstn dgp_led   11061113 00000000 00000000 0000FFFF

61896 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00ed) sub_id(02) s_ip(255.255.255.2

55) d_ip(255.255.255.255)





00061896[040:8601]>LPM  d_idle   mps_msg   4C000302 2D00FFFF FFFFFFFF FFFFFFFF

61897 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00ec) sub_id(02) s_ip(255.255.255.2

55) d_ip(255.255.255.255)





00061897[040:8601]>LPM  d_idle   mps_msg   4C000302 2C00FFFF FFFFFFFF FFFFFFFF

61897 [Call->Call] MGI Reserve (17)  : port(195), mgi(043), state(d7)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61897 [toMGI] CRCX : send_task(6) port(0043), remote_ip(20.0.0.41) remote_port(4

0028) codec(11), Mode(2)



00061898[040:8601]>LPM  d_idle   mgi_msg   44004400 06011A03 00431400 00299C5C

61898 [Call->MGI ] port(043),sid(00) 0601 1a03 0043 1400 0029 9c5c 9c5d 0b00 012

0 2002 0031

61898 [CALL->CFG ] TSW_CNTL: rx_port(0043),tx_port(0007),type(3),gain(00)



00061898[043:8604]>LPM  d_idle   tswitch   00030007 FF000000



00061899[195:8306]>LPM  t_didstn dgp_led   11061113 00000000 00000000 0000FFFF



00061899[123:2102]<call d_ring   add_cbt   7DFF0123 21020195 830600D7 01070104



00061899[123:2102]<call d_ring   add_ringq 75FF0123 21020195 830600D7 1D00FF00



00061899[195:8306]<QSIG t_rback  unknown   4A0625FF 000052 8



00061899[195:8306]<QSIG t_rback  unknown   4A0625FF 000052 8



00061900[195:8306]<QSIG t_rback  unknown   4A0625FF 000052 8



00061901[195:8306]<QSIG t_rback  unknown   4A0625FF 000052 8



00061905[195:8306]<pper t_rback  spnet_lnk 0FFF0195 83060195 8306FFFF 20202020



00061905[195:8306]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00061913[123:2102]<ipp  d_ring             10112900 01000020



00061913[123:2102]<LPM  d_ring   hook_off  0100FFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61913 [toMGI] DLCX : send_task(6) port(0043)



00061913[040:8601]>LPM  d_idle   mgi_msg   44004400 06030003 00430000

61913 [Call->MGI ] port(043),sid(00) 0603 0003 0043 00ff ffff ffff ffff ffff 455

8 5420 3231

61913 [Call->Call] MGI Release  : port(195), mgi(043), state(c3)

61913 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00ee) sub_id(01) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00061913[040:8601]>LPM  d_idle   mps_msg   4C000301 2E001400 00562328 14000015

61913 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00ef) sub_id(01) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00061913[040:8601]>LPM  d_idle   mps_msg   4C000301 2F001400 00299C5C 14000015

61913 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65ec ffff ffff ffff fff

f

61914 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65ec ffff ffff ffff fff

f

61914 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 65ec ffff ffff ffff fff

f

61914 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 65ec ffff ffff ffff fff

f



00061914[195:8306]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00061914[195:8306]<call t_rback  opphof    1B000195 83060123 21020104 00455854

61915 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00ef) sub_id(03) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00061915[040:8601]>LPM  d_idle   mps_msg   4C000303 2F001400 00299C5C 14000015

61915 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00ee) sub_id(03) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00061915[040:8601]>LPM  d_idle   mps_msg   4C000303 2E001400 00562328 14000015



00061916[195:8306]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00061916[195:8306]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00061916[195:8306]>LPM  t_rback  lpsts_ask 06111113 00000000 00000000 0000FFFF



00061916[195:8306]<call t_rback  imhof     71FF0195 83060123 21020104 FFFFFFFF



00061916[123:2102]<call d_conv   state     1A060123 21020123 21020106 FFFFFFFF



00061917[195:8306]<QSIG t_rback  unknown   4A0625FF 000052 8



00061917[195:8306]<inet t_rback            11130000 00000000 00000000 FFFF1400



00061917[195:8306]<QSIG t_rback  conn_co   620625FF 00880001 003C0000 004C5600

61917 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00ef) sub_id(03) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00061917[040:8601]>LPM  d_idle   mps_msg   4C000303 2F001400 00299C5C 14000015

61918 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00ee) sub_id(03) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00061918[040:8601]>LPM  d_idle   mps_msg   4C000303 2E001400 00562328 14000015



00061918[195:8306]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00061918[195:8306]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00061919[195:8306]>LPM  t_conv   dgp_led   11060 7 



00061919[195:8306]<call t_conv   state     1A000195 83060195 830600C3 FFFFFFFF



00061919[123:2102]<call d_conv   call_dur  4C000123 21020195 830600C4



00061919[195:8306]<QSIG t_conv   unknown   4A0625FF 000052 8



00061919[195:8306]<QSIG t_conv   unknown   4A0625FF 000052 8



00061919[195:8306]<QSIG t_conv   unknown   4A0625FF 000052 8



00061920[195:8306]<QSIG t_conv   unknown   4A0625FF 000052 8



00061920[195:8306]<QSIG t_conv   unknown   4A0625FF 000052 8



00061951[123:2102]<ipp  d_conv             10112900 004C0020



00061951[123:2102]<LPM  d_conv   k_soft_l  004CFFFF

61951 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65ec ffff ffff ffff fff

f

61951 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65ec ffff ffff ffff fff

f



00061951[195:8306]<call t_conv   thold     22030195 83060123 21020106 FFFFFFFF

61951 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00ef) sub_id(02) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00061951[040:8601]>LPM  d_idle   mps_msg   4C000302 2F001400 00299C5C 14000015

61951 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00ee) sub_id(02) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00061951[040:8601]>LPM  d_idle   mps_msg   4C000302 2E001400 00562328 14000015

61951 [Call->Call] MGI Reserve (30)  : port(195), mgi(045), state(c4)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61951 [toMGI] CRCX : send_task(6) port(0045), remote_ip(20.0.0.41) remote_port(4

0028) codec(11), Mode(2)



00061952[040:8601]>LPM  d_idle   mgi_msg   44004400 06011A05 00451400 00299C5C

61952 [Call->MGI ] port(045),sid(00) 0601 1a05 0045 1400 0029 9c5c 9c5d 0b00 012

0 2002 0031

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61952 [toMGI] MDCX : send_task(6) port(0045), remote_ip(20.0.0.41) remote_port(4

0028) codec(11), Mode(2), Faxinfo(0)



00061953[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A05 00451400 00299C5C

61953 [Call->MGI ] port(045),sid(00) 0602 1a05 0045 1400 0029 9c5c 9c5d 0b00 012

0 2002 0002

61953 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(00ee),type(2),gain(00)



00061953[045:8606]>LPM  d_idle   tswitch   000200EE FF002D00



00061953[195:8306]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00061954[195:8306]>LPM  t_thold  dgp_led   11061113 00000000 00000000 0000FFFF



00061954[123:2102]<call d_dial1  k_conf    324C0123 21020123 FFFF0106 0263FFFF



00061954[123:2102]<call d_cfst1  cnf       3F010123 FFFF0123 21020158 45585420



00061954[123:2102]<call d_cfst1  cnf_r     40000123 21020123 FFFF0165 FFFFFFFF



00061954[195:8306]<call t_thold  cnf       3F020195 83060123 21020165 45585420

61955 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(ffff),type(4),gain(00)



00061955[045:8606]>LPM  d_idle   tswitch   0004FFFF FF002D00

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61955 [toMGI] MDCX : send_task(6) port(0045), remote_ip(20.0.0.41) remote_port(4

0028) codec(11), Mode(2), Faxinfo(0)



00061955[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A05 00451400 00299C5C

61956 [Call->MGI ] port(045),sid(00) 0602 1a05 0045 1400 0029 9c5c 9c5d 0b00 012

0 2002 0002

61956 [CALL->LPM ] CONF_CNTL: port(0195),cnf_grp(00),mode(1),invalid_mbr: 

mbr(ffff,ffff,ffff,ffff,ffff)



00061956[045:8606]>LPM  d_idle   conf      02010008

61956 [CALL->LPM ] CONF_CNTL: port(0195),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0195,ffff,ffff,ffff,ffff)



00061957[045:8606]>LPM  d_idle   conf      02000000

 is_conf_status port = 405  OK!!





00061957[195:8306]>LPM  t_thold  dgp_led   11061113 00000000 00000000 0000FFFF



00061957[123:2102]<call d_cfin   cnf_r     40000123 21020195 830600CA 20202020



00061957[195:8306]<call t_conf   state     1AD10195 83060195 830600CA FFFFFFFF

 is_conf_status port = 405  OK!!





00061958[195:8306]>LPM  t_conf   dgp_led   11060   



00061958[123:2102]<call d_cfdial cnf_hold  6C000123 21020195 830600CA FFFFFFFF

61958 [CALL->LPM ] CONF_CNTL: port(0195),cnf_grp(00),mode(1),mbr_indx(00): 

mbr(ffff,ffff,ffff,ffff,ffff)



00061958[045:8606]>LPM  d_idle   conf      02010000

61958 [Call->Call] MGI Reserve (30)  : port(195), mgi(045), state(d1)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61959 [toMGI] MDCX : send_task(6) port(0045), remote_ip(20.0.0.41) remote_port(4

0028) codec(11), Mode(2), Faxinfo(0)



00061959[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A05 00451400 00299C5C

61959 [Call->MGI ] port(045),sid(00) 0602 1a05 0045 1400 0029 9c5c 9c5d 0b00 012

0 2002 0071

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

61960 [toMGI] MDCX : send_task(6) port(0045), remote_ip(20.0.0.41) remote_port(4

0028) codec(11), Mode(2), Faxinfo(0)



00061960[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A05 00451400 00299C5C

61960 [Call->MGI ] port(045),sid(00) 0602 1a05 0045 1400 0029 9c5c 9c5d 0b00 012

0 2002 0002

61960 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(00ee),type(2),gain(00)



00061961[045:8606]>LPM  d_idle   tswitch   000200EE FF002D00



00061961[195:8306]<QSIG t_conf   unknown   4A0625FF 000052 8



00061961[195:8306]<pper t_conf   spnet_lnk 0FFF0195 83060195 8306FFFF 20202020



00061961[195:8306]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00061961[123:2102]<ipp  d_cfdial           10112900 04020020



00061962[123:2102]<LPM  d_cfdial digit_2   0402FFFF



00061962[123:2102]<ipp  d_cfdial           10112900 04010020



00061962[123:2102]<LPM  d_cfdial digit_1   0401FFFF



00061962[123:2102]<ipp  d_cfdial           10112900 04070020



00061962[123:2102]<LPM  d_cfdial digit_7   0407FFFF



00061964[123:2102]<ipp  d_cfdial           10112900 04020020



00061964[123:2102]<LPM  d_cfdial digit_2   0402FFFF



00061964[123:2102]<call d_cfdial k_dss2172 32FF0123 21020123 FFFF0134 0169FFFF



00061964[169:2172]<call d_idle   szr_stn   10080169 21720123 21020134 45585420



00061964[169:2172]>LPM  d_idle   dgp_ring  180004FF

61964 [CALLTASK] Can't send virtual port(0169) to SP



61964 [toPRI(sz:80)] ACU_CONN_RQ   

 7E80 0169 0050 2341 00FF 4CFF 5600 0100 0000 00FF 0000 0000 0000 0000 0000 0000

 0404 0010 0808 0000 3231 3732 3231 3032 6368 6961 6D61 7461 2064 6120 3231 3032

 4558 5420 3231 3032 4558 5420 3231 3732

61964 call_szr_stn(109)



00061964[123:2102]<call d_cfstn  szr_stn_r 11230123 21020169 21720100 45585420



00061964[123:2102]<call d_bri    state     1A6E0123 21020123 2102013A FFFFFFFF



00061964[169:2172]<sip  d_idle             14660000 00000000 00000000 00000000



00061965[169:2172]<LPM  d_idle   unknown   660079FF 00000000 00000000 00000000



00061965[123:2102]<call d_bri    szr_stn_r 11000123 21020169 21720100 45585420



00061965[123:2102]<call d_brirbk bri_state 96FF0123 21020169 21720100 01660001

 [CALL:123] dgp_bri_rbk_bri_state>>> bri_msg(66), tone_tsw(01), sub_detail(01)





00061965[169:2172]<call d_brirng add_ringq 75FF0169 21720123 2102016E 0100FF00



00061966[169:2172]<call d_brirng send_info 98010169 21720123 2102016E 45585420



00061966[169:2172]<sip  d_brirng           14650000 00000000 00000000 00000000



00061966[169:2172]<LPM  d_brirng unknown   650079FF 00000000 00000000 00000000



00061966[123:2102]<call d_brirbk bri_state 96FF0123 21020169 21720175 0065FF07

 [CALL:123] dgp_bri_rbk_bri_state>>> bri_msg(65), tone_tsw(00), sub_detail(07)



61967 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65ec ffff ffff ffff fff

f

61967 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65ec ffff ffff ffff fff

f



00061968[195:8306]<QSIG t_conf   unknown   4A0625FF 000052 8



00062005[195:8306]<pper t_conf   spnet_lnk 0FFF0195 83060195 8306FFFF 20202020



00062005[195:8306]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00062018[195:8306]<QSIG t_conf   unknown   4A0625FF 000052 8



00062024[169:2172]<sip  d_brirng           1462000B FFFFFFFF 552AFCFB 4E20FFFF



00062024[169:2172]<LPM  d_brirng unknown   620079FF FFFFFFFF FFFFFF56 FFFFFFFF

62024 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00f0) sub_id(01) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00062024[040:8601]>LPM  d_idle   mps_msg   4C000301 3000552A FCFB4E20 14000015

62024 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00f1) sub_id(01) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00062024[040:8601]>LPM  d_idle   mps_msg   4C000301 31001400 00562328 14000015

62024 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65f2 ffff ffff ffff fff

f

62025 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65f2 ffff ffff ffff fff

f

62025 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 65f2 ffff ffff ffff fff

f

62025 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 65f2 ffff ffff ffff fff

f

62025 [toPRI(sz:42)] Unknown Messag

 7E80 0169 002A 2350 00FF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF

62026 [CALLTASK] Can't send virtual port(0169) to SP





00062026[169:2172]>LPM  d_brirng dgp_ring  180000FF

62026 [CALLTASK] Can't send virtual port(0169) to SP



62026 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00f0) sub_id(03) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00062026[040:8601]>LPM  d_idle   mps_msg   4C000303 3000552A FCFB4E20 14000015

62027 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00f1) sub_id(03) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00062027[040:8601]>LPM  d_idle   mps_msg   4C000303 31001400 00562328 14000015

62027 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

62028 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00f0) sub_id(03) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00062028[040:8601]>LPM  d_idle   mps_msg   4C000303 3000552A FCFB4E20 14000015

62028 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00f1) sub_id(03) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00062028[040:8601]>LPM  d_idle   mps_msg   4C000303 31001400 00562328 14000015

62029 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

62029 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF



00062030[123:2102]<call d_brirbk opphof    1B000123 21020169 21720175 00455854

62030 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65f2 ffff ffff ffff fff

f

62030 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65f2 ffff ffff ffff fff

f



00062030[123:2102]<call d_brirbk imhof     71FF0123 21020169 21720175 FFFFFFFF



00062030[123:2102]<call d_brirbk bri_state 96FF0123 21020169 21720175 01620101

 [CALL:123] dgp_bri_rbk_bri_state>>> bri_msg(62), tone_tsw(01), sub_detail(01)



62031 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00f1) sub_id(03) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00062031[040:8601]>LPM  d_idle   mps_msg   4C000303 31001400 00562328 14000015

62031 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00f0) sub_id(03) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00062032[040:8601]>LPM  d_idle   mps_msg   4C000303 3000552A FCFB4E20 14000015

62032 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65f2 ffff ffff ffff fff

f

62032 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65f2 ffff ffff ffff fff

f

62032 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 65f2 ffff ffff ffff fff

f

62032 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 65f2 ffff ffff ffff fff

f

62033 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF



00062033[169:2172]<call d_conv   state     1A060169 21720169 21720106 FFFFFFFF



00062033[123:2102]<call d_cfconv state     1A370123 21020123 21020137 FFFFFFFF



00062055[195:8306]<pper t_conf   spnet_lnk 0FFF0195 83060195 8306FFFF 20202020



00062055[195:8306]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00062060[123:2102]<ipp  d_cfconv           10112900 004E0020



00062060[123:2102]<LPM  d_cfconv k_soft_r  004EFFFF

62060 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65f2 ffff ffff ffff fff

f

62060 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65f2 ffff ffff ffff fff

f



00062060[169:2172]<call d_conv   thold     22030169 21720123 21020137 FFFFFFFF

62060 [CALLTASK] Can't send virtual port(0169) to SP



62060 [Call->Call] MGI Reserve (18)  : port(169), mgi(048), state(06)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62060 [toMGI] CRCX : send_task(6) port(0048), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2)



00062060[040:8601]>LPM  d_idle   mgi_msg   44004400 06019A08 0048552A FCFB4E20

62060 [Call->MGI ] port(048),sid(00) 0601 9a08 0048 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

62061 [CALL->CFG ] TSW_CNTL: rx_port(0048),tx_port(000b),type(3),gain(00)



00062061[048:8609]>LPM  d_idle   tswitch   0003000B FF00000 

62061 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1904 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

[CODEC:0169] SIP TX ACU_UPDATE_RQ : connid(00), codec(11 10 3 4 2), ip(85.42.252

.250), rtp(25016) priority(19) sipcall_index(ff ff ff ff)





00062062[169:2172]<call d_thold  cnf       3F020169 21720123 21020137 45585420

62062 [CALLTASK] Can't send virtual port(0169) to SP





00062062[169:2172]>LPM  d_thold  dgp_tone  140000FF

62062 [CALLTASK] Can't send virtual port(0169) to SP



62062 [CALL->CFG ] TSW_CNTL: rx_port(0048),tx_port(ffff),type(4),gain(00)



00062063[048:8609]>LPM  d_idle   tswitch   0004FFFF FF00000 

62063 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00f0) sub_id(02) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00062063[040:8601]>LPM  d_idle   mps_msg   4C000302 3000552A FCFB4E20 14000015

62063 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00f1) sub_id(02) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00062064[040:8601]>LPM  d_idle   mps_msg   4C000302 31001400 00562328 14000015

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62064 [toMGI] MDCX : send_task(6) port(0048), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00062064[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A08 0048552A FCFB4E20

62064 [Call->MGI ] port(048),sid(00) 0602 9a08 0048 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

62065 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

62065 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(1),invalid_mbr: 

mbr(ffff,ffff,ffff,ffff,ffff)



00062065[048:8609]>LPM  d_idle   conf      02010008

62066 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,ffff,ffff,ffff,ffff)

62066 [Call->Call] MGI Reserve (12)  : port(169), mgi(048), state(0d)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62066 [toMGI] MDCX : send_task(6) port(0048), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00062067[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A08 0048552A FCFB4E20

62067 [Call->MGI ] port(048),sid(00) 0602 9a08 0048 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00062067[048:8609]>LPM  d_idle   conf      02000000

62067 [CALL->LPM ] CONF_CNTL: port(0195),cnf_grp(00),mode(1),invalid_mbr: 

mbr(0169,ffff,ffff,ffff,ffff)



00062067[045:8606]>LPM  d_idle   conf      02010008

62068 [CALL->LPM ] CONF_CNTL: port(0195),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0195,ffff,ffff,ffff)



00062068[045:8606]>LPM  d_idle   conf      02000006

62068 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,0195,ffff,ffff,ffff)

62068 [Call->Call] MGI Reserve (12)  : port(169), mgi(048), state(0d)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62069 [toMGI] MDCX : send_task(6) port(0048), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00062069[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A08 0048552A FCFB4E20

62069 [Call->MGI ] port(048),sid(00) 0602 9a08 0048 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00062069[048:8609]>LPM  d_idle   conf      02000006



00062070[123:2102]<call d_cfin   cnf_r     40000123 21020169 2172010D 45585420

62070 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF



00062070[169:2172]<call d_conf   state     1A330169 21720169 2172010D FFFFFFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62071 [toMGI] MDCX : send_task(6) port(0045), remote_ip(20.0.0.41) remote_port(4

0028) codec(11), Mode(2), Faxinfo(0)



00062071[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A05 00451400 00299C5C

62071 [Call->MGI ] port(045),sid(00) 0602 1a05 0045 1400 0029 9c5c 9c5d 0b00 012

0 2002 0000

62071 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(0008),type(3),gain(00)



00062072[045:8606]>LPM  d_idle   tswitch   00030008 0100000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62072 [toMGI] MDCX : send_task(6) port(0048), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00062072[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A08 0048552A FCFB4E20

62072 [Call->MGI ] port(048),sid(00) 0602 9a08 0048 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

62073 [CALL->CFG ] TSW_CNTL: rx_port(0048),tx_port(0008),type(3),gain(00)



00062073[048:8609]>LPM  d_idle   tswitch   00030008 0100000 



00062073[123:2102]<call d_cfdial cnf_hold  6C000123 21020169 2172010D FFFFFFFF



00062073[123:2102]<call d_cfdial cnf_hold  6C010123 21020169 21720133 FFFFFFFF

62073 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(ffff),type(4),gain(00)



00062074[045:8606]>LPM  d_idle   tswitch   0004FFFF FF002D00

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62074 [toMGI] MDCX : send_task(6) port(0045), remote_ip(20.0.0.41) remote_port(4

0028) codec(11), Mode(2), Faxinfo(0)



00062074[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A05 00451400 00299C5C

62074 [Call->MGI ] port(045),sid(00) 0602 1a05 0045 1400 0029 9c5c 9c5d 0b00 012

0 2002 0002

62075 [CALL->LPM ] CONF_CNTL: port(0195),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,ffff,ffff,ffff)



00062075[045:8606]>LPM  d_idle   conf      02010008

62075 [CALL->LPM ] CONF_CNTL: port(0195),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0195,ffff,ffff,ffff)



00062075[045:8606]>LPM  d_idle   conf      02000000

62076 [CALL->LPM ] CONF_CNTL: port(0195),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,ffff,ffff,ffff)



00062076[045:8606]>LPM  d_idle   conf      02010008

62076 [CALL->LPM ] CONF_CNTL: port(0195),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0195,ffff,ffff,ffff)



00062076[045:8606]>LPM  d_idle   conf      02000006

62076 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,0195,ffff,ffff,ffff)

62077 [Call->Call] MGI Reserve (12)  : port(169), mgi(048), state(33)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62077 [toMGI] MDCX : send_task(6) port(0048), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00062077[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A08 0048552A FCFB4E20

62078 [Call->MGI ] port(048),sid(00) 0602 9a08 0048 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00062078[048:8609]>LPM  d_idle   conf      02000006



00062078[169:2172]<sip  d_conf             1471000B 00000000 00000000 00000000



00062078[169:2172]<LPM  d_conf   unknown   710079FF 19000000 00000000 00000000

62078 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

[CODEC:0169] SIP TX ACU_UPDATE_RQ : connid(00), codec(11 255 255 255 255), ip(85

.42.252.250), rtp(25016) priority(1a) sipcall_index(ff ff ff ff)





00062079[195:8306]<QSIG t_conf   unknown   4A0625FF 000052 8



00062081[169:2172]<sip  d_conf             1471000B 00000000 00000000 00000000



00062081[169:2172]<LPM  d_conf   unknown   710079FF 1A000000 00000000 00000000



00062091[123:2102]<ipp  d_cfdial           10112900 004E0020



00062091[123:2102]<LPM  d_cfdial k_soft_r  004EFFFF

62091 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

62091 [Call->Call] MGI Reserve (40)  : port(123), mgi(042), state(34)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

62091 [toMGI] CRCX : send_task(6) port(0042), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2)



00062091[040:8601]>LPM  d_idle   mgi_msg   44004400 06011A02 00421400 00562328

62092 [Call->MGI ] port(042),sid(00) 0601 1a02 0042 1400 0056 2328 2329 0b00 012

0 2002 0071

62092 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 61ac ffff ffff ffff fff

f

62092 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 61ac ffff ffff ffff fff

f

62092 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 61ac ffff ffff ffff fff

f

62092 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 61ac ffff ffff ffff fff

f

62093 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(1),invalid_mbr: 

mbr(0169,0195,ffff,ffff,ffff)



00062093[042:8603]>LPM  d_idle   conf      02010008

62093 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(0),mbr_indx(02): 

mbr(0169,0195,0123,ffff,ffff)

62093 [Call->Call] MGI Reserve (12)  : port(123), mgi(042), state(34)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

62094 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2), Faxinfo(0)



00062094[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00562328

62094 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0056 2328 2329 0b00 012

0 2002 0071



00062094[042:8603]>LPM  d_idle   conf      02000000

62095 [CALL->LPM ] CONF_CNTL: port(0195),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,0123,ffff,ffff)



00062095[045:8606]>LPM  d_idle   conf      02010008

62095 [CALL->LPM ] CONF_CNTL: port(0195),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0195,0123,ffff,ffff)



00062095[045:8606]>LPM  d_idle   conf      02000006

62095 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,0195,0123,ffff,ffff)

62096 [Call->Call] MGI Reserve (12)  : port(169), mgi(048), state(33)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62096 [toMGI] MDCX : send_task(6) port(0048), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00062096[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A08 0048552A FCFB4E20

62097 [Call->MGI ] port(048),sid(00) 0602 9a08 0048 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00062097[048:8609]>LPM  d_idle   conf      02000006

62097 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(0),mbr_indx(02): 

mbr(0169,0195,0123,ffff,ffff)

62097 [Call->Call] MGI Reserve (12)  : port(123), mgi(042), state(34)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

62098 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2), Faxinfo(0)



00062098[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00562328

62098 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0056 2328 2329 0b00 012

0 2002 0071



00062098[042:8603]>LPM  d_idle   conf      02000006



00062099[123:2102]<call d_conf   state     1A330123 21020123 21020134 FFFFFFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62099 [toMGI] MDCX : send_task(6) port(0045), remote_ip(20.0.0.41) remote_port(4

0028) codec(11), Mode(2), Faxinfo(0)



00062099[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A05 00451400 00299C5C

62099 [Call->MGI ] port(045),sid(00) 0602 1a05 0045 1400 0029 9c5c 9c5d 0b00 012

0 2002 0000

62100 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(0008),type(3),gain(00)



00062100[045:8606]>LPM  d_idle   tswitch   00030008 0100000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62100 [toMGI] MDCX : send_task(6) port(0048), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00062100[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A08 0048552A FCFB4E20

62101 [Call->MGI ] port(048),sid(00) 0602 9a08 0048 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

62101 [CALL->CFG ] TSW_CNTL: rx_port(0048),tx_port(0008),type(3),gain(00)



00062101[048:8609]>LPM  d_idle   tswitch   00030008 0100000 



00062105[195:8306]<pper t_conf   spnet_lnk 0FFF0195 83060195 8306FFFF 20202020

 is_conf_status port = 405  OK!!





00062105[195:8306]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00062118[195:8306]<QSIG t_conf   unknown   4A0625FF 000052 8



00062155[195:8306]<pper t_conf   spnet_lnk 0FFF0195 83060195 8306FFFF 20202020

 is_conf_status port = 405  OK!!





00062155[195:8306]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00062168[195:8306]<QSIG t_conf   unknown   4A0625FF 000052 8



00062179[123:2102]<ipp  d_conf             10112900 02000020



00062179[123:2102]<LPM  d_conf   hook_on   0200FFFF

62179 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(1),mbr_indx(02): 

mbr(0169,0195,ffff,ffff,ffff)



00062179[042:8603]>LPM  d_idle   conf      02010000

62179 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(2),invalid_mbr: 

mbr(0169,0195,ffff,ffff,ffff)



00062179[042:8603]>LPM  d_idle   conf      02020000



00062179[123:2102]<call d_rls    state     1A090123 21020123 21020133 FFFFFFFF



00062179[195:8306]<call t_conf   oppchg    1E000195 83060123 21020109 45585420

62179 [CALL->LPM ] CONF_CNTL: port(0195),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,ffff,ffff,ffff)



00062179[045:8606]>LPM  d_idle   conf      02010000

62179 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(ffff),type(4),gain(00)



00062180[045:8606]>LPM  d_idle   tswitch   0004FFFF FF002D00

 is_conf_status port = 361  OK!!



 to_sp_tswitch discard message!! port_no(195) opp(169)



62180 [CALL->LPM ] CONF_CNTL: port(0195),cnf_grp(00),mode(2),invalid_mbr: 

mbr(0169,ffff,ffff,ffff,ffff)



00062180[045:8606]>LPM  d_idle   conf      02020000

 is_conf_status port = 361  OK!!





00062180[195:8306]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF

 is_conf_status port = 361  OK!!





00062181[195:8306]>LPM  t_conv   dgp_led   11060   



00062181[169:2172]<call d_conf   oppchg    1E000169 21720123 21020109 20202020

62181 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(1),mbr_indx(00): 

mbr(ffff,ffff,ffff,ffff,ffff)



00062181[048:8609]>LPM  d_idle   conf      02010000

62182 [CALLTASK] Can't send virtual port(0169) to SP





00062182[169:2172]>LPM  d_conf   dgp_tone  140000FF

62182 [CALLTASK] Can't send virtual port(0169) to SP



62182 [CALL->CFG ] TSW_CNTL: rx_port(0048),tx_port(ffff),type(4),gain(00)



00062182[048:8609]>LPM  d_idle   tswitch   0004FFFF FF00000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62182 [toMGI] DLCX : send_task(6) port(0048)



00062183[040:8601]>LPM  d_idle   mgi_msg   44004400 06030008 00480 D 

62183 [Call->MGI ] port(048),sid(00) 0603 0008 0048 00ff ffff ffff ffff ffff 040

3 0fc4 0571

62183 [Call->Call] MGI Release  : port(169), mgi(048), state(33)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62183 [toMGI] DLCX : send_task(6) port(0045)



00062183[040:8601]>LPM  d_idle   mgi_msg   44004400 06030005 00450 D 

62184 [Call->MGI ] port(045),sid(00) 0603 0005 0045 00ff ffff ffff ffff ffff 000

0 0002 0571

62184 [Call->Call] MGI Release  : port(195), mgi(045), state(c4)

62184 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00f2) sub_id(01) s_ip(85.42.252.251

) d_ip(20.0.0.41)





00062184[040:8601]>LPM  d_idle   mps_msg   4C000301 3200552A FCFB4E20 14000015

62185 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00f3) sub_id(01) s_ip(20.0.0.41) d_

ip(85.42.252.251)





00062185[040:8601]>LPM  d_idle   mps_msg   4C000301 33001400 00299C5C 14000015



00062185[195:8306]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF

62185 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A07 3430 3034 3136 32FF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0195 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

[CODEC:0169] SIP TX ACU_UPDATE_RQ : connid(00), codec(11 10 3 255 255), ip(85.42

.252.250), rtp(26100) priority(1a) sipcall_index(ff ff ff ff)



62186 [toPRI(sz:

[SIPM]62)] ACU_UPDATE_RQ  

 7E80 0169 003E 2351 00FF 1A07 3430 3034 3136 32FF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0195 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF82

62187 [CALL->LPM ] CONF_CNTL: port( In sip_callha0ndle..An Invalid Ev169ent (=),

cnf_grp(0069),mode(2),invalid_mbr: ) under a Stat

mbr(e (=ffff,ffff,ffff12,ffff,ffff)



00062187[169:2172]>LPM  d_conf   conf      02020000)

62187 [CALLTASK] Can't send virtual port(0169) to SP





00062187[195:8306]<call t_conv   state     1A010195 83060195 830600D1 FFFFFFFF



00062188[169:2172]<call d_conv   state     1A060169 21720169 21720106 FFFFFFFF



00062188[123:2102]<call d_rls    get_rq_r  78010123 21020123 21020109 FFFFFFFF

62188 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 61ac ffff ffff ffff fff

f

62188 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 61ac ffff ffff ffff fff

f

62188 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(ffff),type(4),gain(00)



00062189[042:8603]>LPM  d_idle   tswitch   0004FFFF FF0072  

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

62189 [toMGI] DLCX : send_task(6) port(0042)



00062189[040:8601]>LPM  d_idle   mgi_msg   44004400 06030002 00420 C 

62189 [Call->MGI ] port(042),sid(00) 0603 0002 0042 00ff ffff ffff ffff ffff 455

8 5420 3231

62190 [Call->Call] MGI Release  : port(123), mgi(042), state(09)



00062190[169:2172]<call d_conv   call_dur  4C000169 21720195 830600C4



00062190[169:2172]<sip  d_conv             14630000 00000000 00000000 00000000



00062190[169:2172]<LPM  d_conv   unknown   630079FF 00100000 00000000 00000000

62190 [toPRI(sz:22)] ACU_CLEAR_RS  

 7E80 0169 0016 2344 00FF 4C00 0000 0000 0000 0000 0000



00062191[169:2172]<LPM  d_conv   hook_on   0263FFFF

62191 [CALLTASK] Can't send virtual port(0169) to SP



62191 [CALLTASK] Can't send virtual port(0169) to SP





00062191[195:8306]<call t_conv   autordl   3C010195 83060169 21720106 FFFFFFFF



00062191[195:8306]<call t_conv   opphon    1CFF0195 83060169 21720106 00FF00FF



00062191[195:8306]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00062192[195:8306]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00062192[195:8306]<call t_rls    imhon     72FF0195 83060169 21720106 00FF00FF



00062192[169:2172]<call d_rls    state     1A090169 21720169 21720106 FFFFFFFF



00062192[195:8306]<call t_rls    get_ringq 77FF0195 83060169 21720109 FFFFFFFF



00062192[169:2172]<call d_rls    get_rq_r  78010169 21720169 21720109 FFFFFFFF



00062193[169:2172]>LPM  d_rls    dgp_tone  140000FF

62193 [CALLTASK] Can't send virtual port(0169) to SP



62193 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00f2) sub_id(02) s_ip(85.42.252.251

) d_ip(20.0.0.41)





00062193[040:8601]>LPM  d_idle   mps_msg   4C000302 3200552A FCFB4E20 14000015

62193 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00f3) sub_id(02) s_ip(20.0.0.41) d_

ip(85.42.252.251)





00062194[040:8601]>LPM  d_idle   mps_msg   4C000302 33001400 00299C5C 14000015

62194 [CALLTASK] Can't send virtual port(0169) to SP





00062194[169:2172]>LPM  d_idle   dgp_ring  180000FF

62194 [CALLTASK] Can't send virtual port(0169) to SP





00062194[169:2172]>LPM  d_idle   disp_info 3E030000 FF015   

62195 [CALLTASK] Can't send virtual port(0169) to SP





00062195[169:2172]<LPM  d_idle   hook_on   02FFFFFF

62195 [CALLTASK] Can't send virtual port(0169) to SP





00062195[195:8306]<QSIG t_rls    unknown   4A0625FF 000052 8



00062195[169:2172]<sip  d_idle             14640000 00000000 00000000 00000000



00062195[169:2172]<LPM  d_idle   unknown   640079FF 00000000 00000000 00000000



00062196[169:2172]<LPM  d_idle   hook_on   0264FFFF

62196 [CALLTASK] Can't send virtual port(0169) to SP





00062196[195:8306]<QSIG t_rls    clear_co  640625FF 003A0000 00000000 00000010



00062196[195:8306]<LPM  t_rls    hook_on   0264FFFF



===================================================================================== OK











00062855[197:8308]<QSIG t_idle   conn_in   610827FF 00BC0001 004A0000 00725600



00062855[197:8308]>LPM  t_incom  dgp_led   11061113 00000000 00000000 0000FFFF



00062855[197:8308]>LPM  t_didstn dgp_led   11061113 00000000 00000000 0000FFFF



00062855[123:2102]<call d_idle   szr_stn   10050123 21020197 830800C2 20202020



00062855[197:8308]<call t_didstn szr_stn_r 11000197 83080123 21020100 45585420



00062855[197:8308]>LPM  t_didstn dgp_led   11061113 00000000 00000000 0000FFFF

62855 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00fd) sub_id(02) s_ip(255.255.255.2

55) d_ip(255.255.255.255)





00062855[040:8601]>LPM  d_idle   mps_msg   4C000302 3D00FFFF FFFFFFFF FFFFFFFF

62855 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00fc) sub_id(02) s_ip(255.255.255.2

55) d_ip(255.255.255.255)





00062855[040:8601]>LPM  d_idle   mps_msg   4C000302 3C00FFFF FFFFFFFF FFFFFFFF

62856 [Call->Call] MGI Reserve (17)  : port(197), mgi(049), state(d7)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62856 [toMGI] CRCX : send_task(6) port(0049), remote_ip(20.0.0.41) remote_port(4

0036) codec(11), Mode(2)



00062856[040:8601]>LPM  d_idle   mgi_msg   44004400 06011A09 00491400 00299C64

62856 [Call->MGI ] port(049),sid(00) 0601 1a09 0049 1400 0029 9c64 9c65 0b00 012

0 2002 0031

62857 [CALL->CFG ] TSW_CNTL: rx_port(0049),tx_port(0007),type(3),gain(00)



00062857[049:8610]>LPM  d_idle   tswitch   00030007 FF000000



00062857[197:8308]>LPM  t_didstn dgp_led   11061113 00000000 00000000 0000FFFF



00062857[123:2102]<call d_ring   add_cbt   7DFF0123 21020197 830800D7 01070104



00062857[123:2102]<call d_ring   add_ringq 75FF0123 21020197 830800D7 1D00FF00



00062858[197:8308]<pper t_rback  spnet_lnk 0FFF0197 83080197 8308FFFF 20202020



00062858[197:8308]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00062858[197:8308]<QSIG t_rback  unknown   4A0827FF 000052 8



00062858[197:8308]<QSIG t_rback  unknown   4A0827FF 000052 8



00062858[197:8308]<QSIG t_rback  unknown   4A0827FF 000052 8



00062859[197:8308]<QSIG t_rback  unknown   4A0827FF 000052 8



00062867[197:8308]<QSIG t_rback  unknown   4A0827FF 000052 8



00062886[123:2102]<ipp  d_ring             10112900 01000020



00062886[123:2102]<LPM  d_ring   hook_off  0100FFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62886 [toMGI] DLCX : send_task(6) port(0049)



00062886[040:8601]>LPM  d_idle   mgi_msg   44004400 06030009 00492 00

62886 [Call->MGI ] port(049),sid(00) 0603 0009 0049 00ff ffff ffff ffff ffff 455

8 5420 3231

62886 [Call->Call] MGI Release  : port(197), mgi(049), state(c3)

62886 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00fe) sub_id(01) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00062886[040:8601]>LPM  d_idle   mps_msg   4C000301 3E001400 00562328 14000015

62886 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00ff) sub_id(01) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00062886[040:8601]>LPM  d_idle   mps_msg   4C000301 3F001400 00299C64 14000015

62886 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 660c ffff ffff ffff fff

f

62887 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 660c ffff ffff ffff fff

f

62887 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 660c ffff ffff ffff fff

f

62887 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 660c ffff ffff ffff fff

f



00062887[197:8308]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00062887[197:8308]<call t_rback  opphof    1B000197 83080123 21020104 00455854

62888 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00ff) sub_id(03) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00062888[040:8601]>LPM  d_idle   mps_msg   4C000303 3F001400 00299C64 14000015

62888 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00fe) sub_id(03) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00062888[040:8601]>LPM  d_idle   mps_msg   4C000303 3E001400 00562328 14000015



00062889[197:8308]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00062889[197:8308]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00062889[197:8308]>LPM  t_rback  lpsts_ask 06111113 00000000 00000000 0000FFFF



00062889[197:8308]<call t_rback  imhof     71FF0197 83080123 21020104 FFFFFFFF



00062889[123:2102]<call d_conv   state     1A060123 21020123 21020106 FFFFFFFF



00062890[197:8308]<QSIG t_rback  unknown   4A0827FF 000052 8



00062890[197:8308]<inet t_rback            11130000 00000000 00000000 FFFF1400



00062890[197:8308]<QSIG t_rback  conn_co   620827FF 00880001 003C0000 004C5600

62890 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00ff) sub_id(03) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00062891[040:8601]>LPM  d_idle   mps_msg   4C000303 3F001400 00299C64 14000015

62891 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00fe) sub_id(03) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00062891[040:8601]>LPM  d_idle   mps_msg   4C000303 3E001400 00562328 14000015



00062891[197:8308]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00062891[197:8308]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00062892[197:8308]>LPM  t_conv   dgp_led   11060 7 



00062892[197:8308]<call t_conv   state     1A000197 83080197 830800C3 FFFFFFFF



00062892[123:2102]<call d_conv   call_dur  4C000123 21020197 830800C4



00062892[197:8308]<QSIG t_conv   unknown   4A0827FF 000052 8



00062892[197:8308]<QSIG t_conv   unknown   4A0827FF 000052 8



00062892[197:8308]<QSIG t_conv   unknown   4A0827FF 000052 8



00062893[197:8308]<QSIG t_conv   unknown   4A0827FF 000052 8



00062905[000:    ]>LPM  d_idle   date/time 0F00FF03 14051330 0709    



00062905[088:2017]>LPM  d_idle   date/time 0F00FF03 14051330 0709    



00062905[197:8308]<pper t_conv   spnet_lnk 0FFF0197 83080197 8308FFFF 20202020



00062905[197:8308]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00062917[197:8308]<QSIG t_conv   unknown   4A0827FF 000052 8



00062918[123:2102]<ipp  d_conv             10112900 004C0020



00062918[123:2102]<LPM  d_conv   k_soft_l  004CFFFF

62918 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 660c ffff ffff ffff fff

f

62918 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 660c ffff ffff ffff fff

f



00062918[197:8308]<call t_conv   thold     22030197 83080123 21020106 FFFFFFFF

62918 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00ff) sub_id(02) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00062918[040:8601]>LPM  d_idle   mps_msg   4C000302 3F001400 00299C64 14000015

62918 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00fe) sub_id(02) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00062918[040:8601]>LPM  d_idle   mps_msg   4C000302 3E001400 00562328 14000015

62918 [Call->Call] MGI Reserve (30)  : port(197), mgi(04b), state(c4)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62919 [toMGI] CRCX : send_task(6) port(004b), remote_ip(20.0.0.41) remote_port(4

0036) codec(11), Mode(2)



00062919[040:8601]>LPM  d_idle   mgi_msg   44004400 06011A0B 004B1400 00299C64

62919 [Call->MGI ] port(04b),sid(00) 0601 1a0b 004b 1400 0029 9c64 9c65 0b00 012

0 2002 0031

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62920 [toMGI] MDCX : send_task(6) port(004b), remote_ip(20.0.0.41) remote_port(4

0036) codec(11), Mode(2), Faxinfo(0)



00062920[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A0B 004B1400 00299C64

62920 [Call->MGI ] port(04b),sid(00) 0602 1a0b 004b 1400 0029 9c64 9c65 0b00 012

0 2002 0002

62920 [CALL->CFG ] TSW_CNTL: rx_port(004b),tx_port(00ee),type(2),gain(00)



00062921[04B:8612]>LPM  d_idle   tswitch   000200EE FF002D00



00062921[197:8308]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00062921[197:8308]>LPM  t_thold  dgp_led   11061113 00000000 00000000 0000FFFF



00062921[123:2102]<call d_dial1  k_conf    324C0123 21020123 FFFF0106 0263FFFF



00062921[123:2102]<call d_cfst1  cnf       3F010123 FFFF0123 21020158 45585420



00062922[123:2102]<call d_cfst1  cnf_r     40000123 21020123 FFFF0165 FFFFFFFF



00062922[197:8308]<call t_thold  cnf       3F020197 83080123 21020165 45585420

62922 [CALL->CFG ] TSW_CNTL: rx_port(004b),tx_port(ffff),type(4),gain(00)



00062922[04B:8612]>LPM  d_idle   tswitch   0004FFFF FF002D00

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62923 [toMGI] MDCX : send_task(6) port(004b), remote_ip(20.0.0.41) remote_port(4

0036) codec(11), Mode(2), Faxinfo(0)



00062923[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A0B 004B1400 00299C64

62923 [Call->MGI ] port(04b),sid(00) 0602 1a0b 004b 1400 0029 9c64 9c65 0b00 012

0 2002 0002

62923 [CALL->LPM ] CONF_CNTL: port(0197),cnf_grp(00),mode(1),invalid_mbr: 

mbr(ffff,ffff,ffff,ffff,ffff)



00062924[04B:8612]>LPM  d_idle   conf      02010008

62924 [CALL->LPM ] CONF_CNTL: port(0197),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0197,ffff,ffff,ffff,ffff)



00062924[04B:8612]>LPM  d_idle   conf      02000000

 is_conf_status port = 407  OK!!





00062924[197:8308]>LPM  t_thold  dgp_led   11061113 00000000 00000000 0000FFFF



00062924[123:2102]<call d_cfin   cnf_r     40000123 21020197 830800CA 20202020



00062925[197:8308]<call t_conf   state     1AD10197 83080197 830800CA FFFFFFFF

 is_conf_status port = 407  OK!!





00062925[197:8308]>LPM  t_conf   dgp_led   11060   



00062925[123:2102]<call d_cfdial cnf_hold  6C000123 21020197 830800CA FFFFFFFF

62925 [CALL->LPM ] CONF_CNTL: port(0197),cnf_grp(00),mode(1),mbr_indx(00): 

mbr(ffff,ffff,ffff,ffff,ffff)



00062926[04B:8612]>LPM  d_idle   conf      02010000

62926 [Call->Call] MGI Reserve (30)  : port(197), mgi(04b), state(d1)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62926 [toMGI] MDCX : send_task(6) port(004b), remote_ip(20.0.0.41) remote_port(4

0036) codec(11), Mode(2), Faxinfo(0)



00062926[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A0B 004B1400 00299C64

62927 [Call->MGI ] port(04b),sid(00) 0602 1a0b 004b 1400 0029 9c64 9c65 0b00 012

0 2002 0071

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62927 [toMGI] MDCX : send_task(6) port(004b), remote_ip(20.0.0.41) remote_port(4

0036) codec(11), Mode(2), Faxinfo(0)



00062927[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A0B 004B1400 00299C64

62927 [Call->MGI ] port(04b),sid(00) 0602 1a0b 004b 1400 0029 9c64 9c65 0b00 012

0 2002 0002

62928 [CALL->CFG ] TSW_CNTL: rx_port(004b),tx_port(00ee),type(2),gain(00)



00062928[04B:8612]>LPM  d_idle   tswitch   000200EE FF002D00



00062928[197:8308]<QSIG t_conf   unknown   4A0827FF 000052 8



00062936[123:2102]<ipp  d_cfdial           10112900 04020020



00062936[123:2102]<LPM  d_cfdial digit_2   0402FFFF



00062938[123:2102]<ipp  d_cfdial           10112900 04010020



00062938[123:2102]<LPM  d_cfdial digit_1   0401FFFF



00062940[123:2102]<ipp  d_cfdial           10112900 04070020



00062940[123:2102]<LPM  d_cfdial digit_7   0407FFFF



00062942[123:2102]<ipp  d_cfdial           10112900 04020020



00062942[123:2102]<LPM  d_cfdial digit_2   0402FFFF



00062942[123:2102]<call d_cfdial k_dss2172 32FF0123 21020123 FFFF0134 0169FFFF



00062942[169:2172]<call d_idle   szr_stn   10080169 21720123 21020134 45585420



00062942[169:2172]>LPM  d_idle   dgp_ring  180004FF

62942 [CALLTASK] Can't send virtual port(0169) to SP



62942 [toPRI(sz:80)] ACU_CONN_RQ   

 7E80 0169 0050 2341 00FF 4CFF 5600 0100 0000 00FF 0000 0000 0000 0000 0000 0000

 0404 0010 0808 0000 3231 3732 3231 3032 6368 6961 6D61 7461 2064 6120 3231 3032

 4558 5420 3231 3032 4558 5420 3231 3732

62943 call_szr_stn(109)



00062943[123:2102]<call d_cfstn  szr_stn_r 11230123 21020169 21720100 45585420



00062943[123:2102]<call d_bri    state     1A6E0123 21020123 2102013A FFFFFFFF



00062943[169:2172]<sip  d_idle             14660000 00000000 00000000 00000000



00062943[169:2172]<LPM  d_idle   unknown   660079FF 00000000 00000000 00000000



00062944[123:2102]<call d_bri    szr_stn_r 11000123 21020169 21720100 45585420



00062944[123:2102]<call d_brirbk bri_state 96FF0123 21020169 21720100 01660001

 [CALL:123] dgp_bri_rbk_bri_state>>> bri_msg(66), tone_tsw(01), sub_detail(01)





00062944[169:2172]<call d_brirng add_ringq 75FF0169 21720123 2102016E 0100FF00



00062944[169:2172]<call d_brirng send_info 98010169 21720123 2102016E 45585420



00062945[169:2172]<sip  d_brirng           14650000 00000000 00000000 00000000



00062945[169:2172]<LPM  d_brirng unknown   650079FF 00000000 00000000 00000000



00062945[123:2102]<call d_brirbk bri_state 96FF0123 21020169 21720175 0065FF07

 [CALL:123] dgp_bri_rbk_bri_state>>> bri_msg(65), tone_tsw(00), sub_detail(07)



62946 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 660c ffff ffff ffff fff

f

62946 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 660c ffff ffff ffff fff

f



00062954[169:2172]<sip  d_brirng           1462000B FFFFFFFF 552AFCFB 4E20FFFF



00062954[169:2172]<LPM  d_brirng unknown   620079FF FFFFFFFF FFFFFF56 FFFFFFFF

62954 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c0) sub_id(01) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00062954[040:8601]>LPM  d_idle   mps_msg   4C000301 0000552A FCFB4E20 14000015

62954 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c1) sub_id(01) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00062954[040:8601]>LPM  d_idle   mps_msg   4C000301 01001400 00562328 14000015

62954 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 6592 ffff ffff ffff fff

f

62954 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 6592 ffff ffff ffff fff

f

62954 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 6592 ffff ffff ffff fff

f

62954 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 6592 ffff ffff ffff fff

f

62955 [toPRI(sz:42)] Unknown Messag

 7E80 0169 002A 2350 00FF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF

62955 [CALLTASK] Can't send virtual port(0169) to SP





00062955[169:2172]>LPM  d_brirng dgp_ring  180000FF

62955 [CALLTASK] Can't send virtual port(0169) to SP



62955 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c0) sub_id(03) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00062956[040:8601]>LPM  d_idle   mps_msg   4C000303 0000552A FCFB4E20 14000015

62956 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c1) sub_id(03) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00062956[040:8601]>LPM  d_idle   mps_msg   4C000303 01001400 00562328 14000015

62956 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

62957 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c0) sub_id(03) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00062957[040:8601]>LPM  d_idle   mps_msg   4C000303 0000552A FCFB4E20 14000015

62957 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c1) sub_id(03) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00062958[040:8601]>LPM  d_idle   mps_msg   4C000303 01001400 00562328 14000015

62958 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

62958 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF



00062959[123:2102]<call d_brirbk opphof    1B000123 21020169 21720175 00455854

62959 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 6592 ffff ffff ffff fff

f

62959 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 6592 ffff ffff ffff fff

f



00062960[123:2102]<call d_brirbk imhof     71FF0123 21020169 21720175 FFFFFFFF



00062960[123:2102]<call d_brirbk bri_state 96FF0123 21020169 21720175 01620101

 [CALL:123] dgp_bri_rbk_bri_state>>> bri_msg(62), tone_tsw(01), sub_detail(01)



62960 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c1) sub_id(03) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00062960[040:8601]>LPM  d_idle   mps_msg   4C000303 01001400 00562328 14000015

62961 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c0) sub_id(03) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00062961[040:8601]>LPM  d_idle   mps_msg   4C000303 0000552A FCFB4E20 14000015

62961 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 6592 ffff ffff ffff fff

f

62961 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 6592 ffff ffff ffff fff

f

62962 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 6592 ffff ffff ffff fff

f

62962 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 6592 ffff ffff ffff fff

f

62962 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF



00062962[169:2172]<call d_conv   state     1A060169 21720169 21720106 FFFFFFFF



00062963[123:2102]<call d_cfconv state     1A370123 21020123 21020137 FFFFFFFF



00062963[197:8308]<pper t_conf   spnet_lnk 0FFF0197 83080197 8308FFFF 20202020



00062963[197:8308]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00062967[197:8308]<QSIG t_conf   unknown   4A0827FF 000052 8



00062981[123:2102]<ipp  d_cfconv           10112900 004E0020



00062981[123:2102]<LPM  d_cfconv k_soft_r  004EFFFF

62981 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 6592 ffff ffff ffff fff

f

62981 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 6592 ffff ffff ffff fff

f



00062981[169:2172]<call d_conv   thold     22030169 21720123 21020137 FFFFFFFF

62981 [CALLTASK] Can't send virtual port(0169) to SP



62981 [Call->Call] MGI Reserve (18)  : port(169), mgi(042), state(06)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62981 [toMGI] CRCX : send_task(6) port(0042), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2)



00062981[040:8601]>LPM  d_idle   mgi_msg   44004400 06019A02 0042552A FCFB4E20

62981 [Call->MGI ] port(042),sid(00) 0601 9a02 0042 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

62982 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(000b),type(3),gain(00)



00062982[042:8603]>LPM  d_idle   tswitch   0003000B FF00000 

62982 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1904 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

[CODEC:0169] SIP TX ACU_UPDATE_RQ : connid(00), codec(11 10 3 4 2), ip(85.42.252

.250), rtp(25004) priority(19) sipcall_index(ff ff ff ff)





00062983[169:2172]<call d_thold  cnf       3F020169 21720123 21020137 45585420

62983 [CALLTASK] Can't send virtual port(0169) to SP





00062983[169:2172]>LPM  d_thold  dgp_tone  140000FF

62983 [CALLTASK] Can't send virtual port(0169) to SP



62983 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(ffff),type(4),gain(00)



00062984[042:8603]>LPM  d_idle   tswitch   0004FFFF FF00000 

62984 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c0) sub_id(02) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00062984[040:8601]>LPM  d_idle   mps_msg   4C000302 0000552A FCFB4E20 14000015

62984 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c1) sub_id(02) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00062985[040:8601]>LPM  d_idle   mps_msg   4C000302 01001400 00562328 14000015

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62985 [toMGI] MDCX : send_task(6) port(0042), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00062985[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A02 0042552A FCFB4E20

62985 [Call->MGI ] port(042),sid(00) 0602 9a02 0042 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

62986 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

62986 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(1),invalid_mbr: 

mbr(ffff,ffff,ffff,ffff,ffff)



00062986[042:8603]>LPM  d_idle   conf      02010008

62987 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,ffff,ffff,ffff,ffff)

62987 [Call->Call] MGI Reserve (12)  : port(169), mgi(042), state(0d)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62987 [toMGI] MDCX : send_task(6) port(0042), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00062988[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A02 0042552A FCFB4E20

62988 [Call->MGI ] port(042),sid(00) 0602 9a02 0042 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00062988[042:8603]>LPM  d_idle   conf      02000000

62988 [CALL->LPM ] CONF_CNTL: port(0197),cnf_grp(00),mode(1),invalid_mbr: 

mbr(0169,ffff,ffff,ffff,ffff)



00062988[04B:8612]>LPM  d_idle   conf      02010008

62989 [CALL->LPM ] CONF_CNTL: port(0197),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0197,ffff,ffff,ffff)



00062989[04B:8612]>LPM  d_idle   conf      02000006

62989 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,0197,ffff,ffff,ffff)

62989 [Call->Call] MGI Reserve (12)  : port(169), mgi(042), state(0d)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62990 [toMGI] MDCX : send_task(6) port(0042), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00062990[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A02 0042552A FCFB4E20

62990 [Call->MGI ] port(042),sid(00) 0602 9a02 0042 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00062990[042:8603]>LPM  d_idle   conf      02000006



00062991[123:2102]<call d_cfin   cnf_r     40000123 21020169 2172010D 45585420

62991 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF



00062991[169:2172]<call d_conf   state     1A330169 21720169 2172010D FFFFFFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62992 [toMGI] MDCX : send_task(6) port(004b), remote_ip(20.0.0.41) remote_port(4

0036) codec(11), Mode(2), Faxinfo(0)



00062992[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A0B 004B1400 00299C64

62992 [Call->MGI ] port(04b),sid(00) 0602 1a0b 004b 1400 0029 9c64 9c65 0b00 012

0 2002 0000

62992 [CALL->CFG ] TSW_CNTL: rx_port(004b),tx_port(0008),type(3),gain(00)



00062993[04B:8612]>LPM  d_idle   tswitch   00030008 0100000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62993 [toMGI] MDCX : send_task(6) port(0042), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00062993[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A02 0042552A FCFB4E20

62993 [Call->MGI ] port(042),sid(00) 0602 9a02 0042 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

62994 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(0008),type(3),gain(00)



00062994[042:8603]>LPM  d_idle   tswitch   00030008 0100000 



00062994[123:2102]<call d_cfdial cnf_hold  6C000123 21020169 2172010D FFFFFFFF



00062994[123:2102]<call d_cfdial cnf_hold  6C010123 21020169 21720133 FFFFFFFF

62994 [CALL->CFG ] TSW_CNTL: rx_port(004b),tx_port(ffff),type(4),gain(00)



00062995[04B:8612]>LPM  d_idle   tswitch   0004FFFF FF002D00

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62995 [toMGI] MDCX : send_task(6) port(004b), remote_ip(20.0.0.41) remote_port(4

0036) codec(11), Mode(2), Faxinfo(0)



00062995[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A0B 004B1400 00299C64

62995 [Call->MGI ] port(04b),sid(00) 0602 1a0b 004b 1400 0029 9c64 9c65 0b00 012

0 2002 0002

62996 [CALL->LPM ] CONF_CNTL: port(0197),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,ffff,ffff,ffff)



00062996[04B:8612]>LPM  d_idle   conf      02010008

62996 [CALL->LPM ] CONF_CNTL: port(0197),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0197,ffff,ffff,ffff)



00062996[04B:8612]>LPM  d_idle   conf      02000000

62997 [CALL->LPM ] CONF_CNTL: port(0197),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,ffff,ffff,ffff)



00062997[04B:8612]>LPM  d_idle   conf      02010008

62997 [CALL->LPM ] CONF_CNTL: port(0197),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0197,ffff,ffff,ffff)



00062997[04B:8612]>LPM  d_idle   conf      02000006

62997 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,0197,ffff,ffff,ffff)

62998 [Call->Call] MGI Reserve (12)  : port(169), mgi(042), state(33)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

62998 [toMGI] MDCX : send_task(6) port(0042), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00062998[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A02 0042552A FCFB4E20

62999 [Call->MGI ] port(042),sid(00) 0602 9a02 0042 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00062999[042:8603]>LPM  d_idle   conf      02000006



00062999[169:2172]<sip  d_conf             1471000B 00000000 00000000 00000000



00062999[169:2172]<LPM  d_conf   unknown   710079FF 19000000 00000000 00000000

62999 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

[CODEC:0169] SIP TX ACU_UPDATE_RQ : connid(00), codec(11 255 255 255 255), ip(85

.42.252.250), rtp(25004) priority(1a) sipcall_index(ff ff ff ff)





00063002[169:2172]<sip  d_conf             1471000B 00000000 00000000 00000000



00063002[169:2172]<LPM  d_conf   unknown   710079FF 1A000000 00000000 00000000



00063005[197:8308]<pper t_conf   spnet_lnk 0FFF0197 83080197 8308FFFF 20202020

 is_conf_status port = 407  OK!!





00063005[197:8308]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00063008[123:2102]<ipp  d_cfdial           10112900 004E0020



00063008[123:2102]<LPM  d_cfdial k_soft_r  004EFFFF

63008 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

63008 [Call->Call] MGI Reserve (40)  : port(123), mgi(04a), state(34)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

63008 [toMGI] CRCX : send_task(6) port(004a), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2)



00063008[040:8601]>LPM  d_idle   mgi_msg   44004400 06011A0A 004A1400 00562328

63008 [Call->MGI ] port(04a),sid(00) 0601 1a0a 004a 1400 0056 2328 2329 0b00 012

0 2002 0071

63008 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 61bc ffff ffff ffff fff

f

63009 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 61bc ffff ffff ffff fff

f

63009 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 61bc ffff ffff ffff fff

f

63009 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 61bc ffff ffff ffff fff

f

63009 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(1),invalid_mbr: 

mbr(0169,0197,ffff,ffff,ffff)



00063009[04A:8611]>LPM  d_idle   conf      02010008

63010 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(0),mbr_indx(02): 

mbr(0169,0197,0123,ffff,ffff)

63010 [Call->Call] MGI Reserve (12)  : port(123), mgi(04a), state(34)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

63010 [toMGI] MDCX : send_task(6) port(004a), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2), Faxinfo(0)



00063011[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A0A 004A1400 00562328

63011 [Call->MGI ] port(04a),sid(00) 0602 1a0a 004a 1400 0056 2328 2329 0b00 012

0 2002 0071



00063011[04A:8611]>LPM  d_idle   conf      02000000

63011 [CALL->LPM ] CONF_CNTL: port(0197),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,0123,ffff,ffff)



00063011[04B:8612]>LPM  d_idle   conf      02010008

63011 [CALL->LPM ] CONF_CNTL: port(0197),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0197,0123,ffff,ffff)



00063012[04B:8612]>LPM  d_idle   conf      02000006

63012 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,0197,0123,ffff,ffff)

63012 [Call->Call] MGI Reserve (12)  : port(169), mgi(042), state(33)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63012 [toMGI] MDCX : send_task(6) port(0042), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00063013[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A02 0042552A FCFB4E20

63013 [Call->MGI ] port(042),sid(00) 0602 9a02 0042 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00063013[042:8603]>LPM  d_idle   conf      02000006

63013 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(0),mbr_indx(02): 

mbr(0169,0197,0123,ffff,ffff)

63014 [Call->Call] MGI Reserve (12)  : port(123), mgi(04a), state(34)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

63014 [toMGI] MDCX : send_task(6) port(004a), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2), Faxinfo(0)



00063014[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A0A 004A1400 00562328

63015 [Call->MGI ] port(04a),sid(00) 0602 1a0a 004a 1400 0056 2328 2329 0b00 012

0 2002 0071



00063015[04A:8611]>LPM  d_idle   conf      02000006



00063015[123:2102]<call d_conf   state     1A330123 21020123 21020134 FFFFFFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63015 [toMGI] MDCX : send_task(6) port(004b), remote_ip(20.0.0.41) remote_port(4

0036) codec(11), Mode(2), Faxinfo(0)



00063016[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A0B 004B1400 00299C64

63016 [Call->MGI ] port(04b),sid(00) 0602 1a0b 004b 1400 0029 9c64 9c65 0b00 012

0 2002 0000

63016 [CALL->CFG ] TSW_CNTL: rx_port(004b),tx_port(0008),type(3),gain(00)



00063016[04B:8612]>LPM  d_idle   tswitch   00030008 0100000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63017 [toMGI] MDCX : send_task(6) port(0042), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00063017[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A02 0042552A FCFB4E20

63017 [Call->MGI ] port(042),sid(00) 0602 9a02 0042 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

63017 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(0008),type(3),gain(00)



00063018[042:8603]>LPM  d_idle   tswitch   00030008 0100000 



00063018[197:8308]<QSIG t_conf   unknown   4A0827FF 000052 8



00063055[197:8308]<pper t_conf   spnet_lnk 0FFF0197 83080197 8308FFFF 20202020

 is_conf_status port = 407  OK!!





00063055[197:8308]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00063067[197:8308]<QSIG t_conf   unknown   4A0827FF 000052 8



00063095[123:2102]<ipp  d_conf             10112900 02000020



00063095[123:2102]<LPM  d_conf   hook_on   0200FFFF

63095 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(1),mbr_indx(02): 

mbr(0169,0197,ffff,ffff,ffff)



00063095[04A:8611]>LPM  d_idle   conf      02010000

63095 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(2),invalid_mbr: 

mbr(0169,0197,ffff,ffff,ffff)



00063095[04A:8611]>LPM  d_idle   conf      02020000



00063095[123:2102]<call d_rls    state     1A090123 21020123 21020133 FFFFFFFF



00063095[197:8308]<call t_conf   oppchg    1E000197 83080123 21020109 45585420

63095 [CALL->LPM ] CONF_CNTL: port(0197),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,ffff,ffff,ffff)



00063095[04B:8612]>LPM  d_idle   conf      02010000

63096 [CALL->CFG ] TSW_CNTL: rx_port(004b),tx_port(ffff),type(4),gain(00)



00063096[04B:8612]>LPM  d_idle   tswitch   0004FFFF FF002D00

 is_conf_status port = 361  OK!!



 to_sp_tswitch discard message!! port_no(197) opp(169)



63096 [CALL->LPM ] CONF_CNTL: port(0197),cnf_grp(00),mode(2),invalid_mbr: 

mbr(0169,ffff,ffff,ffff,ffff)



00063097[04B:8612]>LPM  d_idle   conf      02020000

 is_conf_status port = 361  OK!!





00063097[197:8308]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF

 is_conf_status port = 361  OK!!





00063097[197:8308]>LPM  t_conv   dgp_led   11060   



00063097[169:2172]<call d_conf   oppchg    1E000169 21720123 21020109 20202020

63097 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(1),mbr_indx(00): 

mbr(ffff,ffff,ffff,ffff,ffff)



00063098[042:8603]>LPM  d_idle   conf      02010000

63098 [CALLTASK] Can't send virtual port(0169) to SP





00063098[169:2172]>LPM  d_conf   dgp_tone  140000FF

63098 [CALLTASK] Can't send virtual port(0169) to SP



63098 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(ffff),type(4),gain(00)



00063098[042:8603]>LPM  d_idle   tswitch   0004FFFF FF00000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63099 [toMGI] DLCX : send_task(6) port(0042)



00063099[040:8601]>LPM  d_idle   mgi_msg   44004400 06030002 00420 C 

63099 [Call->MGI ] port(042),sid(00) 0603 0002 0042 00ff ffff ffff ffff ffff 040

3 0fc4 0571

63099 [Call->Call] MGI Release  : port(169), mgi(042), state(33)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63100 [toMGI] DLCX : send_task(6) port(004b)



00063100[040:8601]>LPM  d_idle   mgi_msg   44004400 0603000B 004B0 C 

63100 [Call->MGI ] port(04b),sid(00) 0603 000b 004b 00ff ffff ffff ffff ffff 000

0 0002 0571

63100 [Call->Call] MGI Release  : port(197), mgi(04b), state(c4)

63100 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c2) sub_id(01) s_ip(85.42.252.251

) d_ip(20.0.0.41)





00063101[040:8601]>LPM  d_idle   mps_msg   4C000301 0200552A FCFB4E20 14000015

63101 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c3) sub_id(01) s_ip(20.0.0.41) d_

ip(85.42.252.251)





00063101[040:8601]>LPM  d_idle   mps_msg   4C000301 03001400 00299C64 14000015



00063101[197:8308]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF

63102 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A07 3430 3034 3136 32FF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0197 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

[CODEC:0169] SIP TX ACU_UPDATE_RQ : connid(00), codec(11 10 3 255 255), ip(85.42

.252.250), rtp(26004) priority(1a) sipcall_index(ff ff ff ff)



63102 [toPRI(sz:62

[SIPM])] ACU_UPDATE_RQ  

 7E80 0169 003E 2351 00FF 1A07 3430 3034 3136 32FF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0197 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF82

63103 [CALL->LPM ] CONF_CNTL: port( In sip_callhandle.0.An Invalid Event (169=),

cnf_grp(00),mode(692),invalid_mbr: ) under a State (=

mbr(12ffff,ffff,ffff),ffff,ffff)



00063103[169:2172]>LPM  d_conf   conf      02020000

63104 [CALLTASK] Can't send virtual port(0169) to SP





00063104[197:8308]<call t_conv   state     1A010197 83080197 830800D1 FFFFFFFF



00063104[169:2172]<call d_conv   state     1A060169 21720169 21720106 FFFFFFFF



00063104[123:2102]<call d_rls    get_rq_r  78010123 21020123 21020109 FFFFFFFF

63104 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 61bc ffff ffff ffff fff

f

63105 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 61bc ffff ffff ffff fff

f

63105 [CALL->CFG ] TSW_CNTL: rx_port(004a),tx_port(ffff),type(4),gain(00)



00063105[04A:8611]>LPM  d_idle   tswitch   0004FFFF FF0072  

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

63105 [toMGI] DLCX : send_task(6) port(004a)



00063105[040:8601]>LPM  d_idle   mgi_msg   44004400 0603000A 004A0 D 

63106 [Call->MGI ] port(04a),sid(00) 0603 000a 004a 00ff ffff ffff ffff ffff 455

8 5420 3231

63106 [Call->Call] MGI Release  : port(123), mgi(04a), state(09)



00063106[169:2172]<call d_conv   call_dur  4C000169 21720197 830800C4



00063106[169:2172]<sip  d_conv             14630000 00000000 00000000 00000000



00063106[169:2172]<LPM  d_conv   unknown   630079FF 00100000 00000000 00000000

63107 [toPRI(sz:22)] ACU_CLEAR_RS  

 7E80 0169 0016 2344 00FF 4C00 0000 0000 0000 0000 0000



00063107[169:2172]<LPM  d_conv   hook_on   0263FFFF

63107 [CALLTASK] Can't send virtual port(0169) to SP



63107 [CALLTASK] Can't send virtual port(0169) to SP





00063107[197:8308]<call t_conv   autordl   3C010197 83080169 21720106 FFFFFFFF



00063108[197:8308]<call t_conv   opphon    1CFF0197 83080169 21720106 00FF00FF



00063108[197:8308]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00063108[197:8308]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00063108[197:8308]<call t_rls    imhon     72FF0197 83080169 21720106 00FF00FF



00063108[169:2172]<call d_rls    state     1A090169 21720169 21720106 FFFFFFFF



00063109[197:8308]<call t_rls    get_ringq 77FF0197 83080169 21720109 FFFFFFFF



00063109[169:2172]<call d_rls    get_rq_r  78010169 21720169 21720109 FFFFFFFF



00063109[169:2172]>LPM  d_rls    dgp_tone  140000FF

63109 [CALLTASK] Can't send virtual port(0169) to SP



63109 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c2) sub_id(02) s_ip(85.42.252.251

) d_ip(20.0.0.41)





00063110[040:8601]>LPM  d_idle   mps_msg   4C000302 0200552A FCFB4E20 14000015

63110 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c3) sub_id(02) s_ip(20.0.0.41) d_

ip(85.42.252.251)





00063110[040:8601]>LPM  d_idle   mps_msg   4C000302 03001400 00299C64 14000015

63110 [CALLTASK] Can't send virtual port(0169) to SP





00063110[169:2172]>LPM  d_idle   dgp_ring  180000FF

63111 [CALLTASK] Can't send virtual port(0169) to SP





00063111[169:2172]>LPM  d_idle   disp_info 3E030000 FF015   

63111 [CALLTASK] Can't send virtual port(0169) to SP





00063111[169:2172]<LPM  d_idle   hook_on   02FFFFFF

63111 [CALLTASK] Can't send virtual port(0169) to SP





00063111[197:8308]<QSIG t_rls    unknown   4A0827FF 000052 8



00063111[197:8308]<pper t_rls    spnet_lnk 0FFF0197 83080197 8308FFFF 20202020



00063112[169:2172]<sip  d_idle             14640000 00000000 00000000 00000000



00063112[169:2172]<LPM  d_idle   unknown   640079FF 00000000 00000000 00000000



00063112[169:2172]<LPM  d_idle   hook_on   0264FFFF

63112 [CALLTASK] Can't send virtual port(0169) to SP





00063112[197:8308]<QSIG t_rls    clear_co  640827FF 003A0000 00000000 00000010



00063113[197:8308]<LPM  t_rls    hook_on   0264FFFF



======================================================================================= OK







00063221[198:8309]<QSIG t_idle   conn_in   610928FF 00BC0001 004A0000 00725600



00063221[198:8309]>LPM  t_incom  dgp_led   11061113 00000000 00000000 0000FFFF



00063221[198:8309]>LPM  t_didstn dgp_led   11061113 00000000 00000000 0000FFFF



00063221[123:2102]<call d_idle   szr_stn   10050123 21020198 830900C2 20202020



00063221[198:8309]<call t_didstn szr_stn_r 11000198 83090123 21020100 45585420



00063221[198:8309]>LPM  t_didstn dgp_led   11061113 00000000 00000000 0000FFFF

63221 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c5) sub_id(02) s_ip(255.255.255.2

55) d_ip(255.255.255.255)





00063221[040:8601]>LPM  d_idle   mps_msg   4C000302 0500FFFF FFFFFFFF FFFFFFFF

63221 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c4) sub_id(02) s_ip(255.255.255.2

55) d_ip(255.255.255.255)





00063222[040:8601]>LPM  d_idle   mps_msg   4C000302 0400FFFF FFFFFFFF FFFFFFFF

63222 [Call->Call] MGI Reserve (17)  : port(198), mgi(040), state(d7)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63222 [toMGI] CRCX : send_task(6) port(0040), remote_ip(20.0.0.41) remote_port(4

0040) codec(11), Mode(2)



00063222[040:8601]>LPM  d_idle   mgi_msg   44004400 06011A00 00401400 00299C68

63223 [Call->MGI ] port(040),sid(00) 0601 1a00 0040 1400 0029 9c68 9c69 0b00 012

0 2002 0031

63223 [CALL->CFG ] TSW_CNTL: rx_port(0040),tx_port(0007),type(3),gain(00)



00063223[040:8601]>LPM  d_idle   tswitch   00030007 FF000000



00063223[198:8309]>LPM  t_didstn dgp_led   11061113 00000000 00000000 0000FFFF



00063223[123:2102]<call d_ring   add_cbt   7DFF0123 21020198 830900D7 01070104



00063224[123:2102]<call d_ring   add_ringq 75FF0123 21020198 830900D7 1D00FF00



00063224[198:8309]<QSIG t_rback  unknown   4A0928FF 000053 8



00063224[198:8309]<QSIG t_rback  unknown   4A0928FF 000053 8



00063224[198:8309]<QSIG t_rback  unknown   4A0928FF 000053 8



00063225[198:8309]<QSIG t_rback  unknown   4A0928FF 000053 8



00063253[123:2102]<ipp  d_ring             10112900 01000020



00063253[123:2102]<LPM  d_ring   hook_off  0100FFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63253 [toMGI] DLCX : send_task(6) port(0040)



00063253[040:8601]>LPM  d_idle   mgi_msg   44004400 06030000 00402 00

63253 [Call->MGI ] port(040),sid(00) 0603 0000 0040 00ff ffff ffff ffff ffff 455

8 5420 3231

63253 [Call->Call] MGI Release  : port(198), mgi(040), state(c3)

63253 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c6) sub_id(01) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00063253[040:8601]>LPM  d_idle   mps_msg   4C000301 06001400 00562328 14000015

63254 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c7) sub_id(01) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00063254[040:8601]>LPM  d_idle   mps_msg   4C000301 07001400 00299C68 14000015

63254 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 659c ffff ffff ffff fff

f

63254 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 659c ffff ffff ffff fff

f

63255 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 659c ffff ffff ffff fff

f

63255 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 659c ffff ffff ffff fff

f



00063255[198:8309]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00063255[198:8309]<call t_rback  opphof    1B000198 83090123 21020104 00455854

63255 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c7) sub_id(03) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00063256[040:8601]>LPM  d_idle   mps_msg   4C000303 07001400 00299C68 14000015

63256 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c6) sub_id(03) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00063256[040:8601]>LPM  d_idle   mps_msg   4C000303 06001400 00562328 14000015



00063256[198:8309]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00063257[198:8309]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00063257[198:8309]>LPM  t_rback  lpsts_ask 06111113 00000000 00000000 0000FFFF



00063257[198:8309]<call t_rback  imhof     71FF0198 83090123 21020104 FFFFFFFF



00063257[123:2102]<call d_conv   state     1A060123 21020123 21020106 FFFFFFFF



00063257[123:2102]<pper d_conv   camp_disp 11FF0123 21020123 2102FFFF 45585420



00063258[198:8309]<pper t_rback  spnet_lnk 0FFF0198 83090198 8309FFFF 20202020



00063258[198:8309]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00063258[198:8309]<QSIG t_rback  unknown   4A0928FF 000053 8



00063258[198:8309]<QSIG t_rback  unknown   4A0928FF 000053 8



00063258[198:8309]<inet t_rback            11130000 00000000 00000000 FFFF1400



00063259[198:8309]<QSIG t_rback  conn_co   620928FF 00880001 003C0000 004C5600

63259 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c7) sub_id(03) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00063259[040:8601]>LPM  d_idle   mps_msg   4C000303 07001400 00299C68 14000015

63259 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c6) sub_id(03) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00063260[040:8601]>LPM  d_idle   mps_msg   4C000303 06001400 00562328 14000015



00063260[198:8309]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00063260[198:8309]>LPM  t_rback  dgp_led   11061113 00000000 00000000 0000FFFF



00063260[198:8309]>LPM  t_conv   dgp_led   11060 7 



00063260[198:8309]<call t_conv   state     1A000198 83090198 830900C3 FFFFFFFF



00063261[123:2102]<call d_conv   call_dur  4C000123 21020198 830900C4



00063261[198:8309]<QSIG t_conv   unknown   4A0928FF 000053 8



00063261[198:8309]<QSIG t_conv   unknown   4A0928FF 000053 8



00063261[198:8309]<QSIG t_conv   unknown   4A0928FF 000053 8



00063267[198:8309]<QSIG t_conv   unknown   4A0928FF 000053 8



00063275[123:2102]<ipp  d_conv             10112900 004C0020



00063275[123:2102]<LPM  d_conv   k_soft_l  004CFFFF

63275 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 659c ffff ffff ffff fff

f

63275 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 659c ffff ffff ffff fff

f



00063275[198:8309]<call t_conv   thold     22030198 83090123 21020106 FFFFFFFF

63275 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c7) sub_id(02) s_ip(20.0.0.41) d_

ip(20.0.0.86)





00063275[040:8601]>LPM  d_idle   mps_msg   4C000302 07001400 00299C68 14000015

63276 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c6) sub_id(02) s_ip(20.0.0.86) d_

ip(20.0.0.41)





00063276[040:8601]>LPM  d_idle   mps_msg   4C000302 06001400 00562328 14000015

63276 [Call->Call] MGI Reserve (30)  : port(198), mgi(042), state(c4)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63276 [toMGI] CRCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0040) codec(11), Mode(2)



00063277[040:8601]>LPM  d_idle   mgi_msg   44004400 06011A02 00421400 00299C68

63277 [Call->MGI ] port(042),sid(00) 0601 1a02 0042 1400 0029 9c68 9c69 0b00 012

0 2002 0031

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63277 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0040) codec(11), Mode(2), Faxinfo(0)



00063278[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00299C68

63278 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0029 9c68 9c69 0b00 012

0 2002 0003

63278 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(00ee),type(2),gain(00)



00063278[042:8603]>LPM  d_idle   tswitch   000200EE FF002D00



00063278[198:8309]>LPM  t_conv   dgp_led   11061113 00000000 00000000 0000FFFF



00063279[198:8309]>LPM  t_thold  dgp_led   11061113 00000000 00000000 0000FFFF



00063279[123:2102]<call d_dial1  k_conf    324C0123 21020123 FFFF0106 0263FFFF



00063279[123:2102]<call d_cfst1  cnf       3F010123 FFFF0123 21020158 45585420



00063279[123:2102]<call d_cfst1  cnf_r     40000123 21020123 FFFF0165 FFFFFFFF



00063279[198:8309]<call t_thold  cnf       3F020198 83090123 21020165 45585420

63280 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(ffff),type(4),gain(00)



00063280[042:8603]>LPM  d_idle   tswitch   0004FFFF FF002D00

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63280 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0040) codec(11), Mode(2), Faxinfo(0)



00063280[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00299C68

63281 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0029 9c68 9c69 0b00 012

0 2002 0003

63281 [CALL->LPM ] CONF_CNTL: port(0198),cnf_grp(00),mode(1),invalid_mbr: 

mbr(ffff,ffff,ffff,ffff,ffff)



00063281[042:8603]>LPM  d_idle   conf      02010008

63281 [CALL->LPM ] CONF_CNTL: port(0198),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0198,ffff,ffff,ffff,ffff)



00063282[042:8603]>LPM  d_idle   conf      02000000

 is_conf_status port = 408  OK!!





00063282[198:8309]>LPM  t_thold  dgp_led   11061113 00000000 00000000 0000FFFF



00063282[123:2102]<call d_cfin   cnf_r     40000123 21020198 830900CA 20202020



00063282[198:8309]<call t_conf   state     1AD10198 83090198 830900CA FFFFFFFF

 is_conf_status port = 408  OK!!





00063283[198:8309]>LPM  t_conf   dgp_led   11060   



00063283[123:2102]<call d_cfdial cnf_hold  6C000123 21020198 830900CA FFFFFFFF

63283 [CALL->LPM ] CONF_CNTL: port(0198),cnf_grp(00),mode(1),mbr_indx(00): 

mbr(ffff,ffff,ffff,ffff,ffff)



00063283[042:8603]>LPM  d_idle   conf      02010000

63283 [Call->Call] MGI Reserve (30)  : port(198), mgi(042), state(d1)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63284 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0040) codec(11), Mode(2), Faxinfo(0)



00063284[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00299C68

63284 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0029 9c68 9c69 0b00 012

0 2002 0071

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63285 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0040) codec(11), Mode(2), Faxinfo(0)



00063285[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00299C68

63285 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0029 9c68 9c69 0b00 012

0 2002 0003

63285 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(00ee),type(2),gain(00)



00063286[042:8603]>LPM  d_idle   tswitch   000200EE FF002D00



00063286[198:8309]<QSIG t_conf   unknown   4A0928FF 000053 8



00063286[123:2102]<ipp  d_cfdial           10112900 04020020



00063286[123:2102]<LPM  d_cfdial digit_2   0402FFFF



00063286[123:2102]<ipp  d_cfdial           10112900 04010020



00063286[123:2102]<LPM  d_cfdial digit_1   0401FFFF



00063286[123:2102]<ipp  d_cfdial           10112900 04070020



00063287[123:2102]<LPM  d_cfdial digit_7   0407FFFF



00063287[123:2102]<ipp  d_cfdial           10112900 04020020



00063287[123:2102]<LPM  d_cfdial digit_2   0402FFFF



00063287[123:2102]<call d_cfdial k_dss2172 32FF0123 21020123 FFFF0134 0169FFFF



00063287[169:2172]<call d_idle   szr_stn   10080169 21720123 21020134 45585420



00063288[169:2172]>LPM  d_idle   dgp_ring  180004FF

63288 [CALLTASK] Can't send virtual port(0169) to SP



63288 [toPRI(sz:80)] ACU_CONN_RQ   

 7E80 0169 0050 2341 00FF 4CFF 5600 0100 0000 00FF 0000 0000 0000 0000 0000 0000

 0404 0010 0808 0000 3231 3732 3231 3032 6368 6961 6D61 7461 2064 6120 3231 3032

 4558 5420 3231 3032 4558 5420 3231 3732

63288 call_szr_stn(109)



00063289[123:2102]<call d_cfstn  szr_stn_r 11230123 21020169 21720100 45585420



00063289[123:2102]<call d_bri    state     1A6E0123 21020123 2102013A FFFFFFFF



00063289[169:2172]<sip  d_idle             14660000 00000000 00000000 00000000



00063289[169:2172]<LPM  d_idle   unknown   660079FF 00000000 00000000 00000000



00063289[123:2102]<call d_bri    szr_stn_r 11000123 21020169 21720100 45585420



00063290[123:2102]<call d_brirbk bri_state 96FF0123 21020169 21720100 01660001

 [CALL:123] dgp_bri_rbk_bri_state>>> bri_msg(66), tone_tsw(01), sub_detail(01)





00063290[169:2172]<call d_brirng add_ringq 75FF0169 21720123 2102016E 0100FF00



00063290[169:2172]<call d_brirng send_info 98010169 21720123 2102016E 45585420



00063291[169:2172]<sip  d_brirng           14650000 00000000 00000000 00000000



00063291[169:2172]<LPM  d_brirng unknown   650079FF 00000000 00000000 00000000



00063291[123:2102]<call d_brirbk bri_state 96FF0123 21020169 21720175 0065FF07

 [CALL:123] dgp_bri_rbk_bri_state>>> bri_msg(65), tone_tsw(00), sub_detail(07)



63291 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 659c ffff ffff ffff fff

f

63291 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 659c ffff ffff ffff fff

f



00063299[169:2172]<sip  d_brirng           1462000B FFFFFFFF 552AFCFB 4E20FFFF



00063299[169:2172]<LPM  d_brirng unknown   620079FF FFFFFFFF FFFFFF56 FFFFFFFF

63299 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c8) sub_id(01) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00063299[040:8601]>LPM  d_idle   mps_msg   4C000301 0800552A FCFB4E20 14000015

63299 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c9) sub_id(01) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00063299[040:8601]>LPM  d_idle   mps_msg   4C000301 09001400 00562328 14000015

63299 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65a2 ffff ffff ffff fff

f

63300 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65a2 ffff ffff ffff fff

f

63300 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 65a2 ffff ffff ffff fff

f

63300 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 65a2 ffff ffff ffff fff

f

63300 [toPRI(sz:42)] Unknown Messag

 7E80 0169 002A 2350 00FF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF

63301 [CALLTASK] Can't send virtual port(0169) to SP





00063301[169:2172]>LPM  d_brirng dgp_ring  180000FF

63301 [CALLTASK] Can't send virtual port(0169) to SP



63301 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c8) sub_id(03) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00063301[040:8601]>LPM  d_idle   mps_msg   4C000303 0800552A FCFB4E20 14000015

63302 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c9) sub_id(03) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00063302[040:8601]>LPM  d_idle   mps_msg   4C000303 09001400 00562328 14000015

63302 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

63303 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c8) sub_id(03) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00063303[040:8601]>LPM  d_idle   mps_msg   4C000303 0800552A FCFB4E20 14000015

63303 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c9) sub_id(03) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00063303[040:8601]>LPM  d_idle   mps_msg   4C000303 09001400 00562328 14000015

63304 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

63304 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF



00063305[123:2102]<call d_brirbk opphof    1B000123 21020169 21720175 00455854

63305 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65a2 ffff ffff ffff fff

f

63305 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65a2 ffff ffff ffff fff

f



00063305[123:2102]<call d_brirbk imhof     71FF0123 21020169 21720175 FFFFFFFF



00063305[123:2102]<call d_brirbk bri_state 96FF0123 21020169 21720175 01620101

 [CALL:123] dgp_bri_rbk_bri_state>>> bri_msg(62), tone_tsw(01), sub_detail(01)



63306 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c9) sub_id(03) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00063306[040:8601]>LPM  d_idle   mps_msg   4C000303 09001400 00562328 14000015

63306 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c8) sub_id(03) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00063307[040:8601]>LPM  d_idle   mps_msg   4C000303 0800552A FCFB4E20 14000015

63307 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65a2 ffff ffff ffff fff

f

63307 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65a2 ffff ffff ffff fff

f

63307 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 65a2 ffff ffff ffff fff

f

63307 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 65a2 ffff ffff ffff fff

f

63308 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF



00063308[169:2172]<call d_conv   state     1A060169 21720169 21720106 FFFFFFFF



00063308[123:2102]<call d_cfconv state     1A370123 21020123 21020137 FFFFFFFF



00063309[198:8309]<pper t_conf   spnet_lnk 0FFF0198 83090198 8309FFFF 20202020



00063309[198:8309]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00063317[198:8309]<QSIG t_conf   unknown   4A0928FF 000053 8



00063331[123:2102]<ipp  d_cfconv           10112900 004E0020



00063331[123:2102]<LPM  d_cfconv k_soft_r  004EFFFF

63331 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 65a2 ffff ffff ffff fff

f

63331 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 65a2 ffff ffff ffff fff

f



00063331[169:2172]<call d_conv   thold     22030169 21720123 21020137 FFFFFFFF

63331 [CALLTASK] Can't send virtual port(0169) to SP



63331 [Call->Call] MGI Reserve (18)  : port(169), mgi(045), state(06)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63331 [toMGI] CRCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2)



00063332[040:8601]>LPM  d_idle   mgi_msg   44004400 06019A05 0045552A FCFB4E20

63332 [Call->MGI ] port(045),sid(00) 0601 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

63332 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(000b),type(3),gain(00)



00063332[045:8606]>LPM  d_idle   tswitch   0003000B FF00000 

63332 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1904 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

[CODEC:0169] SIP TX ACU_UPDATE_RQ : connid(00), codec(11 10 3 4 2), ip(85.42.252

.250), rtp(25010) priority(19) sipcall_index(ff ff ff ff)





00063333[169:2172]<call d_thold  cnf       3F020169 21720123 21020137 45585420

63334 [CALLTASK] Can't send virtual port(0169) to SP





00063334[169:2172]>LPM  d_thold  dgp_tone  140000FF

63334 [CALLTASK] Can't send virtual port(0169) to SP



63334 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(ffff),type(4),gain(00)



00063334[045:8606]>LPM  d_idle   tswitch   0004FFFF FF00000 

63334 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c8) sub_id(02) s_ip(85.42.252.251

) d_ip(20.0.0.86)





00063335[040:8601]>LPM  d_idle   mps_msg   4C000302 0800552A FCFB4E20 14000015

63335 [MP_MPS] to_mps_port_ctrl_msg : mps_ch(00c9) sub_id(02) s_ip(20.0.0.86) d_

ip(85.42.252.251)





00063335[040:8601]>LPM  d_idle   mps_msg   4C000302 09001400 00562328 14000015

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63335 [toMGI] MDCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00063336[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A05 0045552A FCFB4E20

63336 [Call->MGI ] port(045),sid(00) 0602 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

63336 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

63337 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(1),invalid_mbr: 

mbr(ffff,ffff,ffff,ffff,ffff)



00063337[045:8606]>LPM  d_idle   conf      02010008

63337 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,ffff,ffff,ffff,ffff)

63337 [Call->Call] MGI Reserve (12)  : port(169), mgi(045), state(0d)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63338 [toMGI] MDCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00063338[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A05 0045552A FCFB4E20

63338 [Call->MGI ] port(045),sid(00) 0602 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00063339[045:8606]>LPM  d_idle   conf      02000000

63339 [CALL->LPM ] CONF_CNTL: port(0198),cnf_grp(00),mode(1),invalid_mbr: 

mbr(0169,ffff,ffff,ffff,ffff)



00063339[042:8603]>LPM  d_idle   conf      02010008

63339 [CALL->LPM ] CONF_CNTL: port(0198),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0198,ffff,ffff,ffff)



00063339[042:8603]>LPM  d_idle   conf      02000006

63340 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,0198,ffff,ffff,ffff)

63340 [Call->Call] MGI Reserve (12)  : port(169), mgi(045), state(0d)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63340 [toMGI] MDCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00063340[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A05 0045552A FCFB4E20

63341 [Call->MGI ] port(045),sid(00) 0602 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00063341[045:8606]>LPM  d_idle   conf      02000006



00063341[123:2102]<call d_cfin   cnf_r     40000123 21020169 2172010D 45585420

63341 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF



00063342[169:2172]<call d_conf   state     1A330169 21720169 2172010D FFFFFFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63342 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0040) codec(11), Mode(2), Faxinfo(0)



00063342[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00299C68

63343 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0029 9c68 9c69 0b00 012

0 2002 0000

63343 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(0008),type(3),gain(00)



00063343[042:8603]>LPM  d_idle   tswitch   00030008 0100000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63343 [toMGI] MDCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00063344[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A05 0045552A FCFB4E20

63344 [Call->MGI ] port(045),sid(00) 0602 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

63344 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(0008),type(3),gain(00)



00063344[045:8606]>LPM  d_idle   tswitch   00030008 0100000 



00063344[123:2102]<call d_cfdial cnf_hold  6C000123 21020169 2172010D FFFFFFFF



00063345[123:2102]<call d_cfdial cnf_hold  6C010123 21020169 21720133 FFFFFFFF

63345 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(ffff),type(4),gain(00)



00063345[042:8603]>LPM  d_idle   tswitch   0004FFFF FF002D00

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63345 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0040) codec(11), Mode(2), Faxinfo(0)



00063346[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00299C68

63346 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0029 9c68 9c69 0b00 012

0 2002 0003

63346 [CALL->LPM ] CONF_CNTL: port(0198),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,ffff,ffff,ffff)



00063347[042:8603]>LPM  d_idle   conf      02010008

63347 [CALL->LPM ] CONF_CNTL: port(0198),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0198,ffff,ffff,ffff)



00063347[042:8603]>LPM  d_idle   conf      02000000

63347 [CALL->LPM ] CONF_CNTL: port(0198),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,ffff,ffff,ffff)



00063347[042:8603]>LPM  d_idle   conf      02010008

63347 [CALL->LPM ] CONF_CNTL: port(0198),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0198,ffff,ffff,ffff)



00063348[042:8603]>LPM  d_idle   conf      02000006

63348 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,0198,ffff,ffff,ffff)

63348 [Call->Call] MGI Reserve (12)  : port(169), mgi(045), state(33)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63349 [toMGI] MDCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00063349[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A05 0045552A FCFB4E20

63349 [Call->MGI ] port(045),sid(00) 0602 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00063349[045:8606]>LPM  d_idle   conf      02000006



00063349[169:2172]<sip  d_conf             1471000B 00000000 00000000 00000000



00063350[169:2172]<LPM  d_conf   unknown   710079FF 19000000 00000000 00000000

63350 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

[CODEC:0169] SIP TX ACU_UPDATE_RQ : connid(00), codec(11 255 255 255 255), ip(85

.42.252.250), rtp(25010) priority(1a) sipcall_index(ff ff ff ff)





00063351[123:2102]<ipp  d_cfdial           10112900 004E0020



00063351[123:2102]<LPM  d_cfdial k_soft_r  004EFFFF

63351 [toPRI(sz:62)] ACU_UPDATE_RQ 

 7E80 0169 003E 2351 00FF 1A04 3231 3032 FFFF FFFF FFFF FFFF FFFF FFFF FFFF FFFF

 FFFF FFFF FFFF FFFF FFFF FFFF 0123 FF00 FFFF FFFF FFFF FFFF FFFF FFFF FFFF

63352 [Call->Call] MGI Reserve (40)  : port(123), mgi(043), state(34)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

63352 [toMGI] CRCX : send_task(6) port(0043), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2)



00063352[040:8601]>LPM  d_idle   mgi_msg   44004400 06011A03 00431400 00562328

63352 [Call->MGI ] port(043),sid(00) 0601 1a03 0043 1400 0056 2328 2329 0b00 012

0 2002 0071

63353 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0200 1400 0015 61ae ffff ffff ffff fff

f

63353 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0300 1400 0015 61ae ffff ffff ffff fff

f

63353 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0000 1400 0015 61ae ffff ffff ffff fff

f

63353 [Call->IPP ] LARGE_AUDIO_CONN:(123) 0100 1400 0015 61ae ffff ffff ffff fff

f

63353 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(1),invalid_mbr: 

mbr(0169,0198,ffff,ffff,ffff)



00063354[043:8604]>LPM  d_idle   conf      02010008

63354 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(0),mbr_indx(02): 

mbr(0169,0198,0123,ffff,ffff)

63354 [Call->Call] MGI Reserve (12)  : port(123), mgi(043), state(34)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

63355 [toMGI] MDCX : send_task(6) port(0043), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2), Faxinfo(0)



00063355[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A03 00431400 00562328

63355 [Call->MGI ] port(043),sid(00) 0602 1a03 0043 1400 0056 2328 2329 0b00 012

0 2002 0071



00063355[043:8604]>LPM  d_idle   conf      02000000

63355 [CALL->LPM ] CONF_CNTL: port(0198),cnf_grp(00),mode(1),mbr_indx(01): 

mbr(0169,ffff,0123,ffff,ffff)



00063356[042:8603]>LPM  d_idle   conf      02010008

63356 [CALL->LPM ] CONF_CNTL: port(0198),cnf_grp(00),mode(0),mbr_indx(01): 

mbr(0169,0198,0123,ffff,ffff)



00063356[042:8603]>LPM  d_idle   conf      02000006

63356 [CALL->LPM ] CONF_CNTL: port(0169),cnf_grp(00),mode(0),mbr_indx(00): 

mbr(0169,0198,0123,ffff,ffff)

63357 [Call->Call] MGI Reserve (12)  : port(169), mgi(045), state(33)

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63357 [toMGI] MDCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00063357[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A05 0045552A FCFB4E20

63357 [Call->MGI ] port(045),sid(00) 0602 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071



00063358[045:8606]>LPM  d_idle   conf      02000006

63358 [CALL->LPM ] CONF_CNTL: port(0123),cnf_grp(00),mode(0),mbr_indx(02): 

mbr(0169,0198,0123,ffff,ffff)

63358 [Call->Call] MGI Reserve (12)  : port(123), mgi(043), state(34)

[CALL_MGI] mgi_audio_codec>>>: codec(01), frame(01)

63358 [toMGI] MDCX : send_task(6) port(0043), remote_ip(20.0.0.86) remote_port(9

000) codec(11), Mode(2), Faxinfo(0)



00063359[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A03 00431400 00562328

63359 [Call->MGI ] port(043),sid(00) 0602 1a03 0043 1400 0056 2328 2329 0b00 012

0 2002 0071



00063359[043:8604]>LPM  d_idle   conf      02000006



00063359[123:2102]<call d_conf   state     1A330123 21020123 21020134 FFFFFFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63360 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0040) codec(11), Mode(2), Faxinfo(0)



00063360[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00299C68

63360 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0029 9c68 9c69 0b00 012

0 2002 0000

63360 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(0008),type(3),gain(00)



00063361[042:8603]>LPM  d_idle   tswitch   00030008 0100000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63361 [toMGI] MDCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00063361[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A05 0045552A FCFB4E20

63361 [Call->MGI ] port(045),sid(00) 0602 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

63362 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(0008),type(3),gain(00)



00063362[045:8606]>LPM  d_idle   tswitch   00030008 0100000 



00063362[169:2172]<sip  d_conf             1471000B 00000000 00000000 00000000



00063362[169:2172]<LPM  d_conf   unknown   710079FF 1A000000 00000000 00000000



00063362[198:8309]<pper t_conf   spnet_lnk 0FFF0198 83090198 8309FFFF 20202020

 is_conf_status port = 408  OK!!





00063363[198:8309]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00063367[198:8309]<QSIG t_conf   unknown   4A0928FF 000053 8



00063405[198:8309]<pper t_conf   spnet_lnk 0FFF0198 83090198 8309FFFF 20202020

 is_conf_status port = 408  OK!!





00063405[198:8309]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00063417[198:8309]<QSIG t_conf   unknown   4A0928FF 000053 8



00063455[198:8309]<pper t_conf   spnet_lnk 0FFF0198 83090198 8309FFFF 20202020

 is_conf_status port = 408  OK!!





00063455[198:8309]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00063459[123:2102]<tmr  d_conf   conf_int  39FF0123 2102FFFF FFFFFFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63459 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0040) codec(11), Mode(2), Faxinfo(0)



00063459[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00299C68

63459 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0029 9c68 9c69 0b00 012

0 2002 0000

63459 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(0008),type(3),gain(00)



00063459[042:8603]>LPM  d_idle   tswitch   00030008 0100000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63459 [toMGI] MDCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00063460[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A05 0045552A FCFB4E20

63460 [Call->MGI ] port(045),sid(00) 0602 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

63460 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(0008),type(3),gain(00)



00063460[045:8606]>LPM  d_idle   tswitch   00030008 0100000 



00063467[198:8309]<QSIG t_conf   unknown   4A0928FF 000053 8



00063505[000:    ]>LPM  d_idle   date/time 0F00FF03 14051331 0809    



00063505[088:2017]>LPM  d_idle   date/time 0F00FF03 14051331 0809    



00063505[198:8309]<pper t_conf   spnet_lnk 0FFF0198 83090198 8309FFFF 20202020

 is_conf_status port = 408  OK!!





00063505[198:8309]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00063517[198:8309]<QSIG t_conf   unknown   4A0928FF 000053 8



00063555[198:8309]<pper t_conf   spnet_lnk 0FFF0198 83090198 8309FFFF 20202020

 is_conf_status port = 408  OK!!





00063555[198:8309]>LPM  t_conf   dgp_led   11061113 00000000 00000000 0000FFFF



00063557[123:2102]<tmr  d_conf   conf_int  39FF0123 2102FFFF FFFFFFFF

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63557 [toMGI] MDCX : send_task(6) port(0042), remote_ip(20.0.0.41) remote_port(4

0040) codec(11), Mode(2), Faxinfo(0)



00063557[040:8601]>LPM  d_idle   mgi_msg   44004400 06021A02 00421400 00299C68

63557 [Call->MGI ] port(042),sid(00) 0602 1a02 0042 1400 0029 9c68 9c69 0b00 012

0 2002 0000

63557 [CALL->CFG ] TSW_CNTL: rx_port(0042),tx_port(0008),type(3),gain(00)



00063557[042:8603]>LPM  d_idle   tswitch   00030008 0100000 

[CALL_MGI] mgi_audio_codec>>>: codec(0b), frame(01)

63558 [toMGI] MDCX : send_task(6) port(0045), remote_ip(85.42.252.251) remote_po

rt(20000) codec(11), Mode(2), Faxinfo(0)



00063558[040:8601]>LPM  d_idle   mgi_msg   44004400 06029A05 0045552A FCFB4E20

63558 [Call->MGI ] port(045),sid(00) 0602 9a05 0045 552a fcfb 4e20 4e21 0b00 012

0 2002 0071

63558 [CALL->CFG ] TSW_CNTL: rx_port(0045),tx_port(0008),type(3),gain(00)



00063559[045:8606]>LPM  d_idle   tswitch   00030008 0100000 



00063567[198:8309]<QSIG t_conf   unknown   4A0928FF 000053 8



=================================================================================== NOK




MBD0027E2BF/090518_Conference.txt

-> 



-> 



-> 



2830680 [CALL->CFG ] TSW_CNTL: rx_port(00c4),tx_port(ffff),type(4),gain(00)



2830689 [CALL->CFG ] TSW_CNTL: rx_port(00c0),tx_port(ffff),type(4),gain(00)



2830689 [CALL->CFG ] TSW_CNTL: rx_port(00c4),tx_port(0007),type(3),gain(00)



 [IPP]recv_ipp_linktest_msg>>>start: ipaddr(14000059), mac(001632cced57)



 [IPP]recv_ipp_linktest_msg>>>end: ret(00000000), ipaddr(14000059), mac(001632cc



ed57)



2830704 [CALL->CFG ] TSW_CNTL: rx_port(00c0),tx_port(00c4),type(0),gain(00)



2830704 [CALL->CFG ] TSW_CNTL: rx_port(00c4),tx_port(ffff),type(4),gain(00)



2830704 [CALL->CFG ] TSW_CNTL: rx_port(00c4),tx_port(00c0),type(0),gain(00)



 [IPP]recv_ipp_linktest_msg>>>start: ipaddr(14000055), mac(001632cce18d)



 [IPP]recv_ipp_linktest_msg>>>end: ret(00000000), ipaddr(14000055), mac(001632cc



e18d)



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



2830796 [CALL->CFG ] TSW_CNTL: rx_port(00c4),tx_port(ffff),type(4),gain(00)



2830796 [CALL->CFG ] TSW_CNTL: rx_port(00c0),tx_port(ffff),type(4),gain(00)



2830796 [CALL->CFG ] TSW_CNTL: rx_port(00c0),tx_port(000b),type(3),gain(00)



2830796 [CALL->CFG ] TSW_CNTL: rx_port(00c0),tx_port(ffff),type(4),gain(00)



2830796 [CALL->LPM ] CONF_CNTL: port(00c0),cnf_grp(00),mode(0),mbr_indx(00): 



mbr(00c0,ffff,ffff,ffff,ffff)



2830796 [CALL->CFG ] TSW_CNTL: rx_port(e000),tx_port(00c0),type(0),gain(00)



2830796 [CALL->CFG ] TSW_CNTL: rx_port(00c0),tx_port(e000),type(0),gain(00)



2830797 [CALL->CFG ] TSW_CNTL: rx_port(00c4),tx_port(0008),type(3),gain(00)



2830797 [CALL->CFG ] TSW_CNTL: rx_port(00c4),tx_port(0008),type(3),gain(00)



2830797 [CALL->CFG ] TSW_CNTL: rx_por



t(283079700 [CFG] TONE_SEND: port(c000)c4,tx_port(),tone(0080)8),type(3),gain(00



)



2830797 [CALL->LPM ] CONF_CNTL: port(00c0),cnf_grp(00),mode(1),mbr_indx(00): 



mbr(ffff,ffff,ffff,ffff,ffff)



2830798 [CALL->CFG ] TSW_CNTL: rx_port(00c0),tx_port(ffff),type(4),gain(00)



2830798 [CALL->CFG ] TSW_CNTL: rx_port(00c0),tx_port(000b),type(3),gain(00)



2830798 [CFG] TONE_SEND: port(00c0),tone(8)



 [IPP]recv_ipp_linktest_msg>>>start: ipaddr(14000059), mac(001632cced57)



 [IPP]recv_ipp_linktest_msg>>>end: ret(00000000), ipaddr(14000059), mac(001632cc



ed57)



2830817 [CALL->CFG ] TSW_CNTL: rx_port(00c4),tx_port(ffff),type(4),gain(00)



 [IPP]recv_ipp_linktest_msg>>>start: ipaddr(14000055), mac(001632cce18d)



 [IPP]recv_ipp_linktest_msg>>>end: ret(00000000), ipaddr(14000055), mac(001632cc



e18d)



2830825 [CALL->CFG ] TSW_CNTL: rx_port(00c3),tx_port(ffff),type(4),gain(00)



2830825 [CALL->CFG ] TSW_CNTL: rx_port(00c4),tx_port(0007),type(3),gain(00)



2830839 [CALL->CFG ] TSW_CNTL: rx_port(00c4),tx_port(ffff),type(4),gain(00)



2830839 [CALL->CFG ] TSW_CNTL: rx_port(00c4),tx_port(00c3),type(0),gain(00)



2830839 [CALL->CFG ] TSW_CNTL: rx_port(00c3),tx_port(00c4),type(0),gain(00)



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



2830878 [CALL->CFG ] TSW_CNTL: rx_port(00c4),tx_port(ffff),type(4),gain(00)



2830878 [CALL->CFG ] TSW_CNTL: rx_port(00c3),tx_port(ffff),type(4),gain(00)



2830878 [CALL->CFG ] TSW_CNTL: rx_port(00c3),tx_port(000b),type(3),gain(00)



2830878 [CALL->CFG ] TSW_CNTL: rx_port(00c3),tx_port(ffff),type(4),gain(00)



2830878 [CALL->LPM ] CONF_CNTL: port(00c3),cnf_grp(00),mode(0),mbr_indx(00): 



mbr(00c3,ffff,ffff,ffff,ffff)



2830878 [CALL->CFG ] TSW_CNTL: rx_port(e000),tx_port(00c3),type(0),gain(00)



2830878 [CALL->CFG ] TSW_CNTL: rx_port(00c3),tx_port(e000),type(0),gain(00)



2830878 [CALL->LPM ] CONF_CNTL: port(00c0),cnf_grp(00),mode(5),invalid_mbr: 



mbr(00c3,ffff,ffff,ffff,ffff)



2830879 [CALL->LPM ] CONF_CNTL: port(00c3),cnf_grp(00),mode(5),mbr_indx(00): 



mbr(00c3,ffff,ffff,ffff,ffff)



2830879 [CALL->CFG ] TSW_CNTL: rx_port(e000),tx_port(00c3),type(0),gain(00)



2830879 [CALL->CFG ] TSW_CNTL: rx_port(00c3),tx_port(e000),type(0),gain(00)



2830879 [CALL->CFG ] TSW_CNTL: rx_port(00c4),tx_port(0008),type(3),gain(00)



2830879 [CALL->CFG ] TSW_CNTL: rx_port(00c4),tx_port(0008),type(3),gain(00)



2830880 [CALL->CFG ] TSW_CNT



L: rx_port(28308800 [CFG] TONE_SEND: port(000c0c4),tx_port(),tone(00088)),type(3



),gain(00)



2830880 [CALL->CFG ] TSW_CNTL: rx_port(00c3),tx_port(0008),type(3),gain(00)



2830880 [CALL->CFG ] TSW_CNTL: rx_port(00c0),tx_port(ffff),type(4),gain(00)



2830880 [CALL->LPM ] CONF_CNTL: port(00c0),cnf_grp(00),mode(0),mbr_indx(01): 



mbr(00c3,00c0,ffff,ffff,ffff)



2830881 [CALL->CFG ] TSW_CNTL: rx_port(e001),tx_port(00c0),type(0),gain(00)



2830881 



[CALL->CFG ] TSW_CN2830881TL: rx_port( [CFG] TONE_SEND: port(0000c0c0),tx_port()



,tone(e0018),type()



02830881),gain( [CFG] TONE_SEND: port(0000c3)),tone(



8283088)1 [CALL->LPM ] CONF_CNTL: port(00c0),cnf_grp(00),mode(5),mbr_indx(01): 



mbr(00c3,00c0,ffff,ffff,ffff)



2830882 [CALL->CFG ] TSW_CNTL: rx_port(e001),tx_port(00c0),type(0),gain(00)



2830882 [CALL->CFG ] TSW_CNTL: rx_port(00c0),tx_port(e001),type(0),gain(00)



2830882 [CALL->LPM ] CONF_CNTL: port(00c3),cnf_grp(00),mode(5),mbr_indx(00): 



mbr(00c3,00c0,ffff,ffff,ffff)



2830882 [CALL->CFG ] TSW_CNTL: rx_port(e000),tx_port(00c3),type(0),gain(00)



2830882 [CALL->CFG ] TSW_CNTL: rx_port(00c3),tx_port(e000),type(0),gain(00)



 [IPP]recv_ipp_linktest_msg>>>start: ipaddr(14000059), mac(001632cced57)



 [IPP]recv_ipp_linktest_msg>>>end: ret(00000000), ipaddr(14000059), mac(001632cc



ed57)



2830911 [CALL->IPP ] NORMAL_DGPDATE  :(660) 00ff 0405 0204 1f08 09ff ffff ffff f



fff



2830911 [CALL->IPP ] NORMAL_DGPMSG   :(660) 0001 0eff ffff ffff ffff ffff ffff f



fff



2830911 [CALL->IPP ] NORMAL_DGPDATE  :(66a) 00ff 0405 0204 1f08 09ff ffff ffff f



fff



2830911 [CALL->IPP ] NORMAL_DGPMSG   :(66a) 0001 0eff ffff ffff ffff ffff ffff f



fff



2830912 [CALL->CFG ] TSW_CNTL: rx_port(00c4),tx_port(ffff),type(4),gain(00)



2830912 [CALL->LPM ] CONF_CNTL: port(00c4),cnf_grp(00),mode(0),mbr_indx(02): 



mbr(00c3,00c0,00c4,ffff,ffff)



2830912 [CALL->CFG ] TSW_CNTL: rx_port(e002),tx_port(00c4),type(0),gain(00)



2830912 [CALL->CFG ] TSW_CNTL: rx_port(00c4),tx_port(e002),type(0),gain(00)



2830912 [CALL->LPM ] CONF_CNTL: port(00c0),cnf_grp(00),mode(5),mbr_indx(01): 



mbr(00c3,00c0,00c4,ffff,ffff)



2830912 [CALL->CFG ] TSW_CNTL: rx_port(e001),tx_port(00c0),type(0),gain(00)



2830912 [CALL->CFG ] TSW_CNTL: rx_port(00c0),tx_port(e001),type(0),gain(00)



2830913 [CALL->LPM ] CONF_CNTL: port(00c3),cnf_grp(00),mode(5),mbr_indx(00): 



mbr(00c3,00c0,00c4,ffff,ffff)



2830913 [CALL->CFG ] TSW_CNTL: rx_port(e000),tx_port(00c3),type(0),gain(00)



2830913 [CALL->CFG ] TSW_CNTL: rx_port(00c3),tx_port(e000),type(0),gain(00)



2830913 [CALL->LPM ] CONF_CNTL: port(00c4),cnf_grp(00),mode(5),mbr_indx(02): 



mbr(00c3,00c0,00c4,ffff,ffff)



2830914 [CALL->CFG ] TSW_CNTL: rx_port(e002),tx_port(00c4),type(0),gain(00)



2830914 [CALL->CFG ] TSW_CNTL: rx_port(00c4),tx_port(e002),type(0),gain(00)



2830914 [CALL->CFG ] TSW_CNTL: rx_port(00c4),tx_port(0008),type(3),gain(00)



2830914 [CALL->CFG ] TSW_CNTL: rx_port(00c0),tx_port(0008),type(3),gain(00)



2830914 [CALL->CFG ] TSW_CNTL: rx_port(00c3),tx_port(0008),type(3),gain(00)



2830915 [CFG] TONE_SEND: port(00c0),tone(8)



2830915 [CFG] TONE_SEND: port(00c3),tone(8)



2830915 [CFG] TONE_SEND: port(00c4),tone(8)



 [IPP]recv_ipp_linktest_msg>>>start: ipaddr(14000055), mac(001632cce18d)



 [IPP]recv_ipp_linktest_msg>>>end: ret(00000000), ipaddr(14000055), mac(001632cc



e18d)



 [IPP]recv_ipp_linktest_msg>>>start: ipaddr(14000059), mac(001632cced57)



 [IPP]recv_ipp_linktest_msg>>>end: ret(00000000), ipaddr(14000059), mac(001632cc



ed57)



2831012 [CALL->CFG ] TSW_CNTL: rx_port(00c4),tx_port(0008),type(3),gain(00)



2831012 [CALL->CFG ] TSW_CNTL: rx_port(00c0),tx_port(0008),type(3),gain(00)



2831012 [CALL->CFG ] TSW_CNTL: rx_port(00c3),tx_port(0008),type(3),gain(00)



2831013 [CFG] TONE_SEND: port(00c0),tone(8)



2831013 [CFG] TONE_SEND: port(00c3),tone(8)



2831013 [CFG] TONE_SEND: port(00c4),tone(8)



 [IPP]recv_ipp_linktest_msg>>>start: ipaddr(14000055), mac(001632cce18d)



 [IPP]recv_ipp_linktest_msg>>>end: ret(00000000), ipaddr(14000055), mac(001632cc



e18d)



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



 [IPP]recv_ipp_linktest_msg>>>start: ipaddr(14000059), mac(001632cced57)



 [IPP]recv_ipp_linktest_msg>>>end: ret(00000000), ipaddr(14000059), mac(001632cc



ed57)



2831109 [CALL->CFG ] TSW_CNTL: rx_port(00c4),tx_port(0008),type(3),gain(00)



2831109 [CALL->CFG ] TSW_CNTL: rx_port(00c0),tx_port(0008),type(3),gain(00)



2831109 [CALL->CFG ] TSW_CNTL: rx_port(00c3),tx_port(0008),type(3),gain(00)



2831109 [CFG] TONE_SEND: port(00c0),tone(8)



2831109 [CFG] TONE_SEND: port(00c3),tone(8)



2831109 [CFG] TONE_SEND: port(00c4),tone(8)



 [IPP]recv_ipp_linktest_msg>>>start: ipaddr(14000055), mac(001632cce18d)



 [IPP]recv_ipp_linktest_msg>>>end: ret(00000000), ipaddr(14000055), mac(001632cc



e18d)



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 



-> 

============================================================================

   conf member중 하나가 호 종료한 시점!!!

   Ext A (0xC0, 4000) / Ext B (0xC3, 4003) / Ext C (0xC4, 4004)

   Ext A,B,C간 conference 형성된 이후, Ext A가 호 종료하면 Ext C의 rx 먹통

============================================================================



2831158 [CALL->CFG ] TSW_CNTL: rx_port(00c0),tx_port(ffff),type(4),gain(00)



2831158 [CALL->LPM ] CONF_CNTL: port(00c0),cnf_grp(00),mode(1),mbr_indx(01): 



mbr(00c3,ffff,00c4,ffff,ffff)



2831158 [CALL->LPM ] CONF_CNTL: port(00c0),cnf_grp(00),mode(1),invalid_mbr: 



mbr(00c3,ffff,00c4,ffff,ffff)



2831158 [CALL->LPM ] CONF_CNTL: port(00c4),cnf_grp(00),mode(1),mbr_indx(02): 



mbr(00c3,ffff,ffff,ffff,ffff)



2831158 [CALL->LPM ] CONF_CNTL: port(00c4),cnf_grp(00),mode(1),invalid_mbr: 



mbr(00c3,ffff,ffff,ffff,ffff)



2831158 [CALL->CFG ] TSW_CNTL: rx_port(00c4),tx_port(ffff),type(4),gain(00)



 is_conf_status port = 195  OK!!



 



 to_sp_tswitch discard message!! port_no(c4) opp(c3)



 



2831158 [CALL->LPM ] CONF_CNTL: port(00c4),cnf_grp(00),mode(2),invalid_mbr: 



mbr(00c3,ffff,ffff,ffff,ffff)



2831158 [CALL->LPM ] CONF_CNTL: port(00c3),cnf_grp(00),mode(1),mbr_indx(00): 



mbr(ffff,ffff,ffff,ffff,ffff)



2831159 [CALL->CFG ] TSW_CNTL: rx_port(00c3),tx_port(ffff),type(4),gain(00)



2831159 [CALL->CFG ] TSW_CNTL: rx_port(00c3),tx_port(00c4),type(0),gain(00)



2831159 [CALL->LPM ] CONF_CNTL: port(00c3),cnf_grp(00),mode(2),invalid_mbr: 



mbr(ffff,ffff,ffff,ffff,ffff)



2831159 [CALL->CFG ] TSW_CNTL: rx_port(00c0),tx_port(ffff),type(4),gain(00)



2831179 [CALL->CFG ] TSW_CNTL: rx_port(00c0),tx_port(0000),type(3),gain(01)



2831181 [CALL->CFG ] TSW_CNTL: rx_port(00c0),tx_port(ffff),type(4),gain(00)



2831181 [CALL->CFG ] TSW_CNTL: rx_port(00c0),tx_port(ffff),type(4),gain(00)



 [IPP]recv_ipp_linktest_msg>>>start: ipaddr(14000059), mac(001632cced57)



 [IPP]recv_ipp_linktest_msg>>>end: ret(00000000), ipaddr(14000059), mac(001632cc



ed57)



 [IPP]recv_ipp_linktest_msg>>>start: ipaddr(14000055), mac(001632cce18d)



 [IPP]recv_ipp_linktest_msg>>>end: ret(00000000), ipaddr(14000055), mac(001632cc



e18d)







Sheet1

						OfficeServ System		Change Notes

		Qnet Number				Problem or Requirement		Reason		Modification		Test Procedure and result		Bug/
Req.		Issued Information												Release Information														Remarks

				검증완료일												Date		System		Package		Version		Country		Index		Package		Version		7400		7200		7100		7070		7030

		-				Group pickup info remains on screen
Group pickup info remains on screen when call is received on analogue trunks. Tested on OS7400 V4.46a 10.02.26, To replicate: setup 3 extensions in the same pickup group, enable pickup group info in 861 and 110. direct trunk line to one of the extensions and make an incoming call, disconnect call, pickup info remains on the 2 extensions that did not ring.		When analog trunk call is incoming, pickup group information is not deleted.		Delete pickup group information in case of incoming analog trunk call.		OK		Bug				OS7400		MP40		V4.46a		UK				ALL		V4.51		O		O

		-				Add IP-AOM in MMC841
Can we add an option to the IT Tool in MMC841 to allow us to upgrade the IP AOM in the same way as the IP Phones, currently you have to connect to the IP AOM via webbrowser to upgrade, this is slow process, much faster using IT Tool and MMC841 and 840 to upgrade.		New feature		Add IP-AOM to MMC841.		OK		Req.				OS7000		ALL		-		-				ALL		V4.51		O		O

		-				Speech comes over the speaker when in headset mode.
under certain configuration and call scenario you can hear speech coming over the speaker when in headset mode. To replicate,  setup 2 phones A=i5243 set auto campon to ON, B= i5243 set Secure OHVA to OFF and switch on headset mode, C= ISDN line or another internal extension. Make call from B to C all is ok, now from A call B, A is camped onto B and C's speech now comes over speaker. Tested on MP40 V4.46a 10.02.26, i3100 V1.28, i5210 V1.07, i5230 V1.07, i5243 V1.64.  When B is replaced by i5220 V2.10 then there is no problem or when A is replaced by digital phone.		We can reproduce this issue on V4.46e, but this issue is modified on V4.50.
=> This issue is already fixed on V4.50. 
In old version speaker is opened by following SECURE_OHVA option.		Modified not to open speaker path by following SECURE OHVA option.		OK		Bug				OS7000		ALL		V4.46e		-				ALL		V4.51		O		O

		N091006001				External Call Forward does not follow Station/Trunk use. 
First raised as bug but HQ asked to raise as New Feature.
The Problem: “If you setup station/trunk use and dial out directly from the phone the station/trunk use works ok.
But if you setup an external call forward on the extension doing the forward it can use a Trunk group that it is not allowed to use and does not follow the Station/Trunk use settings” The extension should only be able to select the trunks that it is allowed to use and not any trunk to complete the external call forward.
See attached DB mmc102, 304, 614, 603, 714 for configuration. In this example I have setup an external call forward to my mobile on ext 202. When I call the ddi the external call forward uses trunk 701 which it should not be allowed to use. this should be the same for all trunk group types .i.e ISDN,Analogue,Sip etc No PSWD for DB		New feature		Add Enhanced FWD to MMC210.
If this option and EXT FWD are ON, trunk call can be outgoing or not by following stn/trk use option.		OK		Req.				OS7200		MP20		V4.xx		UK				ALL		V4.51		O		O

		P100507004				Communicator shows LCR code 
Communicator shows the LCR code when call is connected.
see screenshot, I am dialling my mobile no 07900981347 when call is connected Communicator is also showing the LCR prefix, we dont want to see the LCR prefix.
Tested Communicator V1.0.0.7 and 1.1.0.2 in Desktop Mode 		In case of LCR mode, changed a trsf_satus information sent to communicator to None message. 		Modified to show original dialed number.		OK		Bug				Communicator						UK				ALL		V4.51		O		O

		P100522004				VMAME Feature Broke 
The first report was that IP phones with VMAME assigned do not hear the message being left by the calling user so they dont know if to answer or not. I have tried to the I5243 set and can not hear nor answer the call. I have also tried with a digital set and still can not hear the calling user with VMAME SET.
Assign VMAME to set.
Assign Forward No Answer to Voice Mail
Call station and after it forwards to voice mail, and trying talking. You will not hear the caller leaving a message. 		When entering the VM AME mode,  MP did not send the audio control message.
So cannot hear the sounds.		We fixed the flow.  MP send the audio start message to IP Phone		1. Assign VMAME to set.
2. Assign Forward No Answer to Voice Mail
3. Call station and after it forwards to voice mail, and trying talking.  You will hear the caller leaving a message.		Bug				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O

		P100523001				16-TRK FLASH ISSUE  
We have a OS7200 MP20 with A 16TRK CARD where ports 5-16 will not flash.
Setup MP20 PROCESSOR
SLOT 1 16DLI
SLOT 2 16TRK
SLOT 3 8TRK
SLOT 4 8COMBO
SLOT 5 16MWSLI
PLUG IN STATION CORD ON FIRST PORT OF 16MWSLI CARD AND WIRE TO PORT 4 OF 16TRK CARD.
ACCESS MMC 406 AND HAVE ALL TRK PORTS RING MWSLI PORT WHERE WIRED.
Dial the trunk port on port 4 of 16trk card.
You will hear dial tone from the 16mwsli card.
dial another station on 16dli card and answer the call
dial the flash key to get dial tone and dial another digital station
you can go back and forworth with the flash key to both sets.
Now wire to port 5 of 16trk card and repeat steps.
When you flash the port 5 thru 16 of the 16trk card,  you will not get dial tone and disconnect the first call.
		The number of port is up to 4 on the flash feature with 8TRK2, 16TRK.		The number of port is up to 4 on the flash feature with 8TRK2, 16TRK.		OK		Bug				OS7200		MP20		V4.xx		USA				MP20		V4.51				O								only for MP20

		P100526001				BARGE IN FAILURE 
In v4.46D Software, there is a issue with Barge in.
Say,. that 6759 and 7688 are on a call.
Number 6730 has just barged in on 6759 with no problems.
A new DID call rings on station 6759 but is not answered. It is left to go to voice mail after 3 rings.
When the call routes to voice mail.
The original call between 6759 and 7688 has changed.
7688 can still be heard on station 6730 barged in.
Station 6759 has dial tone after the call was dropped.
6759 and 7688 should have not lost the call. 		When waiting call transfered to VM, Opposite Hangup msg generated. This message must be ignored, but there are checking  bug.		Ignore Oppsite Hangup message from waiting call at barge-in state.		OK		Bug				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O

		P100527001				Page Timeout Broke
In V4.46d software, the page timeout timer in MMC 501 has no affect.
You can do a internal page and it will never end without hanging up and hitting finish on the screen.
It should stop after the time out feature for Paging		There is not timeout during internal paging. This operation is specification.		Because of request, MMC 501 page timer will affect during internal paging		1. Set page timer in MMC 501
2. Check the timer affect or not during internal paging.		Req.				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O								only for USA

		P100602001				Virtual SLT ports ring Normal SLT ports 
Attached is a default DB on V4.46d
When you have a pot phone connected to the 8combo card and ring a virtual extension that is in the same slot and port then the pot phone will also ring.
To replicate: 1>connect a pot phone to 8 combo card port 1 ext 217, 2> from another phone dial virtual ext 3509, 3> you will now see that extension 217 starts to ring and it should not. 		When ringing a virtual slt, ring message should not be sent to signalling part because there is not physical port.		We check the range of port relatated with ring message. If port is virtual port, ring message will be ignored.		1>connect a pot phone to 8 combo card port 1 ext 217, 
2> from another phone dial virtual ext 3509, 
3> ext 217 will be maintained idle state.		Bug				OS7200		MP20		V4.xx		UK				ALL		V4.51		O		O

		P100615001				MP20S MAIN GRETTING CLICKING
We have reports from Tech Support of Clicking on the MP20S voice mail main greeting when the main greeting is redone.  The default main menu greeting number 1001 sounds great.
The problem is when you re-record the greeting 1001 with a soft voice, you will hear clicking when listening to the greeting.  We have seen this issue on software v4.42,and V4.46d, and V4.49 software.
Only the MP20S is being reported,  no issues on the MP10a processor.
One dealer is spreading the word about this problem.
1.   Rerecord greeting 1001 with a soft voice and listen to the greeting.  You will hear clicking noise and static on the recording.		Source code bug.
MP20s has a different recording algorithm.
APIS module has a buffer and it saves the data from MSP to that buffer.
The buffer size is 1600bytes. If it is full, it will send it to VM_MGI module to save it as a file.
Before sending it, APIS moves the data of the buffer to another buffer to send it to VM_MGI.
But the another buffer size is smaller than previous buffer(exactly it is 14 bytes smaller than previous one)
So, 14bytes data is missing and it is the reason of clicking noise.		The buffer used to exchange data between apis and vm_mgi module is increased.(16 bytes)		1. Record a main greeting(for example, 1001)
2. Listen to it and check the clicking noise.		Bug				OS7200		MP20S		V4.xx		USA				MP20S		V4.51				O								only for MP20S

		P100615003				WIP cannot answer calls 
Cannot answer call to WIP500 handset.
Can make calls ok
Handset rings for incoming call but pressing key to answer does nothing

Issue occured after system upgrade from V4.21toV4.42c
Same issue occured in our lab with customers database and default database. 

System OS7400
WIP5000m V3.11.2
Combo Access Point
WLI card V1.18		system -> wip message struct was changed.
there was a problem that WIP couldn't receive some messages.		We retore the message struct to orginal struct.
WIP can receive and process messages.		OK		Bug				OS7400		MP40		V4.42c		Australia				ALL		V4.51		O		O

		P100617004				UCD Prompts Not clipped  
Prompts on the UCD group are not being clipped when an agent becomes free, I have repliacted the problem in the lab on V4.46d.
On V4.42b the UCD prompt is clipped when an agent becomes free.

Please resolve.		 For requst of Russia, Prompts on the UCD group are not being clipped when an agent becomes free.
From V4.50 or V4.51 this will not be applied for UK.		 For requst of Russia, Prompts on the UCD group are not being clipped when an agent becomes free.
From V4.50 or V4.51 this will not be applied for UK.		1. Set VMSUCD feature.
2. Make All agents be busy.
3. Call to UCD group and hear UCD prompt
4. Check that Prompts on the UCD group are being clipped when an agent becomes free.		Bug				OS7400		MP40		V4.46d		UK				ALL		V4.51		O		O								only for UK, EU

		P100617006				Auto Answer intermittently not working 
Under certain scenario Auto answer is intermitantly not working and instead an Announce ring mode is being used even though the extension is set to use Auto answer.
This has been replicated in the lab on V4.46d
To replicate: 1. VSLI 3501 fwrd to VM Group, make 3501 announce only mailbox and record a greeting, set no message left destination to Vsli 3502. 2. on 3502 forward to UCD group. 3. configure members of UCD group to use Auto Answer Ring mode. 4. Point DDI to VSLI 3501. 5. Make multiple calls to DDI (in the lab I made 6 multiple calls using ISDN tester), 6. When agent auto answers clear call and wait for next call to auto answer, intermitantly you will see Announce From XXX and extension does not auto answer.
I have found a work around to this problem but in the above scenario why is the extension not always Auto Answering when the call is coming thru the voicemail. DB attached.
		System checks whether 2nd opposite port of opposite party is valid or not to prevent station pair answering automatically. If 2nd opposite port is valid, ring mode changes into announce mode.
Because of this procedure ring mode of UCD member becomes announce mode.
		Modified to apply this procedure to station port only. 
So if trk port is used, ring mode is Auto Answer mode and the current call is transferred by VM, ring mode is not changed.
		OK		Bug				OS7400		MP40		V4.46d		UK				ALL		V4.51		O		O

		P100622003				P100208005 SIP Hold Reinvite does not work correctly for Transfered calls
The solution for P100208005 does not fix the scenario where a call is transfered. In MMC837 if Hold reinvite is disabled the OfficeServ is still sending an Invite message to place a call on hold in v4.46d software when a call transfer is made.

If Hold reinvite is disabled the Officeserv should not send an Invite mesage to place the call on hold when a transfer is made or a call placed on hold.

REgards,

Iain		Hold reinvite option didn't affect to transferred call.		Hold reinvite option will affect to transferred call.
And you have to remember that hold reinvite option affect in case of MPS off.		1. Set MPS Service option to On.
2. Set hold reinvite option to off
3. Check that SIP Hold Reinvite works correctly for Transferred calls		Req.				OS7200		MP20		V4.xx		UK				ALL		V4.51		O		O

		P100622004				Incorrect SMDR code for UCD to UCD abandoned call. On v4.46d
This is similar problem to P100310013.
If a call overflows from a UCD group, to another UCD group and then overflows to VMS UCD for queue message, when the caller is tyransferring to an agent after the VMS UCD group message, if the caller hangs up when the agent phone is ringing, the system sends a 'C' code and not an 'A' code to SMDR.
Please see attached.		if a call to UCD Group and go to final destination which is UCD Group, and the caller hangs up when the agent phone is ringing, the system sends a 'C' code and not an 'A' code to SMDR.		In this case, I change to send a 'A' code instead of 'C' code to SMDR.		UCD Group A : one member, overflow time 1 second, Next Port VMSUCD group, retry count 1, final dest UCD group B
UCD Group B : several members(real agents)
If you make a call to UCD Group and go to final destination which is UCD Group, and the caller hangs up when the agent phone is ringing, the system sends a 'A' code to SMDR.		Req.				OS7400		MP40		V4.46d		UK				ALL		V4.51		O		O								only for UK, EU

		P100629004				SMT IP Phone delayed speech problem.
Logging this for reference - CJ Seo and EZ Kim already aware of the issue.

There is a delay of about 3 seconds when a user answers a call on SMT i phones. 5243/5230 and 5210.

Example: call into a system on alog trunk, answered by an SMTi5243, if the 5243 user says "hello, samsung communications", the caller only hears "mmunications". And the start of the speech is missed.
All software versions of terminals are having the problem.		T-swtich delay timer affected in this problem.		T-switch delay time was be applied to 300 msec in default. This delay time will be not applied.		OK		Bug				IPP						UK				ALL		V4.51		O		O								only for UK, EU

		P100706002				SIP Calls being rejected with a SIP 513 message too big 
On an OS7100 when a call to a SIP extension is routed out over an SIP Trunk the call is being rejected with a 513 message too big error. 

I have attached a SIP trace and a DB from the customer site.

Nimava report that this problem has been seen in v4.46a, v4.46d and v4.46e

Regards,

Iain		When sending re-Invite message, SIP stack puts 2 authorization headers in a message which makes the receiver confused and reject the message.		Right before sending out re-Invite message, SIP stack checks the number of authorization header and if it is more than 2, simply removes the first authorization header.		OK		Bug				OS7100		MP10		V4.46		UK				ALL		V4.51		O		O

		P100708003				Peri UCD stats showing 65xxx unanswered calls  
If there are calls in the queue when performing either a manual Clear Stats or Automatically then the unanswered calls show 65535 unanswered calls.

Replication: 1. setup a UCD group with two members>2. configure peri ucd>3. telnet onto port 5105>4. make a call into UCD group>5. while the call is in the queue use the supervisor key and perform a manual clear data.>6. you will now see the unanswered calls jump to 65535 on the peri stats.

Tested on 7400 V4.46d		There is an error to initialize unanswered calls.
Unanswered call count is calculated by subtracting ringing count from abandoned call count.
If there is an incoming call and supervisor clears ucd data, only abandoned call count is initialized.
So 65535 is shown when subtracting current ringing count from zero count(=abandoned call count).		Modified to add ringing count to initialized unanswered call count when supervisor clears UCD data.
Check with V4.51 S/W.		OK		Bug				OS7400		MP40		V4.46d		UK				ALL		V4.51		O		O

		P100715002				All SMT-i52xx/ Umlauts are missing after hooked off  
Umlauts are not indicated when hooked off at source side --> F lkel. Also when calling an internal user, at opposite/destination side it cannot be displayed ？ same: F lkel. This wrong indication was recognized at destination side terminals: SMT-i5210 / SMT-i5230 and also SMT-i5243		OfficeServ System doesn't support Umlauts characters display.		We change the system to support Umlauts characters of the station name if a IP Phone is the new model to be shown Umlauts characters(SMT-i3100, 5210, 5220, 5230, 5240, 5243) and station language is German.		OK		Req.				IPP						Germany				ALL		V4.51		O		O								only for Germany

		P100724001				MP20 CONFERENCE SQUELL
We have a report from that we can reproduce in our lab with telco analog lines but not 16mwsli ports.
in V4.46d software on the mp20 but not the mp20s processor with the same 16trk or 8trk2.
Start with a analog phone tied to a 16mwsli card,  go off hook and get dial tone,  dial a port on the 8trk2 card and call telco and have someone answer the phone.
Then hit the flash key and get dial tone,  dial the conference code of 46 and get dial tone again.
dial the second analog trunk and complete the call, hit the flash key to conference two outside partys together with the analog set.  No problem at this point.
Then hit the flash key and dial the third analog trunk on the 8trk2 card.
You will get dial tone again and dial a third party, when they answer, hit the flash key to tie the three outside partys together.
At this point, you will hear a squell on the conference that can not be stopped until one of the outside partys drops off.
This can be reproduce with the 16trk card with the same sequence.

The MP20S card with the same cabinet and trunk cards, and analog phone does not have the problem, onnly the mp20 card has this issue.		when being in conference, system didn't control gain. 		when being in conference, system will control gain. 		OK		Bug				OS7200		MP20		V4.xx		USA				MP20		V4.51				O								only for MP20

		P100728001				OS Operator not displaying CLIP Translation Properly
OS LInk V3.0.0.4
OS Operator V1.3.5.7
OS7100 MP10 V4.46e
Incoming calls are not showing the callers CLIP Translation name when programmed in MMC728 on OS Operator. Instead of showing the name there are some strange characters.
I have tested V4.46d on an MP20 and v4.46e on an MP10 with the same result, when I tested V4.30k on the MP10 then it is working ok. If you have a look at the attached screen shot and logs you can see the CLIP name is not shown properly.		When geting the cid name, garbage data is searched.		When geting the cid name, pointer operation was wrong. So it was fixed.		1. configure cid number and name 
2. making a internal call thru pri trunk
3. check the cid name on OS operator.		Bug				OS7100		MP10		4.46e		UK				ALL		V4.51		O		O

		P100729003				FOLLOW ME FORWARDING ISSUE
We have differences with this feature associated with forwarding that are different than the following forwarding features that work the same way.
Example, FNA, Forward Busy, Forward DND, Forward All, all work the same way with the Chain Forward Option MMC 210, Where the first called station or the forwarded station can be choisen to receive the voice mail. The FOLLOW ME feature will only go the the forwarded stations mailbox unlike the other forward options.
To make this consistent, we would like the FOLLOW ME feature to work with the associated option Chain Forward option in MMC 210 where you can pick which mailbox to deliver the message.
Normally, if someone usesthe FOLLOW ME feature, they would want the message to go the initially called number and not the forwarded stations mailbox.		In case of follow me feature, MMC 210 Chain Forward option didn't affect.		In case of follow me feature, MMC 210 Chain Forward option will affect.		1. Set chain forward option to off.
2. Set follow me feature from station A to station B
  (This means call that go to station B will go to station A)
3. Make a call to Station B, then the call go to station A and FNA to VMS.
4. The message go to initially called number(station A)'s mailbox. 		Req.				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O

		P100729004				PAGE SUPPERVISOR FEATURE INTERACTION
We have found a minor issue on the OS7200 MP20 processor with steps.
1. Put three phones in a internal page group.
2. One of the phones has a UCD Supervisor key assigned that receives the page.
3. Page the three sets and finish the page.
4. Have the user with the Supervisor key acess the feature.
5. The set will respond with Dial Tone even with the display of the Supervisor feature.
6. Press the key with the Supervisor key to leave the feature and then re-enter,
7. Dial tone will not be returned the second time.
8. Please correct the software so that Dial tone will not be delivered to the end user after a page		The previous tone still exist.		When processing second tone message, we turn off first tone.		1. Test with above procedure.		Bug				OS7200		MP20		V4.xx		USA				MP20		V4.51				O								only for MP20

		P100807002				CBK with station Pair issue
We are seeing a issue with Call back feature is used with Station Pair feature.
To reproduce, follow the following steps.
1. assign a  station pair with example 6759 paired with 6730.
2. Make a outside call with station 6730.
3. While the station 6730 is on a call, have someone else call 6759 and hear the busy signal.
4. Hit the CBK or call back feature key against set 6759.
5. Hangup the call on station 6730.
6. The call back to the station that set the call back feature will ring and answer that set.
7. Both sets, 6759 and 6730 will ring but the secondary set will not ring the call button.
8. The primary set will ring the call button and the set can be answered that way.
9. The secondary set will ring and can be answered by picking up the receiver but not by hitting any call button.
10. the problem is the secondary set should have its call button light and should be able to be answered by hitting the call button flashing on the secondary set but you cant.		Paired port did not assign a call button when call back ring occured. To assigned a call button is missed.		It was fixed. When paired port rings, call button will light and be flashing.		1. Configure a station pair
2. Make a busy primary port
3. Remain the callback against secondary port.
4. Call button of secondary port will light and be flahing.		Bug				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O
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						OfficeServ System		Change Notes

		Qnet Number				Problem or Requirement		Reason		Modification		Test Procedure and result		Bug/
Req.		Issued Information												Release Information														Remarks

				검증완료일												Date		System		Package		Version		Country		Index		Package		Version		7400		7200		7100		7070		7030

		-				Group pickup info remains on screen
Group pickup info remains on screen when call is received on analogue trunks. Tested on OS7400 V4.46a 10.02.26, To replicate: setup 3 extensions in the same pickup group, enable pickup group info in 861 and 110. direct trunk line to one of the extensions and make an incoming call, disconnect call, pickup info remains on the 2 extensions that did not ring.		When analog trunk call is incoming, pickup group information is not deleted.		Delete pickup group information in case of incoming analog trunk call.		OK		Bug				OS7400		MP40		V4.46a		UK				ALL		V4.51		O		O

		-				Add IP-AOM in MMC841
Can we add an option to the IT Tool in MMC841 to allow us to upgrade the IP AOM in the same way as the IP Phones, currently you have to connect to the IP AOM via webbrowser to upgrade, this is slow process, much faster using IT Tool and MMC841 and 840 to upgrade.		New feature		Add IP-AOM to MMC841.		OK		Req.				OS7000		ALL		-		-				ALL		V4.51		O		O

		-				Speech comes over the speaker when in headset mode.
under certain configuration and call scenario you can hear speech coming over the speaker when in headset mode. To replicate,  setup 2 phones A=i5243 set auto campon to ON, B= i5243 set Secure OHVA to OFF and switch on headset mode, C= ISDN line or another internal extension. Make call from B to C all is ok, now from A call B, A is camped onto B and C's speech now comes over speaker. Tested on MP40 V4.46a 10.02.26, i3100 V1.28, i5210 V1.07, i5230 V1.07, i5243 V1.64.  When B is replaced by i5220 V2.10 then there is no problem or when A is replaced by digital phone.		We can reproduce this issue on V4.46e, but this issue is modified on V4.50.
=> This issue is already fixed on V4.50. 
In old version speaker is opened by following SECURE_OHVA option.		Modified not to open speaker path by following SECURE OHVA option.		OK		Bug				OS7000		ALL		V4.46e		-				ALL		V4.51		O		O

		N091006001				External Call Forward does not follow Station/Trunk use. 
First raised as bug but HQ asked to raise as New Feature.
The Problem: “If you setup station/trunk use and dial out directly from the phone the station/trunk use works ok.
But if you setup an external call forward on the extension doing the forward it can use a Trunk group that it is not allowed to use and does not follow the Station/Trunk use settings” The extension should only be able to select the trunks that it is allowed to use and not any trunk to complete the external call forward.
See attached DB mmc102, 304, 614, 603, 714 for configuration. In this example I have setup an external call forward to my mobile on ext 202. When I call the ddi the external call forward uses trunk 701 which it should not be allowed to use. this should be the same for all trunk group types .i.e ISDN,Analogue,Sip etc No PSWD for DB		New feature		Add Enhanced FWD to MMC210.
If this option and EXT FWD are ON, trunk call can be outgoing or not by following stn/trk use option.		OK		Req.				OS7200		MP20		V4.xx		UK				ALL		V4.51		O		O

		P100507004				Communicator shows LCR code 
Communicator shows the LCR code when call is connected.
see screenshot, I am dialling my mobile no 07900981347 when call is connected Communicator is also showing the LCR prefix, we dont want to see the LCR prefix.
Tested Communicator V1.0.0.7 and 1.1.0.2 in Desktop Mode		In case of LCR mode, changed a trsf_satus information sent to communicator to None message.		Modified to show original dialed number.		OK		Bug				Communicator						UK				ALL		V4.51		O		O

		P100522004				VMAME Feature Broke 
The first report was that IP phones with VMAME assigned do not hear the message being left by the calling user so they dont know if to answer or not. I have tried to the I5243 set and can not hear nor answer the call. I have also tried with a digital set and still can not hear the calling user with VMAME SET.
Assign VMAME to set.
Assign Forward No Answer to Voice Mail
Call station and after it forwards to voice mail, and trying talking. You will not hear the caller leaving a message.		When entering the VM AME mode,  MP did not send the audio control message.
So cannot hear the sounds.		We fixed the flow.  MP send the audio start message to IP Phone		1. Assign VMAME to set.
2. Assign Forward No Answer to Voice Mail
3. Call station and after it forwards to voice mail, and trying talking.  You will hear the caller leaving a message.		Bug				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O

		P100523001				16-TRK FLASH ISSUE  
We have a OS7200 MP20 with A 16TRK CARD where ports 5-16 will not flash.
Setup MP20 PROCESSOR
SLOT 1 16DLI
SLOT 2 16TRK
SLOT 3 8TRK
SLOT 4 8COMBO
SLOT 5 16MWSLI
PLUG IN STATION CORD ON FIRST PORT OF 16MWSLI CARD AND WIRE TO PORT 4 OF 16TRK CARD.
ACCESS MMC 406 AND HAVE ALL TRK PORTS RING MWSLI PORT WHERE WIRED.
Dial the trunk port on port 4 of 16trk card.
You will hear dial tone from the 16mwsli card.
dial another station on 16dli card and answer the call
dial the flash key to get dial tone and dial another digital station
you can go back and forworth with the flash key to both sets.
Now wire to port 5 of 16trk card and repeat steps.
When you flash the port 5 thru 16 of the 16trk card,  you will not get dial tone and disconnect the first call.		The number of port is up to 4 on the flash feature with 8TRK2, 16TRK.		The number of port is up to 4 on the flash feature with 8TRK2, 16TRK.		OK		Bug				OS7200		MP20		V4.xx		USA				MP20		V4.51				O								only for MP20

		P100526001				BARGE IN FAILURE 
In v4.46D Software, there is a issue with Barge in.
Say,. that 6759 and 7688 are on a call.
Number 6730 has just barged in on 6759 with no problems.
A new DID call rings on station 6759 but is not answered. It is left to go to voice mail after 3 rings.
When the call routes to voice mail.
The original call between 6759 and 7688 has changed.
7688 can still be heard on station 6730 barged in.
Station 6759 has dial tone after the call was dropped.
6759 and 7688 should have not lost the call.		When waiting call transfered to VM, Opposite Hangup msg generated. This message must be ignored, but there are checking  bug.		Ignore Oppsite Hangup message from waiting call at barge-in state.		OK		Bug				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O

		P100527001				Page Timeout Broke
In V4.46d software, the page timeout timer in MMC 501 has no affect.
You can do a internal page and it will never end without hanging up and hitting finish on the screen.
It should stop after the time out feature for Paging		There is not timeout during internal paging. This operation is specification.		Because of request, MMC 501 page timer will affect during internal paging		1. Set page timer in MMC 501
2. Check the timer affect or not during internal paging.		Req.				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O								only for USA

		P100602001				Virtual SLT ports ring Normal SLT ports 
Attached is a default DB on V4.46d
When you have a pot phone connected to the 8combo card and ring a virtual extension that is in the same slot and port then the pot phone will also ring.
To replicate: 1>connect a pot phone to 8 combo card port 1 ext 217, 2> from another phone dial virtual ext 3509, 3> you will now see that extension 217 starts to ring and it should not.		When ringing a virtual slt, ring message should not be sent to signalling part because there is not physical port.		We check the range of port relatated with ring message. If port is virtual port, ring message will be ignored.		1>connect a pot phone to 8 combo card port 1 ext 217, 
2> from another phone dial virtual ext 3509, 
3> ext 217 will be maintained idle state.		Bug				OS7200		MP20		V4.xx		UK				ALL		V4.51		O		O

		P100615001				MP20S MAIN GRETTING CLICKING
We have reports from Tech Support of Clicking on the MP20S voice mail main greeting when the main greeting is redone.  The default main menu greeting number 1001 sounds great.
The problem is when you re-record the greeting 1001 with a soft voice, you will hear clicking when listening to the greeting.  We have seen this issue on software v4.42,and V4.46d, and V4.49 software.
Only the MP20S is being reported,  no issues on the MP10a processor.
One dealer is spreading the word about this problem.
1.   Rerecord greeting 1001 with a soft voice and listen to the greeting.  You will hear clicking noise and static on the recording.		Source code bug.
MP20s has a different recording algorithm.
APIS module has a buffer and it saves the data from MSP to that buffer.
The buffer size is 1600bytes. If it is full, it will send it to VM_MGI module to save it as a file.
Before sending it, APIS moves the data of the buffer to another buffer to send it to VM_MGI.
But the another buffer size is smaller than previous buffer(exactly it is 14 bytes smaller than previous one)
So, 14bytes data is missing and it is the reason of clicking noise.		The buffer used to exchange data between apis and vm_mgi module is increased.(16 bytes)		1. Record a main greeting(for example, 1001)
2. Listen to it and check the clicking noise.		Bug				OS7200		MP20S		V4.xx		USA				MP20S		V4.51				O								only for MP20S

		P100615003				WIP cannot answer calls 
Cannot answer call to WIP500 handset.
Can make calls ok
Handset rings for incoming call but pressing key to answer does nothing

Issue occured after system upgrade from V4.21toV4.42c
Same issue occured in our lab with customers database and default database. 

System OS7400
WIP5000m V3.11.2
Combo Access Point
WLI card V1.18		system -> wip message struct was changed.
there was a problem that WIP couldn't receive some messages.		We retore the message struct to orginal struct.
WIP can receive and process messages.		OK		Bug				OS7400		MP40		V4.42c		Australia				ALL		V4.51		O		O

		P100617004				UCD Prompts Not clipped  
Prompts on the UCD group are not being clipped when an agent becomes free, I have repliacted the problem in the lab on V4.46d.
On V4.42b the UCD prompt is clipped when an agent becomes free.

Please resolve.		For requst of Russia, Prompts on the UCD group are not being clipped when an agent becomes free.
From V4.50 or V4.51 this will not be applied for UK.		For requst of Russia, Prompts on the UCD group are not being clipped when an agent becomes free.
From V4.50 or V4.51 this will not be applied for UK.		1. Set VMSUCD feature.
2. Make All agents be busy.
3. Call to UCD group and hear UCD prompt
4. Check that Prompts on the UCD group are being clipped when an agent becomes free.		Bug				OS7400		MP40		V4.46d		UK				ALL		V4.51		O		O								only for UK, EU

		P100617006				Auto Answer intermittently not working 
Under certain scenario Auto answer is intermitantly not working and instead an Announce ring mode is being used even though the extension is set to use Auto answer.
This has been replicated in the lab on V4.46d
To replicate: 1. VSLI 3501 fwrd to VM Group, make 3501 announce only mailbox and record a greeting, set no message left destination to Vsli 3502. 2. on 3502 forward to UCD group. 3. configure members of UCD group to use Auto Answer Ring mode. 4. Point DDI to VSLI 3501. 5. Make multiple calls to DDI (in the lab I made 6 multiple calls using ISDN tester), 6. When agent auto answers clear call and wait for next call to auto answer, intermitantly you will see Announce From XXX and extension does not auto answer.
I have found a work around to this problem but in the above scenario why is the extension not always Auto Answering when the call is coming thru the voicemail. DB attached.		System checks whether 2nd opposite port of opposite party is valid or not to prevent station pair answering automatically. If 2nd opposite port is valid, ring mode changes into announce mode.
Because of this procedure ring mode of UCD member becomes announce mode.		Modified to apply this procedure to station port only. 
So if trk port is used, ring mode is Auto Answer mode and the current call is transferred by VM, ring mode is not changed.		OK		Bug				OS7400		MP40		V4.46d		UK				ALL		V4.51		O		O

		P100622003				P100208005 SIP Hold Reinvite does not work correctly for Transfered calls
The solution for P100208005 does not fix the scenario where a call is transfered. In MMC837 if Hold reinvite is disabled the OfficeServ is still sending an Invite message to place a call on hold in v4.46d software when a call transfer is made.

If Hold reinvite is disabled the Officeserv should not send an Invite mesage to place the call on hold when a transfer is made or a call placed on hold.

REgards,

Iain		Hold reinvite option didn't affect to transferred call.		Hold reinvite option will affect to transferred call.
And you have to remember that hold reinvite option affect in case of MPS off.		1. Set MPS Service option to On.
2. Set hold reinvite option to off
3. Check that SIP Hold Reinvite works correctly for Transferred calls		Req.				OS7200		MP20		V4.xx		UK				ALL		V4.51		O		O

		P100622004				Incorrect SMDR code for UCD to UCD abandoned call. On v4.46d
This is similar problem to P100310013.
If a call overflows from a UCD group, to another UCD group and then overflows to VMS UCD for queue message, when the caller is tyransferring to an agent after the VMS UCD group message, if the caller hangs up when the agent phone is ringing, the system sends a 'C' code and not an 'A' code to SMDR.
Please see attached.		if a call to UCD Group and go to final destination which is UCD Group, and the caller hangs up when the agent phone is ringing, the system sends a 'C' code and not an 'A' code to SMDR.		In this case, I change to send a 'A' code instead of 'C' code to SMDR.		UCD Group A : one member, overflow time 1 second, Next Port VMSUCD group, retry count 1, final dest UCD group B
UCD Group B : several members(real agents)
If you make a call to UCD Group and go to final destination which is UCD Group, and the caller hangs up when the agent phone is ringing, the system sends a 'A' code to SMDR.		Req.				OS7400		MP40		V4.46d		UK				ALL		V4.51		O		O								only for UK, EU

		P100629004				SMT IP Phone delayed speech problem.
Logging this for reference - CJ Seo and EZ Kim already aware of the issue.

There is a delay of about 3 seconds when a user answers a call on SMT i phones. 5243/5230 and 5210.

Example: call into a system on alog trunk, answered by an SMTi5243, if the 5243 user says "hello, samsung communications", the caller only hears "mmunications". And the start of the speech is missed.
All software versions of terminals are having the problem.		T-swtich delay timer affected in this problem.		T-switch delay time was be applied to 300 msec in default. This delay time will be not applied.		OK		Bug				IPP						UK				ALL		V4.51		O		O								only for UK, EU

		P100706002				SIP Calls being rejected with a SIP 513 message too big 
On an OS7100 when a call to a SIP extension is routed out over an SIP Trunk the call is being rejected with a 513 message too big error. 

I have attached a SIP trace and a DB from the customer site.

Nimava report that this problem has been seen in v4.46a, v4.46d and v4.46e

Regards,

Iain		When sending re-Invite message, SIP stack puts 2 authorization headers in a message which makes the receiver confused and reject the message.		Right before sending out re-Invite message, SIP stack checks the number of authorization header and if it is more than 2, simply removes the first authorization header.		OK		Bug				OS7100		MP10		V4.46		UK				ALL		V4.51		O		O

		P100708003				Peri UCD stats showing 65xxx unanswered calls  
If there are calls in the queue when performing either a manual Clear Stats or Automatically then the unanswered calls show 65535 unanswered calls.

Replication: 1. setup a UCD group with two members>2. configure peri ucd>3. telnet onto port 5105>4. make a call into UCD group>5. while the call is in the queue use the supervisor key and perform a manual clear data.>6. you will now see the unanswered calls jump to 65535 on the peri stats.

Tested on 7400 V4.46d		There is an error to initialize unanswered calls.
Unanswered call count is calculated by subtracting ringing count from abandoned call count.
If there is an incoming call and supervisor clears ucd data, only abandoned call count is initialized.
So 65535 is shown when subtracting current ringing count from zero count(=abandoned call count).		Modified to add ringing count to initialized unanswered call count when supervisor clears UCD data.
Check with V4.51 S/W.		OK		Bug				OS7400		MP40		V4.46d		UK				ALL		V4.51		O		O

		P100715002				All SMT-i52xx/ Umlauts are missing after hooked off  
Umlauts are not indicated when hooked off at source side --> F lkel. Also when calling an internal user, at opposite/destination side it cannot be displayed ？ same: F lkel. This wrong indication was recognized at destination side terminals: SMT-i5210 / SMT-i5230 and also SMT-i5243		OfficeServ System doesn't support Umlauts characters display.		We change the system to support Umlauts characters of the station name if a IP Phone is the new model to be shown Umlauts characters(SMT-i3100, 5210, 5220, 5230, 5240, 5243) and station language is German.		OK		Req.				IPP						Germany				ALL		V4.51		O		O								only for Germany

		P100724001				MP20 CONFERENCE SQUELL
We have a report from that we can reproduce in our lab with telco analog lines but not 16mwsli ports.
in V4.46d software on the mp20 but not the mp20s processor with the same 16trk or 8trk2.
Start with a analog phone tied to a 16mwsli card,  go off hook and get dial tone,  dial a port on the 8trk2 card and call telco and have someone answer the phone.
Then hit the flash key and get dial tone,  dial the conference code of 46 and get dial tone again.
dial the second analog trunk and complete the call, hit the flash key to conference two outside partys together with the analog set.  No problem at this point.
Then hit the flash key and dial the third analog trunk on the 8trk2 card.
You will get dial tone again and dial a third party, when they answer, hit the flash key to tie the three outside partys together.
At this point, you will hear a squell on the conference that can not be stopped until one of the outside partys drops off.
This can be reproduce with the 16trk card with the same sequence.

The MP20S card with the same cabinet and trunk cards, and analog phone does not have the problem, onnly the mp20 card has this issue.		when being in conference, system didn't control gain.		when being in conference, system will control gain.		OK		Bug				OS7200		MP20		V4.xx		USA				MP20		V4.51				O								only for MP20

		P100728001				OS Operator not displaying CLIP Translation Properly
OS LInk V3.0.0.4
OS Operator V1.3.5.7
OS7100 MP10 V4.46e
Incoming calls are not showing the callers CLIP Translation name when programmed in MMC728 on OS Operator. Instead of showing the name there are some strange characters.
I have tested V4.46d on an MP20 and v4.46e on an MP10 with the same result, when I tested V4.30k on the MP10 then it is working ok. If you have a look at the attached screen shot and logs you can see the CLIP name is not shown properly.		When geting the cid name, garbage data is searched.		When geting the cid name, pointer operation was wrong. So it was fixed.		1. configure cid number and name 
2. making a internal call thru pri trunk
3. check the cid name on OS operator.		Bug				OS7100		MP10		4.46e		UK				ALL		V4.51		O		O

		P100729003				FOLLOW ME FORWARDING ISSUE
We have differences with this feature associated with forwarding that are different than the following forwarding features that work the same way.
Example, FNA, Forward Busy, Forward DND, Forward All, all work the same way with the Chain Forward Option MMC 210, Where the first called station or the forwarded station can be choisen to receive the voice mail. The FOLLOW ME feature will only go the the forwarded stations mailbox unlike the other forward options.
To make this consistent, we would like the FOLLOW ME feature to work with the associated option Chain Forward option in MMC 210 where you can pick which mailbox to deliver the message.
Normally, if someone usesthe FOLLOW ME feature, they would want the message to go the initially called number and not the forwarded stations mailbox.		In case of follow me feature, MMC 210 Chain Forward option didn't affect.		In case of follow me feature, MMC 210 Chain Forward option will affect.		1. Set chain forward option to off.
2. Set follow me feature from station A to station B
  (This means call that go to station B will go to station A)
3. Make a call to Station B, then the call go to station A and FNA to VMS.
4. The message go to initially called number(station A)'s mailbox.		Req.				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O

		P100729004				PAGE SUPPERVISOR FEATURE INTERACTION
We have found a minor issue on the OS7200 MP20 processor with steps.
1. Put three phones in a internal page group.
2. One of the phones has a UCD Supervisor key assigned that receives the page.
3. Page the three sets and finish the page.
4. Have the user with the Supervisor key acess the feature.
5. The set will respond with Dial Tone even with the display of the Supervisor feature.
6. Press the key with the Supervisor key to leave the feature and then re-enter,
7. Dial tone will not be returned the second time.
8. Please correct the software so that Dial tone will not be delivered to the end user after a page		The previous tone still exist.		When processing second tone message, we turn off first tone.		1. Test with above procedure.		Bug				OS7200		MP20		V4.xx		USA				MP20		V4.51				O								only for MP20

		P100807002				CBK with station Pair issue
We are seeing a issue with Call back feature is used with Station Pair feature.
To reproduce, follow the following steps.
1. assign a  station pair with example 6759 paired with 6730.
2. Make a outside call with station 6730.
3. While the station 6730 is on a call, have someone else call 6759 and hear the busy signal.
4. Hit the CBK or call back feature key against set 6759.
5. Hangup the call on station 6730.
6. The call back to the station that set the call back feature will ring and answer that set.
7. Both sets, 6759 and 6730 will ring but the secondary set will not ring the call button.
8. The primary set will ring the call button and the set can be answered that way.
9. The secondary set will ring and can be answered by picking up the receiver but not by hitting any call button.
10. the problem is the secondary set should have its call button light and should be able to be answered by hitting the call button flashing on the secondary set but you cant.		Paired port did not assign a call button when call back ring occured. To assigned a call button is missed.		It was fixed. When paired port rings, call button will light and be flashing.		1. Configure a station pair
2. Make a busy primary port
3. Remain the callback against secondary port.
4. Call button of secondary port will light and be flahing.		Bug				OS7400		MP40		V4.46d		USA				ALL		V4.51		O		O

		-				Samsung 2GB SD Card applied		New Feature		New Feature		You can use Samsung 2GB SD Card to OfficeServ System.		Req.														OS7400,OS7200,OS7100		V4.53		O		O		O

		P100803006				Second cabinet trunk ports do not show in trunk group
After a 2 cabinet system is defaulted the trunk ports in the 2nd cabinet do not appear in the default trunk group. (They need to be manually programmed)
Same issue when using PSTN or BRI trunk card in second cab.		When OS7030 is defaulted, if Master cabinet is connected system DB is initialized before Slave cabinet is connected		In this case, system DB is initialized after Slave cabinet is connected.		1. Set up OS7030 Master cabinet and Slave cabinet.
2. Default the system.
3. Check that the trunk ports in the slave cabinet appear in the default 1st trunk group.(MMC 603)		Bug				OS7030		MP		V4.46e		Australia				OS7030		V4.53										O		only OS7030

		P100526001				MP10 v/mail message forward
when using forward option while listening to voicemail message the playback is fast forwarded to end of message rather than correct operation of fast forward for few seconds.
Effects MP10 only		There are a header and voice data in a voice message. A few months ago, the header structure was modified to support new features.
But it makes a problem to calculate the position of voice file that should be played.
If a user press FF,REW or Pause key, the position of file pointer becomes invalid value.
So, a user hears distorted voice.		Calculating position of a voice message is fixed, so it does not have anything with a message header.		1. Leave a message in a mailbox.
2. Log in a mailbox to listen to the new message.
3. Press 7,9 or 8 while listening a message.
4. Please check it works well.		Bug				OS7100 MP10		MP10		V4.46e		Australia				OS7100 MP10		V4.53						O						only MP10

		P100915002				Supervisor key dial tone
We have found a minor issue on the OS7200 MP20 processor with steps.
1.  Put three phones in a internal page group.
2.  One of the phones has a UCD Supervisor key assigned that receives the page.
3.  Page the three sets and finish the page.
4.  Have the user with the Supervisor key acess the feature.
5.  The set will respond with Dial Tone even with the display of the Supervisor feature.
6.  Press the key with the Supervisor key to leave the feature and then re-enter,  
7.  Dial tone will not be returned the second time.
8.  Please correct the software so that Dial tone will not be delivered to the end user after a page.		We had two engine chip. (old engine(7065), new engine(9604))
we set old engine mode, but system installed new engine.		We changed S/W that fixed new engine mode.		ok		Bug				OS7200 MP20		MP20		V4.4xx		USA				OS7200 MP20		V4.53				O								only MP20

		P100910003				IT Tool MMC 831 public rtp port update
OS7100 with OAS card.
IT Tool v1.46d
Configuration 7100 MP10a, UNI card 4TRM & 4DLM, OAS card
Start system up and do a proper initialization
Log into the system using KMMC.
MMC 831 shows the public rtp port as 30,000 for embedded MGI channels and OAS card channels.
Log out of KMMC and use IT Tool to log in. Search for MMC 831 (2.2.2) the public rtp port show as 30,000 for embedded MGI channels and 65535 for the OAS card channels.
Now log in thru KMMC and change the public to something other than 30,000 (ex: 30,333), reset card for it to take effect. 
Log out and log in using IT Tool. The public rtp port show as 65535 instead of 30,333.
It doesn’t matter if you change it thru IT Tool  it will show the same. The changes thru IT Tool  does take effect on the system but if you refresh it will still display 65535 in IT Tool.		In case of OS7100, OAS card work only MGI mode. 
In this case, if you read IT 2.2.2 option, MP S/W check a number of MGI channels.
But counting MGI channels was wrong.		Counting MGI channels in OAS card is fixed.		1. Configuration 7100 MP10a and OAS card
2. Connect IT Tool.
3. Change IT 2.2.2 options and reload it.
4. Check that the options chaged properly.		Bug				OS7100		MP		V4.51		USA				OS7100		V4.53						O						only OS7100

		P100819002				Itool
ITool V1.46d
VMS UCD Timer is not available in ITool

Ok via MMC		ucd vms timer' option is not included.		ucd vms timer' option will be added  at IT 5.14.6.		You can see 'ucd vms timer' option at IT 5.14.6		Bug				ALL		MP		V4.51		Australia				ALL		V4.53		O		O		O		O		O		only Australia and New Zealand

		P100824001				ABW CTI DATAVIEW ISSUE
A user in A UCD group presses their ABW key but Dataview does not get the message on  its CTI link.
We need the ABW to send a message to the DataView to let it know that they are not available for a call.
There is no message being sent for this condition.		When ABW key was pressed, if station state was idle or dial, abw status message was sent to cti.		We modified that abw status message was sent to cti regardless of state when ABW key was pressed,		OK		Bug				ALL		MP		V4.46d		USA				ALL		V4.53		O		O		O		O		O

		P100813001				MMC 119 GROUP DISPLAY
In Software V4.46d software, you can assign in MMC 119 to have line 1 or line 2 set for group display.
If you are using PRI trunking, the display shows the group information for two seconds before display the outside caller id.  If your are using Analog Trunks, the group display stays on the set for the duration of the call. 
The problem is that PRI trunking shows the GROUP display name to short and it is not adjustable.
Can we get the group display to stay on the phone longer.		In case of using PRI trunk, we firstly receive a CID number then receive a CID name info.
At each time, the LCD display is updated. 
There was a problem at second display. Station group data was missed.		We fix the problem that station group data was missed.		OK		Bug				ALL		MP		V4.46d		USA				ALL		V4.53		O		O		O		O		O

		P100914001				OS7030 CLI Incorrect on Analog trunks in Ireland
When using Analogue trunks in Ireland the OfficeServ 7030 is incorrectly inserting a 0 at the beginning of the CLI number on incoming calls. In Ireland on Analogue trunks the network provider will send the 0 if required and as such the officeserv does not need to insert a 0 on incoming calls CLI on analogue Trunks in Ireland.

Please note that CLI calls are handled correctly for ISDN calls.

I have attached a copy of the system DB and original report of the problem from the customer

Regards,

Iain		This issue is a new feature. It was not a specification of officeserv.		It is fixed.  '0' is not inserted for analog trunk when system receive a CLI number		1. Setup OfficeServ using analog trunk.
2. Make a analog trunk call to OfficeServ system.
3. Check that '0' is not inserted on incoming calls.		Bug				ALL		MP		V4.46		UK				ALL		V4.53		O		O		O		O		O		only Ireland and Turkey

		P100909002				SVMi20 Call Recording after a Barge In 
We have a customer who is complaing that they cannot do call-recording using the SVMi20 and Barge into the call at the same time.  Should you be able to do a barge-in into a call and record  the call on the SVMi20 at the same time assuming there are enough conference circuits available

In addition the customer is also complaing that after the barge-in user has left the call so there are only two people in the call it is not possible to do call recording using the SVMi20 by pressing the CR key is this correct.

This issue can be re-created in the lab on a OS7400 system.		Call recording was possible during conversation state and conference state.
Barge-in state is needed to include.		We add Barge-in state to be able to do call recording.		OK		Req.				ALL		MP		V4.46d		UK				ALL		V4.53		O		O		O		O		O

		-				Add self join alarm
When you call in the Conference-system from a trunk, you get an announcement to speak in your name (When you enable the Who am i-Option), but you get no signal when to speak.		SEUK Request.		Modified to hear self join alarm after playing recorded whoamI to all attendees.
so that new participant can recognize when to speak.
(Self join alarm and join alarm are same. => beep tone)		[Previous Join Flow]
Enter the ID/Password - Recording WhoAmI - All attendees could hear Join Alarm and recorded WhoAmI - Join the conference
[New Join Flow]
Enter the ID/Password - Recording WhoAmI - All attendees could hear Join Alarm and recorded WhoAmI - After finishing the recorded WhoAmI, participant can hear Self Join Alarm - Join the conference		Req.				ALL		MP		V4.52		UK						V4.53		O		O								only for CNF24 Card supported system.

		-				Language key code of system parameter is not saved.
Sometimes, language key code of system parameter is not saved after resetting the system.		The application often loads the key code value earlier than the mmc-daemon completes installation of prompts and customized files. So the application displays default value of key code not changed one.		The timing issue is fixed and the application always reads the key code after the mmc-daemon completes installation.		1. Set the country to USA
2. Log in Web Management and go to VM/AA
3. Open System Parameter → Language tab
4. Change the key code of language and press save button
5. Run "Save application" and reset the system.
6. Check the key code. The value should be changed.		Bug				ALL		MP		-		USA				OS7100 MP10		V4.53						O						only MP10

		-				WiFi Phone Registration Problem after power off/on
SIP mode's WiFi Phone was not registered after power off/on		Connected WiFi phone number for license key was counted in duplicate		Connected WiFi phone numbers for license key is fixed.		Connected WiFi phone numbers for license key is fixed.		Bug				ALL		OS7070		V4.43a		S.Africa				ALL		V4.53		O		O		O		O		O

		-				WiFi Phone Registration Problem after temp License is expired
WiFi Phone was not registered after temp License is expired		WiFi Phone was not registered after temp License is expired		Connected WiFi phone number for license key was counted incorrectly		How to count Connected WiFi phone numbers for license key is fixed.		Bug				ALL		MP		-		-				ALL		V4.53		O		O		O		O		O

		-				Diversion Header Support in Mobex Call
Diversion header is missing in outbound Mobex call. Vodacom requires the diversion header appeared in the INVITE message from the OfficeServ.		Mobex call was not considered to be a forwarded call and thus there was no scheme to apply diversion header to the mobex outbound call..		In case of Mobex outbound, diversion header is added, and it is confirmed by Vodacom.		1. Configure Mobex call
2. Make an inbound call to the Mobex number
3. Check the ethereal trace that the Mobex Invite contains the diversion header.		Req.				ALL		MP10a		V4.51		UK				ALL		V4.53		O		O		O		O		O

		-				E164 number support for Finland
E164 number system should be supported when the country code is set to Finland		E164 number system was available only for USA.		When the OfficeServ's country code is set to Finland and E164 database field is set to ENABLE, all the dialed number will be automatically converted to e164 format.		1. Set the country code to Finland
2. Make the trunk outbound call
3. Check the ethereal trace that the dialed number is converted to e164 format.		Req.				ALL		MP10a		V4.51		UK				ALL		V4.53		O		O		O		O		O		only Finland

		-				Add MMC516 (Tone Cadence set)
OS7200/7400 systems can modify tone cadence, but OS7100/7030/7070/MP20S systems cannot modify tone cadence.		New Feature		We add MMC516(tone cadence setting) for OS7100/7030/7070/MP20S systems.		1. Enter MMC516.
2. Select busy tone.
3. Modify tone cadence.(Min on-time/ Max on-time/ Min off-time/ Max off-time)
4. Check the busy tone detection..		Req.				ALL		MP10a		V4.51		-				ALL		V4.53				O
(MP20s)		O		O		O		only Linux System

		-				52XX station's one-way speech 
station A, B are same group and these stations are enbloc mode. 
One call route to this station group 
station A is ringing and station B pick up the call
After this pick-up, when station A make a call, station A happens one-way speech.		when IPP ringing, system sends MIC off, Speaker off message to IPP 
And after this pick-up, when station A make a call, system must send MIC on message to Station A. But system didn't MIC on message.		In this case, system send MIC on message to IPP		1. Setup two 52XX stations(Station A, Station B) as enbloc mode.
2. Make a station group using these 52XX stations.
3. Make a call to route this station group
3. station A is ringing and station B pick up the call
4. After this pick-up, Station A make a call
5. This call don't have any voice problem.		Bug				ALL		MP		V4.51		KOREA				ALL		V4.53		O		O		O		O		O

		-				voice prompt distortion on the MP20S VM ports
we found out a critical issue on field related to voice prompt distortion on the MP20S VM ports.
We could simply reproduce it following the below steps:
1. System configuration
    slot 0: MP20S (V4.46x or V4.51)     slot 1: UNI (BRM-DLM-SLM)
    slot 2: 16 SLI2                     slot 3: 16 SLI2
    slot 4: 16SLI2                      slot 5: empty (or 16SLI2)

When the prompt distortion happens then you can also see the VM port answering the call is different with the one you called,
Moreover, although you are talking with 302, the real busy port is 301.
It seems that the system wrongs the VM ports allocation at the boot up procedure.		In this case, message queue overflow happens. This makes a prompt distortion and VM port mis-allocation		When MP20S boot up, system download tel number information to VM module in duplicate. One is after SLI port initialization, and another is after receiving VM start message from VM module.
tel number download after SLI port initialization will be removed.		1. start OS7200 with MP20s.
2. call VM port number (301, 302....306) and check voice prompt quality.
3. VM Port allocation and VM's voice prompt quality are good.		Bug				OS7200		MP20s		V4.51		ITALY				OS7200 MP20s		V4.53				O
(MP20s)								only MP20s

		-				7070 SLI Port plug-out
7070 SLI Port lock-up occurs one time per 1 ~ 2 days.
SLI ports goes on plug-out status. (If they call from keyset on it then they found Plug Out message)
After restarting, the system is OK till next time.		SLI Port's diagnostic status was wrong.		We fix SLI Port's diagnostic status.		1. Setup OS7070 with SLI port.
2. Connect SLT to SLI ports and use them.
3. After 1 ~ 2 days, the SLI ports work fine.		Bug				OS7070		MP		V4.51		RUSSIA				OS7070		V4.53								O				only OS7070

		-				OS7200 SPNET FAX Problem.
When old MGI card is located in LCP cabinet, receiving a FAX call through SPNET have a problem.		When old MGI card is located in LCP cabinet, received MGCP message's channel information from MGI was wrong.		In this case, system make a channel information from MGI's lpm_port number.		1. Setup OS7200 with LCP cabinet.
2. Old MGI card is located in LCP cabinet..
3. Receive a FAX call through SPNET.
4. Received fax data is ok.		Bug				OS7200		MCP, MP20		V4.51		RUSSIA				OS7200 MP20s		V4.53				O
(MCP,MP20)								only MP20, MCP

		-				Apply new msp file to CNF24 card.
Required voice quality improvement.(noise suuppression, Auto Gain Control feature)		voice quality improvement.		Apply new msp file which is applied voice quality improvement.
(noise suuppression, Auto Gain Control feature)		Check voice quality during Meet-Me conference.		Req.				CNF24										CNF24		V1.01

		-				[DM] Change FTP Port for NAT
In the case 1 more than systems are in NAT, only 1 system use FTP.		STA Request.		Change FTP Port with setup screen in DM		1. System is in NAT. 
2. Set the NAT ( System's FTP Port )
3. Add the site with FTP Port in setup screen.
4. DM connection is OK.
( If FTP connection is error, display error message.)		Req.				OS7400, OS7200 MP20, MP20s		MP40, MP20, MP20s		V4.52		USA				OS7400, OS7200 MP20, MP20s		V4.53		O		O
(MP20,MP20s)								only MP40, MP20, MP20s

		-				[DM] DM Package files can upload with File Control Menu.
DM Package files can upload with File Control Menu for 7200 / 7400 system.		STA Request.		DM Package files can upload with File Control Menu.
( AccessDB.exe, osdm.jar, osdm.jnlp, osdm_public.jnlp, osdmhelp.jar )
If osdm.jnlp and osdm_public.jnlp is upload, system must be reboot.
So, these 2 files can't not upload. If you want to upload these 2 files, you must delete them.		1. Execute File Control Menu.
2. Select DM Files in Program Tab.
3. Execute Upload
4. Uploaded DM Files display in File Control Menu.		Req.				OS7400, OS7200 MP20, MP20s		MP40, MP20, MP20s		V4.52		USA				OS7400, OS7200 MP20, MP20s		V4.53		O		O
(MP20,MP20s)								only MP40, MP20, MP20s

		-				[DM] Add the Sort Function.
email address 9.1.6 section will not put extensions is a sequencial mode like IT-tools does.		STA Request.		Add the Sort Function.		1. Open page using Tel Number. ( ex. 5.15.1 )
2. Click the Sort Icon on Page.		Req.				OS7400, OS7200 MP20, MP20s		MP40, MP20, MP20s		V4.52						OS7400, OS7200 MP20, MP20s		V4.53		O		O
(MP20,MP20s)								only MP40, MP20, MP20s

		-				[DM] Input password 3 times without closing login screen.
If input invalid password, execute login screen again.		improvement		Input password 3 times without closing login screen. With 3rd invalid password, close DM.		1. Try input the invalid password.
2. With 3rd invalid password, close DM.		Req.				OS7400, OS7200 MP20, MP20s		MP40, MP20, MP20s		V4.52		USA				OS7400, OS7200 MP20, MP20s		V4.53		O		O
(MP20,MP20s)								only MP40, MP20, MP20s

						[CNF24] STA "Who am I Request" prompt
STA wants to change "Who am I Request" announcement as "Please record your name and then press the pound key."
=> Previous announcement is "Please record a greeting message and then press the pound key."		STA request		Apply modified whoamI request prompt.		1. Connect CNF24 card by ftp. (ID:admin, PW:samsung)
2. Go /mnt/nand0/prompt and copy new 0004.snd file.
3. Start to join Meet-Me conference and check the new prompt is applied well.						CNF24										CNF24		V1.01

		-				Busy Tone Frequency Option is Added
OfficeServ system's Busy Tone Frequency depends on system's country code. 
Therefore you cannot change it unless you change system's country code.		OfficeServ system's Busy Tone Frequency depends on Country code.		You can change system's Busy Tone Frequency by MMC 861 BUSY TONE FREQ option.		1. Change system's busy tone frequency MMC 861 BUSY TONE FREQ option.
2. This busy tone frequency base on country code.		Req.				ALL		MP				PERU				ALL		V4.53		O		O		O		O		O		only Central and South America

		-				SVM Max Message
Maximum number message of mclass block does not work. If it is set to 2, a user still can record messages more than 5.		That feature is described in manual, but actual program worked in different way.		It's fixed to limit max number messages according to the manual description.		1. Set "Maximum number messages" to 2 in Standard mclass block.
2. Leave a message to your mailbox.
3. SVM should not allow leaving more than 2 messages. I mean, 3 or 4 etc. not 2.
4. A subscriber will hear "message storage full" condition when he log on his mailbox and if his mailbox is full.		Req.				ALL		MP		V4.51		PA				ALL		V4.53		O		O		O		O		O

		-				Change invalid conference ID prompt		STA request		In the previous version, when participant dials wrong conference ID, system plays error announcement as "Sorry. That is not a valid entry."
But in the new version, "Sorry, that is not a valid Conference ID.  Please check the ID and call back again. Goodbye, and thank you for calling." will be heard.
(New prompt is 0008.snd for USA and 0208.snd for UK.)		1. Upload new prompt(0008 and 0208) to CNF24 card.
2. Dial the wrong conference ID on purpose to hear new error announcement.		Req.				CNF24		CNF24		V1.00		STA				CNF24		V1.01

		P101112003				MP20S prints out the room status and the wake up call set up for 40 stations only 
MP20S prints out the room status and the wake up call set up for only 40 stations
Operation (step by step sequence to reproduce a problem)
1. Install suitable card, set country to ITALY and start OfficeServ 7200/MP20S by default.
2. Connect a DGP to a DM/DLI port
3. Enable Hotel service, set the DGP as administrator and more than 40 guest rooms
4. Assign Hotel button to DGP
5. Connect the port 5106 by tenet and execute the print out status of available rooms
== print out status stops to the 40th rooms ==
6. Print out other room status and wake up setting		the number of extension is restricted per each model when you use hotel feature. But MP20s comes from MP10a whose number is 40 extension.		We now increased it to 100 extension like as OS7200 MP20.
For your reference, the following is the number of extension per model.

- OS7400 : 500 Extensions
- OS7200 : 100 Extensions
- OS7100, OS7070 : 40 Extensions
- OS7030 : 20 Extensions		OK		Bug				OS7200 MP20s		MP		V4.51		ITALY				OS720 MP20s		V4.53				O
(MP20s)								only MP20s

		P101030001				STATION PAIR and Call Coverage 
We have a issue with Station Pair and Call Coverage.
With two stations in STation pair,  if you assign the feature Call Coverage to one of the two stations paired, the station that has call coverage to these numbers will flash but not ring.
We would like the two stations in station pair to be able to be set with Call Coverage on another station.
If no phones are in station pair, than the call Coverage feature works fine.		Both of Station Paired phones  try to control CC key.
Only original phone should control CC key.		Only original phone control CC key.		1. Set station pair feature to station 2001 and station 2002.
2. Set CC2001 Key to station 2003.
3. Make a call to station 2001 from station 2004.
4. Station 2003 will flash and ring from CC key.		Bug				ALL		MP		V4.51		USA				ALL		V4.53		O		O		O		O		O

		P100915001				NND feature while doing auto record cause lost calls 
Tested on all 3-7000 series phone system Tested on sw v4.46d (released) and v4.51(beta) MMC 701 COS1 useable feature VM REC and VM AREC set to YES MMC 743  ext 201 set to auto record to mailbox 201; both inbound and outbound traffic.
MMC 722 assign NND to ext 201. Note: softkey can be used too.
MMC 414 assign called id analog trunks, using PRI nothing to turn on fails using them too.
Ext 201 answers a incoming call, auto answer feature is activated. Ext 201 user presses the NND no problem they can see CID info. When the screen times out from them pressing the NND it goes back to normal (conf page mute). If ext 201 user press the NND button again they have audio until the display returns to normal. 
At this point the inside and outside parties hears silence. The call isn’t put on hold because there is no MOH heard. Ext 201 can press the call button or DT and they can’t retrieve the call. Ext 201 will have to press the hold button on their phone and then go back off hook to get their call back.		There was a t-switch control bug while CID display retrun to normal display using NND(on AREC).		t-switch control bug is fixed.		OK		Bug				ALL		MP		V4.51		USA				ALL		V4.53		O		O		O		O		O

		-				Called Number Plan & Type option of PRI, BRI is shown in OfficeServ Linux System.		Requirement from Russia.		In case of Russia, New Zealand, Called Number Plan & Type option of PRI, BRI is shown in Linux System.		1. Set up OfficeServ Linux system. (OS7100, OS7070, OS7030, OS7200 MP20s)
2. Set country code to Russia or New Zealand.
3. You can see Called Number Plan & Type option of PRI, BRI options from KMMC 
   or IT		Req.				OS7070		MP		V4.51		RUSSIA				OS7200 MP20s, OS7100, OS7070, OS7030		V4.53				O
(MP20s)		O		O		O		only Linux System

		-				MCONF Unsupervised Conference Problem
There are no audio problem when Unsupervised Conference with MCONF key. 
See below STA report.

=== STA Report ====
1.The Secretary sets up the conference for the manager.
2.They are the ones that start the conference and add the users.
3.Here are the steps to reproduce this error.
A.Have secretary make the first Call to the end user.
B.They hit their MCONF feature to access the conference card and get dial tone.
C.They dial the second party and after answer, hit their MCONF feature again to add the parties together.
D.They repeat this process until all the parties have been joined.  This works up to this point.
E.The Secretary then leaves the conference called Un-Supervised conference.
F.The secretary does this by hitting the MCONF key and then the HOLD key and finally their CALL KEY. 
G.The Call key flashes but the conference is working.
H.The secretary then rejoins the conference by hitting the Call key.
I.At this point all audio to the users has stopped and no audio on any conference card feature until the card has been restarted.		There are no consideration about Unsupervised Conference when using MCONF.		There are problems about MPS release, LED control, and CNF24 channel management when Unsupervised Conference with MCONF key. This is fixed all.		Unsupervised Conference Test with MCONF key		Bug				OS7400, OS7200 MP20, MP20s		MP40, MP20, MP20s		V4.52		USA				OS7400, OS7200 MP20, MP20s		V4.53		O		O
(MP20,MP20s)								only MP40, MP20, MP20s

		-				Caller didn't hear ringback tone.
When caller dialled other user then if another user did hook-off, caller didn't hear ringback tone.		When another user did hook-off, MP20 system unintentionally disconnected ringback tone		We modifed that system didn't affect caller.		1) Off-hook on 201 DLI port and dial ohter user.
2) Hear the ring back tones cadences and dialed user is ringing.
3) In same time just off-hook on another user.
4) Check 201 DLI tone.		Bug				OS7200 MP20		MP20		V4.51		RUSSIA				OS7200		V4.53				O
(MP20)								only OS7200 MP20
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								SMT-i3100 / SMT-5220 / SMT-5243 / IP-UMS / OS Communicator with V4.40

						Action Items				2009																																										Notes

										April								May								June												July						August

										6		13		20		27		4		11		18		25		1		8		15		22		29		6		13		20		27		3		10		17		24

				MP(4.40)		HQ		Official version after passing PA.												5/8

						SEUK		LAB/In-house test

								Field test

								Confirmation software for starting mass production

								Pricing

								Marketing brochure / TB

								Official Launching																																				8/3

				i3100		HQ		Official version after passing PA.												5/8

						SEUK		LAB/In-house test

								Field test

								Confirmation software for starting mass production																														7/13

								Pricing

								Marketing brochure / TB

								Official Launching																																				8/3

				5220,
5243		HQ		Official version after passing PA.												5/8

								Sending samples for FT																5/21

						SEUK		LAB/In-house test

								Field test

								Confirmation software for starting mass production																																		7/27

								Pricing

								Marketing brochure / TB

								Official Launching																																				8/3

				IP-UMS		HQ		Official version after passing PA.												5/8

						SEUK		LAB/In-house test

								Field test

								Confirmation software for starting mass production																														7/13

								Pricing

								Marketing brochure / TB

								Official Launching																																				8/3

				OS Communicator.		HQ		Official version after passing PA.												5/8

						SEUK		LAB/In-house test

								Field test

								Confirmation software for starting mass production																																		7/27

								Pricing

								Marketing brochure / TB

								Official Launching																																				8/3



Yeon Chun Park: Pre-LAB test done at the end of March.

Yeon Chun Park:
Delivery & Installation

Yeon Chun Park:
Delivery & Installation

Yeon Chun Park:
Installation

Yeon Chun Park:
UK: Early of August
EU: Mid of September

Yeon Chun Park:
UK: Early of August
EU: Mid of September

Yeon Chun Park:
Confirm with OLD Phones.

Yeon Chun Park:
UK : 1st week in August
EU : Mid of September

Yeon Chun Park:
UK ; Early of August
EU : Mid of September

Yeon Chun Park:
Installation with 52xx



samples for FT

		

						Item		Current stock (Manchester)		Planed sample from HQ		Notes

						OAS		?		10 will be shipped in 17th of April.

						i3100		12 ?		None		Entry level IP phone

						5220		None		35 willl be shipped in 22nd of May		Normal new IP phone

						5243		None		40 Will be shipped in 22nd of May		Premium IP phone

						5264		None		10 will be shipped in 22th of May		IP AOM

						A52GE		None		20 will be shipped in 22nd of May		Gigabit adaptor

						A53PW		None		85 will be shipped in 22nd of May		Power Adaptor





FT sites

		

				Country		Name of Sites		Contact		Systems		POE Switch		Testing		Number of Extention 
(ITP/DGP)		Installation date		OAS		i3100		5220		5243		5264

				UK		IBS				7400		Yes

				UK		Eurotel - Halifax		Jason Newsom, JasonNewsome@Eurotel.com, 078 1584 0094		7400		Yes		OS Connect, New IP						1

				UK		Eurotel - Coventry		Jason Newsom		7400 + 7200 Exp		Yes

				UK		Neowave - In House		Iain Bowes, Iain@neowavedist.com, 0121 345 8 344		7100				New IP, Video		10 x ITP-5112l				No

				UK		STL - TBC		Wilf Wood		TBC				IPUMS / Communicator

				UK		WickHill - TBC		Wilf Wood		TBC				IPUMS / Communicator

				Holland		Nimava- Awaiting Details		Tony Goedgeluk, TGoedgeluk@Nimava.nl, +31 (0)30 693 64 06						OSC +

				Holland		Nimava - Awaiting Details

				Sweden		OBE - House system		Martin Sjolander, Martin.Sjolander@dialect.se, +46 300 198 40		7400		Yes								1

				Sweden		OBE- Kifab		Martin Sjolander		7200		No		OS Connect on SIP Trunk						1

				Finland		Aina - No response		Tommi Katainen

				Finland		Aina - No response

				Ireland		SPConverged - Awaiting Details		Attila, attila.eori@spconverged.ie, + 353 (0) 876272218

				Ireland		SPConverged - Awaiting Details		Attila

				Denmark		Dandial - House system		Ole Nielsen, on@dandial.dk		7400				OS Connect on Sip Trunk, New IP						1





license

		





Faults Report

		

						V4.40 Test Report		1 High Priority / 2 Medium Priority / 3 Low Priority

						CLOSED

																				11/15/06

				No		Issues		Additional Info		Priority		Type		담당자		Issued Date		Issued Version		Closed Date		Closed Version		R&D Comments		SEUK Comments		Engr.		Target Date

				1		SVMi Download Options "Station Name"		If there is a space in the station name the station name will not be downloaded to the voicemail (Tested on OS7100 MP10)		3		S/W		김석호		13/05/09		V4.40 090509				fixed		We cannot reproduce it. But we can reproduce if the name is 11 characters(max length). It's fixed with V4.40(090523). Please check this is what you said.		This bug has come back, same problem when lab testing V4.30

				2		OS Communicator incorrect Spelling		Settings - Option "View Message upon recipt" should be "View Message upon" receipt",,,,,Setting - DDE "Contry Code" should be "Country Code"		3		S/W		조용덕		13/05/09		V1.0.0.6  280409				fixed		We will be fixed next version

				3		Tepria software incorrect format. Rename file with correct format then works.		After uploading Tepria software onto Media or flash memory the Tepria software is not recognised by system in MMC818 "PR2_0427_V426.pgm" should be "PR2_V426.pgm"		3		S/W		윤정희		14/05/09		V4.26				fixed		We will release the PGM file in the format of PR2_Vxx.pgm or pr2_vxx.pgm. Maximum length of file name is 8 characters.

				4		OS7100 crashes, reboots with faulty ISDN lines		HQ already aware of problem, I have recreated problem in lab. SIO trace and DB sent to Mr Seo		1		S/W		윤정희		14/05/09		V4.40 090509				fixed		This is because of SIO print out  in function related to interrupt event. With normal operation, there are few but in unusal case, so many abnormal interrupt events are generated and printed. It affects system performance. So we deleted non-important  print function and made ISDN module fault tolerent.		YC Requested to raise in Qnet>P		Fixed with test package V099

				5		File Control Error		(OS7100 MP10) When trying to send the "Tone_DB.inf" file thru IT tool you receive a File Control error "Can't send file"		3		S/W		노승태		14/05/09		V4.40 090509				spec		SPEC. Don't support Tone_DB.inf update with IT tool.		Not sure if this file needs to be uploaded onto system for correct Tone settings. YC Requested to raise in Qnet>N

				6		OS Connect on Sip Trunks can't take call off hold.		(OS7100 MP10) make a call from an IP Phone to mobex extension. (mobex extension is landline) Answer call, press mobex feature code "*" on mobex extension. IP phone is on hold, press mobex feature code again can't take call off hold. (tested with I3100 and ITP-5112L V3.46) works ok if you make call from digital phone to Mobex extension		1		S/W		이성우		15/05/09		V4.40 090509				no problem		ace data. 

SIP SERVER(GASb2bua) do not support REINVITE message. Please test vi other sip server. 
According to SIP Standard, OfficeServ uses re-Invite mechanism in hold/unhold feature. Re-Invite messages are also used in order to change the session attribute already established, i.e., rtp codec, port number and etc. Many other SIP supplementary services are designed based on this re-Invite mechanism and hence, SIP UAs (either client or server) are, for granted, expected  to support it. The ethereal traces captured in this error case shows, however, that the corresponding SIP server (GASb2bua) does not respond properly to OfficeServ's re-Invite request, and what's more, it simply stops transmitting any voice RTP toward OfficeServ right after receiving re-Invite request. All in all, we can suspect that GASb2bua supports re-Invite mechanism and this should be checked at ISP side for sure. Again, Re-INVITE is the start point of all SIP supplementary services.
* same cases with issue #7,#8,#9,#10		MG.19/05/09 Fault occurs with Gamma when MPS Service is ON, No Fault when using Voiceflex, Traces sent to Gamma for investigation.

				7		OS Connect on Sip Trunks once call is taken off hold no speech between phones.		OS7100 MP10) make a call from IP phone to mobex extension (mobex extension is landline) answer call. On the IP phone press the hold button. Call is now on hold. Take the call off hold, there is no speech between IP phone and Mobex extension. Works ok if you make call from Digital phone)		1		S/W		이성우		15/05/09								We can't reproduce.
please send us detailed DB settings and ethereal trace data (both SIP trunk Side & IPP Side)

SIP SERVER(GASb2bua) do not support REINVITE message. Please test vi other sip server		MG.19/05/09 Fault occurs with Gamma when MPS Service is ON, No Fault when using Voiceflex, Traces sent to Gamma for investigation.

				8		OS Connect on Sip/ISDN Trunks to Mobile network		(OS7100 MP10) Intermitantly experiencing problems putting call on hold and taking call off hold from mobex extension when making a call from digital phone to mobex extension (mobex extension is mobile phone). Sometimes when pressing mobex feature code "*" nothing happens or call will go on hold but then you have to try a few times to get call off hold or vice versa and sometimes you press the mobex feature code "*" and the call goes and and off hold by itself a few times. (experienced the problem on both SIP and ISDN trunks when mobex extension is mobile phone), could not reproduce when Mobex extension is Landline		2		S/W		이성우		15/05/09								We can't reproduce.
please send us detailed DB  (via IT) and ethereal trace data. 


SIP SERVER(GASb2bua) do not support REINVITE message. Please test vi other sip server

				9		OS Connect on Sip Trunks can't transfer call from Mobex extension		(OS7100 MP10) make a call from an IP Phone to mobex extension. (mobex extension is landline) Answer call, on mobex extension press mobex feature code "*" + extension number of another digital or IP phone. Nothing happens works ok if call is made from digital phone		1		S/W		이성우		15/05/09						no problem		We can't reproduce.
please send us detailed DB and ethereal trace data. 

SIP SERVER(GASb2bua) do not support REINVITE message. Please test vi other sip server		MG.19/05/09 Fault occurs with Gamma when MPS Service is ON, No Fault when using Voiceflex, Traces sent to Gamma for investigation.

				10		OS Connect on Sip Trunks can't complete mobex certification when MPS service is on		(OS7100 MP10)  pointed ddi to mobex feature code "*" when I call into system over sip trunks I only receive ring back tone, (tried manual and auto certification) I cannot certify mobex extension. If you switch off MPS service in MMC861/ IT 2.1.5 then it works OK		1		S/W		이성우		15/05/09						no problem		We can't reproduce.
please send us detailed DB  (via IT) and ethereal trace data. 

SIP SERVER(GASb2bua) do not support REINVITE message. Please test vi other sip server		MG.19/05/09 Fault occurs with Gamma when MPS Service is ON, No Fault when using Voiceflex, Traces sent to Gamma for investigation.

				11		OS Connect Auto Certification on Sip Trunks		(OS7100 MP10) Provided Auth by CLI is enabled in MMC861 when call is made into system on ISDN trunk incoming cli can be in either format and auto certification works 01616551108 or 1616551108 (cli info received from network is 01616551108)…..when call is made into system on Sip Trk incoming cli from network is 1616551108 but auto certification does not work regardless of either format 01616551108 or 1616551108 and you have to still use manual certification.		1		S/W		이수경		15/05/09						no problem		We can't reproduce.
please send us detailed DB settings and ethereal trace data (both SIP trunk Side & IPP Side)

The received cli from sip server is 1616551100 not 1616551108. Please check  cli again.

If there is no problem about cli, let me get call trace data.

- Setting for call trace
To enter KMMC9xx, the password is date+minute.
If date is 9 and time is 22:17, password is 0917.

1. KMMC 995
MONITER CNT:ALL
2. KMMC 993
CALL MSG TRACE
STATE/EVENT : ON
VOIP TRK MSG: ON
MOBEX TRACE : ON		MG.19/05/09 Sorry incorrect CLI used. There are no problems when using Gamma as long as  MPS is OFF.

				12		OS Connect   Call intercept on ISDN and Sip Trk		(OS7100 MP10) Scenario 1. call mobex extension and answer the call, from a digital phone (ext 217) belonging to mobex ring group dial FPICK feature and master station , call is intercepted. Place call on Hold from digital phone. Call LED does not light up, you must place call on hold for a second time before Call Led lights up.		3		S/W		이수경		15/05/09		V4.40 090523				fixed		System did not assign call button. This problem was fixed (09.05.23)

				13		No Speech between transferred calls		(OS7400) A=Digital phone, B=i5220, C=i3100,   make a call from B to A and answer call, on B press transfer button and ext no of C, A is on hold, B and C connected with speech, Hang up call on C, A and B connected again but with no speech.		1		S/W		정지우		20/05/09		V4.40 090509				fixed		Old MGI interface problem about G.711 codec. It will be fixed in next version. (09.05.23)		MPS service was On but no OAS card installed yet. When MPS is off then ok.

				14		Callback not working to IP Phones in certain scenario		(OS7400) A=Digital phone, B=IP Phone,,,, B is idle, make call from A to B, B is ringing, On A select CBK, On B take handset Off Hook and Back On, there is no callback. (tested on ITP-5112L, i3100, i5220)		3		S/W		이수경		21/05/09		V4.40 090509				spec		This is spec.
In case of ENBLOCK mode, NO answer callback is not supported.

				15		Cannot disable  Missed Call on IP Phones		(OS7400) Enable Missed call in MMC110 for IP phones, now disable Missed call on ip phones. Make call to IP phone and hangup, Missed call shows on  IP phone. (tested 5112L, i3100, i5220)		2		S/W		전준범		21/05/09		V4.40 090509				spec		This is spec.
Large IP phones always display Missed call.
(5112L, i3100, i5220 are Large IP phones.)

				16		Sip Extension no speech to digital keyset		(OS7400,OS7100) Registered x-lite to system, call from x-lite to digital keyset no speech, call from x-lite to ip phone you get speech		1		S/W		이동성		21/05/09		V4.40 090509				fixed		Old MGI interface problem about G.711 codec. It will be fixed in next version. (09.05.23)

				17		Station Group Names not saved with IT Tool		(OS7400) using IT Tool enter a name for a station group MMC601 save and reload page. Name disapperas		3		S/W		전준범		21/05/09		V4.40 090509				fixed		There are some miss to write DB.

				18		Voicemail msg clipped on new IP phone		(OS7100 MP10) program vmmsg key onto i5220, i5243 press vmmsg key, you do not hear the beginning of the prompt properly instead of hearing "Enter your password" it sounds more like "Nter your password"		3		S/W		단말		22/05/09		V4.40d

				19		Accessing voicemail you here "enter your passord then a ringback tone"		only on i5243, dial vm group or press vmmsg key, you hear "enter your password" then ringback tone.		3		S/W		단말		22/05/09		V4.40d i5243 V1.37

				20
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OS Communicator

		System Configuration						Server Configuration

		Fault Number		Application		Description		Fault Type		Date found		Date of Fix		Notes

		1		All Modes		When dialling from Phonebook, if the Number is using Country code, this is cut but not replaced with 0		Minor		19th May 09		In the case of international systems, systems deal with the number format for softphon and uc phone mode. For deskphone mode, we need details for the number format.

		2		All Modes		Hot key for Dial Rule Config - does not save tick for The country code is automatically deleted - also have from an option to enter this option from the settings menu.		Fixed		19th May 09		This config panel is not available with OfficeServ. Disabled		disabled option!!

		3		All Modes		Voice recording fails, only on vista but crashes see error 44		Fixed		19th May 09		20th May 2009

		4		All Modes		On a XP machine, the Buddy list, when putting the mouse over the Buddy you are given contact details. The details box was not big enough for all the information.		Clear		19th May 09				Since Re-install of windows  this has not happened

		5		Desk Phone Mode		Chatting to another user, if you then press call, the phone rings the person you are chatting to.  If you then double click the hang up icon Communicator brings up conference window. Fixed for all except desk phone, This has been disabled we need		Major		19th May 09		For deskphone mode, this problem is related to OfficeServ MP.

		6		UC Mode		Communicator takes approx 30 seconds to log in, just before logging in, error displayed on screen"your phone line has been closed", then operates correctly		Clear		19th May 09				Since Re-install of windows  this has not happened

		7		SoftPhone Mode		While chatting click call status icon crash vista machine 1 instance		Clear		19th May 09				Only happened once

		8		All Modes		file transfer on vista both ways fails		Clear		19th May 09				Restart has cured

		9		All Modes		white board on vista fails		Clear		19th May 09				Restart has cured

		10		All Modes		maximise/minimise window for whiteboard window sharing, currently you have to manually size the window		Request		19th May 09

		11		All Modes		When Chatting if you wish to invite  a buddy the list has no names stored, you have to manually search.  Can the box have a list of alll users and or your buddys		Request		19th May 09

		12		All Modes		When adding Buddys the list has no names stored, you have to manually search.  Can the box have a list of alll users		Request		19th May 09

		13		Desk Phone Mode		one instance of the deskphone log in being faulty, with a windows error report on a  xp machine		Clear		19th May 09

		14		All Modes		You lock and unlock your handset without the need for a password, you should have to enter a password		Minor		19th May 09

		15		SoftPhone Mode		how do you use directory volume scroll!!When searching through the speed dial directory, how do you scroll through the names without a volume key, up and down arrows do not work.      Have assigned shortcut key but assign crt,shift down does not work		Fixed		19th May 09		If you set some hot keys as volume up and down keys, then you can use them.		볼륨 다운을 ctrl + alt + down 으로 설정했는데, 동작하지 않음. Down 대신에 A와 같은 다른 키로는 동작함. 확인 필요

		16		SoftPhone Mode		how do you page from softphone? enable cos 60, speak on page!!!		Fixed		19th May 09		If you set some hot keys as Hook on and down keys, then you don't have to enable cos 60		enable cos 60, speak on page!!!

		17		Desk Phone Mode		desktop mode has no messenger settings, you cannot set up your Avatar etc		Minor		19th May 09

		18		Desk Phone Mode		desktop mode has no program keys/BLF - OSCall did		Request		19th May 09		The main function of BLF is presence. When OS Communicators are running with OS messenger server, Users can see the presence of buddies. That is the reason OS Communicator doesn't support BLF function.		disabled. tsp driver because of cti messaging

		19		Messenger Server		In the messenger server you are allocated an extension, in Communicator you can log in from a different extension, when using the chatting options to call, you ring the extension allocated in Messenger, so the call goes to the wrong person		Fixed		19th May 09		OS messenger server will be changed to refuse logging in with different extension number. But we need your opinion about this modification.		messenger will not log in if wrong extension set

		20		Desk Phone Mode		When setting call forwards from settings/phone status menu, the Communicator rings the operator group		Major		19th May 09		I believe this is a MP problem		Think it is a MP problem!!

		21		Desk Phone Mode		redirect/callforward no answer a call to a station group that has the original member in, communicator no longer register the phone ringing.		Major		19th May 09		I believe this is a MP problem

		22		All Modes		help file contents all squares on XP machine, ok in Vista		Fixed		19th May 09		I build a new chm file and it works on XP machines. We will replace the old one.

		23		Desk Phone Mode		Multiple login with same extension/User ID.  Currently this will either disconnect current user or phone can be controlled from both locations. When new user logs in option to disconnect existing user and then log them out, double beep gone		Minor		20th May 09				* 현재 하나의 OSC가 로그인되어 있는 전화번호와 메신저아이디로 다른 OSC가 로그인을 시도할 경우, 메신저는 기존의 OSC가 로그아웃을 하지만 전화 자체는 두 OSC에서 모두 컨트롤 할 수 있습니다. 일관성을 위해 소프트폰과 UC폰 처럼 데스크폰도 로그인을 막는 방안도 좋고, 아니면 메신저처럼 Call도 기존 로그인이 로그아웃되어야 한다고 생각하는 것 같습니다.

		24		SoftPhone Mode		crashes vista on call recording		Fixed		20th May 09				* 비스타에서 소프트폰 모드로 녹화 수행시 현재 100% 비정상종료됩니다.

		25		All Modes		cannot dial # from PC keyboard		Major		20th May 09

		26		SoftPhone Mode		when diall 9 for external call, get double beep, and disrupted dial tone		Minor		20th May 09

		27		UC Mode		Cannot change user ID, has to matc extension number		Fixed		21st May 09

		28		Desk Phone Mode		one pc(XP, with messenger and link)) has license error when log in, not problem on Vista		Monitoring

		29



mat.marchant:
Extension 201 and 202 are in station group 500
A ddi call rings extension 201
Via Communicator redirect the call to 500
Communicator is idle, even though the handset is ringing

mat.marchant:
Press a directory key
Select System
Enter a letter
Display says scroll on [] use volume keys

mat.marchant:
Have a contact as +447918693160
When dialling this number OS Communicator, needs to replace +44 with 0.
The +44 number is different per country, so we need t o be able to modify what number is cut and what it is replace with. i.e:

Manchester UK number = 01616551100

To dial Manchester from England dial 01616551100
To dial Manchester from mobile phone 01616551100 or +441616551100
To dial Manchester from Europe (00)441616551100 – (00) is international dialling code
Contact could have number entered as:

+441616551100 if imported from Mobile contact list
+44 01616551100 outlook
01616551100 manual enter

Dial another country from UK

Number could be :
+35367654 – see + delete + insert 00 then number
0035367654

Option for your country
Option for national prefix, i.e UK = 0 
Option for replace your country code with i.e. +44 = 0
Option to specify international code

Option country code and national prefix i.e. +440 to 0



IPUMS (2)

		System Configuration		IPUMS is running on: Windows 2003 server/P4/2.53GHz/1GB RAM , OS7400 4.30b, SQLExpress 2005		Server Configuration								Exchange 2003, 1 x user outlook 2003, 1 x user Outloook 2007

		Fault Number		Description		Fault Type		Date found		V4.40 test		Date of Fix		Notes		Notes MM 29th April		Notes MM 21st April 2009		Notes MM 27/03/09		Notes MM 21/03/09		Notes MM 17/04/09

		1		appliction label on task bar display as OffcieServ IP-UMS		Fixed		24-Mar-09		n/a				Cannot find fault again- IGNORE

		2		When Installing in the UK can we have the default language as British English, System Parameters/ Language		Fixed		24-Mar-09		n/a				See Picture Sheet				Fixed 1.3.3.4		SEC)We will consider it		SEC) Installation will be changed.		SEC) Fixed

		3		Browser cannot scroll down when you have opened up the system Main Menu on the right hand side		Fixed		24-Mar-09		n/a				See Picture Sheet				Fixed 1.3.3.4		SEC)We will consider it				SEC) Fixed

		4		MMC 758 VM Mail Day/Night does not change the IPUMS mode		Fixed		24-Mar-09		works correctly				SEC) Please test again MP v4.30d						Works correctly on v4.30d

		5		When trying to record prompts from the voice studio, the IPUMS cannot ring an extension		Minor		20-May-09		rings handset does not record in vista/xp
SEC) Check CODEC TYPE at the System Parameter of Web Amdin.				SEC) Please test again MP v4.30d						Still fails with 4.30d
SEC) Please check System Parameter -> Management -> CODEC : 711a		Fixed with change

		6		Operating utilities when selecting the activity logs you get errors, this fails on Windows 2003 Server, works correctly on Vista		Fixed		24-Mar-09		n/a				SEC) I wonder Windows 2003 server also was installed umsclient module.						need ums client, now works

		7		Regardless of the default language setting in System Parameters, the voice studio always starts with American English. This should follow default language setting		Fixed		24-Mar-09		n/a				See Picture Sheet				Fixed 1.3.3.4		SEC)We will consider it				SEC) Fixed

		8		No comfort beep is played before leaving a message		Fixed		24-Mar-09		n/a				SEC) 0991.wav file was missed, I will add it.				Fixed 1.3.3.4				SEC) We will add it.		SEC) Fixed

		9		When trying to Record greeting through web browser via ringing phone this does not work		Major		20-May-09		Rings phone, allows to record, will not save recording, sometimes ipums states recording not found.
SEC) As I remember, the cause of the problem was PC environment. Please check PC has sound device, and if sound deive exists and still happens it, please send client log files and server log(olsrv.log) file.				SEC) Please test again MP v4.30d						Still fails with 4.30d
SEC) Please check System Parameter -> Management -> CODEC : 711a		Fixed with change

		10		No phone controls seem to work from the web browser see errors 9 and 5		Fixed		24-Mar-09		works correctly				SEC) Please test again MP v4.30d						Still fails with 4.30d
SEC) Please check System Parameter -> Management -> CODEC : 711a		Fixed with change

		11		Change out dial defaults to no in ECLASS , this will bring the setting in line with the OS7030/7100 and the SVMi20		Fixed		24-Mar-09		N/A				See Picture Sheet
SEC) I am not sure what is the problem. Please explain details.				Fixed 1.3.3.4		The default setting allow for users to outdial.  We have had many problems in the UK, with voicemail hacking.  We would like the outcall defaults to be no please.
SEC) We will consider it.		SEC) Installation will be changed.		SEC) Fixed

		12		There are no comfort tones/beeps played at all, when leaving or recording a Message, see also fault number 8		Fixed		24-Mar-09		works correctly				SEC) 0991.wav file was missed, I will add it.				Fixed 1.3.3.4				SEC) We will add it.		SEC) Fixed

		13		No default ucd queue messages i.e. Prompts 5061 and 5062 in english british		Minor		24-Mar-09		SEC) V1.3.3.4 ~5 already includes these prompts. Please check again.				SEC) 5061.wav, 5062.wav file was missed, I will add it.				Prompts are there but are American English, should follow default language setting, in my case English, British				`		SEC) Fixed

		14		Call record does not work, the phone displays "cant record Now no vm ports"		Fixed		24-Mar-09		works correctly				SEC) Please test again MP v4.30d						Works correctly on v4.30d

		15		Does not create spnet mailboxes automatically		Fixed		24-Mar-09		works correctly				SEC) Please test again MP v4.30d
and check Donwload Options in MMC750						Works correctly on v4.30d

		16		Forward No Answer from spnet station to a remote IPUMS goes to subscriber log in not to leave a message		Fixed		24-Mar-09		works correctly				SEC) According to log data, you just logged in 233 mailbox (call type = direct station).		Works correctly if ICM EXT FWD, is set to on in mmc210		Awaiting MP new mp version		This fault still occurs, the log is for a call from extension 233 to spnet station 301, the forward type is no answer back to ipums group. The fwid and call type are incorrectly sent/received.		SEC) It is MPv4.30d problem. MP engineer will fix it.		SEC) It is MPv4.30d problem. MP engineer will fix it.

		17		VMAME does not work, when trying to enable the display shows: cant record Now no vm ports		Fixed		24-Mar-09		works correctly				SEC) Please test again MP v4.30d						Works correctly on v4.30d

		18		Auto Record doe not work - see Fault 14		Fixed		24-Mar-09		works correctly				SEC) Please test again MP v4.30d						Works correctly on v4.30d

		19		Extension Block/caller options processor - cannot go to an ext, mbx etc etc when select 6		Major		30-May-09		does not work
SEC) Let me know your test procedure. And I wonder when you test it with SVMi by sam procesure, it works well or not.				SEC) I will check it more (When I tested it with SVMi, the result was the same.)						Works correctly on v4.30d

		20		Subscriber Import does not work		Fixed		24-Mar-09		works correctly				see sample import sheet
SEC) It has soms problem, we will fix it.				Fixed 1.3.3.4				SEC) We will fix it.		SEC) Fixed

		21		Extension settings to page user do not work - get invalid option		Fixed		24-Mar-09		n/a				SEC) Please explain details.						Cannot get to work, when i select 3 to page the caller, i am given invalid option. How do i configure this feature?				SEC) Paging works from trunk call. Please test again with TRUNK call

		22		When email synchronisation is set, when listening to an email message, your are given the option to listen to contents by pressing 4, option 4 actually replies to the message.		Minor				SEC) V1.3.3.4 ~5 already changed this prompt. Not press 4, press 55.						Prompt is now correct but in american english rather than my default British english, moved issue to minor		Email synchronisation no longer works, see error 26		SEC) It need to change prompt. To listen to email message contents Press 55.		SEC) We will fix it.		SEC) Fixed

		23		Outlook add-in, you cannot use the phone to record greetings, see fault 5,9 and 10		Fixed														SEC) Please check System Parameter -> Management -> CODEC : 711a		The add-in will now ring handset, and let you record a greeting, this is not loaded into the ipums

		24		Fax to a menu, does not detect Fax tones		Fixed

		25		An invalid call from the Direct Trunk menu does go to the Night Menu		Fixed												Still Fails				SEC) Please verify your configuration		SEC) Please verify your configuration

		26		Version 1.3.3.4 email synchronisation does not work fully, the outlook client is informed of a new voice message, you do not get any details of email message. If you delete a voice message from outlook it is not deleted from your ipums mailbox.		Fixed

		27		subscriber web browser calender is spelt calander		Fixed

		28		Menu settings/menu input processor, you cannot select goto menu		Major		30-May-09		SEC) I sent patch file, please check it again.
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mat.marchant:
Installed previous version to check my settings, this works correctly on previous version

mat.marchant:
Make a call to the IPUMS group,
This call enters the Direct trunk group
Inavlid destination is Mailbox 307
The actual call goe to Mani Menu.
Please see attached log of a test call:

=>PortActivity Control - Build 2009.3.2
=>SR)  Connected...
=>MON) [ch=1] [MOD 01 Day] New call - Tue Apr 21 12:11:18 2009

=>MON) [ch=1] [MOD 01 Day] CODE = <DT> CID = <01635555555> FID = <579> TRUNK = <701>

=>MON) [ch=1] [MOD 01 Day] Salutation

=>MON) [ch=1] [MOD 01 Day] Searching on Call Code - DT

=>MON) [ch=1] [MNU Direct Trunk] Searching on Trunk ID - 701

=>MON) [ch=1] [MNU Direct Trunk] Searching on INVALID

=>MON) [ch=1] [MNU Day Main] Searching on Caller entry - NO-ENTRY

=>MON) [ch=1] [EXT 01 Operator] Transfer to [EXT 01 Operator] - <0>

=>MON) [ch=1] [EXT 01 Operator] Immediate release

=>MON) [ch=1] [EXT 01 Operator] Answered

mat.marchant:
In menu input parameters send fax call to a mailbox
Direct a fax call to a menu
The fax call will go to invalid option not the faxcall destination

mat.marchant:
Send an email to a subscriber
The subscriber enter the mailbox through the handset
Listen to messages
Press 4 to listen to contents of message
You will reply to message

mat.marchant:
Save a sample file
edit as shown on sample import sheet
select this file in subscriber import
Get error shown in sample import sheet

mat.marchant:
MMC701, enable VMAME
Programme a VMAME key on an extension
Push the VMAME key, the display will show "cant record Now no vm ports"

mat.marchant:
Configure SPNET between siteA and siteB
SiteA has the IPUMS, siteB is set up with remote voicemail to siteA
Forward a handset on siteB with a forward no answer to siteA IPUMS
Ring the extension on siteB when this forwards to the IPUMS, you are played the greeting to enter your password:

Logs for test call:
=>DBG) DB 13:34.33.04 [ch=1] Line state set to Ringing (1) 

=>MON) [ch=1] [MOD 01 Day] New call - Wed Mar 25 13:34:33 2009

=>DBG) DB 13:34.33.21 [ch=1] CMD VOICE-1: Set hook switch

=>DBG) DB 13:34.33.21 [ch=1] Line state set to Connected (5) 

=>MON) [ch=1] [MOD 01 Day] CODE = <DS> CID = <233> FID = <233> TRUNK = <>

=>MON) [ch=1] [MOD 01 Day] Searching on Call Code - DS

=>MON) [ch=1] [MNU Direct Station] Searching on Caller ID - 233

=>MON) [ch=1] [EXT 01 EXT 233] Subscriber Logon

=>DBG) DB 13:34.33.50 [ch=1] CMD VOICE-1: Extended play file

=>DBG) DB 13:34.33.65 [ch=1] CMD VOICE-1: Stop channel

=>DBG) DB 13:34.33.71 [ch=1] CMD VOICE-1: Extended play file

=>DBG) DB 13:34.33.85 [ch=1] CMD VOICE-1: Stop channel

=>MON) [ch=1] [EXT 01 EXT 233] Requesting password

mat.marchant:
Configure SPNET
MMC 824 set mailbox to yes
MMC 750 - Set autosetup to yes
MMC 750 - Set Download options SPNET STN to yes

Restart/Reconfigure database for IPUMS, the SPNET mailboxes are note created

mat.marchant:
On the OS System set in mmc 701 useable features:
VM REC - On
VMA REC - On
VMS REC - On
On a handset programme a Call Record Key

When trying to record a call via  a Call Record Key, the display gives "CAN'T RECORD NOW NO VM PORTS"

In MMC 752, set up AUTO record for an extension for both in/outbound calls, make a call to the extension
The display again gives:   "CAN'T RECORD NOW NO VM PORTS"

mat.marchant:
On the OS System set up a VMUCD group with the IPUMS ports in
Set up a UCD Group, with an overflow to the VMUCD group
MMC 607 - UCD Options the default message is 5061 and 5062.
Make all extension busy in the UCD group and make a call to the group
No prompts are played.

Sear in prompt studio, for 5061/5062 in British english, no prompts are found

mat.marchant:
Enter your mailbox
Press 5 for personal greetings
Press 6 to edit personal greetings
Press 1 for personal greeting 1
IPUMS gives details then states recording, no comfort beep is played after this prompt

mat.marchant:
Forward a Handset to the IPUMS
Ring the Handset, when the IPUMS answers press 1 to leave a message
The IPUMS plays the mailbox number, then recording, but no comfort beep is played

mat.marchant:
When trying to access from windows 2003 server, I have set the browser security to low
When i try to acces I get the following error:

Line: 829
Char: 9
Error: Object doesn't support this property or method
Code:0
URL: http://172.20.1.5:8080/console/opUtil/UserLog.jsp

mat.marchant:
In the webbrowser, go to Voice Studio/Prompt
Change Language to English British
Search for Prompt number 1001
When found put an extension number into the box next to call, press call button
Extension does not ring
Get Error on web page, when selecting error the following is displayed:

Line: 944
Char:  3
Error: Object doesn't support this property or method
Code: 0
URL: http://172.20.1.5:808/servlet/scommtech.basis.controlServlet

Below is the port activity when the call button is pressed

=>DBG) DB 10:19.56.79 [ch=31] CMD VOICE-31: Set hook switch

=>DBG) DB 10:19.56.79 [ch=31] Line state set to Dial Tone (3) 

=>DBG) DB 10:19.57.84 [ch=31] Line state set to Connected (5) 

=>DBG) DB 10:19.57.84 [ch=31] CMD VOICE-31: Set channel parameters

=>DBG) DB 10:19.57.84 [ch=31] Line state set to Connected (5) 

=>DBG) DB 10:19.58.09 [ch=31] Line state set to Dropped (2) 

=>DBG) DB 10:19.58.15 [ch=31] CMD VOICE-31: Stop channel

=>DBG) DB 10:19.58.21 [ch=31] CMD VOICE-31: Stop channel

=>DBG) DB 10:19.58.28 [ch=31] CMD VOICE-31: Set hook switch

=>DBG) DB 10:19.58.28 [ch=31] Line state set to Idle (0) 

=>DBG) DB 10:19.58.28 [ch=31] Line state set to Idle (0) 

=>DBG) DB 10:19.58.29 [ch=31] CMD VOICE-31: Stop channel

mat.marchant:
Set up MMC 758 as 
Ring 1 : 01
Ring 2 : 02
Ring 3 : 03
Ring 4 : 04
Ring 5 : 05

The IPUMS Scheduler as MCP Auto for all Ports Sun through Sat

From any handset set the ringplan to be 2, the IPUMS mode does not change to mode 2
This is the same for an Ring Plan you set the system to
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						OfficeServ System		Change Notes

						Problem or Requirement		Reason		Modification		Test Procedure		Bug/
Req.		Issued Information												Release Information																		Remarks

		1Q Number		검증완료일												Date		System		Package		Version		Country		Index		Package		Version		7400		7200		7100		500		100		12		iDCS

		-				STN Group A is sequential mode, is set Next Hunt time, have member A, B, C, D. If all members of STN Group A are idle and  a call is incomming to STN Group A, stations ring through A - B - A - B …(because STN Group A is sequential mode). 
But in this case, It is required that stations ring through A - B - C - D - A....		Requirement		STN Group A is sequential mode, is set Next Hunt time, have member A, B, C, D. If all members of STN Group A are idle and  a call is incomming to STN Group A, stations ring through A - B - A - B …(because STN Group A is sequential mode). 
But in this case, it is changed that stations ring through A - B - C - D - A....		1. Set STN Group A to sequential mode and input next hunt time and member A, B, C, D
2. Make a call to STN Group A
3. Check that stations ring through A - B - C - D instead of A - B - A - B		Req.				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		-				OS7100 cabinet can be used for OS7200's 2nd cabinet.		Requirement		OS7100 cabinet can be used for OS7200's 2nd cabinet.		1. Set up OS7100 & MCP(slot 1, for OS7200)
2. Use OS7100 cabinet for OS7200's 2nd cabinet.
3. Check that OS7100 cabinet's cards work well		Req.				OS7200		MCP		V4.14		ALL				MCP		V4.14k				O

		-				PRI ECT function has a error in case of below. 
1. SYSTEM A have TEPRI card and STN A, B, C. SYSTEM B have TEPRI card and STN D
2. Set ECT Service using each PRI line
3. STN A makes a call to STN B and STN B receives the call.
4. STN A holds STN B and make a call to STN D using PRI
5. STN D receives the call and transfer the call to STN C using PRI
6. STN C receives the call and STN A is connected STN C 
7. In this case, STN A and STN C are connected directly and 2 PRI is disconnected (ECT function is working) 
-> this had a problem at before MCP version		In case of having hold call, handling ECT was omitted		In case of having hold call, handling ECT was added		1. SYSTEM A have TEPRI card and STN A, B, C. SYSTEM B have TEPRI card and STN D
2. Set ECT Service using each PRI line
3. STN A makes a call to STN B and STN B receives the call.
4. STN A holds STN B and make a call to STN D using PRI
5. STN D receives the call and transfer the call to STN C using PRI
6. STN C receives the call and STN A is connected STN C 
7. In this case, STN A and STN C are connected directly and 2 PRI is disconnected (ECT function is working) 
-> this had a problem at before MCP version		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		-				SPNET error occurs in specific case at OS7200 system		MCP S/W always tests ping to destination system before SPNET call. If error for ping test occurs in this case, MCP S/W check the link using heart beat message (UDP message).
But in specific case, the heart beat message handling have some error.		The heart beat message handling is fixed.		1. Make incomming or outgoing SPNET calls so many times while SPNET link is disconnected and recorvered.
2. Check that SPNET all of SPNET call is OK while SPNET link is OK.		Bug				OS7200		MCP		V4.14		ALL				MCP		V4.14k				O

		P080125001				WiFi phone call drop		If WiFi phone used through MGI don't receive RTCP message for 15 second, the call is disconnected. (This is a SPEC)
But in this case, systme disconnect WiFi phone using 1st ch of MGI at before version		This function is removed  becase it's not nessasary. And in this case, WiFi phone is disconnected for using location information at WLAN task.		1. Make a call using WiFi phone through MGI
2. Go away WiFi phone from AP
3. Check that other WiFi using 1'st ch of MGI is OK		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071215001				When attempting to upgrade the OS7400 with V4.14 and LCP with OS7200 expansion the LCP will not upgrade if the OS7400 is running V4.14 with LP40 of V1.17. Most dealers upgrade the MP40 first, LP40 second and then LCP third. This process will not work. The workaround is to upgrade the LCP with V4.12 first and then uprage the MP40 and LP40 Software.		There isn't check flow about whether the OS7200 LCP is exist or not.
So, this flow is skiped		here is check flow about whether the OS7200 LCP is exist or not.		1. Set OS7400 system connected OS7200 LCP
2. Upgrade LCP PGM file at MMC 818
3. Check that upgrading LCP is OK.		Bug				OS7400		MP40		V4.14		ALL				MP40		V4.14k		O

		P071228002, P071228003, P071228004				The OS700 series switches, mainly OS7400, 0S7200 running V4.14 with IT TOOL V1.1.1 has a issue with the card halt command. When the card is in Card Halt mode, you can still call and receive calls in that state. You should not be able to call a phone in a card that has been halted.		In MMC810, the way for calculating the port number of cabinet2/3 was wrong.
And receiving a trunk incoming call while system or card is halted is not a problem. It's spec.		The way for calculating the port number of cabinet2/3 was fixed.
It has to be based on cabinet number and slot number.		1. Try to halt a card
2. Make a call by using phones in card which was halted 
3. Check whether you can still call and receive calls in that state.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O

		P071219002				With Installation tool release V1.1.1 access the OS7400 system, The password is samsung by default.
If a user changes the password and it is fogotten or they leave the company, there is no way to recover that password. The switch would have to be defaulted to be able to use Installation Tool in the future.
There must be a way to acess IT TOOL if the password has been changed.		Engineers in STA requested that OS7400 must have a way to acess IT TOOL if the password has been changed.		OS7400 already has a way to initialize the password of IT TOOL. (MMC900 
If user initialized 'TECH PSWD', 'DB Access Error' is occurred because TECH PSWD idndex was wrong. This problem was modified in MCP V4.14h		1. Access KeyMMC 900 
2. Move cursor to 'ADMN PWD'.
3. Press [hold] key of keyset.
4. And then the password of IT TOOL will be initialized with 'samsung'. 
5. Also, check that TECH PSWD initialization is ok.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P080110003				MMC 420 NND1 and NND2 data not downloading to IS tool when you perform a full DB download from OS7400 to IS TOOL.		check of nnd1/nnd2 value have some error.		check of nnd1/nnd2 value is fixed.		1. Run [I/T]
2. Download a full DB from IT
3. Check that downloading NND1 and NND2 data is OK.		Bug				OS7000		MCP		V4.14		USA				MCP		V4.14k		O		O		O

		P080110006				5.13.4: KMMC has 10 entries for mmc 719, however, IS tool shows 12 entries with some junk data in entry 12. IS tool should match KMMC.		A number of display Entry was wrong		A number of display Entry is fixed		1. Open 5.13.4 page at I/T
2. Check that a number of display entry is 10.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P080110010				MMC 503 in IS tool does not show all trunks. It just shows LOOP trunks. This is a bug. It should display all trunks in the system like KMMC does. This is in menu 2.6.3		Checking line type was wrong in I/T 2.6.3		Checking line type is fixed in I/T 2.6.3		1. Open 2.6.3 page at I/T
2. Check that a number of display entry is 10.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P080122001				Connect IS tool to the OS 7400 v4.14. In IS tool v 1.1.1, if you go to menu 2.4.2 and try to change the LCR Class OF Service to some other value such as 3, and then click the SAVE button, you will get a waring message "Incvalid pair-pot value".
Then you can refresh or reload this menu and you will see that the LCR COS value you entered is not uploaded to the system, it still shows '1' as the default.		The port that don't have pair port was not saved.		The port that don't have pair port is saved.		1. Open [2.4.2]
2. Input the values
3. Save and Reload [2.4.2]
4. Check if value is saved correctly		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P080122002				ITP does not forward the call when it is disconnected
1. Install suitable cards and start system by default and set country to Italy.
2. Register an ITP phone and set FWD NR to a external number.
3. Wait for deregistration time and call ITP number.
  == System does not process the call properly
  == Dialed digits are steady on the caller LCD		ITP A that is set to no answer forward to external is pluged out. If you make a call from STN B to ITP A, then system don't process the call properly. STN B receives the status of ITP A and handles as the status. But the handling of STN B had some error when ITP that is set to no answer forward to external is pluged out.		In case of above, the message handling of STN B is fixed when ITP that is set to no answer forward to external is pluged out.		1. Register an ITP phone and set FWD NR to a external number.
2. Plug out the ITP phone, Wait for de-registration time and call ITP number.
3. your call is forward to external.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		-				When sent SIP trunk call and is received 183/180 response with 'remote-party-id', system is restarted(LSP)		There is a problem relating to handle the value of "remote-party-id" header. The buffer which saves the value is too small.		The buffer size is increased enough for saving.		1. Try to send out SIP Trunk call.
2. Check that call is connected successfully		Bug				OS7100		MCP		V4.14h		LSP				MCP		V4.14k		O		O		O

		-				SIP station receives a forwarding call from DGP station, then if SIP station try to transfer other station, that doesn't work.		System doesn't handle Hold message received from SIP station which received forwarding call. SIP station send re-INVITE with SDP connection attribute setting to 0.0.0.0. The handling for this case is left out.		In case of problem happening, modify to handle a hold message.		1. set no answer forward to 201 DGP
2. try to call to 201 from 202, and wait until call is forwarding to SIP Station.
3. When SIP Station is ringing, SIP station hooks off.
4. SIP Station tries to trasfer another station.
5. Check that the operation working		Bug				OS7400		MCP		V4.14		GTL				MCP		V4.14k		O		O		O

		P080122003				ITP as secondary station does not ring when paired to a SIP station.		In this case, although PAIR NO RING(MMC300) is set to ON, secondary pair station has to ring. But the status for ringing SIP STN was not checked.		The status for ringing SIP STN will be checked. If the SIP phone which has a pair relation with DGP get a call, the DGP will ring.		TEST PROCEDURE
1. Let SIP station has pair relation with DGP. 
2. Make a call to the SIP station.
3. Check whether DGP is ringing. 
 TEST RESULT 
This result is OK 
This result will be applied to the next version (V4.21)		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		N070720003				To pair a sip phone with a analogue or digital extension in MMC740. At the moment both phones will ring but if you answer the call on the secondary extension (SIP Extension) there is no speech but if you answer the primary extension (Keyphone) you will get two way speech.		A mgi for sip extension was not allocated when ringing to extension by turns. There is no speech in this case.		When ringging to sip extension, mgi will be allocated for voice path.		1. Pair a sip phone with a analogue or digital extension in MMC740.
2. Make a incoming call to both phones. And you answer the call on the secondary extension (SIP Extension) 
3. You will get two way speech.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P070925003				New Zealand has changed the daylight savings to:
Please see attached document for new start and end times
Can this be altered in the next version update to all current systems.		Default value is a wrong data in MMC515 DAYLIGHT.		We get a new information and fix it.

Daylight Saving now commences from the last Sunday in September, when 2.00am becomes 3.00am, and ends on the first Sunday in April the following year,when 3.00am becomes 2.00am.		1. Set Daylight saving at MMC515
2. Daylight saving function is normally operating.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071114014				Dear Sir,
We have been seeing an issue when using Installation Tool via the OS7400 internal Modem connection.
The error happens during uploading of the Station Group Menu 4.1.1
The error is data fails to load. Can you please check this issue		During the uploading via internal modem, System will restart.
WLAN type is different between default value and available value		System should restart after completed uploading. And default value changed to commercial AP type. 
So if WLAN type is not changed, system does not need to restart		1. Upload the Station Group Menu 4.1.1 using IT via internal Modem connection
2. Uploading is OK. and if AP type is changed, system will restart.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071122011				We have had a number of customers reporting problems with SIP extensions and SIP trunks with CLI not being correctly sent. The OfficeServ appears to only be able to send incoming and outgoing CLI in the FROM field however a lot of our customers have equipment which expects to recieve the CLI in the 'Contact' field.

i.e. The mobex which is sold by samsung in the UK expects the CLI of an external call to be forwarded in the 'Contact' field so that if the call is not answered the mobex can send a SMS message informing the user of the missed call with the correct CLI. ie. internal extension number or external CLI

Also when using SIP trunks some providers require the outgoing CLI in the Contact field in order to be able to forward the CLI to the network as the providers put multiple DDI's on the one account.

'INVITE sip:3301@192.168.50.2:5060 SIP/2.0'
'From: <sip:8604@192.168.50.74:5060>;tag=5a5dfc8-c0a8324a-13c4-122cab-b...'
'To: <sip:3301@192.168.50.2:5060>'
'Call-ID: 5a46638-c0a8324a-13c4-122cab-199a9fdf-122cab@192.168.50.74'
'CSeq: 1 INVITE'
'Via: SIP/2.0/UDP 192.168.50.74:5060;rport;branch=z9hG4bK-122cab-46fe7e...'
'Max-Forwards: 70'
'Supported: 100rel,replaces'
'Reason: SIP; cause=1; text=' CALL FROM 8604''
'Contact: <sip:192.168.50.74:5060>'		We had missed the CLI at Contact Header.		We had missed the CLI at Contact Header.		We has inserted the CLI at Contact Header		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071126002				Dear Support,

LSP have found an issue with SIP trunks during a temporary Network failure which causes SIP trunking to stop working.

If the OS7100 can not communicate with a DNS server for about 90 seconds the SIP trunks will stop working and will not resume operation unless the OS7100 is restarted. SIP Registration and Invite messages are not sent while this problem is occurring.

Any network outage of approximately 90 seconds will result in the complete failure of the SIP trunks. This problem only occurs when the OS7100 uses DNS lookups to try and resolve the SIP Proxy IP address.

If the Primary DNS server is the only DNS server programmed in the system the time from network outage to the failure of the SIP trunks is approximately 50 seconds.

If both the Primary and Secondary DNS servers are programmed in the system the time from network outage to the failure of the SIP trunks is approximately 90 seconds.

When an IP address is programmed into the Proxy address field in MMC837 the DNS lookup feature is not used. The OS7100 will not stop trying to contact the SIP proxy, so the problem does not occur.

The attached Wireshark trace shows the packets being sent to and from the lab OS7100 when a network failure occurs. In this trace at packet number 9 the Internet link was disconnected; at approx		There has been a S/W bug in SIP module specially in its DNS query feature. OfficeServ was supposed to execute DNS query whenever it failed to receive any response (success or failure) for sent-out request. This rule, however, did not cover the case of failure to make request at all. This blocked OfficeServ from going into the state where DNS query was triggered.
Therefore, if OfficeServ failed to obtain valid outbound proxy ip address at inital booting time, it would never be able to make any SIP request because it could not know the destination IP address which is essential in constructing SIP messages, which made OfficeServ looked stoped or pended in its SIP functioning.		Modified SIP module so that OfficeServ triggers DNS query even when it fails to construct SIP message due to blank destination IP address.		DNS query successfully made and SIP function worked fine even after it failed to get a valid outbound proxy ip address at initial system booting time.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071126007				Configure a 7400 as follows
Cabinet 1 – 7400
Slot 0 – LP40 v 1.17, Slot 1 – 16DLI, Slot 2 – Blank
Slot 3 – MP40 v4.14, Slot 4–11 – Blank,
Cabinet 2 – 7200
Slot 0 – LCP v4.11, Slot 3 – BRI v6

Default system, Check mmc 727, in cabinet 2 slot 3 it will see the BRI card but will not give you the version information.
Try to dial out through the BRI card,(trunk 701), you cannot.
I have tried this on the following versions:
7400 mp40 v3.34/4.11/4.14
7400 LP40 v1.14/1.17
7200 MCP v2.69/4.11/4.12		When OS7400's 2nd or 3rd cabinet is connected to LCP(OS7200). Cabinet and slot infromation of BRI message located at LCP(OS7200) was wrongly calculate		When OS7400's 2nd or 3rd cabinet is connected to LCP(OS7200). Cabinet and slot infromation of BRI message located at LCP(OS7200) are rightly fixed.		1. Connect OS7400's 2nd or 3rd cabinet to LCP(OS7200)
2. Lacate BRI card at LCP(OS7200)'s slot
3. Check that BRI card work well.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071213011				In certain call scenario뭩 when using an OS7200 v4.14/MGI v1.12 with SIP extension뭩 the IP address in the SDP connection parameter within the SIP invite message is ignored and the IP address used for SIP signalling is used instead see the attached sniffer trace.

OS7200 MCP 192.168.20.19
OS7200 MGI 192.168.20.20
Master Kirk 600v3 192.168.20.1 Control뭩 all Kirk units and manages SIP signalling using SIP extensions to and from the OS7200 and provides 12 RTP Channels
Slave Kirk 600v3 192.168.20.2 Provides an additional 11 RTP Channels to the Master Unit
Slave Kirk 600v3 192.168.20.3 Provides an additional 11 RTP Channels to the Master Unit
Note: The Kirk allows DECT phones to connect via SIP extensions to the officeserv.

In the attached trace you can see if the SIP extension originates the call (Kirk Unit) the IP address in the SDP Connection parameter is not used and instead the IP address of the Master Kirk Unit is used. This causes a loss of speech if the SDP message states that one of the Slave Kirk units should be used for the media/RTP.
If however the OS7200 originates the call from a DLI phone to a Kirk SIP extension this works no problem and the SDP parameters are handled correctly and the RTP stream is directed to the correct IP address and ports.

If the master unit provides the RTP ch		We have to know what is remote RTP address from SDP of INVITE message.
At this point, it was wrong to refer Origin Header on SDP of INVITE message.
So, there are happened the one way voice.		We had modified to refer the Connect Header instead of Origin Header on SDP of INVITE message		Success, we had finished the PA test with OS7200 v4.14a		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		-				<MMC837 SIP Options>
Add new options in 5.2.2 SIP Options.
- LCR Fast Setup
  Range = Enable/Disable
  Only Korea		Options should be added in 5.2.2 SIP Options.		Add new options in 5.2.2 SIP Options.		1. Login to Web Management and click [Telephone] icon.
2. Open 5.2.2 SIP Options.
3. Change value of the options.
4. Click [Save] button.
5. Click [Reload] button.
6. Check the changed values.		Req.				OS7100		MCP		V4.14		ALL				MP10		V4.14k						O

		P080110004				IS TOOL MMC 430 TIMER field is missing.		That field is not need any more.
So, it is dropped in the IS TooL		That field is not need any more.
So, it is dropped in the IS TooL.
And, We will change the KMMC also in the next version.
At that time, you can check both on KMMC and IS TOOL.		1. Set Country to USA
2. Check whether TRUNK Timer field exists.		Bug				OS7000		MCP		V4.14		USA				MCP		V4.14k		O		O		O

		P071221001				When using menu option 2.1.2 (MMC 830), There is an option called System Reset. This option is not working. When setting System Reset to YES, and saving the data, the system not reset. This is broke. Please investigate this issue.		The options which need SYSTEM RESET was moved to the 2.1.0. So This SYSTEM RESET option has to be removed.		The options which need SYSTEM RESET was moved to the 2.1.0. So This SYSTEM RESET option has to be removed.		The options which need SYSTEM RESET was moved to the 2.1.0. So This SYSTEM RESET option has to be removed.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P080109023				It seems with the new version of software V4.XX you are unable to reset technician password via the following procedure below.
- MMC200 Customer login.
- MMC505 change to all 1's
- MMC900
- 6663
- Hold

You get an error message'DB Access Error'
All OS systems V4.XX		technician password index was wrong.		technician password index is fixed.		To reset technician password is possible at MMC 990		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P080213001				We have a major problem on the OS7200 after the upgrade and database upload to a dual cabinet OS7200 system. The audio to the second cabinet is gone after a power cycle on the new V4.14H load with LCP software load of V4.12. The OSM to upload the new database is OSM V4.12 DATE 10/19/2007.
There is no problem unless the database is uploaded to the system, then power cycle and no audio to the second cabinet. In default, the second cabinet works fine after a power cycle with the new software load. I am not sure if the OSM is causing the problem or the MCP, LCP software versions.
This is a major issue since want to launch this new software load and this problem will not help.		New feature that OS7100 cabinet can be used for OS7200's 2nd cabinet is added. But system misjudge lcp cabinet type of old version (before V4.14f) DB to OS7100 cabinet. This makes a problem.		System judge lcp cabinet type of old version (before V4.14f) DB to OS7200 cabinet.		1. Set up dual cabinet OS7200 system using before MCP V4.14f.
2. Upgrade MCP from before V4.14f to after V4.14h (080213)
3. Check that OS7200's 2nd cabinet works well.		Bug				OS7200		MCP		V4.14f		ALL				MCP		V4.14k				O

		P070810001				In the case of printing out the hotel bill to a LAN printer, if the is more about than 30 lines long (half the page), the other lines will be moved to the second page. This room report will only print on half the page regardless of the line feed setting in MMC 725 and MMC 829 (HOTEL REPORT). This seems to be a problem with the end of page settings. This needs to be fixed. See the attached example.		When the printer language set the raw, the form feed does not sent to printer.
So the line per page is ignored.		If there is more about than line per page, the other lines will be moved to the second page.		If there is more about than line per page, the other lines will be moved to the second page.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P070810003				When using the Hotel Key, then RPT soft key to print other reports such as WAKEUP, MAINTENCE, etc, the reports are not printing out. The data is buffered, and then printed at the start of the page for the next Room or phone bill. These bills should printout to the LAN printer on request and not be held in a buffer and printed on top of the next room or phone bill. This seems to be a problem with the end of page settings. This needs to be fixed. See the attached example.		Because form feed was not sent to the print module. waiting more data.		It is fixed. When print the data manually, form feed is sent to the print module and then print data sent to network printer.		When print the data manually, form feed is sent to the print module and then print data sent to network printer.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P080220003				Operation (step by step sequence to reproduce a problem)
1. Start system by default and set country to ITALY
2. Create a VMSUCD group
3. Assign VMSUCD group as RBT SOURCE in MMC 224
4. Enable VM RBACK in MMC 318 for the calling ISDN trunk (ex. 701-702)
5. Enable COLORING in MMC 400 for the calling ISDN trunk
6. Assign a voice message as RBT MSG in MMC 326 for the called station (ex. 201)
7. Make an incoming call to 201 and answer it : CID is not displayed on LCD		When a calling station heard VM ringback message through ISDN trunk, a called station answered the call. Then the trunk status was not TRUNK_CONV_STATE. This makes a problem that CID is not displayed.		When a called part heard VM ringback message through ISDN trunk, a calling part answered the call. Then the trunk was fixed to TRUNK_CONV_STATE.		1. Create a VMSUCD group
2. Assign VMSUCD group as RBT SOURCE in MMC224
3. Enable VM RBACK in MMC 318 for the calling ISDN trunk
4. Enable COLORRING in MMC400 for the calling ISDN trunk
5. Assign a voice message as RBT MSG in MMC 326 for the called station.
7. Make an incoming call to station and answer it. CID is displayed on LCD		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P080220004				Operation (step by step sequence to reproduce a problem)
1. Start system by default and set country to ITALY
2. Create a VMSUCD group
3. Assign VMSUCD group as RBT SOURCE in MMC 224
4. Enable VM RBACK in MMC 318 for the calling ISDN trunk (ex. 701-702)
5. Enable COLORING in MMC 400 for the calling ISDN trunk
6. Assign a voice message as RBT MSG in MMC 326 for the called station (ex. 201)
7. Make an incoming call to 201 and answer it; make a second call and answer it with CALL key when it camp on (the first call is placed on hold) : after 10 sec. the second call is disconnected		When you get a 2nd call (that is VM ringback call), BRI MSGWAIT timer maks a call disconnection.		In this case, BRI MSGWAIT timer is not attached.		1. Create a VMSUCD group
2. Assign VMSUCD group as RBT SOURCE in MMC224
3. Enable VM RBACK in MMC 318 for the calling ISDN trunk
4. Enable COLORRING in MMC400 for the calling ISDN trunk
5. Assign a voice message as RBT MSG in MMC 326 for the called station.
7. Make an incoming call to 201 and answer it; make a second call and answer it with CALL key when it camp on (the first call is placed on hold) 
8. The second call is not disconnected.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P080220005				Operation (step by step sequence to reproduce a problem)
1. Start system by default and set country to ITALY
2. Create a VMSUCD group with 4 VM ports
3. Assign VMSUCD group as RBT SOURCE in MMC 224
4. Enable VM RBACK in MMC 318 for the calling station (ex. 201)
5. Create a station group SEQUENTIAL with 2 members at least. Then set the Hunt Time and assign a voice message as RBT MSG.
6. Call the station group from 201 without answer the call and wait for a number of hops equal to the number of VM channels assigned to VMSUCD group (ex. 4) : the ringback message stops playing and default ringback tone is heard.
When ringback message stops playing, all SVM channels except the last are locked up. A reset of SVM board must be done in order to release the channel(s).		When you get a VM ringback. If next hunt time is expired, MP don't disconnect VM rinback. This makes VM lockup.		When you get a VM ringback. If next hunt time is expired, MP disconnect VM rinback		When you get a VM ringback. If next hunt time is expired, MP disconnect VM rinback. So VM don't lock up.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P080104001				We have just completed a test where we did a backup of the system with IT TOOL v1.1.1.
We then cleared the memory turning off the memory switch.
We then added the IP address in MMC 830
We then logged into the system with IT TOOL and uploaded the database into the system.
We logged into the system with IT TOOL but could not use the password that was set before the memory clear. The default password of SAMSUNG was the only one that worked. 
We believe the password should have been saved on the database.		The variable for reading password is different from that for writing password.		The variable for reading password is different from that for writing password. So in this case, especially uploading all database, the password variable for reading will be saved to the database.		1. Change the password for log-in in ITEM 2.1.7.
2. Log-in by using new password. 
3. Try to download all database. 
4. And then try to upload all database which was received in step 3.
5. Check whether the password is changed.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P080123001				when setting MMC 829 for LAN Printing of SMDR, traffic Report etc, to a printer. the system will have to be reset before this function will start working. On previous system like the iDCS 500, setting MMC 824 and selecting the 'UPDATE LAN' option would start the printer outputing SMDR and Traffice report data. This is broke on the OS7100. After setting MMC 829 and selecting 'UPDATE LAN'. The data is not output to the printer until the 7100 system is rebooted. Please fix this problem.		when setting MMC 829 for LAN Printing of service type. the parameter messge was ignored at the related module.
So, not applied the set value and not working.		If set the lan printing options, I/o task should not be ignored the related message.		If set the lan printing options, I/o task should not be ignored the related message.		Bug				OS7100		MP10		V4.14		ALL				MP10		V4.14k						O

		P071208001				IT tool not allowing the programming of TSF/SPKR/BARGE/DS key etc. in category 4.9.2. 
IT tool version 1.1.1 and 7100/7200/7400 version 4.14. If you attempt to change the TRSF or SPKR or add a DS or BARGE key, you will get an error code or warning of 'Limited in Key Feature' message. The is a mistake that will need to be corrected. See attached screen shot for more details.		When Programming IT Tool for features TRANSFER AND SPEAKER, these keys must be checked whether it's available. But port numbers for features TRANSFER AND SPEAKER was checked incorrectly.		The port numbers for features TRANSFER AND SPEAKER will be checked correctly.		1. Try to program BARGE/DS key in 4.9.2
2. Check whether the result is OK.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071213001				Programming IT Tool for features TRANSFER AND SPEAKER will not work unless you use KMMC programming. For IDCS18 and IDCS28 button sets, you can not program IT TOOL V1.1.1 10/26/07 Feature 
these two keys with Installatin Tool.
The system thinks you can add these features but when verified with KMMC programming, they are not there. KMMC works fine.		When Programming IT Tool for features TRANSFER AND SPEAKER, these keys must be checked whether it's available. But port numbers for features TRANSFER AND SPEAKER was checked incorrectly.		The port numbers for features TRANSFER AND SPEAKER will be checked correctly.		CONDITION
In case of IDCS18 and IDCS28 button sets, 
1. Try to program TRANSFER AND SPEAKER key in 4.9.2
2. Check whether the result is OK.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071213014				For MSN ringing, the “B” option busy is not available..		For MMC421 MSN ringing, the 'B(busy)' option in 'CALL WAIT' feature was missing		The 'Busy' option was added.		1. Login to WebMMC or Web Management and connect to system with BRI card.
2. Open MMC421 MSN Ringing.
3. Change value of the options to 'Busy'.
4. Click [Save] button.
5. Click [Reload] button.
6. Check the changed values.		Bug				OS7000		MCP		V4.14		ITALY				MCP		V4.14k		O				O										only ITALY

		-				SIP re-registration timer issue
When using multiple SIP trunk accounts we are unable to change the re-registration timer.Changing the timer in MMC837 has no affect. We need the system to re-register ALL accounts every5 - 10 seconds to ensure incoming SIP calls are successful.		The expire time of registration is determinded by SIP Server not SIP UA.
Although  OfficeServ(UA) sends REGISTER with expire time set in MMC 837,
SIP Server may send 200 OK with its own expire time. 
Then registration's expire time is set to that of receiving 200 OK.
Thereafter  OfficeServ(UA) sends RE-REGISTER based on the time interval.

By the way, your SIP Server always sets expire time in its 200 OK response 1 smaller than expire in the register request.
OfficeServ changes the value of Expire header to expire time of 200 OK, sends REGISTER message.
After some time, finally Expire time becomes 0 sec.

When SIP Server REGISTER and if the Expire time is 0, SIP Server thinks UA sends deregister.
So Registration is expired.		I modify that the value of expire header in REGITER always refer to expire time  set in MMC 837.
The value of that is not changed but registration interval is dynamically changed  according to expre time of 200 OK for REGISTER.		1.OfficeServ send REGISTER to SIP Server.
2. Check that Incoming call is connected.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071121002, P071128002				7100 voicemail does not stop recording on silence 
THe 7100 voicemail does not stop recording after long silence.

Steps to reproduce:
in MMC 722 give station 201 a MUTE key
From stations 201 dial ## to leave quick memo.
After recording beep say a few words and then press MUTE key.

Recording will continue forever.

Performing these same steps with an SVMi the voicemail will prompt you to continue recording after 3 or 4 seconds of silence, so 7100 voicemail is not behaving correctly.		Silence detection feature was not enabled when recording a message.		It's fixed. 
Mindspeed DSP supports a silence detection feature and it's implemented in VM.
When you record a message and a max silence is satisfied, VM stops recording and prompts you to continue.		1. Record a message to a mailbox and press 'MUTE' key.
2. After a few seconds, VM stops recording and prompts you to continue		Bug				OS7100		MP10		V4.14		ALL				MP10		V4.14k						O

		P070519003				OS System deletes the MoH msg assigned to the VM port in MMC756 after a OS system restart
1. Start system by default and set country to Italy in MMC 812
2. Connect 2 ports of SVM-400 to 2 HYB/DLI ports (e.g. 202 to port 1 and 203 to port 2)
3. Set DLI connection in MMC750
4. Register prompt No. 5000 and assign it to the 1st VM port as MoH in MMC 756
5. Set VM port as BGM to any DGP (e.g. 201) in MMC 308 and start BGM by pressing HOLD button
6. Power OFF and then power ON the system
x.The BGM doesn’t work (prompt msg assigned to the VM port has disappeared in MMC 756 and/or in MMC 308)		After OfficeServ System is restart, the line type of VMMOH port is wrong.
So, it occurs problem.		After OfficeServ System is restart, the line type of VMMOH port is wrong.
So, it is fixed to exact line type.
This issue is fixed by Kyung-il Min.
And it is fixed at V 4.14		1. Connect SVM-400 to OS System.
2. Setting to SVM-400 the prompt number at MMC756.
3. Select the BGM SOURCE to VMMOH at MMC 308.
4. Check the MOH play.
5. OS system restart.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071004026				LCR not working properly when using DT keys with analogue lines 
Using the attached database (Password 1215) When LCR is enabled, if you select an analogue trunk using a DT key and then hang up it locks the line up and leaves the DT key green on that handset and red on all others for approximately 30 seconds. The same thing happens if you try to make a call by first pressing the DT key for the analogue line it will lockup for approximately 30 seconds and you will not be able to make the call. If you disable LCR Enable in MMC 400 this resolves the issue however you then can't use LCR Enable (MMC400) and DT keys at the same time.		LCR feature did not progressed as trunk infomation was deleted. So failed.
But V4.14 LCR is working properly expept the following case. When pressed digit in lcr mode, if the lcr inter timer expired, trunk status will be lock up.		When LCR ENABLE of MMC210 & LCR ALLOW of mmc400 are enabled, trunk information should be maintained for proper operation in LCR mode.		1. Setup LCR feature
2. Set some trunk port to LCR Allow at MMC400.
3. Make a DT + trunk number
4. Dial the trunk number or press DT key
5. You can make a LCR call.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071127003				4WLI card recognition failure in some slot
4WLI card is recognized only Cabinet 1 slot 3,4,5 or Cabinet 2 slot 3		MP system recognizes 4WLI as 32 channel. Therefore 4WLI card is only used at cabinet 1 slot 3,4,5 or cabinet 2 slot 3		It's fixed that 4WLI is supporting 16 channel.		1. Setup 4WLI card in OS7200's cabinet1 slot3, slot4 or slot5, 
   or cabinet2 slot3
2. Check that the 4WLI cards work well.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071006001				Auto Redial does not select the next available free channel on Basic Rate Lines 
Connect 4 channels of Basic Rate lines to 7200
Put line 701, 702, 703, 704 into trunk group 9
Connect 3 digital phones to ext 201, 202, 203
Make a call from ext 201 to a busy external no.  Uses line 701
Press the soft key below Retry on display.
Make the external no free.
Make lines 701 and 702 busy with ext 202 and 203
When ext 201 tries to auto redial it does not select line 703 or 704 which are free.		In the case of using the trunk group, if one number is selected in the group then the number is always used for auto redial. 
It acts like not trunk group but only one number is entered.
So, Auto Redial does not select the next available free channel in trunk group.		In the case of using the trunk group, if the channel is busy then the number is always searching for free channel in the trunk group.		1. Connect 4 channels of Basic Rate lines to 7200
2. Put line 701, 702, 703, 704 into trunk group 9
3. Connect 3 digital phones to ext 201, 202, 203
4. Make a call from ext 201 to a busy external no.  Uses line 701
5. Press the soft key below Retry on display.
6. Make the external no free.
7. Make lines 701 and 702 busy with ext 202 and 203
8. When ext 201 tries to auto redial it select line 703 or 704 which are free.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071105009				The problem with DISA and LCR. 
Configuration for tests: system, PRI board, CO lines card, keyphone for programming In MMC714 assigned one of the DID number as DISA.
Make the incomming call on DISA number, receiving dial tone, then dial the number of trunk group where the CO lines are included. Then dial external number. Normal connection is appeared.
Then programming the LCR function. Incoming calls will be made via CO trunks.
Then I make the incomming call on DISA number, receiving dial tone, then dial the LCR code and external number. The station takes CO trunk and dials the number. After one ring back tone the disconnect happened.
That problem appears on all systems of Office Serv with the different software version		When incomming call through PRI line set to disa, if dialed the LCR code and external number, 
the bri msg wait timer is expired and pri trunk is disconnected. So Call is cleared.		When PRI line is set to disa  and making a external call with LCR, PRI is already conversation status.
So the  bri msg wait timer does not need to check for abnomal case. It is fixed.		1. Configuration for tests: system, PRI board, CO lines card, keyphone for programming In MMC714 assigned one of the DID number as DISA.
2. programming the LCR function. Incoming calls will be made via CO trunks.
3. Then I make the incomming call on DISA number, receiving dial tone, then dial the LCR code and external number. The station takes CO trunk and dials the number. 
4. The call will be OK		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071008008				No Answer call forward to remote voicemail not working correctly when LCR turned on in MMC400. 
When two systems are connected together using SPNET and remote voicemail the voicemail does not recognise the FID properly on a No Answer to remote voicemail call forward when LCR for the Trunk Lines is turned on in MMC400.
Have tested using remote voicemail on 7100 and on 7200 and both do the same thing.
For the other call forward types All Forward and Busy it works ok if LCR is turned on for the Trunk lines in mmc400.
If you disable LCR for the Trunk lines in MMC400 then the No Answer call forward works ok.
See attached DB's and Voicemail port activity of a NO answer call with LCR enabled and No answer call with LCR disabled. Internally it works ok but if you call a ddi and that extension has No Answer to remote voicemail set the caller will go to the invalid destination as FID not recognised. All passwords default,		External call forward related to this issue case is just call forward,  and the other case is CFNR feature with SPNET.
It is different feature.		It is fixed. No ans forward related to SPNET is only CFNR between nodes. 
It will transfer correct FID to vms.		The result is OK		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P070823008				051_SEG_BUG_REPORT_TAPI_WRONG_EVENTS
An external customer calls extension A via an external server and an ECT happens in our system.
When now Extension A transfer the call to extension B, we get in trouble with the TAPI.
TAPI status gets frozen in “Call offering (transfer)”.
Also we miss a TAPI event after the ECT is finished.
Also I saw some other errors in the TAPI log, which I enclosed in the attached file.		OS7400 did not support cti feature of trunk ect and station status mismatched between mp and cti.		We implemented TAPI driver and MP. And  we sent the test package for cti problem.
1. ECT Feature was fixed.
2. Mismatched station status was fixed.		1. Make a trunk ECT using ECT
2. check that ETC feature and station status between MP and CTI are OK		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071218001				Voicemail will not send digits to pager after answering.
The 7100 ability to send out the mailbox number in a pager string on 4.14 and 4.04 does not work.  It will dial the pager and insert account code, but once the pager answers it will not send any digits. Tested with pagers and digit grabber. Please investigate this matter.		When we compare OS7100 VM with SVMi, there is a slight difference of delay.
After the destination answers, SVMi pauses 3 seconds ahead of sending caller's number. But OS7100 pauses 1 second.		I inserted additional delay in Beepers station block.
Please do the followings if you want test it now.

1. Log in VM Web.
2. Go to VM/AA tab -> Open block table -> Station block -> Beepers
3. In the 1st page, change the suffix like this.

Suffix: ~diW,$K## ------> ~diW,,,$K## (comma(,) means 1 second delay, so insert 2,3 comma)		1. Log in VM Web
2. Go to VM/AA tab -> Open block table -> Mailbox block -> Select a mailbox -> MWI & Autoforward tab
3. Set the pager notification
4. Leave a message
5. Check the pager receives the caller's number.		Bug				OS7100		MP10		V4.14		ALL				MP10		V4.14k						O
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		Status		QNET #		Issue #		Priority		Type		Product		Version		Open Date		Opened By		Description		Close Date		Close Version		STA Comments		SEC						Accept by STA

																												Cause		Resolution		Remarks

		BEGIN PRE-ALPHA TESTING - 11/17/2008

		V4.30 2008.11.17

		NEW PRE-ALPHA SOFTWARE - 11/25/2008

		V4.30 2008.11.25

		BEGIN ALPHA TESTING - 12/11/2008

		V4.30a 2008.12.08

		OPEN				V43_0001		3		I/T		OS7400		V4.30a		12/19/08		Shawn Guenther		2.1.1 Says MODEM Exist: NO, but I have MODEM card installed and working.								MP40 card can't read MODEM status.				Will be fixed at V4.30d.		Next version(MP)

		OPEN				V43_0002		2		Softphone		OS7400		V4.30a		12/19/08		Shawn Guenther		When using Softphone to change station name the SVMi does not change the Subscriber name. Subscriber name change works if you use MMC 104, OS Call, or OS EasySet.								It didn't implement.		In this case, system will send name data to SVMi.		Will be fixed at V4.30d.		Next version(MP)

		OPEN				V43_0003		1		MP		OS7400		V4.30a		12/19/08		Shawn Guenther		SVMi-20E displays as 16 ports instead of 20.								This is correct.		But will be changed it.		Will be fixed at V4.30d.		Next version(MP)

		OPEN				V43_0004		1		MP		OS7400		V4.30a		12/19/08		Shawn Guenther		2.6.8 - TEPRI2 shows ANY CHANNEL: NO for span 1, and it cannot be changed.								This is correct.
The NT span must set to No.				No change.
2/12)In case of PRI connection, the NT side must deside channel.		Why?

		OPEN				V43_0005		2		MP		OS7400		V4.30a		12/19/08		Shawn Guenther		2.6.8 - TEPRI2 does not allow you to set 1 span for QSIG and one span for Normal.								This is correct.
The PRI stack runs one signalling only.				No change.		OK

		OPEN				V43_0006		1		I/T		OS7400		V4.30a		12/19/08		Shawn Guenther		4.9.2 - Cannot set TRSF or SPKR key to iDCS 18B or iDCS 28B from Installation Tool, but you can assign them from KMMC								Couldn't duplicate it.				Please check it again.		Can reproduce in STA

		OPEN				V43_0007		3		I/T		OS7400		V4.30a		12/19/08		Shawn Guenther		5.4 - menu title is "Volumne Control", but should be "Volume Control"								Miss Typing		It will be fixed next version.		Will be fixed at IT V1.40.		Next version(IT)

		OPEN				V43_0008		1		MP		OS7400		V4.30a		12/19/08		Shawn Guenther		On system reboot, RTO key flashes. Does not stop flashing until you manually set a mode (1~6) with RTO key and then set mode back to automatic (0)								The LED status buffer initializing error.		It will be fixed next version.		Will be fixed at V4.30d.		Next version(MP)

		OPEN				V43_0009		1		UMS		OS7400		V4.30a		12/19/08		Shawn Guenther		IP-UMS mode is stuck at "Night", it does not update when Ring Plan changes in switch. SVMi works properly.								IP-UMS didn't implement this feature.		IP-UMS should implent this feature for V4.30.		Will be released new IP-UMS package with MP V4.30d.		Next version(UMS)

		OPEN				V43_0010		3		MP		OS7400		V4.30a		12/19/08		Shawn Guenther		MMC 830 - IP-UMS Port, IP-IVR Port, and MMS Port should default to correct port instead of 65535						1/8/09 - SG - This was serious problem for us during yesterday's upgrade. UMS wasn't able to connect because of this issue.		These ports range from 1024 to 65535. When old DB uploaded, if the value is 65535 than system accept correct port number.		Will be change for these ports range to 1024 ~ 60000.		Will be fixed at V4.30d.		Next version(MP)

		OPEN				V43_0011		1		LINK		OS7400		V4.30a		12/19/08		Shawn Guenther		In 2.8.0 I cleared directory numbers for all ports in Cabinet 6 (virtual cabinet added for MOBEX). However, the Virtual DLI ports in this cabinet still show up in the BLF view of OfficeServ Call and OfficeServ Operator as directory numbers 8501~8564								This is spec.
OfficeServ Call and Operator can't display empty tel numbers in real time. (But, can display the tel number change. Ex> 2001 -> 2002)		After applied empty tel numbers, launch the OfficeServ Call and Operator.
2/11/09- launch the OS Link, and then execute the OfficeServ Call and Operator		No change.		Can reproduce in STA

		OPEN				V43_0012		1		MP		OS7400		V4.30a		12/19/08		Shawn Guenther		MMC 830 - IP-UMS Port should be 5070, but when set to 5070 UMS cannot connect. UMS connection can only be established when set to port 5061. Is this bug or should port actually be 5061?								The correction is 5026 (System->UMS) and 5025 (UMS->System).		The system should follow MMC 830 port. It will be fix next version.		Will be fixed at V4.30d.		Next version(MP)

		OPEN				V43_0013		2		LINK		OS7400		V4.30a		12/19/08		Shawn Guenther		In OS Call and OS Operator if you set DND status, the keyset light does not flash on iDCS keysets. It works properly on DCS and DS keysets, but not iDCS.								2/11/09 When set DND with OS operator, there was no flow related with led feature.		2/11/09 We added led operation when set dnd via OS operator.		Will be fixed at V4.30d.		Next version(MP)

		OPEN				V43_0014		1		DV		OS7400		V4.30a		12/19/08		Shawn Guenther		If iDCS 8B phone is member of UCD group, OfficeServ DataView will display the agent as Log In even if agent is logged out.								Couldn't duplicate it.				Please check it again.		Can reproduce in STA

		OPEN				V43_0015		2		ES		OS7400		V4.30a		12/19/08		Shawn Guenther		OS EasySet doesn't allow ITP-5112L keyset to configure Conference Groups								Conference Groups function of large LCD phone is operated by setting of keyset, not by setting of system.		For large LCD Phone, users should configure Conference Group in Menu of keyset not KeyMMC or Easyset.		No change.		Remove it at Easyset

		OPEN				V43_0016		1		ES		OS7400		V4.30a		12/19/08		Shawn Guenther		OS EasySet does not allow Softphone user to log in. Gives "Error: 93" when attempting to log in								Which Softphone do you mean? If it is soft video phone, it would be operated with higher version than Easyset V3.0.0.0.		Please retry with the latest version : Easyset V3.0.0.1(20081017)
And if you still have problem, please let me know the kind of soft phone exactly.		Please check it with the latest version		Want to fix at Easyset V2.0

		OPEN				V43_0017		2		UMS		OS7400		V4.30a		12/19/08		Shawn Guenther		MMC 740 - VMS Group information is not functioning in IP-UMS. VMS group works properly in SVMi-20E								IP-UMS didn't implement this feature.		IP-UMS should implent this feature for V4.30.		Will be released new IP-UMS package with MP V4.30d.		Next version(UMS)

		OPEN				V43_0018		2		UMS		OS7400		V4.30a		12/19/08		Shawn Guenther		MMC 104 - Station name does not sync in IP-UMS. Sync works properly in SVMi-20E								IP-UMS didn't implement this feature.		IP-UMS should implent this feature for V4.30.		Will be released new IP-UMS package with MP V4.30d.		Next version(UMS)

		NEW ALPHA SOFTWARE - 12/30/2008

		(7100 / 7200) V4.30a 2008.12.08                  (7400) V4.30b 2008.12.18)

		OPEN				V43_0019		1		I/T		OS7400		V4.30b		01/07/09		Shawn Guenther		When viewing or downloading V4.22 7400 database with Installation Tool V1.30a all TEPRIa and TEPRI2 cards running V4.25 display as "QSIG BASIC 2" instead of "Normal"  in 2.6.8 - PRI Trunk Data. Installation Tool V1.22 properly displays cards as "Normal"						1/8/09 - SG - To duplicate this:
Upgrade TEPRI2 card to V4.25 software.
Install card into V4.22 7400 cabinet
Connect to system with Installation Tool V1.30a
Open 2.6.8 - Card displays as QSIG BASIC 2
Disconnect I/T
In KMMC view MMC 821
Card displays as Normal		Regardless of I/T, MP V4.22 have a bug about "Q-Sig Trunk"		Already fixed in MP V4.30		Please check it again.
2/12)In your comment, test with MP V4.22. And in our comment, MP V4.22 has a bug but V4.30 has not. What does "can reporduce in STA" mean?		Can reproduce in STA

		OPEN				V43_0020		1		I/T		OS7400		V4.30b		01/07/09		Shawn Guenther		CID Review and Call Log data are not downloaded by Installation Tool. This means the data is lost when upgrading from V4.22 to V4.30						1/8/09 - SG - This is a big problem for us. STA campus personnel use CID and Call Log blocks heavily, and after upgrading to V4.30b all data was lost, resulting in many angry employees.		This is spec.
There is no PC application of all OfficeServ history for the incoming and outgoing call log data.				No change.		OK

		OPEN				V43_0021		2		MP		OS7400		V4.30b		01/07/09		Shawn Guenther		AME does not work in OS7400 if voicemail group is not 50th group position.						1/8/09 - SG - This problem is very major, because our in-house voicemail group is 40th position, not 50th. This means that in our campus we are unable to use AME feature.

To reproduce:
-Change 5049 from BI-VMS to Normal
-Change 5039 from Normal to BI-VMS
-Add SVMi / UMS ports to 5039
-On station 2001 set AME button and VMMSG key
-In MMC 701 ensure VMAME is set to Yes for COS 1
-On station 2001 press AME key to activate.
-At 2001 press VMMSG key: VMMSG key routes properly to 5039 and prompts user for password (this is correct operation)
-At 2002 dial 2001
-At 2001 press # to route call to AME feature: Nothing happens (this is INCORRECT operation)
-We must ensure that AME works no matter which group is used for Voicemail group.		No problem. 
It needs to change the destination of No Answer FWD. (5049 -> 5039)				No change.
2/12)Please make a correct DB and retest.		Can reproduce in STA

		OPEN				V43_0022		1		ITP		OS7400		V4.30b		01/07/09		Shawn Guenther		ITP-5112L AOM screen doesn't display MOBEX button properly. Button is blank and cannot be pressed.						1/8/09 - SG - This problem occurs on 5112L release version V4.30 as well as test version V3.43		The AOM of Large LCD keyset missed MOBEX key.		Will be implemented next version.		Will be fixed at V4.30d.		Next version(MP)

		OPEN				V43_0023		2		ITP		OS7400		V4.30b		01/07/09		Shawn Guenther		ITP-5112L and ITP-5121D do not flash LED at proper cadence when DND is set.						1/8/09 - SG - The light flashes at same cadence as MWI indication. To see proper cadence, enable DND on any DGP or ITP-50xx phone.		Couldn't find problem.
If you means different form DGP then it is spec for ITP.				Please check it again.		Can reproduce in STA

		OPEN				V43_0024		2		MP		OS7400		V4.30b		01/07/09		Shawn Guenther		When you activate or deactivate MOBEX feature, keyset displays message "MOBEX pair enabled" or "MOBEX pair disabled". This is confusing terminology for end user. It should say "MOBEX enabled" or "MOBEX disabled"								Cannot accept.				No change.		Ok

		OPEN				V43_0025		2		MP		OS7000		V4.30b		01/14/09		Shawn Guenther		MOBEX feature has no user programmable timer						1/14/09 - SG - This was in original STA specification for this feature and it hasn't been developed.		Cannot accept.				No change.		Ok

		OPEN				V43_0026		2		MP		OS7000		V4.30b		01/14/09		Shawn Guenther		MOBEX feature doesn't allow user to specify which call types (Internal / External / Both) should access MOBEX						1/14/09 - SG - This was in original STA specification for this feature and it hasn't been developed.		Cannot accept.				No change.		OK

		OPEN				V43_0027		3		MP		OS7000		V4.30b		01/14/09		Shawn Guenther		Emergency Dial feature is only for use on ITP, doesn't include WIP or TDM						1/14/09 - SG - This was in original STA specification for this feature and it hasn't been developed.		Cannot accept.				No change.		Want to apply it to WIP

		OPEN				V43_0028		2		MP		OS7000		V4.30b		01/14/09		Shawn Guenther		Emergency Dial feature doesn't allow setting of LCR options per-station						1/14/09 - SG - This was in original STA specification for this feature and it hasn't been developed.		Cannot accept.				No change.		OK

		OPEN				V43_0029		3		ITP		OS7000		V4.30b		01/14/09		Shawn Guenther		Date doesn't update properly on ITP-5112L when screensaver is active.						1/14/09 - SG - To reproduce set Screen Saver to run from 8PM to 8AM. At 8AM when screen comes back on it will still have previous day's date in display				The ITP-5112L will be discontinued.		No change.
2/12)When developed SMT-i5200, the ITP-5112L will be discontinued production.		Can reproduce in STA

		OPEN				V43_0030		1		MP		OS7000		V4.30b		01/14/09		Shawn Guenther		When MOBEX feature is active, calls randomly stop ringing at main station and ring only at MOBEX port						1/14/09 - SG - To reproduce this set up station with 30 second FNA timer and one MOBEX port paired which dials out to cell phone. Make multiple calls to the station. ~40% of the time the call will ring only once at station and will only ring at cell phone.		Could't duplicate it.
If you means no ring at mobile phone when call disconnect and immediately call again, then it is not problem. In this case, need call clearing time (max 2 seconds).				Please check it again.
2/12)Please give us detailed case and call trace data.		Can reproduce in STA

		OPEN				V43_0031		1		CTI		OS7000		V4.30b		01/14/09		Shawn Guenther		Call button LED turns off in Softphone when MOBEX port answers						1/14/09 - SG - To reproduce make call from Softphone to another station which uses MOBEX to ring cell phone. Answer call from cell phone. Call button in Softphone is not lit		Could't duplicate it.				Please check it again.
2/12)Please give us detailed case and call trace data.		Can reproduce in STA

		OPEN				V43_0032		3		I/T		OS7000		V4.30b		01/14/09		Shawn Guenther		Installation Tool allows you to program more than 8 call buttons without giving error. KMMC correctly provides CBT FULL ASSIGN error.								Didn't check Call key count.		Will be fixed next version		Will be fixed at V4.30d.		Next version(MP)

		OPEN				V43_0033		3		I/T		OS7000		V4.30b		01/14/09		Shawn Guenther		ITP-5112L and Softphone will show CALL9 button erroneously when more than 8 buttons are programmed with I/T						1/14/09 - SG - To reproduce use I/T to set 15 CALL buttons at Softphone. Softphone displays CALL1~CALL9, and then 6 CALL buttons. CALL9 is incorrect, because station cannot have more than 8 CALL buttons.		Didn't check Call key count.		Will be fixed next version		Will be fixed at V4.30d.		Next version(MP)

		OPEN				V43_0034		2		MP		OS7000		V4.30b		01/14/09		Shawn Guenther		User cannot change MOBEX destination phone number						1/14/09 - SG - This was in original STA specification for this feature and it hasn't been developed.		User can change at MMC 126.				No change.		OK

		OPEN				V43_0035		2		MP		OS7000		V4.30b		01/14/09		Shawn Guenther		MOBEX does not have ability for user to schedule times when MOBEX is active						1/14/09 - SG - This was in original STA specification for this feature and it hasn't been developed.		Cannot accept.				No change.		OK

		OPEN				V43_0036		3		CTI		OS7000		V4.30b		01/14/09		Shawn Guenther		EasySet doesn't allow user to enable / disable MOBEX						1/14/09 - SG - This was in original STA specification for this feature and it hasn't been developed.		Cannot accept.				No change.		OK

		OPEN				V43_0037		3		MP		OS7000		V4.30b		01/14/09		Shawn Guenther		Display for enable/disable MOBEX is confusing. When you dial feature code for MOBEX display says "make a selection" and options are ON / OFF. This is confusing if user accidentally dials feature code and doesn't know what to do. Display should say "MOBEX" with options ON / OFF. This is how DND feature code works, and we think MOBEX should be the same								Cannot accept.				No change.		OK

		OPEN				V43_0038		1		MP		OS7000		V4.30b		01/14/09		Shawn Guenther		If station using MOBEX is part of station group, station group calls also ring at MOBEX destinations						1/14/09 - SG - This causes problems in DataView statistics, and can also lead to call center calls being routed to cell phone voicemail (if cell user presses Ignore to ringing call, the call goes to cell phone voicemail). Group calls shouldn't be delivered to MOBEX destinations		Cannot accept.				No change.		OK

		OPEN				V43_0039		3		CTI		OS7000		V4.30b		01/14/09		Shawn Guenther		Softphone LED doesn't flash at proper cadence when DND is set								Couldn't find problem.
If you means different form DGP then it is spec for ITP.				Please check it again.		Can reproduce in STA

		OPEN				V43_0040		1		CTI		OS7000		V4.30b		01/14/09		Shawn Guenther		MOBEX button doesn't work on Softphone. Button is blank and cannot be pressed								The AOM of Softphone missed MOBEX key.		Will be implemented next version.		Will be fixed at V4.30d.		Next version(MP)

		OPEN				V43_0041		2		MP		OS7000		V4.30b		01/14/09		Shawn Guenther		When IP keyset is paired to WIP keyset and user activates DND at IP station then when DND is turned off intermittently the first time call comes to the IP station the system causes IP station LED to flash at DND cadence.						1/14/09 - SG - It seems this problem occurs because enabling or disabling DND on ITP station does not always set or clear DND from WIP phone properly. This can be reproduced ~10% of the time in STA lab.		Ths station pair's DND processing is missed in case of setting at wip phone's menu.		Will be implemented next version.		Will be fixed at V4.30d.		Next version(MP)

		OPEN				V43_0042		3		MP		OS7000		V4.30b		01/14/09		Shawn Guenther		System allows users to dial MOBEX station numbers directly						1/14/09 - SG - MOBEX ports shouldn't be treated as normal stations in the directory. There is no need for users to be able to dial MOBEX stations, and while we haven't seen any bugs because of it we think it's better not to risk problems later		Cannot accept.				No change.		OK

		OPEN				V43_0043		3		I/T		OS7000		V4.30b		01/14/09		Shawn Guenther		Installation Tool menu 5.14.1 has item "Pickup Helded Station". This should say "Pickup Held Station"								Miss Typing		It will be fixed next version.		Will be fixed at IT V1.40.		Next version(IT)

		OPEN				V43_0044		3		MP		OS7000		V4.30b		01/14/09		Shawn Guenther		When using 3.43 ITP software LOGOUT feature, MOBEX feature is disabled on the station						1/14/09 - SG - MOBEX status should remain set at station even after logout. DND, HEADSET< and other status conditions carry over through logout, and so should MOBEX		Cannot accept.				No change.		OK

		OPEN				V43_0045		3		MP		OS7000		V4.30b		01/14/09		Shawn Guenther		LED status doesn't update when adding buttons to keysets						1/14/09 - SG - To reproduce, set DND status on a keyset, Then log into MMC 722 and set DND button on that keyset and also set DS key for that station on another keyset. DND Button does not light up and DS key on other station doesn't flash. This seems to affect all keysets and all button types that provide LED status indication		This is spec.
The dynamic LED status (eg. DS, DT, MW, CC, etc.) will not activate when key assign to others keyset.				No change.
2/12)The spec is that the DS port's status will not check when DS key assigned.

		OPEN				V43_0046		1		MP		OS7000		V4.30b		01/14/09		Clifton Taylor		PMS link - cannot set DND								Couldn't duplicate it.				Please check it again.		OK

		OPEN				V43_0047		3		MP		OS7000		V4.30b		01/14/09		Clifton Taylor		PMS link - on first connection of PMS system error is generated when attempting to set Message Waiting state. If you disconnect and then reconnect the problem clears.						1/14/09 - SG - This problem only occurs at first connection after reboot		Couldn't duplicate it.				Please check it again.		OK

		OPEN				V43_0048		3		MP		OS7000		V4.30b		01/14/09		Scott Hoek		Centralized Auto Attendant - when using UMS as centralized AA source remote nodes do not allow UMS group to be set as ring destination in MMC 714. Disconnecting UMS and reconnecting clears the issue						1/14/09 - SG - This problem only occurs at first connection after reboot		Couldn't duplicate it.				Please check it again.		OK

		OPEN				V43_0049		3		MP		OS7000		V4.30b		01/26/09		Shawn Guenther		SVMi-20E cannot set VM indication to SIP extensions.								The notification value mismatch.		Will be implemented next version.		Will be fixed at V4.30d.

		OPEN				V43_0050		1		MP		OS7000		V4.30b		01/26/09		Joel Kao		WIP phone at remote location using SIP mode gets one-way audio								This is spec.
The SIP mode doesn't support remote location.				No change.		OK

		OPEN				V43_0051		3		MP		OS7000		V4.30b		01/26/09		Shawn Guenther		MMC 126 should error with "NOT PERMITTED" if user doesn't have any MOBEX group members								What does it mean.
V4.30 error with "NOT PERMIT".				No change.

		OPEN				V43_0052		3		MP		OS7000		V4.30b		01/26/09		Shawn Guenther		MOBEX state should default to Disable in MMC 329 for all stations								What does it mean.
V4.30 default is Disable.				No change.

		OPEN				V43_0053		3		MP		OS7000		V4.30b		01/26/09		Shawn Guenther		MOBEX ports should default to Disable in MMC 328								What does it mean.
V4.30 default is Disable.				No change.

		OPEN				V43_0054		2		MP		OS7000		V4.30b		01/26/09		Joel Kao		KMMC 837 shows SS Type options as "Server Managed", "PBX Managed 1", and "PBX Managed 2". Installation Tool shows these options as "Centrex", "Samsung", and "PBX Managed". We need to ensure that both KMMC and I/T show the same options								IT didn't change it.		It will be fixed next version.		Will be fixed at IT V1.40.		Next version(IT)

		OPEN				V43_0055		2		ITP		5112L		V3.43		01/29/09		Serling Davis		If user enters wrong ID at idle login screen, phone continually gives registration error and user must power cycle to fix invalid data												Will be released new ITP s/w.		Next version(ITP)

		OPEN				V43_0056		2		ITP		5112L		V3.43		01/29/09		Serling Davis		If user enters wrong password at idle login screen, phone continually gives registration error and user must power cycle to fix invalid data												Will be released new ITP s/w.		Next version(ITP)

						V43_0057		2		ITP		5107 / 5121		V3.43		01/29/09		Serling Davis		If user enters wrong user ID at idle login screen and then tries to cancel to enter correct data the phone locks up at "Wait a Moment!!" prompt and must be power cycled to correct.												Will be released new ITP s/w.		Next version(ITP)

						V43_0058		2		ITP		5107 / 5121		V3.43		01/29/09		Serling Davis		If user enters wrong password at idle login screen and then tries to cancel to enter correct data the phone locks up at "Wait a Moment!!" prompt and must be power cycled to correct.												Will be released new ITP s/w.		Next version(ITP)

						V43_0059		2		MP		OS7000		V4.30		01/29/09		Serling Davis		Idle Login feature is confusing for US market. Screens need to be changed to prevent customer rejection of feature. Refer to separate document for exact changes												No change.		OK

																				SIP Carrior revised
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2/6
span 의 의미에 대해서 shawn 에게 확인바랍니다. 여기서 말하는 것은 TEPRI2 카드가 NT(Network mode) 일 경우 해당 설정을 할 수 없는 것이라는 말임. 그래서 이부분을 확인해보라는 뜻임. Slave mode 일 경우는 가능.
(STA) OK. 그런데 왜 그렇게 해야하는지는 의문임. 
(SEC)

2/6
제가 PA 검증부서에서 확인 결과 정상동작함.
OS7100으로 확인시험을 했음. 
(개발은 OS7400으로 확인했다고 함.)
(STA) 여기서는 여전히 발생하는데. I/T 버전은 어떤 걸 쓰셨는지? DB를 송부하면 도움이 될는지?

2/6
현재는 Real time 으로 시스템의 변경정보가 OS Call /Operator 로 update 되지 않습니다. 이것은 V4.30 이전부터 이렇게 동작되는 것입니다.
부연적으로, 현재 OS Application의 TAPI 구조에서는 real time으로 반영하는 것이 어려움.
결론적으로 OS Call/Operator 는 처음에 power up 했을때의 정보를 가집니다.
(STA) 문제는 real time이 아니라, disconnect/reconnect해도 문제가 발생한다는 것임.

2/6
이것은 직접 검증해보지 못했습니다. 혹시, 이전버젼에도 동일한 증상이 있는지요? 아니면, V4.30에만 있는것인지요? 
(STA) V4.22에서는 OK

2/6
Conference Group 관련 설정의 주체가 phone으로 변경되었습니다. 만약, OS Easyset 에 이것을 꼭 지워야 한다면, 지우는 것이 맞을 것입니다. 
(STA) 어느 버전에서 적용이 될지요?

2/6
현재 Easyset V2.1 에만 개선해달라는 것은 V3.0 은 사용하지 않겠다는 것인지요?  R&D 에서는 V3.0에서 one node 로 사용하면 될 것으로 보고 있습니다. (다만, Link V3 이 사용되어야 겠죠?)
V3를 사용하는 방안으로 유도부탁드립니다.
(STA) 이건 좀 더 설득이 필요할 듯..

2/6
버전에 상관없이 문제가 있어, V4.,30에 수정되었다고 하는데, V4.22를 사용해서 문제가 있다는 의미가 무엇인지요? 
(STA) V4.22 + TEPRI V4.25 + I/T V1.30a = 문제. V4.22 -> V4.30a 업그레이드시 문제 발생

2/6
PA LAB에서 검증해보았는데, 문제 재현안됨. 다시한번 분석해서 알려주시기 바랍니다.
(OS7100으로 PA에서 확인)
(STA) 혹시 7200/7400은 확인해 보셨나요? 아니면 IP-UMS? 여기서는 여전히 발생.

2/6
개발에서 재현안된다고 했는데, PA에서 확인해보니 Bug 라고 생각되어 표기한 것입니다. 아직 개발에는 정책임과 논의후에 알려주고, V4.,30 patch 에 적용하려고 계획중입니다. 
(STA) V4.30 patch = V4.30c 말인가요?

[SEC. Jan 30] SEC uderstand your request, but it is not critical issue. Please accept the current display.
(V4.30 1st Design )  
L1 : XXXX : MOBEX pair
L2 : ACTIVATED

(V4.30 current Design - by STA requset on November)) 
L1 :  XXXX : MOBEX pair 
L2 : enabled
==> Explanation : User can use Sim Ring up to 5 stations included WIP or others. So, it is better display.

(STA request ) <== If user only set MOBEX, it is possible.
L1 :  MOBEX
L2 : ACTIVATED
 =======================================
2/6
상기부분은 Accept된것인가요? 나머지 아래 이슈에 대해서는 어떤가요?
(STA) Accept할 것 같음

STA Agreement:
It doesn't need for TDM. But, will be apply for WIP in the future.

2/6
PA에서 재현해보려고 하였는데, 문제없이 동작합니다.
개발에서 분석할 수 있는 자료 부탁드립니다. 
(STA) 어떤 로그가 필요한지?

2/6
1/29일자 report 내용이 무엇인지요? 제가 작성한 자료가 최신자료를 업데이트 한것으로 생각되는데, 확인바랍니다. 
부연적으로, 개발은 clearing time 이 최대 2초 필요함으로 call 이 끊어지고 바로 call하게되면 문제가 있을 수 있다는 의견임. 
(STA) 다른 문제인 것 같은데.. 즉, mobex 사용시 ring이 동시에 안 끊어진다는 것임.

2/6
PA검증했을때, Bug로 보였던 것으로 기억합니다.
개발에 공지하여 개선하도록 할 것입니다.
(STA) 어느 버전에 적용하나요?

2/6
지난번에도 말씀하였듯이, Mobex display 관련하여서는 현재안으로 협의를 진행해주시고, 그렇지 않은 부분에 대해서 개발과 이야기를 선 진행하자고 하였는데, John 이 이렇게 답변이 오면, 수출이나 DESK나 급당황 모드입니다. 이즘 고려하여, 회신주세요.
(STA) 김인호 상무 방문으로 갑자기 그렇게 되었네요. 어쨌든, Accept할 것으로 보임.

2/6
PA검증했을때, Bug로 보였던 것으로 기억합니다.
개발에 공지하여 개선하도록 할 것입니다.
(STA) 어느 버전에 적용?

2/6
이부분도 만약 STA에서 수용하기 어렵다면, 개발과 더 협의후에 안을 수립하는 것이 좋을 듯합니다. 
아시다시피, 시스템에서 Mobex 로 직접 dial 할 수 있게 하였다는 것은 사용의 유연성이 더 높아진 것이라고 생각합니다. 
(STA) 큰문제는 아닐 것 같기는 한데..

2/6
MMC등에서 최초 설정시에는 자동으로 반영이 되지 않고, 해당 key 를 한번 operation 한후에 정상적으로 반영이됨. 버전에 구분없이 똑같은 것으로 알고 있습니다. 다시한번 정확한 문제에 대해 검토요청드립니다.
(STA) 해당 key를 한 번 operation 한 후에 정상 반영되면 문제 아닌가요?

2/9
OS7100으로 확인해보았는데, 정상동작합니다. 
(STA) 추가시험해 보겠음.

2/9
Remote 에서는 Non-SIP mode로 동작해야함.
(STA) OK

2/9
Not permit 으로 보이는데, Not permitted 로 수정을 요청하는 것인지요? 
(STA) 뿐만 아니고, mobex #가 없으면 MMC126에 들어갈려고 할 때 Not permitted 보여줘야함

2/9
MMC329 Field 는 Ring group member를 지정하는 곳인데, default 로 disable 은 어떤 의미를 가지나요?
더불어, member가 지정이되면, ACT 상태(즉, enable) 인데, 이것을 disable 처리하는 것이라면, 현재사양을 그대로 사용해도 될 듯합니다.
(STA) I/T에서 MMC329를 search하여 확인 바랍니다

2/9
MMC328 은 Mobex tel number 입력하는 곳인데, 현재 Mobex 번호가 없다면 blank 처리되어 있는데, default 로 disable 처리가 어떤 의미를 가지는지요?
더불어, MMC329 와 상호연동적임으로 Default 가 ACT 상태임. 
(STA) I/T에서 MMC328을 search하여 확인 바람

2/6
본건에 대해서는 지난번에 보내드린 비교데이터를 가지고 이야기에 대한 답인가요? 그렇다면, 비슷한 Operation 인 IP Address 입력 등도 동일하게 개선되어야 하나요? 기존에 IP 전화기를 설치할때 동일한 방법으로 설정을 진행하고 있는데, 이부분에 대한 것도 고려하였는지? 등 조금 더 상세한 내용협의 부탁드립니다.
(STA) Accept할 것으로 보임.
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		Status		QNET #		Issue #		Priority		Type		Product		Version		Open Date		Opened By		Description		Close Date		Close Version		STA Comments		SEC						Accept by STA

																												Cause		Resolution		Remarks

		BEGIN PRE-ALPHA TESTING - 11/17/2008

		V4.30 2008.11.17

		NEW PRE-ALPHA SOFTWARE - 11/25/2008

		V4.30 2008.11.25

		BEGIN ALPHA TESTING - 12/11/2008

		V4.30a 2008.12.08

		OPEN				V43_0001		3		I/T		OS7400		V4.30a		12/19/08		Shawn Guenther		2.1.1 Says MODEM Exist: NO, but I have MODEM card installed and working.								MP40 card can't read MODEM status.				Will be fixed at V4.30d.		Next version(MP)

		OPEN				V43_0002		2		Softphone		OS7400		V4.30a		12/19/08		Shawn Guenther		When using Softphone to change station name the SVMi does not change the Subscriber name. Subscriber name change works if you use MMC 104, OS Call, or OS EasySet.								It didn't implement.		In this case, system will send name data to SVMi.		Will be fixed at V4.30d.		Next version(MP)

		OPEN				V43_0003		1		MP		OS7400		V4.30a		12/19/08		Shawn Guenther		SVMi-20E displays as 16 ports instead of 20.								This is correct.		But will be changed it.		Will be fixed at V4.30d.		Next version(MP)

		OPEN				V43_0004		1		MP		OS7400		V4.30a		12/19/08		Shawn Guenther		2.6.8 - TEPRI2 shows ANY CHANNEL: NO for span 1, and it cannot be changed.								This is correct.
The NT span must set to No.				No change.
2/12)In case of PRI connection, the NT side must deside channel.		Why?

		OPEN				V43_0005		2		MP		OS7400		V4.30a		12/19/08		Shawn Guenther		2.6.8 - TEPRI2 does not allow you to set 1 span for QSIG and one span for Normal.								This is correct.
The PRI stack runs one signalling only.				No change.		OK

		OPEN				V43_0006		1		I/T		OS7400		V4.30a		12/19/08		Shawn Guenther		4.9.2 - Cannot set TRSF or SPKR key to iDCS 18B or iDCS 28B from Installation Tool, but you can assign them from KMMC								Couldn't duplicate it.				Please check it again.		Can reproduce in STA

		OPEN				V43_0007		3		I/T		OS7400		V4.30a		12/19/08		Shawn Guenther		5.4 - menu title is "Volumne Control", but should be "Volume Control"								Miss Typing		It will be fixed next version.		Will be fixed at IT V1.40.		Next version(IT)

		OPEN				V43_0008		1		MP		OS7400		V4.30a		12/19/08		Shawn Guenther		On system reboot, RTO key flashes. Does not stop flashing until you manually set a mode (1~6) with RTO key and then set mode back to automatic (0)								The LED status buffer initializing error.		It will be fixed next version.		Will be fixed at V4.30d.		Next version(MP)

		OPEN				V43_0009		1		UMS		OS7400		V4.30a		12/19/08		Shawn Guenther		IP-UMS mode is stuck at "Night", it does not update when Ring Plan changes in switch. SVMi works properly.								IP-UMS didn't implement this feature.		IP-UMS should implent this feature for V4.30.		Will be released new IP-UMS package with MP V4.30d.		Next version(UMS)

		OPEN				V43_0010		3		MP		OS7400		V4.30a		12/19/08		Shawn Guenther		MMC 830 - IP-UMS Port, IP-IVR Port, and MMS Port should default to correct port instead of 65535						1/8/09 - SG - This was serious problem for us during yesterday's upgrade. UMS wasn't able to connect because of this issue.		These ports range from 1024 to 65535. When old DB uploaded, if the value is 65535 than system accept correct port number.		Will be change for these ports range to 1024 ~ 60000.		Will be fixed at V4.30d.		Next version(MP)

		OPEN				V43_0011		1		LINK		OS7400		V4.30a		12/19/08		Shawn Guenther		In 2.8.0 I cleared directory numbers for all ports in Cabinet 6 (virtual cabinet added for MOBEX). However, the Virtual DLI ports in this cabinet still show up in the BLF view of OfficeServ Call and OfficeServ Operator as directory numbers 8501~8564								This is spec.
OfficeServ Call and Operator can't display empty tel numbers in real time. (But, can display the tel number change. Ex> 2001 -> 2002)		After applied empty tel numbers, launch the OfficeServ Call and Operator.
2/11/09- launch the OS Link, and then execute the OfficeServ Call and Operator		No change.		Can reproduce in STA

		OPEN				V43_0012		1		MP		OS7400		V4.30a		12/19/08		Shawn Guenther		MMC 830 - IP-UMS Port should be 5070, but when set to 5070 UMS cannot connect. UMS connection can only be established when set to port 5061. Is this bug or should port actually be 5061?								The correction is 5026 (System->UMS) and 5025 (UMS->System).		The system should follow MMC 830 port. It will be fix next version.		Will be fixed at V4.30d.		Next version(MP)

		OPEN				V43_0013		2		LINK		OS7400		V4.30a		12/19/08		Shawn Guenther		In OS Call and OS Operator if you set DND status, the keyset light does not flash on iDCS keysets. It works properly on DCS and DS keysets, but not iDCS.								2/11/09 When set DND with OS operator, there was no flow related with led feature.		2/11/09 We added led operation when set dnd via OS operator.		Will be fixed at V4.30d.		Next version(MP)

		OPEN				V43_0014		1		DV		OS7400		V4.30a		12/19/08		Shawn Guenther		If iDCS 8B phone is member of UCD group, OfficeServ DataView will display the agent as Log In even if agent is logged out.								Couldn't duplicate it.				Please check it again.		Can reproduce in STA

		OPEN				V43_0015		2		ES		OS7400		V4.30a		12/19/08		Shawn Guenther		OS EasySet doesn't allow ITP-5112L keyset to configure Conference Groups								Conference Groups function of large LCD phone is operated by setting of keyset, not by setting of system.		For large LCD Phone, users should configure Conference Group in Menu of keyset not KeyMMC or Easyset.		No change.		Remove it at Easyset

		OPEN				V43_0016		1		ES		OS7400		V4.30a		12/19/08		Shawn Guenther		OS EasySet does not allow Softphone user to log in. Gives "Error: 93" when attempting to log in								Which Softphone do you mean? If it is soft video phone, it would be operated with higher version than Easyset V3.0.0.0.		Please retry with the latest version : Easyset V3.0.0.1(20081017)
And if you still have problem, please let me know the kind of soft phone exactly.		Please check it with the latest version		Want to fix at Easyset V2.0

		OPEN				V43_0017		2		UMS		OS7400		V4.30a		12/19/08		Shawn Guenther		MMC 740 - VMS Group information is not functioning in IP-UMS. VMS group works properly in SVMi-20E								IP-UMS didn't implement this feature.		IP-UMS should implent this feature for V4.30.		Will be released new IP-UMS package with MP V4.30d.		Next version(UMS)

		OPEN				V43_0018		2		UMS		OS7400		V4.30a		12/19/08		Shawn Guenther		MMC 104 - Station name does not sync in IP-UMS. Sync works properly in SVMi-20E								IP-UMS didn't implement this feature.		IP-UMS should implent this feature for V4.30.		Will be released new IP-UMS package with MP V4.30d.		Next version(UMS)

		NEW ALPHA SOFTWARE - 12/30/2008

		(7100 / 7200) V4.30a 2008.12.08                  (7400) V4.30b 2008.12.18)

		OPEN				V43_0019		1		I/T		OS7400		V4.30b		01/07/09		Shawn Guenther		When viewing or downloading V4.22 7400 database with Installation Tool V1.30a all TEPRIa and TEPRI2 cards running V4.25 display as "QSIG BASIC 2" instead of "Normal"  in 2.6.8 - PRI Trunk Data. Installation Tool V1.22 properly displays cards as "Normal"						1/8/09 - SG - To duplicate this:
Upgrade TEPRI2 card to V4.25 software.
Install card into V4.22 7400 cabinet
Connect to system with Installation Tool V1.30a
Open 2.6.8 - Card displays as QSIG BASIC 2
Disconnect I/T
In KMMC view MMC 821
Card displays as Normal		Regardless of I/T, MP V4.22 have a bug about "Q-Sig Trunk"		Already fixed in MP V4.30		Please check it again.
2/12)In your comment, test with MP V4.22. And in our comment, MP V4.22 has a bug but V4.30 has not. What does "can reporduce in STA" mean?		Can reproduce in STA

		OPEN				V43_0020		1		I/T		OS7400		V4.30b		01/07/09		Shawn Guenther		CID Review and Call Log data are not downloaded by Installation Tool. This means the data is lost when upgrading from V4.22 to V4.30						1/8/09 - SG - This is a big problem for us. STA campus personnel use CID and Call Log blocks heavily, and after upgrading to V4.30b all data was lost, resulting in many angry employees.		This is spec.
There is no PC application of all OfficeServ history for the incoming and outgoing call log data.				No change.		OK

		OPEN				V43_0021		2		MP		OS7400		V4.30b		01/07/09		Shawn Guenther		AME does not work in OS7400 if voicemail group is not 50th group position.						1/8/09 - SG - This problem is very major, because our in-house voicemail group is 40th position, not 50th. This means that in our campus we are unable to use AME feature.

To reproduce:
-Change 5049 from BI-VMS to Normal
-Change 5039 from Normal to BI-VMS
-Add SVMi / UMS ports to 5039
-On station 2001 set AME button and VMMSG key
-In MMC 701 ensure VMAME is set to Yes for COS 1
-On station 2001 press AME key to activate.
-At 2001 press VMMSG key: VMMSG key routes properly to 5039 and prompts user for password (this is correct operation)
-At 2002 dial 2001
-At 2001 press # to route call to AME feature: Nothing happens (this is INCORRECT operation)
-We must ensure that AME works no matter which group is used for Voicemail group.		No problem. 
It needs to change the destination of No Answer FWD. (5049 -> 5039)				No change.
2/12)Please make a correct DB and retest.		Can reproduce in STA

		OPEN				V43_0022		1		ITP		OS7400		V4.30b		01/07/09		Shawn Guenther		ITP-5112L AOM screen doesn't display MOBEX button properly. Button is blank and cannot be pressed.						1/8/09 - SG - This problem occurs on 5112L release version V4.30 as well as test version V3.43		The AOM of Large LCD keyset missed MOBEX key.		Will be implemented next version.		Will be fixed at V4.30d.		Next version(MP)

		OPEN				V43_0023		2		ITP		OS7400		V4.30b		01/07/09		Shawn Guenther		ITP-5112L and ITP-5121D do not flash LED at proper cadence when DND is set.						1/8/09 - SG - The light flashes at same cadence as MWI indication. To see proper cadence, enable DND on any DGP or ITP-50xx phone.		Couldn't find problem.
If you means different form DGP then it is spec for ITP.				Please check it again.		Can reproduce in STA

		OPEN				V43_0024		2		MP		OS7400		V4.30b		01/07/09		Shawn Guenther		When you activate or deactivate MOBEX feature, keyset displays message "MOBEX pair enabled" or "MOBEX pair disabled". This is confusing terminology for end user. It should say "MOBEX enabled" or "MOBEX disabled"								Cannot accept.				No change.		Ok

		OPEN				V43_0025		2		MP		OS7000		V4.30b		01/14/09		Shawn Guenther		MOBEX feature has no user programmable timer						1/14/09 - SG - This was in original STA specification for this feature and it hasn't been developed.		Cannot accept.				No change.		Ok

		OPEN				V43_0026		2		MP		OS7000		V4.30b		01/14/09		Shawn Guenther		MOBEX feature doesn't allow user to specify which call types (Internal / External / Both) should access MOBEX						1/14/09 - SG - This was in original STA specification for this feature and it hasn't been developed.		Cannot accept.				No change.		OK

		OPEN				V43_0027		3		MP		OS7000		V4.30b		01/14/09		Shawn Guenther		Emergency Dial feature is only for use on ITP, doesn't include WIP or TDM						1/14/09 - SG - This was in original STA specification for this feature and it hasn't been developed.		Cannot accept.				No change.		Want to apply it to WIP

		OPEN				V43_0028		2		MP		OS7000		V4.30b		01/14/09		Shawn Guenther		Emergency Dial feature doesn't allow setting of LCR options per-station						1/14/09 - SG - This was in original STA specification for this feature and it hasn't been developed.		Cannot accept.				No change.		OK

		OPEN				V43_0029		3		ITP		OS7000		V4.30b		01/14/09		Shawn Guenther		Date doesn't update properly on ITP-5112L when screensaver is active.						1/14/09 - SG - To reproduce set Screen Saver to run from 8PM to 8AM. At 8AM when screen comes back on it will still have previous day's date in display				The ITP-5112L will be discontinued.		No change.
2/12)When developed SMT-i5200, the ITP-5112L will be discontinued production.		Can reproduce in STA

		OPEN				V43_0030		1		MP		OS7000		V4.30b		01/14/09		Shawn Guenther		When MOBEX feature is active, calls randomly stop ringing at main station and ring only at MOBEX port						1/14/09 - SG - To reproduce this set up station with 30 second FNA timer and one MOBEX port paired which dials out to cell phone. Make multiple calls to the station. ~40% of the time the call will ring only once at station and will only ring at cell phone.		Could't duplicate it.
If you means no ring at mobile phone when call disconnect and immediately call again, then it is not problem. In this case, need call clearing time (max 2 seconds).				Please check it again.
2/12)Please give us detailed case and call trace data.		Can reproduce in STA

		OPEN				V43_0031		1		CTI		OS7000		V4.30b		01/14/09		Shawn Guenther		Call button LED turns off in Softphone when MOBEX port answers						1/14/09 - SG - To reproduce make call from Softphone to another station which uses MOBEX to ring cell phone. Answer call from cell phone. Call button in Softphone is not lit		Could't duplicate it.				Please check it again.
2/12)Please give us detailed case and call trace data.		Can reproduce in STA

		OPEN				V43_0032		3		I/T		OS7000		V4.30b		01/14/09		Shawn Guenther		Installation Tool allows you to program more than 8 call buttons without giving error. KMMC correctly provides CBT FULL ASSIGN error.								Didn't check Call key count.		Will be fixed next version		Will be fixed at V4.30d.		Next version(MP)

		OPEN				V43_0033		3		I/T		OS7000		V4.30b		01/14/09		Shawn Guenther		ITP-5112L and Softphone will show CALL9 button erroneously when more than 8 buttons are programmed with I/T						1/14/09 - SG - To reproduce use I/T to set 15 CALL buttons at Softphone. Softphone displays CALL1~CALL9, and then 6 CALL buttons. CALL9 is incorrect, because station cannot have more than 8 CALL buttons.		Didn't check Call key count.		Will be fixed next version		Will be fixed at V4.30d.		Next version(MP)

		OPEN				V43_0034		2		MP		OS7000		V4.30b		01/14/09		Shawn Guenther		User cannot change MOBEX destination phone number						1/14/09 - SG - This was in original STA specification for this feature and it hasn't been developed.		User can change at MMC 126.				No change.		OK

		OPEN				V43_0035		2		MP		OS7000		V4.30b		01/14/09		Shawn Guenther		MOBEX does not have ability for user to schedule times when MOBEX is active						1/14/09 - SG - This was in original STA specification for this feature and it hasn't been developed.		Cannot accept.				No change.		OK

		OPEN				V43_0036		3		CTI		OS7000		V4.30b		01/14/09		Shawn Guenther		EasySet doesn't allow user to enable / disable MOBEX						1/14/09 - SG - This was in original STA specification for this feature and it hasn't been developed.		Cannot accept.				No change.		OK

		OPEN				V43_0037		3		MP		OS7000		V4.30b		01/14/09		Shawn Guenther		Display for enable/disable MOBEX is confusing. When you dial feature code for MOBEX display says "make a selection" and options are ON / OFF. This is confusing if user accidentally dials feature code and doesn't know what to do. Display should say "MOBEX" with options ON / OFF. This is how DND feature code works, and we think MOBEX should be the same								Cannot accept.				No change.		OK

		OPEN				V43_0038		1		MP		OS7000		V4.30b		01/14/09		Shawn Guenther		If station using MOBEX is part of station group, station group calls also ring at MOBEX destinations						1/14/09 - SG - This causes problems in DataView statistics, and can also lead to call center calls being routed to cell phone voicemail (if cell user presses Ignore to ringing call, the call goes to cell phone voicemail). Group calls shouldn't be delivered to MOBEX destinations		Cannot accept.				No change.		OK

		OPEN				V43_0039		3		CTI		OS7000		V4.30b		01/14/09		Shawn Guenther		Softphone LED doesn't flash at proper cadence when DND is set								Couldn't find problem.
If you means different form DGP then it is spec for ITP.				Please check it again.		Can reproduce in STA

		OPEN				V43_0040		1		CTI		OS7000		V4.30b		01/14/09		Shawn Guenther		MOBEX button doesn't work on Softphone. Button is blank and cannot be pressed								The AOM of Softphone missed MOBEX key.		Will be implemented next version.		Will be fixed at V4.30d.		Next version(MP)

		OPEN				V43_0041		2		MP		OS7000		V4.30b		01/14/09		Shawn Guenther		When IP keyset is paired to WIP keyset and user activates DND at IP station then when DND is turned off intermittently the first time call comes to the IP station the system causes IP station LED to flash at DND cadence.						1/14/09 - SG - It seems this problem occurs because enabling or disabling DND on ITP station does not always set or clear DND from WIP phone properly. This can be reproduced ~10% of the time in STA lab.		Ths station pair's DND processing is missed in case of setting at wip phone's menu.		Will be implemented next version.		Will be fixed at V4.30d.		Next version(MP)

		OPEN				V43_0042		3		MP		OS7000		V4.30b		01/14/09		Shawn Guenther		System allows users to dial MOBEX station numbers directly						1/14/09 - SG - MOBEX ports shouldn't be treated as normal stations in the directory. There is no need for users to be able to dial MOBEX stations, and while we haven't seen any bugs because of it we think it's better not to risk problems later		Cannot accept.				No change.		OK

		OPEN				V43_0043		3		I/T		OS7000		V4.30b		01/14/09		Shawn Guenther		Installation Tool menu 5.14.1 has item "Pickup Helded Station". This should say "Pickup Held Station"								Miss Typing		It will be fixed next version.		Will be fixed at IT V1.40.		Next version(IT)

		OPEN				V43_0044		3		MP		OS7000		V4.30b		01/14/09		Shawn Guenther		When using 3.43 ITP software LOGOUT feature, MOBEX feature is disabled on the station						1/14/09 - SG - MOBEX status should remain set at station even after logout. DND, HEADSET< and other status conditions carry over through logout, and so should MOBEX		Cannot accept.				No change.		OK

		OPEN				V43_0045		3		MP		OS7000		V4.30b		01/14/09		Shawn Guenther		LED status doesn't update when adding buttons to keysets						1/14/09 - SG - To reproduce, set DND status on a keyset, Then log into MMC 722 and set DND button on that keyset and also set DS key for that station on another keyset. DND Button does not light up and DS key on other station doesn't flash. This seems to affect all keysets and all button types that provide LED status indication		This is spec.
The dynamic LED status (eg. DS, DT, MW, CC, etc.) will not activate when key assign to others keyset.				No change.
2/12)The spec is that the DS port's status will not check when DS key assigned.

		OPEN				V43_0046		1		MP		OS7000		V4.30b		01/14/09		Clifton Taylor		PMS link - cannot set DND								Couldn't duplicate it.				Please check it again.		OK

		OPEN				V43_0047		3		MP		OS7000		V4.30b		01/14/09		Clifton Taylor		PMS link - on first connection of PMS system error is generated when attempting to set Message Waiting state. If you disconnect and then reconnect the problem clears.						1/14/09 - SG - This problem only occurs at first connection after reboot		Couldn't duplicate it.				Please check it again.		OK

		OPEN				V43_0048		3		MP		OS7000		V4.30b		01/14/09		Scott Hoek		Centralized Auto Attendant - when using UMS as centralized AA source remote nodes do not allow UMS group to be set as ring destination in MMC 714. Disconnecting UMS and reconnecting clears the issue						1/14/09 - SG - This problem only occurs at first connection after reboot		Couldn't duplicate it.				Please check it again.		OK

		OPEN				V43_0049		3		MP		OS7000		V4.30b		01/26/09		Shawn Guenther		SVMi-20E cannot set VM indication to SIP extensions.								The notification value mismatch.		Will be implemented next version.		Will be fixed at V4.30d.

		OPEN				V43_0050		1		MP		OS7000		V4.30b		01/26/09		Joel Kao		WIP phone at remote location using SIP mode gets one-way audio								This is spec.
The SIP mode doesn't support remote location.				No change.		OK

		OPEN				V43_0051		3		MP		OS7000		V4.30b		01/26/09		Shawn Guenther		MMC 126 should error with "NOT PERMITTED" if user doesn't have any MOBEX group members								What does it mean.
V4.30 error with "NOT PERMIT".				No change.

		OPEN				V43_0052		3		MP		OS7000		V4.30b		01/26/09		Shawn Guenther		MOBEX state should default to Disable in MMC 329 for all stations								What does it mean.
V4.30 default is Disable.				No change.

		OPEN				V43_0053		3		MP		OS7000		V4.30b		01/26/09		Shawn Guenther		MOBEX ports should default to Disable in MMC 328								What does it mean.
V4.30 default is Disable.				No change.

		OPEN				V43_0054		2		MP		OS7000		V4.30b		01/26/09		Joel Kao		KMMC 837 shows SS Type options as "Server Managed", "PBX Managed 1", and "PBX Managed 2". Installation Tool shows these options as "Centrex", "Samsung", and "PBX Managed". We need to ensure that both KMMC and I/T show the same options								IT didn't change it.		It will be fixed next version.		Will be fixed at IT V1.40.		Next version(IT)

		OPEN				V43_0055		2		ITP		5112L		V3.43		01/29/09		Serling Davis		If user enters wrong ID at idle login screen, phone continually gives registration error and user must power cycle to fix invalid data												Will be released new ITP s/w.		Next version(ITP)

		OPEN				V43_0056		2		ITP		5112L		V3.43		01/29/09		Serling Davis		If user enters wrong password at idle login screen, phone continually gives registration error and user must power cycle to fix invalid data												Will be released new ITP s/w.		Next version(ITP)

						V43_0057		2		ITP		5107 / 5121		V3.43		01/29/09		Serling Davis		If user enters wrong user ID at idle login screen and then tries to cancel to enter correct data the phone locks up at "Wait a Moment!!" prompt and must be power cycled to correct.												Will be released new ITP s/w.		Next version(ITP)

						V43_0058		2		ITP		5107 / 5121		V3.43		01/29/09		Serling Davis		If user enters wrong password at idle login screen and then tries to cancel to enter correct data the phone locks up at "Wait a Moment!!" prompt and must be power cycled to correct.												Will be released new ITP s/w.		Next version(ITP)

						V43_0059		2		MP		OS7000		V4.30		01/29/09		Serling Davis		Idle Login feature is confusing for US market. Screens need to be changed to prevent customer rejection of feature. Refer to separate document for exact changes												No change.		OK

																				SIP Carrior revised
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2/6
span 의 의미에 대해서 shawn 에게 확인바랍니다. 여기서 말하는 것은 TEPRI2 카드가 NT(Network mode) 일 경우 해당 설정을 할 수 없는 것이라는 말임. 그래서 이부분을 확인해보라는 뜻임. Slave mode 일 경우는 가능.
(STA) OK. 그런데 왜 그렇게 해야하는지는 의문임. 
(SEC)

2/6
제가 PA 검증부서에서 확인 결과 정상동작함.
OS7100으로 확인시험을 했음. 
(개발은 OS7400으로 확인했다고 함.)
(STA) 여기서는 여전히 발생하는데. I/T 버전은 어떤 걸 쓰셨는지? DB를 송부하면 도움이 될는지?

2/6
현재는 Real time 으로 시스템의 변경정보가 OS Call /Operator 로 update 되지 않습니다. 이것은 V4.30 이전부터 이렇게 동작되는 것입니다.
부연적으로, 현재 OS Application의 TAPI 구조에서는 real time으로 반영하는 것이 어려움.
결론적으로 OS Call/Operator 는 처음에 power up 했을때의 정보를 가집니다.
(STA) 문제는 real time이 아니라, disconnect/reconnect해도 문제가 발생한다는 것임.

2/6
이것은 직접 검증해보지 못했습니다. 혹시, 이전버젼에도 동일한 증상이 있는지요? 아니면, V4.30에만 있는것인지요? 
(STA) V4.22에서는 OK

2/6
Conference Group 관련 설정의 주체가 phone으로 변경되었습니다. 만약, OS Easyset 에 이것을 꼭 지워야 한다면, 지우는 것이 맞을 것입니다. 
(STA) 어느 버전에서 적용이 될지요?

2/6
현재 Easyset V2.1 에만 개선해달라는 것은 V3.0 은 사용하지 않겠다는 것인지요?  R&D 에서는 V3.0에서 one node 로 사용하면 될 것으로 보고 있습니다. (다만, Link V3 이 사용되어야 겠죠?)
V3를 사용하는 방안으로 유도부탁드립니다.
(STA) 이건 좀 더 설득이 필요할 듯..

2/6
버전에 상관없이 문제가 있어, V4.,30에 수정되었다고 하는데, V4.22를 사용해서 문제가 있다는 의미가 무엇인지요? 
(STA) V4.22 + TEPRI V4.25 + I/T V1.30a = 문제. V4.22 -> V4.30a 업그레이드시 문제 발생

2/6
PA LAB에서 검증해보았는데, 문제 재현안됨. 다시한번 분석해서 알려주시기 바랍니다.
(OS7100으로 PA에서 확인)
(STA) 혹시 7200/7400은 확인해 보셨나요? 아니면 IP-UMS? 여기서는 여전히 발생.

2/6
개발에서 재현안된다고 했는데, PA에서 확인해보니 Bug 라고 생각되어 표기한 것입니다. 아직 개발에는 정책임과 논의후에 알려주고, V4.,30 patch 에 적용하려고 계획중입니다. 
(STA) V4.30 patch = V4.30c 말인가요?

[SEC. Jan 30] SEC uderstand your request, but it is not critical issue. Please accept the current display.
(V4.30 1st Design )  
L1 : XXXX : MOBEX pair
L2 : ACTIVATED

(V4.30 current Design - by STA requset on November)) 
L1 :  XXXX : MOBEX pair 
L2 : enabled
==> Explanation : User can use Sim Ring up to 5 stations included WIP or others. So, it is better display.

(STA request ) <== If user only set MOBEX, it is possible.
L1 :  MOBEX
L2 : ACTIVATED
 =======================================
2/6
상기부분은 Accept된것인가요? 나머지 아래 이슈에 대해서는 어떤가요?
(STA) Accept할 것 같음

STA Agreement:
It doesn't need for TDM. But, will be apply for WIP in the future.

2/6
PA에서 재현해보려고 하였는데, 문제없이 동작합니다.
개발에서 분석할 수 있는 자료 부탁드립니다. 
(STA) 어떤 로그가 필요한지?

2/6
1/29일자 report 내용이 무엇인지요? 제가 작성한 자료가 최신자료를 업데이트 한것으로 생각되는데, 확인바랍니다. 
부연적으로, 개발은 clearing time 이 최대 2초 필요함으로 call 이 끊어지고 바로 call하게되면 문제가 있을 수 있다는 의견임. 
(STA) 다른 문제인 것 같은데.. 즉, mobex 사용시 ring이 동시에 안 끊어진다는 것임.

2/6
PA검증했을때, Bug로 보였던 것으로 기억합니다.
개발에 공지하여 개선하도록 할 것입니다.
(STA) 어느 버전에 적용하나요?

2/6
지난번에도 말씀하였듯이, Mobex display 관련하여서는 현재안으로 협의를 진행해주시고, 그렇지 않은 부분에 대해서 개발과 이야기를 선 진행하자고 하였는데, John 이 이렇게 답변이 오면, 수출이나 DESK나 급당황 모드입니다. 이즘 고려하여, 회신주세요.
(STA) 김인호 상무 방문으로 갑자기 그렇게 되었네요. 어쨌든, Accept할 것으로 보임.

2/6
PA검증했을때, Bug로 보였던 것으로 기억합니다.
개발에 공지하여 개선하도록 할 것입니다.
(STA) 어느 버전에 적용?

2/6
이부분도 만약 STA에서 수용하기 어렵다면, 개발과 더 협의후에 안을 수립하는 것이 좋을 듯합니다. 
아시다시피, 시스템에서 Mobex 로 직접 dial 할 수 있게 하였다는 것은 사용의 유연성이 더 높아진 것이라고 생각합니다. 
(STA) 큰문제는 아닐 것 같기는 한데..

2/6
MMC등에서 최초 설정시에는 자동으로 반영이 되지 않고, 해당 key 를 한번 operation 한후에 정상적으로 반영이됨. 버전에 구분없이 똑같은 것으로 알고 있습니다. 다시한번 정확한 문제에 대해 검토요청드립니다.
(STA) 해당 key를 한 번 operation 한 후에 정상 반영되면 문제 아닌가요?

2/9
OS7100으로 확인해보았는데, 정상동작합니다. 
(STA) 추가시험해 보겠음.

2/9
Remote 에서는 Non-SIP mode로 동작해야함.
(STA) OK

2/9
Not permit 으로 보이는데, Not permitted 로 수정을 요청하는 것인지요? 
(STA) 뿐만 아니고, mobex #가 없으면 MMC126에 들어갈려고 할 때 Not permitted 보여줘야함

2/9
MMC329 Field 는 Ring group member를 지정하는 곳인데, default 로 disable 은 어떤 의미를 가지나요?
더불어, member가 지정이되면, ACT 상태(즉, enable) 인데, 이것을 disable 처리하는 것이라면, 현재사양을 그대로 사용해도 될 듯합니다.
(STA) I/T에서 MMC329를 search하여 확인 바랍니다

2/9
MMC328 은 Mobex tel number 입력하는 곳인데, 현재 Mobex 번호가 없다면 blank 처리되어 있는데, default 로 disable 처리가 어떤 의미를 가지는지요?
더불어, MMC329 와 상호연동적임으로 Default 가 ACT 상태임. 
(STA) I/T에서 MMC328을 search하여 확인 바람

2/6
본건에 대해서는 지난번에 보내드린 비교데이터를 가지고 이야기에 대한 답인가요? 그렇다면, 비슷한 Operation 인 IP Address 입력 등도 동일하게 개선되어야 하나요? 기존에 IP 전화기를 설치할때 동일한 방법으로 설정을 진행하고 있는데, 이부분에 대한 것도 고려하였는지? 등 조금 더 상세한 내용협의 부탁드립니다.
(STA) Accept할 것으로 보임.
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						OfficeServ System		Change Notes		Provide a restricted functions for previous OfficeServNMS(OSNMS) Packages

						Problem or Requirement		Reason		Modification		Test Procedure		Bug/
Req.		Issued Information												Release Information																		Remarks

		1Q Number		검증완료일												Date		System		Package		Version		Country		Index		Package		Version		7400		7200		7100		500		100		12		iDCS

		-				STN Group A is sequential mode, is set Next Hunt time, have member A, B, C, D. If all members of STN Group A are idle and  a call is incomming to STN Group A, stations ring through A - B - A - B …(because STN Group A is sequential mode). 
But in this case, It is required that stations ring through A - B - C - D - A....		Requirement		STN Group A is sequential mode, is set Next Hunt time, have member A, B, C, D. If all members of STN Group A are idle and  a call is incomming to STN Group A, stations ring through A - B - A - B …(because STN Group A is sequential mode). 
But in this case, it is changed that stations ring through A - B - C - D - A....		1. Set STN Group A to sequential mode and input next hunt time and member A, B, C, D
2. Make a call to STN Group A
3. Check that stations ring through A - B - C - D instead of A - B - A - B		Req.				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		-				OS7100 cabinet can be used for OS7200's 2nd cabinet.		Requirement		OS7100 cabinet can be used for OS7200's 2nd cabinet.		1. Set up OS7100 & MCP(slot 1, for OS7200)
2. Use OS7100 cabinet for OS7200's 2nd cabinet.
3. Check that OS7100 cabinet's cards work well		Req.				OS7200		MCP		V4.14		ALL				MCP		V4.14k				O

		-				PRI ECT function has a error in case of below. 
1. SYSTEM A have TEPRI card and STN A, B, C. SYSTEM B have TEPRI card and STN D
2. Set ECT Service using each PRI line
3. STN A makes a call to STN B and STN B receives the call.
4. STN A holds STN B and make a call to STN D using PRI
5. STN D receives the call and transfer the call to STN C using PRI
6. STN C receives the call and STN A is connected STN C 
7. In this case, STN A and STN C are connected directly and 2 PRI is disconnected (ECT function is working) 
-> this had a problem at before MCP version		In case of having hold call, handling ECT was omitted		In case of having hold call, handling ECT was added		1. SYSTEM A have TEPRI card and STN A, B, C. SYSTEM B have TEPRI card and STN D
2. Set ECT Service using each PRI line
3. STN A makes a call to STN B and STN B receives the call.
4. STN A holds STN B and make a call to STN D using PRI
5. STN D receives the call and transfer the call to STN C using PRI
6. STN C receives the call and STN A is connected STN C 
7. In this case, STN A and STN C are connected directly and 2 PRI is disconnected (ECT function is working) 
-> this had a problem at before MCP version		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		-				SPNET error occurs in specific case at OS7200 system		MCP S/W always tests ping to destination system before SPNET call. If error for ping test occurs in this case, MCP S/W check the link using heart beat message (UDP message).
But in specific case, the heart beat message handling have some error.		The heart beat message handling is fixed.		1. Make incomming or outgoing SPNET calls so many times while SPNET link is disconnected and recorvered.
2. Check that SPNET all of SPNET call is OK while SPNET link is OK.		Bug				OS7200		MCP		V4.14		ALL				MCP		V4.14k				O

		P080125001				WiFi phone call drop		If WiFi phone used through MGI don't receive RTCP message for 15 second, the call is disconnected. (This is a SPEC)
But in this case, systme disconnect WiFi phone using 1st ch of MGI at before version		This function is removed  becase it's not nessasary. And in this case, WiFi phone is disconnected for using location information at WLAN task.		1. Make a call using WiFi phone through MGI
2. Go away WiFi phone from AP
3. Check that other WiFi using 1'st ch of MGI is OK		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071215001				When attempting to upgrade the OS7400 with V4.14 and LCP with OS7200 expansion the LCP will not upgrade if the OS7400 is running V4.14 with LP40 of V1.17. Most dealers upgrade the MP40 first, LP40 second and then LCP third. This process will not work. The workaround is to upgrade the LCP with V4.12 first and then uprage the MP40 and LP40 Software.		There isn't check flow about whether the OS7200 LCP is exist or not.
So, this flow is skiped		here is check flow about whether the OS7200 LCP is exist or not.		1. Set OS7400 system connected OS7200 LCP
2. Upgrade LCP PGM file at MMC 818
3. Check that upgrading LCP is OK.		Bug				OS7400		MP40		V4.14		ALL				MP40		V4.14k		O

		P071228002, P071228003, P071228004				The OS700 series switches, mainly OS7400, 0S7200 running V4.14 with IT TOOL V1.1.1 has a issue with the card halt command. When the card is in Card Halt mode, you can still call and receive calls in that state. You should not be able to call a phone in a card that has been halted.		In MMC810, the way for calculating the port number of cabinet2/3 was wrong.
And receiving a trunk incoming call while system or card is halted is not a problem. It's spec.		The way for calculating the port number of cabinet2/3 was fixed.
It has to be based on cabinet number and slot number.		1. Try to halt a card
2. Make a call by using phones in card which was halted 
3. Check whether you can still call and receive calls in that state.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O

		P071219002				With Installation tool release V1.1.1 access the OS7400 system, The password is samsung by default.
If a user changes the password and it is fogotten or they leave the company, there is no way to recover that password. The switch would have to be defaulted to be able to use Installation Tool in the future.
There must be a way to acess IT TOOL if the password has been changed.		Engineers in STA requested that OS7400 must have a way to acess IT TOOL if the password has been changed.		OS7400 already has a way to initialize the password of IT TOOL. (MMC900 
If user initialized 'TECH PSWD', 'DB Access Error' is occurred because TECH PSWD idndex was wrong. This problem was modified in MCP V4.14h		1. Access KeyMMC 900 
2. Move cursor to 'ADMN PWD'.
3. Press [hold] key of keyset.
4. And then the password of IT TOOL will be initialized with 'samsung'. 
5. Also, check that TECH PSWD initialization is ok.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P080110003				MMC 420 NND1 and NND2 data not downloading to IS tool when you perform a full DB download from OS7400 to IS TOOL.		check of nnd1/nnd2 value have some error.		check of nnd1/nnd2 value is fixed.		1. Run [I/T]
2. Download a full DB from IT
3. Check that downloading NND1 and NND2 data is OK.		Bug				OS7000		MCP		V4.14		USA				MCP		V4.14k		O		O		O

		P080110006				5.13.4: KMMC has 10 entries for mmc 719, however, IS tool shows 12 entries with some junk data in entry 12. IS tool should match KMMC.		A number of display Entry was wrong		A number of display Entry is fixed		1. Open 5.13.4 page at I/T
2. Check that a number of display entry is 10.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P080110010				MMC 503 in IS tool does not show all trunks. It just shows LOOP trunks. This is a bug. It should display all trunks in the system like KMMC does. This is in menu 2.6.3		Checking line type was wrong in I/T 2.6.3		Checking line type is fixed in I/T 2.6.3		1. Open 2.6.3 page at I/T
2. Check that a number of display entry is 10.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P080122001				Connect IS tool to the OS 7400 v4.14. In IS tool v 1.1.1, if you go to menu 2.4.2 and try to change the LCR Class OF Service to some other value such as 3, and then click the SAVE button, you will get a waring message "Incvalid pair-pot value".
Then you can refresh or reload this menu and you will see that the LCR COS value you entered is not uploaded to the system, it still shows '1' as the default.		The port that don't have pair port was not saved.		The port that don't have pair port is saved.		1. Open [2.4.2]
2. Input the values
3. Save and Reload [2.4.2]
4. Check if value is saved correctly		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P080122002				ITP does not forward the call when it is disconnected
1. Install suitable cards and start system by default and set country to Italy.
2. Register an ITP phone and set FWD NR to a external number.
3. Wait for deregistration time and call ITP number.
  == System does not process the call properly
  == Dialed digits are steady on the caller LCD		ITP A that is set to no answer forward to external is pluged out. If you make a call from STN B to ITP A, then system don't process the call properly. STN B receives the status of ITP A and handles as the status. But the handling of STN B had some error when ITP that is set to no answer forward to external is pluged out.		In case of above, the message handling of STN B is fixed when ITP that is set to no answer forward to external is pluged out.		1. Register an ITP phone and set FWD NR to a external number.
2. Plug out the ITP phone, Wait for de-registration time and call ITP number.
3. your call is forward to external.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		-				When sent SIP trunk call and is received 183/180 response with 'remote-party-id', system is restarted(LSP)		There is a problem relating to handle the value of "remote-party-id" header. The buffer which saves the value is too small.		The buffer size is increased enough for saving.		1. Try to send out SIP Trunk call.
2. Check that call is connected successfully		Bug				OS7100		MCP		V4.14h		LSP				MCP		V4.14k		O		O		O

		-				SIP station receives a forwarding call from DGP station, then if SIP station try to transfer other station, that doesn't work.		System doesn't handle Hold message received from SIP station which received forwarding call. SIP station send re-INVITE with SDP connection attribute setting to 0.0.0.0. The handling for this case is left out.		In case of problem happening, modify to handle a hold message.		1. set no answer forward to 201 DGP
2. try to call to 201 from 202, and wait until call is forwarding to SIP Station.
3. When SIP Station is ringing, SIP station hooks off.
4. SIP Station tries to trasfer another station.
5. Check that the operation working		Bug				OS7400		MCP		V4.14		GTL				MCP		V4.14k		O		O		O

		P080122003				ITP as secondary station does not ring when paired to a SIP station.		In this case, although PAIR NO RING(MMC300) is set to ON, secondary pair station has to ring. But the status for ringing SIP STN was not checked.		The status for ringing SIP STN will be checked. If the SIP phone which has a pair relation with DGP get a call, the DGP will ring.		TEST PROCEDURE
1. Let SIP station has pair relation with DGP. 
2. Make a call to the SIP station.
3. Check whether DGP is ringing. 
 TEST RESULT 
This result is OK 
This result will be applied to the next version (V4.21)		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		N070720003				To pair a sip phone with a analogue or digital extension in MMC740. At the moment both phones will ring but if you answer the call on the secondary extension (SIP Extension) there is no speech but if you answer the primary extension (Keyphone) you will get two way speech.		A mgi for sip extension was not allocated when ringing to extension by turns. There is no speech in this case.		When ringging to sip extension, mgi will be allocated for voice path.		1. Pair a sip phone with a analogue or digital extension in MMC740.
2. Make a incoming call to both phones. And you answer the call on the secondary extension (SIP Extension) 
3. You will get two way speech.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P070925003				New Zealand has changed the daylight savings to:
Please see attached document for new start and end times
Can this be altered in the next version update to all current systems.		Default value is a wrong data in MMC515 DAYLIGHT.		We get a new information and fix it.

Daylight Saving now commences from the last Sunday in September, when 2.00am becomes 3.00am, and ends on the first Sunday in April the following year,when 3.00am becomes 2.00am.		1. Set Daylight saving at MMC515
2. Daylight saving function is normally operating.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071114014				Dear Sir,
We have been seeing an issue when using Installation Tool via the OS7400 internal Modem connection.
The error happens during uploading of the Station Group Menu 4.1.1
The error is data fails to load. Can you please check this issue		During the uploading via internal modem, System will restart.
WLAN type is different between default value and available value		System should restart after completed uploading. And default value changed to commercial AP type. 
So if WLAN type is not changed, system does not need to restart		1. Upload the Station Group Menu 4.1.1 using IT via internal Modem connection
2. Uploading is OK. and if AP type is changed, system will restart.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071122011				We have had a number of customers reporting problems with SIP extensions and SIP trunks with CLI not being correctly sent. The OfficeServ appears to only be able to send incoming and outgoing CLI in the FROM field however a lot of our customers have equipment which expects to recieve the CLI in the 'Contact' field.

i.e. The mobex which is sold by samsung in the UK expects the CLI of an external call to be forwarded in the 'Contact' field so that if the call is not answered the mobex can send a SMS message informing the user of the missed call with the correct CLI. ie. internal extension number or external CLI

Also when using SIP trunks some providers require the outgoing CLI in the Contact field in order to be able to forward the CLI to the network as the providers put multiple DDI's on the one account.

'INVITE sip:3301@192.168.50.2:5060 SIP/2.0'
'From: <sip:8604@192.168.50.74:5060>;tag=5a5dfc8-c0a8324a-13c4-122cab-b...'
'To: <sip:3301@192.168.50.2:5060>'
'Call-ID: 5a46638-c0a8324a-13c4-122cab-199a9fdf-122cab@192.168.50.74'
'CSeq: 1 INVITE'
'Via: SIP/2.0/UDP 192.168.50.74:5060;rport;branch=z9hG4bK-122cab-46fe7e...'
'Max-Forwards: 70'
'Supported: 100rel,replaces'
'Reason: SIP; cause=1; text=' CALL FROM 8604''
'Contact: <sip:192.168.50.74:5060>'		We had missed the CLI at Contact Header.		We had missed the CLI at Contact Header.		We has inserted the CLI at Contact Header		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071126002				Dear Support,

LSP have found an issue with SIP trunks during a temporary Network failure which causes SIP trunking to stop working.

If the OS7100 can not communicate with a DNS server for about 90 seconds the SIP trunks will stop working and will not resume operation unless the OS7100 is restarted. SIP Registration and Invite messages are not sent while this problem is occurring.

Any network outage of approximately 90 seconds will result in the complete failure of the SIP trunks. This problem only occurs when the OS7100 uses DNS lookups to try and resolve the SIP Proxy IP address.

If the Primary DNS server is the only DNS server programmed in the system the time from network outage to the failure of the SIP trunks is approximately 50 seconds.

If both the Primary and Secondary DNS servers are programmed in the system the time from network outage to the failure of the SIP trunks is approximately 90 seconds.

When an IP address is programmed into the Proxy address field in MMC837 the DNS lookup feature is not used. The OS7100 will not stop trying to contact the SIP proxy, so the problem does not occur.

The attached Wireshark trace shows the packets being sent to and from the lab OS7100 when a network failure occurs. In this trace at packet number 9 the Internet link was disconnected; at approx		There has been a S/W bug in SIP module specially in its DNS query feature. OfficeServ was supposed to execute DNS query whenever it failed to receive any response (success or failure) for sent-out request. This rule, however, did not cover the case of failure to make request at all. This blocked OfficeServ from going into the state where DNS query was triggered.
Therefore, if OfficeServ failed to obtain valid outbound proxy ip address at inital booting time, it would never be able to make any SIP request because it could not know the destination IP address which is essential in constructing SIP messages, which made OfficeServ looked stoped or pended in its SIP functioning.		Modified SIP module so that OfficeServ triggers DNS query even when it fails to construct SIP message due to blank destination IP address.		DNS query successfully made and SIP function worked fine even after it failed to get a valid outbound proxy ip address at initial system booting time.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071126007				Configure a 7400 as follows
Cabinet 1 – 7400
Slot 0 – LP40 v 1.17, Slot 1 – 16DLI, Slot 2 – Blank
Slot 3 – MP40 v4.14, Slot 4–11 – Blank,
Cabinet 2 – 7200
Slot 0 – LCP v4.11, Slot 3 – BRI v6

Default system, Check mmc 727, in cabinet 2 slot 3 it will see the BRI card but will not give you the version information.
Try to dial out through the BRI card,(trunk 701), you cannot.
I have tried this on the following versions:
7400 mp40 v3.34/4.11/4.14
7400 LP40 v1.14/1.17
7200 MCP v2.69/4.11/4.12		When OS7400's 2nd or 3rd cabinet is connected to LCP(OS7200). Cabinet and slot infromation of BRI message located at LCP(OS7200) was wrongly calculate		When OS7400's 2nd or 3rd cabinet is connected to LCP(OS7200). Cabinet and slot infromation of BRI message located at LCP(OS7200) are rightly fixed.		1. Connect OS7400's 2nd or 3rd cabinet to LCP(OS7200)
2. Lacate BRI card at LCP(OS7200)'s slot
3. Check that BRI card work well.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071213011				In certain call scenario뭩 when using an OS7200 v4.14/MGI v1.12 with SIP extension뭩 the IP address in the SDP connection parameter within the SIP invite message is ignored and the IP address used for SIP signalling is used instead see the attached sniffer trace.

OS7200 MCP 192.168.20.19
OS7200 MGI 192.168.20.20
Master Kirk 600v3 192.168.20.1 Control뭩 all Kirk units and manages SIP signalling using SIP extensions to and from the OS7200 and provides 12 RTP Channels
Slave Kirk 600v3 192.168.20.2 Provides an additional 11 RTP Channels to the Master Unit
Slave Kirk 600v3 192.168.20.3 Provides an additional 11 RTP Channels to the Master Unit
Note: The Kirk allows DECT phones to connect via SIP extensions to the officeserv.

In the attached trace you can see if the SIP extension originates the call (Kirk Unit) the IP address in the SDP Connection parameter is not used and instead the IP address of the Master Kirk Unit is used. This causes a loss of speech if the SDP message states that one of the Slave Kirk units should be used for the media/RTP.
If however the OS7200 originates the call from a DLI phone to a Kirk SIP extension this works no problem and the SDP parameters are handled correctly and the RTP stream is directed to the correct IP address and ports.

If the master unit provides the RTP ch		We have to know what is remote RTP address from SDP of INVITE message.
At this point, it was wrong to refer Origin Header on SDP of INVITE message.
So, there are happened the one way voice.		We had modified to refer the Connect Header instead of Origin Header on SDP of INVITE message		Success, we had finished the PA test with OS7200 v4.14a		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		-				<MMC837 SIP Options>
Add new options in 5.2.2 SIP Options.
- LCR Fast Setup
  Range = Enable/Disable
  Only Korea		Options should be added in 5.2.2 SIP Options.		Add new options in 5.2.2 SIP Options.		1. Login to Web Management and click [Telephone] icon.
2. Open 5.2.2 SIP Options.
3. Change value of the options.
4. Click [Save] button.
5. Click [Reload] button.
6. Check the changed values.		Req.				OS7100		MCP		V4.14		ALL				MP10		V4.14k						O

		P080110004				IS TOOL MMC 430 TIMER field is missing.		That field is not need any more.
So, it is dropped in the IS TooL		That field is not need any more.
So, it is dropped in the IS TooL.
And, We will change the KMMC also in the next version.
At that time, you can check both on KMMC and IS TOOL.		1. Set Country to USA
2. Check whether TRUNK Timer field exists.		Bug				OS7000		MCP		V4.14		USA				MCP		V4.14k		O		O		O

		P071221001				When using menu option 2.1.2 (MMC 830), There is an option called System Reset. This option is not working. When setting System Reset to YES, and saving the data, the system not reset. This is broke. Please investigate this issue.		The options which need SYSTEM RESET was moved to the 2.1.0. So This SYSTEM RESET option has to be removed.		The options which need SYSTEM RESET was moved to the 2.1.0. So This SYSTEM RESET option has to be removed.		The options which need SYSTEM RESET was moved to the 2.1.0. So This SYSTEM RESET option has to be removed.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P080109023				It seems with the new version of software V4.XX you are unable to reset technician password via the following procedure below.
- MMC200 Customer login.
- MMC505 change to all 1's
- MMC900
- 6663
- Hold

You get an error message'DB Access Error'
All OS systems V4.XX		technician password index was wrong.		technician password index is fixed.		To reset technician password is possible at MMC 990		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P080213001				We have a major problem on the OS7200 after the upgrade and database upload to a dual cabinet OS7200 system. The audio to the second cabinet is gone after a power cycle on the new V4.14H load with LCP software load of V4.12. The OSM to upload the new database is OSM V4.12 DATE 10/19/2007.
There is no problem unless the database is uploaded to the system, then power cycle and no audio to the second cabinet. In default, the second cabinet works fine after a power cycle with the new software load. I am not sure if the OSM is causing the problem or the MCP, LCP software versions.
This is a major issue since want to launch this new software load and this problem will not help.		New feature that OS7100 cabinet can be used for OS7200's 2nd cabinet is added. But system misjudge lcp cabinet type of old version (before V4.14f) DB to OS7100 cabinet. This makes a problem.		System judge lcp cabinet type of old version (before V4.14f) DB to OS7200 cabinet.		1. Set up dual cabinet OS7200 system using before MCP V4.14f.
2. Upgrade MCP from before V4.14f to after V4.14h (080213)
3. Check that OS7200's 2nd cabinet works well.		Bug				OS7200		MCP		V4.14f		ALL				MCP		V4.14k				O

		P070810001				In the case of printing out the hotel bill to a LAN printer, if the is more about than 30 lines long (half the page), the other lines will be moved to the second page. This room report will only print on half the page regardless of the line feed setting in MMC 725 and MMC 829 (HOTEL REPORT). This seems to be a problem with the end of page settings. This needs to be fixed. See the attached example.		When the printer language set the raw, the form feed does not sent to printer.
So the line per page is ignored.		If there is more about than line per page, the other lines will be moved to the second page.		If there is more about than line per page, the other lines will be moved to the second page.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P070810003				When using the Hotel Key, then RPT soft key to print other reports such as WAKEUP, MAINTENCE, etc, the reports are not printing out. The data is buffered, and then printed at the start of the page for the next Room or phone bill. These bills should printout to the LAN printer on request and not be held in a buffer and printed on top of the next room or phone bill. This seems to be a problem with the end of page settings. This needs to be fixed. See the attached example.		Because form feed was not sent to the print module. waiting more data.		It is fixed. When print the data manually, form feed is sent to the print module and then print data sent to network printer.		When print the data manually, form feed is sent to the print module and then print data sent to network printer.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P080220003				Operation (step by step sequence to reproduce a problem)
1. Start system by default and set country to ITALY
2. Create a VMSUCD group
3. Assign VMSUCD group as RBT SOURCE in MMC 224
4. Enable VM RBACK in MMC 318 for the calling ISDN trunk (ex. 701-702)
5. Enable COLORING in MMC 400 for the calling ISDN trunk
6. Assign a voice message as RBT MSG in MMC 326 for the called station (ex. 201)
7. Make an incoming call to 201 and answer it : CID is not displayed on LCD		When a calling station heard VM ringback message through ISDN trunk, a called station answered the call. Then the trunk status was not TRUNK_CONV_STATE. This makes a problem that CID is not displayed.		When a called part heard VM ringback message through ISDN trunk, a calling part answered the call. Then the trunk was fixed to TRUNK_CONV_STATE.		1. Create a VMSUCD group
2. Assign VMSUCD group as RBT SOURCE in MMC224
3. Enable VM RBACK in MMC 318 for the calling ISDN trunk
4. Enable COLORRING in MMC400 for the calling ISDN trunk
5. Assign a voice message as RBT MSG in MMC 326 for the called station.
7. Make an incoming call to station and answer it. CID is displayed on LCD		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P080220004				Operation (step by step sequence to reproduce a problem)
1. Start system by default and set country to ITALY
2. Create a VMSUCD group
3. Assign VMSUCD group as RBT SOURCE in MMC 224
4. Enable VM RBACK in MMC 318 for the calling ISDN trunk (ex. 701-702)
5. Enable COLORING in MMC 400 for the calling ISDN trunk
6. Assign a voice message as RBT MSG in MMC 326 for the called station (ex. 201)
7. Make an incoming call to 201 and answer it; make a second call and answer it with CALL key when it camp on (the first call is placed on hold) : after 10 sec. the second call is disconnected		When you get a 2nd call (that is VM ringback call), BRI MSGWAIT timer maks a call disconnection.		In this case, BRI MSGWAIT timer is not attached.		1. Create a VMSUCD group
2. Assign VMSUCD group as RBT SOURCE in MMC224
3. Enable VM RBACK in MMC 318 for the calling ISDN trunk
4. Enable COLORRING in MMC400 for the calling ISDN trunk
5. Assign a voice message as RBT MSG in MMC 326 for the called station.
7. Make an incoming call to 201 and answer it; make a second call and answer it with CALL key when it camp on (the first call is placed on hold) 
8. The second call is not disconnected.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P080220005				Operation (step by step sequence to reproduce a problem)
1. Start system by default and set country to ITALY
2. Create a VMSUCD group with 4 VM ports
3. Assign VMSUCD group as RBT SOURCE in MMC 224
4. Enable VM RBACK in MMC 318 for the calling station (ex. 201)
5. Create a station group SEQUENTIAL with 2 members at least. Then set the Hunt Time and assign a voice message as RBT MSG.
6. Call the station group from 201 without answer the call and wait for a number of hops equal to the number of VM channels assigned to VMSUCD group (ex. 4) : the ringback message stops playing and default ringback tone is heard.
When ringback message stops playing, all SVM channels except the last are locked up. A reset of SVM board must be done in order to release the channel(s).		When you get a VM ringback. If next hunt time is expired, MP don't disconnect VM rinback. This makes VM lockup.		When you get a VM ringback. If next hunt time is expired, MP disconnect VM rinback		When you get a VM ringback. If next hunt time is expired, MP disconnect VM rinback. So VM don't lock up.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P080104001				We have just completed a test where we did a backup of the system with IT TOOL v1.1.1.
We then cleared the memory turning off the memory switch.
We then added the IP address in MMC 830
We then logged into the system with IT TOOL and uploaded the database into the system.
We logged into the system with IT TOOL but could not use the password that was set before the memory clear. The default password of SAMSUNG was the only one that worked. 
We believe the password should have been saved on the database.		The variable for reading password is different from that for writing password.		The variable for reading password is different from that for writing password. So in this case, especially uploading all database, the password variable for reading will be saved to the database.		1. Change the password for log-in in ITEM 2.1.7.
2. Log-in by using new password. 
3. Try to download all database. 
4. And then try to upload all database which was received in step 3.
5. Check whether the password is changed.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P080123001				when setting MMC 829 for LAN Printing of SMDR, traffic Report etc, to a printer. the system will have to be reset before this function will start working. On previous system like the iDCS 500, setting MMC 824 and selecting the 'UPDATE LAN' option would start the printer outputing SMDR and Traffice report data. This is broke on the OS7100. After setting MMC 829 and selecting 'UPDATE LAN'. The data is not output to the printer until the 7100 system is rebooted. Please fix this problem.		when setting MMC 829 for LAN Printing of service type. the parameter messge was ignored at the related module.
So, not applied the set value and not working.		If set the lan printing options, I/o task should not be ignored the related message.		If set the lan printing options, I/o task should not be ignored the related message.		Bug				OS7100		MP10		V4.14		ALL				MP10		V4.14k						O

		P071208001				IT tool not allowing the programming of TSF/SPKR/BARGE/DS key etc. in category 4.9.2. 
IT tool version 1.1.1 and 7100/7200/7400 version 4.14. If you attempt to change the TRSF or SPKR or add a DS or BARGE key, you will get an error code or warning of 'Limited in Key Feature' message. The is a mistake that will need to be corrected. See attached screen shot for more details.		When Programming IT Tool for features TRANSFER AND SPEAKER, these keys must be checked whether it's available. But port numbers for features TRANSFER AND SPEAKER was checked incorrectly.		The port numbers for features TRANSFER AND SPEAKER will be checked correctly.		1. Try to program BARGE/DS key in 4.9.2
2. Check whether the result is OK.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071213001				Programming IT Tool for features TRANSFER AND SPEAKER will not work unless you use KMMC programming. For IDCS18 and IDCS28 button sets, you can not program IT TOOL V1.1.1 10/26/07 Feature 
these two keys with Installatin Tool.
The system thinks you can add these features but when verified with KMMC programming, they are not there. KMMC works fine.		When Programming IT Tool for features TRANSFER AND SPEAKER, these keys must be checked whether it's available. But port numbers for features TRANSFER AND SPEAKER was checked incorrectly.		The port numbers for features TRANSFER AND SPEAKER will be checked correctly.		CONDITION
In case of IDCS18 and IDCS28 button sets, 
1. Try to program TRANSFER AND SPEAKER key in 4.9.2
2. Check whether the result is OK.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071213014				For MSN ringing, the “B” option busy is not available..		For MMC421 MSN ringing, the 'B(busy)' option in 'CALL WAIT' feature was missing		The 'Busy' option was added.		1. Login to WebMMC or Web Management and connect to system with BRI card.
2. Open MMC421 MSN Ringing.
3. Change value of the options to 'Busy'.
4. Click [Save] button.
5. Click [Reload] button.
6. Check the changed values.		Bug				OS7000		MCP		V4.14		ITALY				MCP		V4.14k		O				O										only ITALY

		-				SIP re-registration timer issue
When using multiple SIP trunk accounts we are unable to change the re-registration timer.Changing the timer in MMC837 has no affect. We need the system to re-register ALL accounts every5 - 10 seconds to ensure incoming SIP calls are successful.		The expire time of registration is determinded by SIP Server not SIP UA.
Although  OfficeServ(UA) sends REGISTER with expire time set in MMC 837,
SIP Server may send 200 OK with its own expire time. 
Then registration's expire time is set to that of receiving 200 OK.
Thereafter  OfficeServ(UA) sends RE-REGISTER based on the time interval.

By the way, your SIP Server always sets expire time in its 200 OK response 1 smaller than expire in the register request.
OfficeServ changes the value of Expire header to expire time of 200 OK, sends REGISTER message.
After some time, finally Expire time becomes 0 sec.

When SIP Server REGISTER and if the Expire time is 0, SIP Server thinks UA sends deregister.
So Registration is expired.		I modify that the value of expire header in REGITER always refer to expire time  set in MMC 837.
The value of that is not changed but registration interval is dynamically changed  according to expre time of 200 OK for REGISTER.		1.OfficeServ send REGISTER to SIP Server.
2. Check that Incoming call is connected.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071121002, P071128002				7100 voicemail does not stop recording on silence 
THe 7100 voicemail does not stop recording after long silence.

Steps to reproduce:
in MMC 722 give station 201 a MUTE key
From stations 201 dial ## to leave quick memo.
After recording beep say a few words and then press MUTE key.

Recording will continue forever.

Performing these same steps with an SVMi the voicemail will prompt you to continue recording after 3 or 4 seconds of silence, so 7100 voicemail is not behaving correctly.		Silence detection feature was not enabled when recording a message.		It's fixed. 
Mindspeed DSP supports a silence detection feature and it's implemented in VM.
When you record a message and a max silence is satisfied, VM stops recording and prompts you to continue.		1. Record a message to a mailbox and press 'MUTE' key.
2. After a few seconds, VM stops recording and prompts you to continue		Bug				OS7100		MP10		V4.14		ALL				MP10		V4.14k						O

		P070519003				OS System deletes the MoH msg assigned to the VM port in MMC756 after a OS system restart
1. Start system by default and set country to Italy in MMC 812
2. Connect 2 ports of SVM-400 to 2 HYB/DLI ports (e.g. 202 to port 1 and 203 to port 2)
3. Set DLI connection in MMC750
4. Register prompt No. 5000 and assign it to the 1st VM port as MoH in MMC 756
5. Set VM port as BGM to any DGP (e.g. 201) in MMC 308 and start BGM by pressing HOLD button
6. Power OFF and then power ON the system
x.The BGM doesn’t work (prompt msg assigned to the VM port has disappeared in MMC 756 and/or in MMC 308)		After OfficeServ System is restart, the line type of VMMOH port is wrong.
So, it occurs problem.		After OfficeServ System is restart, the line type of VMMOH port is wrong.
So, it is fixed to exact line type.
This issue is fixed by Kyung-il Min.
And it is fixed at V 4.14		1. Connect SVM-400 to OS System.
2. Setting to SVM-400 the prompt number at MMC756.
3. Select the BGM SOURCE to VMMOH at MMC 308.
4. Check the MOH play.
5. OS system restart.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071004026				LCR not working properly when using DT keys with analogue lines 
Using the attached database (Password 1215) When LCR is enabled, if you select an analogue trunk using a DT key and then hang up it locks the line up and leaves the DT key green on that handset and red on all others for approximately 30 seconds. The same thing happens if you try to make a call by first pressing the DT key for the analogue line it will lockup for approximately 30 seconds and you will not be able to make the call. If you disable LCR Enable in MMC 400 this resolves the issue however you then can't use LCR Enable (MMC400) and DT keys at the same time.		LCR feature did not progressed as trunk infomation was deleted. So failed.
But V4.14 LCR is working properly expept the following case. When pressed digit in lcr mode, if the lcr inter timer expired, trunk status will be lock up.		When LCR ENABLE of MMC210 & LCR ALLOW of mmc400 are enabled, trunk information should be maintained for proper operation in LCR mode.		1. Setup LCR feature
2. Set some trunk port to LCR Allow at MMC400.
3. Make a DT + trunk number
4. Dial the trunk number or press DT key
5. You can make a LCR call.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071127003				4WLI card recognition failure in some slot
4WLI card is recognized only Cabinet 1 slot 3,4,5 or Cabinet 2 slot 3		MP system recognizes 4WLI as 32 channel. Therefore 4WLI card is only used at cabinet 1 slot 3,4,5 or cabinet 2 slot 3		It's fixed that 4WLI is supporting 16 channel.		1. Setup 4WLI card in OS7200's cabinet1 slot3, slot4 or slot5, 
   or cabinet2 slot3
2. Check that the 4WLI cards work well.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071006001				Auto Redial does not select the next available free channel on Basic Rate Lines 
Connect 4 channels of Basic Rate lines to 7200
Put line 701, 702, 703, 704 into trunk group 9
Connect 3 digital phones to ext 201, 202, 203
Make a call from ext 201 to a busy external no.  Uses line 701
Press the soft key below Retry on display.
Make the external no free.
Make lines 701 and 702 busy with ext 202 and 203
When ext 201 tries to auto redial it does not select line 703 or 704 which are free.		In the case of using the trunk group, if one number is selected in the group then the number is always used for auto redial. 
It acts like not trunk group but only one number is entered.
So, Auto Redial does not select the next available free channel in trunk group.		In the case of using the trunk group, if the channel is busy then the number is always searching for free channel in the trunk group.		1. Connect 4 channels of Basic Rate lines to 7200
2. Put line 701, 702, 703, 704 into trunk group 9
3. Connect 3 digital phones to ext 201, 202, 203
4. Make a call from ext 201 to a busy external no.  Uses line 701
5. Press the soft key below Retry on display.
6. Make the external no free.
7. Make lines 701 and 702 busy with ext 202 and 203
8. When ext 201 tries to auto redial it select line 703 or 704 which are free.		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071105009				The problem with DISA and LCR. 
Configuration for tests: system, PRI board, CO lines card, keyphone for programming In MMC714 assigned one of the DID number as DISA.
Make the incomming call on DISA number, receiving dial tone, then dial the number of trunk group where the CO lines are included. Then dial external number. Normal connection is appeared.
Then programming the LCR function. Incoming calls will be made via CO trunks.
Then I make the incomming call on DISA number, receiving dial tone, then dial the LCR code and external number. The station takes CO trunk and dials the number. After one ring back tone the disconnect happened.
That problem appears on all systems of Office Serv with the different software version		When incomming call through PRI line set to disa, if dialed the LCR code and external number, 
the bri msg wait timer is expired and pri trunk is disconnected. So Call is cleared.		When PRI line is set to disa  and making a external call with LCR, PRI is already conversation status.
So the  bri msg wait timer does not need to check for abnomal case. It is fixed.		1. Configuration for tests: system, PRI board, CO lines card, keyphone for programming In MMC714 assigned one of the DID number as DISA.
2. programming the LCR function. Incoming calls will be made via CO trunks.
3. Then I make the incomming call on DISA number, receiving dial tone, then dial the LCR code and external number. The station takes CO trunk and dials the number. 
4. The call will be OK		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071008008				No Answer call forward to remote voicemail not working correctly when LCR turned on in MMC400. 
When two systems are connected together using SPNET and remote voicemail the voicemail does not recognise the FID properly on a No Answer to remote voicemail call forward when LCR for the Trunk Lines is turned on in MMC400.
Have tested using remote voicemail on 7100 and on 7200 and both do the same thing.
For the other call forward types All Forward and Busy it works ok if LCR is turned on for the Trunk lines in mmc400.
If you disable LCR for the Trunk lines in MMC400 then the No Answer call forward works ok.
See attached DB's and Voicemail port activity of a NO answer call with LCR enabled and No answer call with LCR disabled. Internally it works ok but if you call a ddi and that extension has No Answer to remote voicemail set the caller will go to the invalid destination as FID not recognised. All passwords default,		External call forward related to this issue case is just call forward,  and the other case is CFNR feature with SPNET.
It is different feature.		It is fixed. No ans forward related to SPNET is only CFNR between nodes. 
It will transfer correct FID to vms.		The result is OK		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P070823008				051_SEG_BUG_REPORT_TAPI_WRONG_EVENTS
An external customer calls extension A via an external server and an ECT happens in our system.
When now Extension A transfer the call to extension B, we get in trouble with the TAPI.
TAPI status gets frozen in “Call offering (transfer)”.
Also we miss a TAPI event after the ECT is finished.
Also I saw some other errors in the TAPI log, which I enclosed in the attached file.		OS7400 did not support cti feature of trunk ect and station status mismatched between mp and cti.		We implemented TAPI driver and MP. And  we sent the test package for cti problem.
1. ECT Feature was fixed.
2. Mismatched station status was fixed.		1. Make a trunk ECT using ECT
2. check that ETC feature and station status between MP and CTI are OK		Bug				OS7000		MCP		V4.14		ALL				MCP		V4.14k		O		O		O

		P071218001				Voicemail will not send digits to pager after answering.
The 7100 ability to send out the mailbox number in a pager string on 4.14 and 4.04 does not work.  It will dial the pager and insert account code, but once the pager answers it will not send any digits. Tested with pagers and digit grabber. Please investigate this matter.		When we compare OS7100 VM with SVMi, there is a slight difference of delay.
After the destination answers, SVMi pauses 3 seconds ahead of sending caller's number. But OS7100 pauses 1 second.		I inserted additional delay in Beepers station block.
Please do the followings if you want test it now.

1. Log in VM Web.
2. Go to VM/AA tab -> Open block table -> Station block -> Beepers
3. In the 1st page, change the suffix like this.

Suffix: ~diW,$K## ------> ~diW,,,$K## (comma(,) means 1 second delay, so insert 2,3 comma)		1. Log in VM Web
2. Go to VM/AA tab -> Open block table -> Mailbox block -> Select a mailbox -> MWI & Autoforward tab
3. Set the pager notification
4. Leave a message
5. Check the pager receives the caller's number.		Bug				OS7100		MP10		V4.14		ALL				MP10		V4.14k						O

		N061017034				When incoming call at same pickup group member, allow display calling party and called party information at all pickup group member.
When doesn’t answer until 5 rings, all pickup group members receive a PINGRING (one time ring) on their extensions.		Request		[MMC]
- In MMC 861, added "PING RING SERVICE" option.(IT 5.14.6)
- In MMC 110, added "RCV PING RING" option.(IT 5.15.4)
- In MMC 302, modified method for make a pickup group when PING RING SERVICE set to Enable in MMC 861. Each Pickup group has max. 32 members.
- Added IT 4.1.5 menu when PING RING SERVICE set to Enable in MMC 861.
- In MMC 502, added "PING RING" timer.

[Feature]
- When ringing a station, if PINGRING SERVICE" set ENABLE then Ping Ring info display to all same pickup group station(first 32 members only).
- The received phone should idle state and RCV GPU INFO set ON in MMC 110.
- The phone display "Call For (number)" or "Call (name)" in line 1, and "(number):(name)" in line 2.
- If no answer the call until PING RING time in MMC 502, then the Ping Ring info display with 4 times beep ring(100ms on/off) to all same pickup group station.
- - When call arrives second call button, skip Ping ring time waiting for beep ring.
- If PING RING time set 0 in MMC 502, then beep ring feature was disabled.
- - The Ping Ring information show last call only.
- - When each option changed to disable, the ping ring display should clear.		1. MMC set
- In MMC861, set "PINGRING SERVICE" to ENABLE.
- In MMC302, Pickup Group 01 assigned Ext. 201, 202 and 203.
- In MMC110, Ext 201, 202 and 203 set "RCV GPU INFO" to ON.
- In MMC502, Ext 201, 202 and 203 set "PING RING" to 10 sec.
2. Ext. 205 call to Ext. 201.
- If 202 or 203 are busy then nothing happen. 
- If 202 or 203 are idle then 202 or 203's LCD should shows "Call For 201" and "205:name".
3. The call doesn't answer during Ext. 201's PING RING time in MMC 502.
- If 202 or 203 are busy then nothing happen. 
- If 202 or 203 are idle then 202 or 203's LCD should shows "Call For 201" and "205:name" with 4 times beep ring(100ms on/off).		Req.						MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		N061105003				SPEED DIAL WITH MORE LETTERS
In using Directory Dial feature, allow more letters input for searching.		Request		The directory dial feature is initiated by pressing SOFT key or MENU key. But, the enhanced directory dial feature that is a new feature is ONLY initiated by pressing MENU key.
The enhanced directory dial feature is almost same as the directory dial feature. But, the key differences are ...
 - The length of a search string is up to 6 characters.
   (A search string is case insensitive. Korean is NOT supported)
 - Delete a character with the CANCEL key.
 - Delete all characters with the HOLD key.
 - Names starting with a search string are displayed.		1. Execute the enhanced directory dial using MENU and NAVIGATION keys
2. Enter a search string (Up to 6 characters. case insensitive)
3. Press the ENTER key to search directory names.
4. A first matched name starting with a search string is displayed.
5. View a next/previous name using VOL. UP/DN and NAV. UP/DN keys.
6. Modify a search string using DIGIT keys and CANCEL key.								MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		N071024008 N071025013				MMC 723: Keyset Type: DS-5021D SET in STA
The default key values of DS-5021 keyset have to be changed in case of USA.
============================================================ 
01:DT701 / 02:DT702 / 03:DT703 / 04:DT704 / 05:SPD01 / 06:VT  / 07: VMMSG
08:DS201 / 09:DS202 / 10:DS203 / 11:DS204 / 12:SPD02 / 13:DND / 14: PAGE0
15:DS205 / 16:DS206 / 17:DS207 / 18:DS208 / 19:SPD03 / 20:LISTEN /21: CALL1		Request		If Country is USA and DGP is DS-5021D, the default key setting is applied.
And the other 5000 and 5100 series ITP and DGP are followed it also.		1. Set Country to USA.
2. Check the default keys of DS-5021D in MMC722 and MMC723.
3. Check the default keys of the other 5000,5100 series DGP and ITPs.

- 21D Data
DT701   DT702   DT703   DT704   SPD01   VT      VMMSG
DS201   DS202   DS203   DS204   SPD02   DND    PAGE0
DS205   DS206   DS207   DS208   SPD03   LISTEN CALL1
- 14D Data
DT701   DT702   DT703   DT704   CALL1   VT      VMMSG
DS201   DS202   DS203   DS204   LISTEN  DND    PAGE0
- 07S Data
DT701   DT702   DT703   DT704   CALL1   PAGE0  VMMSG								MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		N071206002				Support for external voicemail
In the OS7100 system was removed MMC 207 and MMC 726.
Request add these MMCs for using External Voice Mail via SLI connection.		Ruquest		In the OS7100 system revived MMC 207 and MMC 726 in all country.		1. Check the MMC 207 exist in OS7100.
2. Check the MMC 726 exist in OS7100.
3. Check the IT 2.5.7 VMAA port exist in OS7100.
4. Check the IT 5.9.3 VMAA options exist in OS7100.
5. Check works the DTMF signalling via SLI port for External Voicemail.								MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		N061017035				MISSED CALLS WITH DATE/TIME AND LET SIGNALLING
When missed call with 2 Line LCD phone, the MWI LED flash and display missed calls count.		Ruquest		In MMC 110, add "MISSED CALL" option.
In IT 5.15.3, add "Missed Call Indication" option.
When the 2 line LCD phone receives a call but doesn't answer, the phone display missed call count and flash the Ring LED.-
The "xx Missed Calls" display in line 1 and the last missed call information display in line 2. If received CID info then display CID name or Number, if didn't receive CID information then Tel number and name display.
The missed call indication is highest priority of the idle indication.
If the phone user off hook or press any key when missed call indication, then missed call information is cleared.
The missed call count increases both external call and internal call.
The missed call definition: when ringing a phone, the phone user doesn't answer until ring off. For example, following case are missed call.
In case of the another member answers unconditional group ring.
In case of the another station answers overflowed group ring.
In case of the another member answers group ring next.
In case of the another station answers forwarded no answer.
In case of the another station picked up the call.		1. In MMC 110, MISSED CALL set to ON.
2. Call routes to the phone and drop the call before answer.
3. Unconditional group ring to the phone and others member answers.
4. Group ring to the phone and overflowed next port, then the next port answer.
5. Group ring to the phone and doesn't answer until ring to next member.
6. Call routes to the phone and doesn't answer until forwarded no answer.
7. Call routes to the phone and others station picked up the call.
8. Off hook or press any key when missed call indication.								MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		N061017037				ANSWER GROUP
Allow phone user controlled temporary ringing group. Phone user can make ring group and delete ring group.		Request		In MMC 722 and 723, added CAG, AG+xxxx key. 
The AG key extension should station number.
When idle or dial state, the phone user can make a answer group by press CAG key.
When press CAG key, if exist a answer group then remove the answer group.
When idle or dial state, the phone user can join the another station's answer group by press AG key + another station's number + digit 1.
If press AG key + another station's number + digit 0 then out of the answer group.
When ringing a station, if the station has a answer group, then ringing all answer group members. The station call only supported.
The answer group member ring start after master phone ring start.		1. Make a CAG key on Ext. 201.
2. Make a AG201 key on Ext. 202 and 203.
3. Ext.201 press CAG key.
4. Ext. 202 and 203 press AG201 key and 1 for join to 201's answer group.
5. Ext.205 call to Ext.201. Then should ringing 201, 202 and 203.								MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		N061018004				Alphanumeric support for MMC837 Primary ID		Request		User can input alphanumeric primary ID in 'USER NAME' and 'AUTH USER'  field of MMC837.		1. Enter MMC837
2. Check whether input alphanumeric value in 'USER NAME' and 'AUTH USER' fields.								MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		N061018005				MMC839 User ID supprts only number.
Some SIP Server requests that UA registers using Alphanumeric user id.[]		Request		User can input alphanumeric primary ID in 'USERNAME' and 'AUTH UID'  field of MMC839.		1. Enter MMC837
2. Check whether input alphanumeric value in 'USERNAME' and 'AUTH UID' fields.								MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		N061102005				REMOVE TRUNK INFORMATION for extended LCD display		Request		a. In MMC 110, add "NO DISP TRK#" option. Default is Off, but Germany is On. 
b. In IT 5.15.3, add "No Trunk Number Display" option.
c. In case of set OFF, same as previous version.
d. In case of set ON, display rules are following when conversation state.
 1) The LCD should display more digits instead of trunk number. 
    Both case dialed number and CLIP number.
 2) In case of outgoing, display original dialed digit 
    instead of the LCR modified digit.
 3) When incoming without CLIP, display trunk number during conversation.
 4) In case of incoming with CLI, display name first.		1. In MMC 110, "NO DISP TRK#" set to ON.
2. Try incoming call with CLI or without CLI. Check display.
3. In case of 2, check CLI display after call duration display.
4. Try outgoing call by trunk or trunk group access.
5. Try outgoing call by LCR routing.
6. In case of 4 and 5, more dialing digits and check display.
7. In case of 4~6, check digit display after call duration or cost display.
8. In case of 7, more dialing digits and check display.								MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		N070627006				CHAINED CALL FORWARDING
When station 100 forwarded to station 200 and station 200 forwarded to station 300, if call to station 100 then station 300 will ring. Currently station 200 will ring.		Request		In MMC 861, add "MAX CHAIN FWDALL" option.(default 1, range 1~5)
In IT 2.1.5, add "Max Forward All Step" option.

When forward all or busy set chain, the call forwards to the next forwarded destination within maximum chain forward all.		1. Make a chain forward all.
   Ext 201 set forward all to Ext 202.
   Ext 202 set forward all to Ext 203.
   Ext 203 set forward all to Ext 204.
   Ext 204 set forward all to Ext 201.
2. In MMC861, set "MAX CHAIN FWDALL" to 1 ~ 5.
3. When Ext 205 calls to Ext 201,
   In case of 1, should Ext. 202 ringing.
   In case of 2, should Ext. 203 ringing.
   In case of 3, should Ext. 204 ringing.
   In case of 4, should Ext. 201 ringing.
   In case of 5, should Ext. 202 ringing.								MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		N071229001				Station Speed Dial, LOG and CLI Block are not enough to satisfy the amount of OS 7400 users		Request		The total number of buffers are following:
Item OS7400 OS7200 OS7100
Speed Dial Buffer 6000 2500 2000
CLI Buffer 5000 2000 1500
Call Log Buffer 5000 2000 1500		1. In MMC 606, the sum total Free List and Busy List check.
2. In MMC 608, in all Free List and used Lists check.
3. In MMC 609, in all Free List and used Lists check.
4. In each MMC, try repeat test of add and remove.								MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		N070418007				Change Default to MCID Setting
In all OS systems the MCID (Malicious Call trace) setting is default to on in all COS groups.
This option should be default OFF.		Request		The default COS value of MCID was changed to the OFF.		1. Set Country to Australia
2. Select MMC701
3. Check whether the default cos value of MCID is OFF								MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

						Group Listening feature has to be applied to the all DGPs.		Request		Group Listening feature works of all DGPs and ITPs by LISTEN key in all s/w. 
But SEG want by Speaker key. In case of the Headset mode, if Speaker key use for Group Listen feature then the user can't release a call. So, the final spec. of Group Listen feature is following.
1. In case of the Handset mode, 
   Group Listening works by Speaker or LISTEN key.
2. In case of the Headset mode,
   1) If the phone has a END or ANS/RLS fixed key, 
      then Group Listening works by Speaker or LISTEN key.
   2) If the phone has not a END or ANS/RLS fixed key, 
      then Group Listening works by LISTEN key only.
      If press Speaker in conversation then the call release.		[CASE 1]
1. Set "GLISTEN SPKR" of EXT.201 to ON in MMC300.
2. Make a call and let EXT.201 be conversion status by using handset. 
3. Press speaker key in EXT. 201.
4. Check that group listen feature is operating correctly in EXT. 201. 
 - The EXT. 201 can listen by using handset and speaker too. 
[CASE 2]
- EXT 201 does not have END or ANS/RLS key. (ex. DS-5014S)
1. SET "HEADSET USE" of EXT.201 to ON in MMC110
2. Make a call and let EXT.201 be conversion status by using handset.
3. Press speaker key in EXT. 201.
4. Check that the call is released.								MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

						Prefixed profiles for 3 SIP providers		Need profiles for 3 SIP providers that we test with in STA		We provide profiles for 3 SIP carriers In MMC 837.		1. Set Country to USA
2. Check whether profile of 3 SIP providers exists in MMC837.								MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

						MMC837 Field Name Change		Some field name of MMC 837 is not matched with their meanings.		1. Remove the ‘Gateway CALL ID'.
2. Rename ‘REGISTER T-GW NUM' to ISP#:USER NAME.
3. Rename 'GW USER ID' to ISP#:AUTH USER
4. Rename 'PROXY ADDRESS' to 'ISP#:OUT PROXY'
5. Rename 'PROXY DOMAIN' to 'ISP#:PROXY NAME'
6. Rename 'UDP Port: Phone’ to EXT:IP-UMS PORT		1. Enter MMC 837
2. Check whether MMC837 Field Name is changed								MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

						E.164 ‘+1” incoming call problem
If incoming callee Id is E.164 ‘+1” form, the call cannot be connected.		OfficeServ doesn't handle character callee id.		The routing rule for alphanumeric callee id can be set to in MMC 832.		1. Enter MMC832
2. Input '+' + 'country code' in ACCESS DGT field
3. set  the length of '+', and 'country code' to DGT LENGTH and DEL LENGTH fields.
4. If the call with alphanumeric callee is received in OfficeServ, 
check whether call is connected.								MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

						Register enable/disable’ option
Some SIP Server doesn't want registering of SIP UAs. 
So, Registering Option is necessary.
If Registering option is disable, OfficeServ doesn't send REGISTER message to SIP Server.		Registering Option is necessary.		If USER NAME is not exist in MMC 837, REGISTER message is not sent to SIP Server.		1. Enter MMC837
2. Set that SIP SERVER ENABLE, OUT PROXY field have valid value.
3. Delete USER NAME default value and USER NAME field have no value.
4. Check REGISTER Message is not sent out to OUT PROXY address through Ethereal program.								MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

						Support Alternate Proxy when DNS failed
When DNS failed, Supports Alternative Proxy address.		When DNS failed, all SIP message cannot be sent out until DNS succeed.		Although DNS failed, Refer Alternative Proxy address.
If the address is exist, the following messages is sent to the address.		1. Enter MMC 837
2. Configure that SIP SERVER ENABLE, OUT PROXY, ALTER PROXY, USER NAME, AUTH PSWD fields have valid value.
3. Input invalid value in DNS SERVER field and make DNS query fail. 
4. Check that SIP Message is sent to Alternative proxy address.								MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

						OS7100 reboot when SIP restart
If MMC 837 field is modified, System should be reset to apply the modified value.
User must wait long time until system comes up.		That's structual problem of OS7100 OS.		Without system reboot, modification of MMC837 is applied in system.		1. Enter MMC 837.
2. Chagne some item in MMC837.
3. Exit MMC 837 and wait for 30 second.
4. Check that system operates according to modified configurations.								MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

						Add REGISTRAR address field in MMC 837
Some SIP Server have REGISTRAR for registration.
UA must send REGISTER to REGISTRAR address.		OfficeServ have only SIP proxy server address field, doesn't have REGISTRAR address field.		Add REGISTRAR filed in MMC837.
User can input domain or IP address.
If domain is inputed, DNS query is executed and get ipaddress of REGISTRAR.		1. Enter MMC 837.
2. Chagne some item in MMC837.
3. Exit MMC 837 and wait for 30 second.
4. Check that system operates according to modified configurations.								MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

						Send 302 Response
When station of OfficeServ set all call forwarding, OfficeServ send 302 temporary moved response.		Some SIP server want to receive 302 response for forwarding station.		Add '302 RESP' field in MMC837.
If this option is enable and SIP trunk call is received to station setting all call forwarding, OfficeServ send 302 response.		1. Enter MMC837
2. Set '302 RESP' to ENABLE and configure SIP Server.
3. Some station set all call forwarding.
4. Send SIP trunk call to the station of OfficeServ.
5. Check that OfficeServ send 302 response and call is clear.								MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

						SIP Trunk MWI (Message Waiting Indication) 
If OfficeServ use external SIP VMS Server, MWI funtion is necessary.		OfficeServ doesn't supports MWI function.		If OfficeServ receive NOTIFY for MWI, display the notification and turn on LED.		1. Send MWI message to OfficeServ.
2. Check that display the number of message and turn on LED in Phone.								MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

						Alphanumric Routing
If caller or callee of SIP Trunk is alphanumeric, OfficeServ doesn't support call routing. So OfficeServ need to supports alphanumeric routing.		If caller or callee of SIP Trunk is alphanumeric, OfficeServ doesn't support call routing.		1. Alphanumeric digit can be input in 'ACCESS DGT' of MMC832 for routing.
2. 'OPPOSITE' table of MMC839 supports to configure alphanumeric routing rule.
3. When caller or callee is alphanumeric, User can make and receive a call.		User cannot dial alphanumeric digit directly. So if User dial specific digit, OfficeServ convert the digit to alphanumeric callee id. 
For this, user should set conversion table between alphanumeric and number.
MMC 839 supports the conversion table. This table is referred for incoming alphanumeric call. If user use residential registration, user don't need to set conversion table for incoming call.
for Outgoing
1. Enter MMC 839.
2. Moved 'OPPOSITE' field
3. Set 'SITE URL' to callee id or destination URI.
4. Set 'TEL NO' to dialed number in phone. That will use for matching key.
5. Dial number setting in 'TEL NO' field of MMC 839.
6. Check that outgoing INVITE message callee is alphanumeric digit.
for Incoming
1. Enter MMC 839.
2. Moved 'OPPOSITE' field
3. Set 'CLI NAME' to alphanumeric callee id of incoming call.(To header)
4. Set 'Tel NO' to receipt station number.								MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

						Primary ID Authorization (INVITE)
In case of OfficeServ registration type is representative, have residential for call, if server request authorization for call, ahthorization is failed		OfficeServ check From header usename field of SIP message.
if officeServ have residential user id, officeServ use it for authorization username key. So the authorization is failed		In case of OfficeServ registration type is representative, have residential for call, OfficeServ use Primary ID for authorization key.		1. Enter MMC837
2. Configure SIP Server information. 
3. If registration is succeeded, make a call.
4. If SIP Server request authorization. check the authorization is succeeded.								MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

						Support cname in DNS Query
OfficeServ cannot get ip address for DNS query in some case.		Some DNS Server send multiple response for DNS query.
One is Cname for domain , the other response has ip address.
If OfficeServ first receive response with cname, cannot get ip address for proxy server.		If OfficeServ receive two responses for DNS query, OfficeServ discard caname response, handle other response with ip address.		1. Execute the DNS Server program, and set cname and ip address for FQDN in the program.
2. OfficeServ send DNS query to the DNS Server.
3. Check that when OfficeServ receive two responses, get ip address for proxy address.								MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

						7100 voicemail does not stop recording on silence
THe 7100 voicemail does not stop recording after long silence.

Steps to reproduce:
in MMC 722 give station 201 a MUTE key
From stations 201 dial ## to leave quick memo.
After recording beep say a few words and then press MUTE key.

Recording will continue forever.

Performing these same steps with an SVMi the voicemail will prompt you to continue recording after 3 or 4 seconds of silence, so 7100 voicemail is not behaving correctly.		Silence detection feature was not enabled when recording a message.		It's fixed. 
Mindspeed DSP supports a silence detection feature and it's implemented in VM.
When you record a message and a max silence is satisfied, VM stops recording and prompts you to continue.		1. Record a message to a mailbox and press "MUTE" key.
2. After a few seconds, VM stops recording and prompts you to continue.								MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		P071218001				Voicemail will not send digits to pager after answering.
The 7100 ability to send out the mailbox number in a pager string on 4.14 and 4.04 does not work.  It will dial the pager and insert account code, but once the pager answers it will not send any digits. Tested with pagers and digit grabber. Please investigate this matter.		When we compare OS7100 VM with SVMi, there is a slight difference of delay.
After the destination answers, SVMi pauses 3 seconds ahead of sending caller's number. But OS7100 pauses 1 second.		I inserted additional delay in Beepers station block.
Please do the followings if you want test it now.

1. Log in VM Web.
2. Go to VM/AA tab -> Open block table -> Station block -> Beepers
3. In the 1st page, change the suffix like this.

Suffix: ~diW,$K## ------> ~diW,,,$K## (comma(,) means 1 second delay, so insert 2,3 comma)		1. Log in VM Web
2. Go to VM/AA tab -> Open block table -> Mailbox block -> Select a mailbox -> MWI & Autoforward tab
3. Set the pager notification
4. Leave a message
5. Check the pager receives the caller's number.								VM		V2.01						MP10-VM		V2.03		O		O		O

		P071121003				OS7100 MENU SEARCH ERROR
LOGIN INTO THE OS7100 
ACCESS THE VOICE MAIL
GO TO OPEN BLOCK
GO TO MENU SECTION
DO A SEARCH WITH NOTHING IN THE SEARCH AREA.
HERE IS THE ALARM YOU WILL GET
PLEASE REMOVE THE ALARM

Warning: strstr(): Empty delimiter. in /usr/local/www/contents/vms/open_block/main.php on line 365

Warning: strstr(): Empty delimiter. in /usr/local/www/contents/vms/open_block/main.php on line 365

Warning: strstr(): Empty delimiter. in /usr/local/www/contents/vms/open_block/main.php on line		Web page bug.

This bug occurrs because there is no checking routine of string to search.		It's fixed.
There will be no response when the string to search is NULL or space.		LOGIN INTO THE OS7100 
ACCESS THE VOICE MAIL
GO TO OPEN BLOCK
GO TO MENU SECTION
DO A SEARCH WITH NOTHING IN THE SEARCH AREA.								VM		V2.01						MP10-VM		V2.03		O		O		O

		P080221002				Wrong Frame Count problem of H.245 TerminalCapability in H.323 call
Frame Count value in MMC 835 is not applied in H.323 protocol		There are 3 MGI DB(MGI/MGI3/MGI6) in the current system. As H.323 refers Frame count to only on DB, frame count is not applied.		Frame count is applied based on a channel and MGI in H.245 Terminal Capability.

Also frame count information is included in H.225 OpenLogicalChannel. The message refers the H.323  information which is configured at the initial status . Therefore, H.323 task is restarted if Frame count is changed.		1. capture a ethereal tool
2. connect a h.323 call
3. see TerminalCapability and OpenLogicalChannel information
4. compare MMC 835 DB and FrameCount
 (e.g G.711 - ms unit, G.729 - 20 → 2, G.726: 30ms →1)								MGI		V1.04						MP10-MGI		V1.05		O		O		O

		P080228002				DDI call is not routed to the operator when called number does not match DDI table fully		ISDN T300 timer which is waiting time for internal message is expired before expiring ISDN INTER DIGIT TIMER in MMC501.
If T300 is expired then call will be released by BRI.		T300 timer was extended to 10 seconds. This much value is bigger than ISDN INTER DIGIT TIMER(7 seconds).		1. Install suitable card and start OfficeServ 7100 by default and set country to ITALY
2. Connect an ISDN DDI line and set DDI in MMC419 and MMC714 (eg: 2921706***) to the B destination
3. Make an incoming call to system number 2921706		Bug				OS7100		MP10		V4.14		ALL				MP10		V4.22						O

		-				MMC821 Q-SIG TRK type is added		Requirement		QSIG BASIC 1 and QSIG BASIC 2 are added at MMC 821 for QSIG with Notel/Simens PBX throught UK MoD.
1. QSIG BASIC 1 : this type don't send facility message
2. QSIG BASIC 2 : this type only send caller name including QSIG BASIC 1.		1. Set QSIG BASIC 1 at MMC 821 and test QSIG call with Notel/Simens PBX throught UK MoD.
2. Set QSIG BASIC 2 at MMC 821 and test QSIG call with Notel/Simens PBX throught UK MoD.		Req.				OS7100/OS7200/OS7400		MCP		V4.12		UK				MP40/MCP/MP10		V4.22		O		O		O

		-				Remote STN digit translation is added for Q-SIG call with other kind of PBX system		Requirement		REMOTE STN NUMB is added at MMC 724 and REMOTE STN is added at MMC 868.
REMOTE STN NUMB at MMC 724 is translated to REMOTE STN TRNS DGT at MMC 868.		1. Input REMOTE STN NUMB at MMC 724
2. Input REMOTE STN TRNS DGT at MMC 868 
 (ex. Node id + STN number of other kind of PBX)
3. SET MMC for QSIG
4. Dial REMOTE STN NUMB (3~4 digit). Then call is made to other kind of PBX.		Req.				OS7100/OS7200/OS7400		MCP		V4.12		UK				MP40/MCP/MP10		V4.22		O		O		O

		-				homeworking with WIP function is added. And some parameters related voice quality are changed.		Requirement		Homeworking with WIP function is only available in case that AP type is DUAL AP and IP mode of WIP is STATIC IP MODE.
1. WLAN : DELETE SIP is added at MMC 845 
 - ENABLE : Homeworking with WIP function is available.
 -  DISABLE : Homeworking with WIP function is not available.
2. Some parameters related voice quality are changed.
 - MMC114 STN VOLUME is applied to WIP
    HANDSET VOL : 01 ~ 14
    SPEAKER VOL : 01 ~ 05
    HEADSET VOL : 01 ~ 14
 - MMC807 DGP VOL.CTRL is applied to WIP
    SIDETONE VOL : 1 ~ 7
    HANDSET TX : 1 ~ 8
    MIC TX LEVEL : 1 ~ 8
    HEADSET TX : 1 ~ 8
 - WIP DSP PARA option is added at MMC841
    M-FRAME : 20 ~ 60 MSEC
    ECHO CANCEL : DISABLE/ENABLE
 - MMC846 WIP INFO options are added
    HO THRSH : 00 ~ 99
    HO DELTA : 00 ~ 99
    HO SCAN : 00 ~ 99		1. Use DUAL AP and Register WIP with static IP address
2. Make a call using WIP under many kind of network environment and many kind of connection (WIP-WIP, WIP-IPP, WIP-DGP, and so on)
3. Check that every calls are OK.
4. Check taht Refered parameters that are related voice quality are rightly changed.		Req.				OS7100/OS7200/OS7400		MCP		V4.12		UK				MP40/MCP/MP10		V4.22		O		O		O

						Softphone Licence Issue		Requirement		The Softphone license key will be checked by using user id. So every softphone has to have unique user id respectively.		1. Try to connect a softphone which has a valid user id(e.g. 3201). 
2. And then try to connect a softphone which has a invalid user id.
(In MMC724, this invalid number has not to be find)
3. Check whether the softphone which has a invalid user id connect to the system.		Req.				OS7100/OS7200/OS7400		MCP		V4.12		STA				MP40/MCP/MP10		V4.22		O		O		O

		P080401017				[P080401017] T.38 is not working at H.323 call in OS7200		T.38 Information is only supported at MGI Card		1. modify H.323 module to support MGI 16.
 2. T.38 information is included in the case of Fast-Setup Connection. For T.38 operation, H323 Fast setup should be enabled in MMC 834.		1. In MMC 834, Fast setup is disabled, and capture packets by ethereal.
2. In terminalCapability, there is no T.38 information.
3. In MMC 834, Fast setup is enabled, and capture packets.
4. In terminalCapability, there is T.38 information.		Bug				OS7200		MCP		V4.14						MP40/MCP/MP10		V4.22				O

		P080313004				[P080313004]System does not notify to SIP station when red message		If there is no left message, System doesn't send notify message.
But When user read new message and new message us decrease, System notify this user's phone.		Although no message, system notify to user that there is no saved message any more.		1. Record voice mail to SIP station.
2. SIP station connect with VMS, and delete all message.
3. Check that SIP station LED off		Bug				OS7100/OS7200/OS7400		MCP		V4.12						MP40/MCP/MP10		V4.22		O		O		O

		P080325006				[P080325006]SIP Extensions - BLF on DLI phones		When SIP Station makes outgoing call, the LED handling of DGP DS Key is ommited.		If SIP Station reaches inviting state, system turn on light.		1. In MMC 722, register DS key for SIP extension.
2. The SIP extension tries to make a outgoing call.
3. Check that DS key LED on in DGP		Bug				OS7100/OS7200/OS7400		MCP		V4.12						MP40/MCP/MP10		V4.22		O		O		O

		P080428016				[P080428016] UCD SYSTEM LOCKUP		System did not get the correct next port of UCD group. So "seizure" messages were created continuously.		System get the correct next port of UCD group.		We have a sequence that can lockup a switch with V4.14K or V2.75B software. The following switches are affected, idcs100, idcs500, os7100, os7200, and os7400.
Step 1, Program a normal station group with one member.
Step 2, Set "All Out Next" to go to a UCD GROUP.
Step 3, Program a UCD group with one member.
Step 4, In mmc 607 program the final destination to be anything.
Step 5, Using an IG KEY, take all the members out of both groups. log out the members.
Step 6, Check whether the system lockup.		Bug				OS7100/OS7200/OS7400		MCP		V4.12						MP40/MCP/MP10		V4.22		O		O		O

						7400 Set Relocation Fail		If 7400 has 2 expansion racks, the extension of MP40 was set relocated with the extension of LP40 expansion. In this case DSS led color do not changed correctly.		The way of getting port number of expansion slot was fixed.		1. Try to set relocation between the extensions of MP40 and the extension of LP40 expansion.
2. Check whether the led of the dss key of the extensions of MP40 and the extension of LP40 expansion function correctly/		Bug				OS7400		MCP		V4.14						MP40/		V4.22		O

		P080503001				SMT-W5100 cannot talk to SIP phone because wrong G.711 codec management		SMT-W5100 cannot talk to SIP phone because wrong G.711 codec management		System will send the correct codec id to the WIP.		1. Install suitable card, set country to ITALY and start OfficeServ 7400 by default
 
2. Set WLAN feature properly and connect a SMT-R2000 to the OS 7400 LAN
 
3. Register a SMT-W5100 as Wi-Fi station and a SIP phone as SIP station
 
4. Make a call between  SMT-W5100 and SIP phone

5. If OS system allows call with G.711, SMT-W5100 will uses G.711 not G.729		Bug				OS7100/OS7200/OS7400		MCP		V4.12						MP40/MCP/MP10		V4.22		O		O		O

		P080505001				The internal modem number can not be programmed into the DID table		In case of using IT, system did not allow modem port to be into the DID table. To check modem port was skipped.		The internal modem number can be programmed into the DID table		Go to 3.2.3 DID Ring Destination Enter 3999 as the ring plan destination and save		Bug				OS7100/OS7200/OS7400		MCP		V4.12						MP40/MCP/MP10		V4.22		O		O		O

						Samsung 3rd party SIP License - system reset		Overflow of SIP Extension DB buffer.		Extend SIP Extension DB Buffer and Modify routine of finding available SIP Extension channel.		1. From extension 201 ring 202
2. Both 202 and 3302 rings
3. Answer call on 3302 (X-Lite)
4. Press recall and dial 203
5. 201 is put on hold and 203 is ringing (sometimes the display shows ringing and sometimes it does not, first sign that the system is about to reset)
6. Answer the call on 203
7. 203 continues to ring even with handset up		Bug				OS7200		MCP		V4.14						MCP		V4.22				O

		P080319006				OS 7100 Date and Day display issue		Time Chip Problem.		As soon as system get the time information from time chip, this information will be checked whether these values are correct. And then if there are some problem, these time information will not be allowed to send to the phones.		It is difficult to duplicate this problem. 
No other features or programming is effected.
Just leave system.		Bug				OS7100/		MP		V4.14						MP10		V4.22						O

		P080512001				Incoming calls without CLI from SIP trunks to WIP phones do not connect properly		If there is not username in From or To header, OS reject to handle connecting call and respond to 400.		Although no username in From or To header, OS handle call and send 200 OK response.		1. Make an Incoming SIP trunk call from an number that does not send CLI 
2. The incoming number is programmed to indial to a WIP phone.
3. Press the Send button on the WIP phone to answer the call.		Bug				OS7100/OS7200/OS7400		MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		-				Provide a restricted functions for previous OfficeServNMS(OSNMS) Packages		Provide partial functions for previous OSNMSv1.2x Packages		Check Authority for setting any functions		1. When OSNMSv1.2x Package had installed, it can be tested. 
2. With an exsiting OSNMSv1.2x package, it supports only Query Functions. 
   It could not set any functions, and it could not add NEs		Req.														MP40		V4.22		O

		P080517001				OS system does not consider 183 Session Progress sent by SIP server as 180 Ringing		The initial of message structure for handling 183 response is omitted.
So the message id has wrong value, it doesn't handle properly.		Add initial routine, and message id for handling 183 response has right value		1. Remote peer party make a call to OfficeServ.
2. Server send 183 response.
3. OfficeServ let station ring.		Bug				OS7100/OS7200/OS7400		MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		P080430009				WIP-5000M cannot talk to SIP phone because of Invalid Codec		The codec id for WIP is different from that for SIP. But system sent the codec id for SIP to the WIP.		System will send the correct codec id to the WIP.		1. Install suitable card, set country to ITALY and start OfficeServ 7400 by default
 
2. Set WLAN feature properly and connect a SMT-R2000 to the OS 7400 LAN
 
3. Register a SMT-W5100 as Wi-Fi station and a SIP phone as SIP station
 
4. Make a call between  SMT-W5000 and SIP phone

5. If OS system allows call with G.711, SMT-W5100 will uses G.711 not G.729		Bug				OS7100/OS7200/OS7400		MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		P080402002				Final destination of UCD group to NONE doesnot disconnect the call after retry counter exceeded		In this case, call will be connected to the operator.		If Country is Italy, Final destination of UCD group to NONE will disconnect the call after retry counter exceeded		1. Start OS7200 system by default and set country to ITALY
2. Create an UCD group (MMC601 and 607)

3. Set FINAL DEST of UCD group to NONE
4. Set AUTO LOG OUT to OFF
5. Make a call to UCD group and wait for retry counter to expire		Bug				OS7100/OS7200/OS7400		MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		P080402001				Call drops when an incoming through ISDN is forwarded to A-TRK line		System sent alert_rq message two times.		System will send alert_rq message once.		1. Install suitable card, set country to ITALY and start OfficeServ 7200 by default

2. Connect BRI lineand A-TRK line to 4BRI (V6.01) and 8TRK cards
3. Configure DDI line (MMC419) and table (MMC714) for a DGP destination
4. Set call FWD N/A to the analog trunk
5. Make an incoming call to the DDI number and wait for call forwarding time		Bug				OS7100/OS7200/OS7400		MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		P080317009				On ITP, the dialed number disappears when called party answer the call		On ITP, the dialed number disappears when called party answer the call. Because when called party answer the call, MP send wrong display message excluding dialed number to ITP.		On ITP, the dialed number disappears when called party answer the call. When called party answer the call, MP will not send wrong display message excluding dialed number to ITP .		1. Install suitable card, set country to ITALY and start OfficeServ 7x00 by default
2. Connect an ISDN line to a BRI port
3. Register an ITP (5100 or 5112) to the system
4. Make an outgoing call and answer
4. ITP LCD will display the dialed number		Bug				OS7100/OS7200/OS7400		MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		P080201001				Network Paging Disconnect		This is a wrong operation. Only one page or Network page must be possible at one phone. Therefore it's changed that page or network page is impossible while you paging.		This is a wrong operation. Only one page or Network page must be possible at one phone. Therefore it's changed that page or network page is impossible while you paging.		1. Set network page to different systems.
2. Make a network paging to one different system. and do not hang the 
   phone up after the page.
3. Hit NPG key to page another group on another node. Then the second 
   paging is not work. It's changed.		Bug				OS7100/OS7200/OS7400		MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		P080521003				If country is SLOVENIA, the default language must be ENGLISH.		The default language of SLOVENIA was ITALY.		The default language of SLOVENIA was changed to ENGLISH.		1. Set Country to SLOVENIA.
2. Check whether the default language is ENGLISH in MMC121		Bug				OS7100/OS7200/OS7400		MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		P080611009
P080603003				ITP5107 LEDs don't work at all		System did not get correct key values of ITP5107.		The ITP5107 has to get the same key value of led with DS5014 Keyset. But ITP5107 got the default key value in V4.21 S/W. This problem was fixed.		1. Try to connect ITP5107 with OfficeServ system.
2. Check whether DS/NS/DT keys operate correctly.		Bug				OS7100/OS7200/OS7400		MP		V4.21						MP40/MCP/MP10		V4.22		O		O		O

		P080611008				Carrier code inserted in MMC 713 appears on LCD when a call is made		System saves the digits which were dialed in dial_dgt and redial buffer of CCB. And The inserted digits of MMC712 are removed in redial buffer. 
Bug system refered to the ccb dial_dgt not redial buffer.		System saves the digits which were dialed in dial_dgt and redial buffer of CCB. And The inserted digits of MMC712 are removed in redial buffer. 
To delete the inserted code(mmc713), system has to refer to the redial buffer not ccb->dial_dgt.		Program the system as follows
1. MMC 710 
Digit = 01635/ Length = 5/ Route = 2 

2. MMC 712
LCR Route 2/ LCR Class = 1/ Trunk GroupG = 9/ Modification table = 002 

3. MMC 713
Modify table 2/ No oF dELETE DIGITS = 00/ insert = 132  

4. MMC 210
Enable LCR

Then from key handset dial # 01635555555
The display will show 13201635555555 in V4.21 package. 
It should be displayed "0163555555" deleting "132".		Bug				OS7100/OS7200/OS7400		MP		V4.21						MP40/MCP/MP10		V4.22		O		O		O

		P080603011				SPNET station name lost on answer		The trk no display function which was added in V4.21 lets this error occur. In case of network lcr ext, if station name exist, it must be displayed. But it was skipped.		In case of network lcr ext, if station name exist, it will be displayed		1. Configure SPNET between OfficeServ7100 (ext.201) and OfficeServ7400 (ext. 2401).
2. Set station name in MMC104. 
3. Check whether an SPnet call is made extn(201) to extn(2401), the name info remains on the LCDs		Bug				OS7100/OS7200/OS7400		MP		V4.21						MP40/MCP/MP10		V4.22		O		O		O

		P080603004				Set relocate FWD All not working		In case of virtual port, if this ext was set no answer forward, this ext will do all call forward. So system has to check whether this ext is virtual port. 
But in this case, system checked only dli port which set relocated.		System will check not only the virtual port which set relocated but also dli port.		1. Set 7B extn 201 forward no-ans to v/mail
2. Set mmc822 virtual 3401 as 7B phone type
3. Set relocate 201 with 3401 using mmc315
4. Dial extn 201
Correct result is call follows no-answer forwarding		Bug				OS7100/OS7200/OS7400		MP		V4.21						MP40/MCP/MP10		V4.22		O		O		O

		P080609005				CLI Table in MMC837		The CLI table number has to be saved in SLCB DB. But it was not.		The CLI table number will be saved in SLCB DB.		1. Set CLI table number (NO.1) in MMC837.
2. Set CLIP (NO.1) to send. 
3. Check whether destination can receive CLIP (NO1).		Bug				OS7100/OS7200/OS7400		MP		V4.21						MP40/MCP/MP10		V4.22		O		O		O

		P080609006				The UCD call wait queue gets stuck with calls waiting in queue when all calls have cleared down.		If VM UCD is ended, system will send HON message to VM after 3 seconds. And then system can receive HON message from VM. But before system receive HON message from VM, system can try to send New SEIZURE message to VMUCD again. In this case, New SEIZURE message can be hon.
In this case this call can remain in call waiting queue.		System will send HON message to VM as soon as VM UCD is ended.		1. Make 10 incoming calls to ddi 211050 which rings ucd grp 5002 one after the other (using Aurora).  
2. Leave all 10 calls ringing for about 6 minutes. 
3. Then answer and clear down all calls. 
4. Use SP key to look at calls waiting in queue. 
5. Check whether e some calls are waiting even though there are none.		Bug				OS7100/OS7200/OS7400		MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		P080612014				Setting public IP in 2.1.2 doesn’t automatically set 2.2.2 public IP field		In case of OS7100, the ip address of MGI is the same with system IP. So if the system ip is changed, this ip address has to be saved to MGI DB. But it was not.		If the system ip is changed, this ip address will be saved to MGI DB.		1. Start an OS7100 system..
2. Connect I/T to system.
3. Access 2.1.2 and set public IP field (ex. 85.42.252.251) ; save it.
4. Access 2.2.2 == check whether public IP field is the same with 2.1.2.		Bug				OS7100/OS7200/OS7400		MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		P080521005				There is no way to program a default key template for an 7 button IP phon		When DS~07 type was checked, ITP-5107 was skipped.		When DS~07 type was checked, ITP-5107 is also checked.		1. In MMC723, Set key value of ITP-5107.
2. In MMC722, Check whether the key value of ITP-5107 was changed.		Bug				OS7100/OS7200/OS7400		MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

						[PA] After Set Relocation, DLI card could not be initial.		To preinstall card, system must know the slot and cabinet number of the card. So this information can be counted by using the lp slot. But the range of lp slot was from 0 to 0x2f. This maximum value can not include the lp slot of virtual port in OS7400.		The maximum value of lp slot was changed. (0x2f ~ 0x7f)		1. Try to set relocation between DLI port and virtual port in MMC740. (OS7400)
2. Preinstall the card which include the DLI port which set relocated in MMC806.
3. Check whether the resetting DLI card is OK.		Bug				OS7100/OS7200/OS7400		MP		V4.21						MP40/MCP/MP10		V4.22		O		O		O

		6/12/08				The default value of DELETE SIP was changed in MMC845
(ENABLE → DISABLE)				The default value of DELETE SIP was changed. (ENABLE → DISABLE)		Check whether the default of DELETE SIP is DISABLE in MMC845.																MP40/MCP/MP10		V4.22		O		O		O

						If feature keys are entered and include free stack, all free sip stacks will be assigned to SIP trunk.				If feature keys are entered, all free sip stacks will be assigned to SIP trunk.		1. In MMC841 or IT2.1.4, enter feature keys which include free stacks.
2. In SIP STACK ALLOW option, 
FREE COUNT must be 0
SIP TRUNK must include all free stacks.																MP40/MCP/MP10		V4.22		O		O		O

						One of the SIP Servers can be enabled.				System can set 4 ISP Servers. But system does not support multi SIP servers.
So if one is enabled, the others which were enabled will be disabled. 
Install_task can not know that which ISP must be enabled if the enabled ISPs are 2 or more. In this case, the order has priority.		1. In MMC837, let ISP1 be enabled. And then Set ISP2 to be enabled. 
2. In this case, ISP1 must be disabled.

1. In IT5.2.13, let ISP1 and ISP2 be enabled.
2. Save.
3. After Restore, check whether ISP1 is enabled and ISP2 is disabled..																MP40/MCP/MP10		V4.22		O		O		O

		IIFRA00033262				TSP driver is down		There is a error about CID buffer initialization.		CID buffer initialization was fixed.		1. Use CTI dirver.
2. Check whether CTI driver is down.		Bug				OS7100/OS7200/OS7400		MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		IIFRA00033262				SPNET DOWN PRI INTERFACE ROUTING		case :  PRI --- OfficeServ A -- SPNET -- OfficeServ B
If you have PRI trunking into the OfficeServ A and then SPNET to the OfficeServ B and SPNETWORK was down.
Then the caller would receive OUT OF ORDER.		At that case, the call will route to the operator positoin on the OfficeServ A		1. Set as follow
   - PRI --- OfficeServ A -- SPNET -- OfficeServ B
2.  SPNETWORK was down.
3. If you have PRI trunking into the OfficeServ A and then SPNET to the OfficeServ B. Then the call will route to the operator positoin on the OfficeServ A		Bug				OS7100/OS7200/OS7400		MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		P080424005				CLI ring destination function doesn't work.		If incoming call having matched CLI number that is inputted at MMC759 is made, There is error during memory copy.		If incoming call having matched CLI number that is inputted at MMC759 is made, Copied memory size was fixed.		1. Set CLI ring destination at MMC759
2. Make a incoming call having matched CLI number that is inputted at 
   MMC759
3. Check that the call go to the destination inputted at MMC759		Bug				OS7100/OS7200/OS7400		MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		IIFRA00033269				When country is not defined, DS24D/S phone is not work		NAT_EU is omitted at country_group(NAT_SPHONE_SRV)		NAT_EU is added at country_group(NAT_SPHONE_SRV)		1. Set country to 'not defined', 
2. Connect DS24D/S phone. 
3. Check that the phone works fine.		Bug				OS7100/OS7200/OS7400		MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		IIFRA00033273				When you use OS7400 system with OS7200 cabinet. 16MWSLI, 16SLI2, 8TRK located at OS7200 cabinet doesn't work.		Sending parameters message related to SP was wrong.		Sending parameters message related to SP was fixed		1. Install OS7400 system with OS7200 cabinet.
2. Locate 16MWSLI or 16SLI2 or 8TRK at OS2700 cabinet
3. Check that they are work well.		Bug				OS7100/OS7200/OS7400		MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		P080529008				CR key with Group extender		When you program CR button with a group/station number as an extension, VMS station/group are not accepted as an extension.
But both KMMC and IT was wrong. In case of KMMC, VMS group was accepted and others groups was not accepted. And in case of IT, All groups was not accepted and all station was accepted. It' was problems.		When you program CR button with a group/station number as an extension, VMS station/group are not accepted as an extension.		1. When you program CR button with a group/station number as an extension, VMS station/group are not accepted as an extension.		Bug				OS7100/OS7200/OS7400		MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		P080418010				UCD call queued to delay announcement followed by ringback instead of MOH		It's not a bug. It was a kind of function.		If agent logs out while caller listens UCD ment or UCD moh. caller listens MOH instead of ringback tone.		1. Station 201 and 202 is assigned and logged in to UCD station group 510.
2. Both station 201 and 202 is busy.
3. Station 210 calls UCD group 510 (all agents are busy).
4. The call ringing for about 10 seconds and then gets the first delayed 
   announcement message 5061
   ("All agents are busy"", followed by MOH, then 10 seconds later the second        
   announcement "agt still busy".)
5. Now station 202 becomes available.
6. The call now begins to ring at station 202 for about 10 seconds. (the 
   calling station 210 hears ringback).
7. The call goes unanswered by station 202 and is auto logged out. 
8. The calling station 210 will now hear the second delay announcement "agt still busy", following MOH instead of ringback.		Bug				OS7100/OS7200/OS7400		MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		P080501005				Double Beep issue when using Auto Record		When using the 'auto record' feature with the CRD TONE TM INT there is a possibility of getting numerous beeps.
Because crd tone is made by s/w timer, it can be happened that crd tone timer is attached repeatedly.		detaching previous crd tone timer before attaching new crd tone timer.		1. Set 'auto record' feature.
2. Make a call and hold & retrieve the call during vms recording.
3. Check that crd tone is ok, not double.		Bug				OS7100/OS7200/OS7400		MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		P080612001				MMC 607 MOH function doesn't work in incoming call		UCD MOH does not work if agent is free when using external incoming call. It was a spec. But for your request, It's changed that UCD MOH work if agent is free.		UCD MOH does not work if agent is free when using external incoming call. It was a spec. But for your request, It's changed that UCD MOH work if agent is free.		1. Program a UCD group with one member in. MMC607 MOH set to internal 
   chime, auto logout to off.
2. Point a ddi to the ucd group.
3. If you call the ddi and the agent in the ucd group is free and let the phone 
  ring you can hear the MOH after the UCD prompts.		Bug				OS7100/OS7200/OS7400		MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		4/30/08				MCL code dial error for SIP provider		131 is MCL code of UK. If you use MCL code (131) as a LCR, then a pause is added after MCL code(131) in case of legacy trunk. But in case of SIP trunk, digits from MCL code(131) to end are not sent.		In case of SIP trunk, digits after MCL code(131) will be sent.		1. Set country to UK.
2. Set LCR and input LCR digit including MCL code (131).
3. Set LCR route group to SIP trunk group
4. Dial LCR digit including MCL code (131), then the outgoing call will work 
   well.		Bug				OS7100/OS7200/OS7400		MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		P080612017				System assign AUTH and ACCT code to wrong station randomly.		If ISDN channel any option is 'yes', ISDN trunk can be difference dialed line and real seized line. 
dialed AUTH or ACCT code is saved at dialed ISDN line, But, real seized ISDN line's AUTH or ACCT code is printed at SMDR.		It's fixed that dialed AUTH or ACCT code is saved at real seized line.		1. Install ISDN card.
2. Set forced AUTH or ACCT code and assign to stations.
3. Make outgoing calls including AUTH or ACCT code for a long time.
4. Check that SMDR's AUTH or ACCT code is ok.		Bug				OS7100/OS7200/OS7400		MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		P080606005				IT-Tool 5.2.13 SIP Carrier Options without registration - it is important for SIP Trunking not to register, means without User Name, but no SIP message are send.		OfficeServ check registration status. If the status is not available, OfficeServ re-route call to PSTN. If no registration, the status cannot become available and all call is failed.		When no registration, OfficeServ sends OPTIONS message to check connection status. OfficeServ receive response for OPTIONS, then the status becomes avilable.		1. In MMC 837, remove username, and configure the other options.
2. Make a call, and Check that the call is connected.		Bug				OS7100/OS7200/OS7400		MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

		P080611010				SIP trunking service is temporarily unavailable when ISP doesn't send "180" or "183"		If OfficeServ doesn't receive 180/183 response in 15 sec, assumes that network becomes wrong. Since then OfficeServ drop the call until the registration  succeed.		If it happens network error, OfficeServ straight sends REGISTER or OPTIONS message for checking the status of server without delay.
So if only the network is OK, user can use SIP Trunk call.		1. Make a call from OfficeServ.
2. Disconnect network, make Officeserv not receive any responses
2. The call is cleared, and connect network, and make a call again.
3. The call is connected.		Bug				OS7100/OS7200/OS7400		MP		V4.14						MP40/MCP/MP10		V4.22		O		O		O

						MMC 722 “Station Key” were lost		When SP sent wrong DGP ID to MP, MP clear DGP DB.		Because SP received wrong data from DGP sometimes, SP will check DGP id in twice. If DGP ID is right, SP send DGP ID to MP.		1. Input some station Key.
2. Plug in/out DGP line.
3. Check this problem.		Bug				OS7100/OS7200/OS7400		MP		V4.14						SP		V4.22

						SLI card gain in Australia.		SLI gain of each country is different. 
Specially Australia is different to other country.		SP applied to right gain value in request of H/W team.		SP made a test-package and H/W team tested this gain-problem.
The result was OK.		Bug				OS7100/OS7200/OS7400		MP		V4.14						SP		V4.22

		P070912002				OS7400 Networked with QSIG or IP networking will not pass the incoming name feature.		PRI name will be received after call setup sent to other node, So there is not a way how to update the calling name.		We defined new message field for facillity between the spnet links.		OS7400 Networked with QSIG or IP networking will not pass the incoming name feature.  
1.  PRI TRUNKING TO TELCO
2.  A second os7400 either QSIG or IP networked to the first.
3.  Make an inbound call to node A and verify the name is coming in.
4.  Make a call to Node A passing the call to Node B and to a station.
5.  Verify the number is presented but not the name.
6.  IF the second node is on V3.34 software,  the name works.
7.  Both nodes are using V1.16 LP40 Softare but the name is failing if the second switch is using V4.11 software.		Bug				OS7400		MP		V4.XX						MP40/MCP/MP10		V4.22		O		O		O

		-				[BRM]BRI Incoming call fail
When 3.1K AUDIO in Bearer capability, Progress_indicator, and TELEPHONY in High layer compatibility are in ACU_CONN_IN message. Incoming call is failed.		BRI set service_id as CC_SRV_MODEM, then MP will reject that call.		Instead of CC_SRV_MODEM, CC_SERVICE_3_1_AUDIO_TRANS will be assigned to service_id.		This is reported from Greek, we received the confirm from the site.		Bug				OS7100		BRM		V4.XX						BRM		V4.22						O

		P080630005				RETRY does not work when LCR feature is enabled		In case of LCR or trk group call, call checked the buffer for redial. But if LCR call,  the trunk port of redial buffer saved LCR key not trk port. So RETRY does not work when LCR feature is enabled with ISDN line.		If LCR call, system will try to seizure trunk port.		1. Set LCR ENABLE to ON in MMC210.
2. Try to make a trk call. 
3. During listening busy tone, select retry button. 
3. Check whether auto redial function operates correctly.		Bug				OS7100/OS7200/OS7400		MP		V4.21						MP		V4.22		O		O		O

						In MMC837, "Incoming Mode" field has to be moved to the Trk Category from Ext Category.		Request from PA		In MMC837, "Incoming Mode" field has to be moved to the Trk Category from Ext Category.		1. Select MMC837 
2. Check whether "Incoming Mode" exists in Trk category		Bug				OS7100/OS7200/OS7400		MP		V4.21						MP		V4.22		O		O		O

						[MP] In case the expansion cabinet of OS7400 is OS7200, if set relocated between OS7400 and OS7200, the LED of dgp in OS7200 does not operate correctly.		In this case, the lpslot of OS7200 has to be refered the set relocated port not lpslot of OS7400.		In case the expansion cabinet of OS7400 is OS7200, if set relocated between OS7400 and OS7200, the LED of dgp does not operate correctly.		1. Install OS7400 and connect OS7200 as expansion cabinet. 
2. Set relocate between OS7400 and OS7200
3. Check whether dgp of OS7200 operates correctly.		Bug				OS7100/OS7200/OS7400		MP		V4.21						MP		V4.22		O		O		O

						[MP] IPP and SIP Phone have station pair relation. If ipp receive the transferred call from dgp and the caller of this call is wip phone, SIP phone will ring also. But if sip phone answer this call, one way occurs.		In case of WIP phone or  transferred call, system has to send update_rq message to SIP Task.		IPP and SIP Phone have station pair relation. If ipp receive the transferred call from dgp and the caller of this call is wip phone, SIP phone will ring also. But if sip phone answer this call, one way occurs.		1. Set station pair between IPP and SIP Phone.
2. Try to make a call between dgp and wip phone.
3. Let dgp transfer this call to IPP.
4. Check whether IPP and SIP phone are ringing.
5. Answer this call by using SIP phone. 
6. Check whether one way occurs.		Bug				OS7100/OS7200/OS7400		MP		V4.21						MP		V4.22		O		O		O

						[MP] large IP Phone does not support PINGRING service.		System does not allow large ip phone support pingring lcd.		In case of large ip phone, system support 2line pingring lcd.		1. In MMC861, enable pingring service
2. In MMC302, add large ip phone to pingring group. 
3. In MMC110, set RCV GPU INFO option to ON.
4. Check whether large ip phone supports ringring lcd.		Bug				OS7100/OS7200/OS7400		MP		V4.21						MP		V4.22		O		O		O

						[MP] The 3rd cabinet does not work correctly in OS7400.		All cards of 3rd cabinet do not operate correctly.		All cards of 3rd cabinet will receive CARD_START message. 
System refered correct lp number.		Check whether all cards of 3rd cabinet operate correctly in OS7400.		Bug				OS7100/OS7200/OS7400		MP		V4.21						MP		V4.22		O		O		O

						[SIP] ISP interconnection with SIPconnect recommendation.		N/A. This is a new feature.		Basic SIPconnect features are implemented.
- Register with the Primary number
- P-Asserted-Identity header in INVITE is set to an Alternate or individual number.
- INVITE in From header is set to the Primary number		1. MMC837 configuration
- ISPx > ASSERTED ID has now new enum values. (NONE/
- Set ISPx > SIP SERVER to ENABLE
- Set ISPx > OUT PROXY to the ISP's IP address
- Set ISPx > USER NAME, AUTH NAME, and AUTH PSWD
- Set ISPx > ASSERTED ID to "ALTERNATE".
2. Wait for MMC837 ISPx > REGISTERED changed to YES.
3. Make an outgoing call to SIP trunk.
4. Check From header set to USER NAME and P-Asserted-Identity set to the Send CLI of the caller.		Req.				OS7100/OS7200/OS7400		MP		V4.21						MP		V4.22		O		O		O

						[SIP] Diversion header in INVITE message		N/A. This is a new feature.
OfficeServ did not include Diversion header in INVITE in case of a forwarded call. The Diversion header is an optional header for supplementary information.		When incoming call is forwarded to the SIP trunk by the Call Forwarding feature, the INVITE message includes a Diversion header set to the forwarder number.		1. MMC400 configuration
Set EFWD EXT CLI to OFF. This means that the From header in INVITE is set to the original caller number, not the forwarder number.
2. Set extension 3209's Call Forward to the SIP trunk number, e.g. 805 + <number>. Assumption is that 805 is an access code to the SIP trunk.
3. With a phone other than 3209, make a call to 3209. Or make an SIP trunk incoming call to 3209. Note that to test Incoming SIP trunk + CF + Outgoing SIP trunk call, 302 RESP in MMC837 should be DISABLE.
4. The call is forwarded to the CF number <number> outside to the SIP trunk.
5. Check that the INVITE has Diversion header set to the 3209's Send CLI and From header set to the caller's number.		Req.				OS7100/OS7200/OS7400		MP		V4.21						MP		V4.22		O		O		O

						Codec update feature between SCMv2 and OS7000 series was added.		New Feature.		When used the spnet trunk, codec type can be changed by answered opposite.		1. Regist gateway's to scmv2
2. Configure the spnet between OS7400 and scmv2
3. Make a conversation between scmv2 and os7400 through the spnet.
4. Transfer a call from gw1 to gw2.
5. The conversation should be maintained.		Req.				OS7100/OS7200/OS7400		MP		V4.21						MP		V4.22		O		O		O

						[MP]How to display version of OS7100 has to be same as the other system's 
(YY.MM.DD V4.XX.a → 'YY.MM.DD V4.XXa)		Request		OS7100 Version Display Changed like below.
(YY.MM.DD V4.XX.a → 'YY.MM.DD V4.XXa)		1. Select MMC727. 
2. Check whether the SYS version display is correct like below.
('08.07.31 V422)		Req.				OS7100		MP		V4.21						MP								O

						[MP]A HOLD RE-INV option is added for MOH operation in MMC837		If user push hold key, system sent update_rq message to SIP Server. 
But in this case, if the EXCEL SIP Server receive update_rq message, Sip server does not let the opposit site listen moh tone.		In MMC861,
HOLD RE-INV option added In ISP category.
The default value of this option is enabled except EXCEL.
 If there is no enabled sip server, system will check HOLD RE-INV of ISP1 category.
                                                                                                                                                                                                                                                                If this option is disabled and user select HOLD key during sip trunk call, system will not send update_rq message.		1. Let Hold RE-INV option be disabled. 
2. Try to make a sip trunk call. 
3. Select HOLD key.
4. Check whether update_rq message is send.		Req.				OS7100/OS7200/OS7400		MP		V4.21						MP		V4.22		O		O		O

						[VM] VM stops when fax call is incoming while using UCD.		While using UCD, if fax tone is detected, VM goes to infinite loop and it seems like to be stopped.		It's fixed. If fax tone is detected, it stops playing and waiting for HON message from MP.		1. Configure to use UCD
2. Call from a fax machine to the system.
3. After VM receives a call, press start button of fax machine.		Bug.				OS7100/OS7200/OS7400		VM		V1.05						VM		V2.07		O		O		O

						In case of OS7200, the default BIVMS group number has to be changed (529,5029 → 539,5039)		-		In OS7200, the default BIVMS group number changed (529,5029 -> 539,5039)		1. Select MMC601.
2. Check whether the default BIVMS group numver is 539 or 5039.						OS7200		MP		V4.21						MP		V4.22				O

		P080503002				[P080503002] 7100 Web Management tool List Block cannot clear List member.		VM has an error to check data received from web module.
When clearing member of list, it is set to 0.
But VM do not clear it, if the data is 0.		VM is fixed to check the data received from web, and decide to delete or not.		1. Log in Web Management 2. Go to VM/AA -> Open block -> List 3. Select Template List block 4. Add a new member and click save 5. Then clear the member and click save. The member should be cleared		Bug				OS7100		VM		V2.70						VM		V2.75						O

		P080507001				[P080507001] Cannot clear Extension Block Station Type		There is no button to clear assigned value. In SVMi, it can be deleted by Ctrl+Y		It's fixed. 'Clear' button is located in the pop up page. You can delete assigned value by that button		1. Log in Web Management 2. Go to VM/AA tab 3. Select Extension-> outcall 4. Assign some block to station field and save. 5. Now clear it and save.		Bug				OS7100		VM		V2.70						VM		V2.75						O

		P080507002				[P080507002] OfficeServ Operator cannot do VT to "phantom" mailbox		We did not understand this feature. we detect this case as the error. So Blocked		We allow this case as normal.		In OfficeServ system it is possible to make VT transfer to mailbox that is not included in numbering plan as actual extension. However, with OS Operator this cannot be done.\n\nTo reproduce:\nCreate Mailbox in SVMi that is not part of number plan (such as 9999)\nSet trunk 701 to ring station 201\nConnect Operator to station 201\nCall in on trunk 701 and answeer at 201\nAttempt to perform VT to mailbox 9999\n\nThe attempt will fail. This is not correct operation, VT should successfully send caller to voicemail regardless if the mailbox chosen exists or not in the system number plan.		Bug				OS7100		VM		V2.70						VM		V2.75						O

		P080506009				[P080506009] Voicemail will not send digits to pager after answering.		SVMi uses in band dialing to send dtmf digits after pager answers. But OS7100 VM send message to MP to dial dtmf digits after pager answers.		It's changed to use in band dialing after pager answers.		The 7100 ability to send out the mailbox number in a pager string on 4.14 and 4.04 does not work. It will dial the pager and insert account code, but once the pager answers it will not send any digits. Tested with pagers and digit grabber. Please investigate this matter.		Bug				OS7100		VM		V2.70						VM		V2.75						O

		P080307001				[P080307001] Softphone Licence Issue		This issue was change back to old version V3.34		It was fixed as V3.34		Once the number of Softphone Clients connected to the OS 7400 reaches the total number of Softphone \nconnections Allowed per Licensing, then the next Softphone trying to connect will get a License error \n(This is expected and OK). However, if Softphone users disconnect from the OS 7400, new users continue\nto get the Licese error and cannot log in. This is happening although the Connected count is far below \nthe allowed amount. The only way to get a new Softphone user connected to the OS 7400 is by \nperforming a Registry Clear via MMC 840		Bug				OS7100/OS7200/OS7400		MP		V4.21a						MP		V4.22		O		O		O

		P080611011				[P080611011] Some labels are missing from "VM/AA" menu of Web Management when language is Italian		It does not consider if there is no label in current locale, so it's label is missing.		It's fixed. If there is no label, replace it with default label(English). Italian labels are not translated, so it isn't included in Italian web language package.		1. MMC 812, Set country to Italy and reboot. If it's already Italy, skip it. 2. Log in Web Management. Locale should be Italian. 3. Go to VM/AA tab 4. Select open block -> menu -> Day Main, and check it.		Bug				OS7100		VM		V2.70						VM		V2.75						O

		P080707003				[P080707003] An improper Holiday is set on the OS 7100 VM/AA Schedule Table		Schedule table was made by USA, and it has Independence day of USA.		When the system boots for the first time, if the country is not USA, it removes Independence day of USA in Schedule table.		1. Set the country to Italy 2. Initialize VMS DB on Web Management 3. Reboot the system. 4. Check the schedule table on the web management.		Bug				OS7100		VM		V2.70						VM		V2.75						O

		P080709015				P080709015] OS 7100 VM/AA is out of service after HALT/PROCESS command by I/		When using UCD function, if the fax call is incoming , VM goes to infinite loop and it looks like being stopped.		It's fixed. If the fax tone is detected, VM stops playing prompt and exit.		System restart and AA out of service occur during operation too.		Bug				OS7100		VM		V2.70						VM		V2.75						O

		P080710001				[P080710001] Parse Error occurs when you try OS 7100 Voice Studio upload feature		There was an syntax error on the upload prompt page.		The syntax error is fixed.		1. Log in Web Management 2. Go to VM/AA 3. Select voice studio 4. Press upload button 5. Assign prompt file in your pc and upload.		Bug				OS7100		VM		V2.70						VM		V2.75						O

		P080804001				[P080804001] Cannot pick up ringing UCD call with DP key		We can't pickup ucd group call after ucd message played. There is a ringback bit to be able to allow pickup call. But if ucd message was played, ringback bit was cleared. So it should be rejected a call pickup. It was a fault.		It was fixed. The ringback bit maintain the set status correctly after ucd message played		Version 4.21a Case:\nProgram system with UCD group(s). UCD group overflows to VMSUCD group.\nProgram DPxxx key on keysets that are members of the group, where xxx is the UCD group number\nMake incoming call on TEPRI trunk to the UCD group. Allow call to overflow to VMSUCD group.\nAfter the caller hears the first comfort message, press the flashing DPxxx key on a keyset that is not ringing\nKeyset displays,봭o ringing call. can뭪 pick up？. This is incorrect operation.\n\nVersion 4.14k case:\nProgram system with UCD group(s). UCD group overflows to VMSUCD group.\nProgram DPxxx key on keysets that are members of the group, where xxx is the UCD group number\nMake incoming call on TEPRI trunk to the UCD group. Allow call to overflow to VMSUCD group.\nAfter the caller hears the first comfort message, press the flashing DPxxx key on the keyset that is not ringing\nKeyset picks up the incoming ringing call. This is correct operation.\n\nIn Version 4.21a, the agent can only pick up the call if it has not yet reached the first comfort message.\nIn Version 4.21a, the agent cannot pick up the call if it has already reached the first comfort message.\n\nSee attached databases. The file OS7400 Ver 414k no UCD bug.IUD works properly. OS7400 Ver 421a with UCD bug.IUD behaves improperly.\n		Bug				OS7100/OS7200/OS7400		MP		V4.21a						MP		V4.22		O		O		O

						Dial Pulse doesn't work.		In Pulse Dial Mode, MP should send to SP to generate the signalling. But missed message and worked as the DTMF mode.		It was fixed.		1. connect the trunk card to SLI Card
2. Set to dial pulse mode in mmc 402
3. Seizure a trunk and press the digit.
4. listen to sound of the dial pulse		Bug				OS7100/OS7200/OS7400		MP		V4.21a						MP		V4.22		O		O		O

		P080704010				[P080704010] When used os7400 system with os7200 cabinet, LCP cabinet doesn't work.		Card start message was not sent to SP module. So Cards located at OS7200 can't be activated. Just they are in reset mode.		When used os7400 system with os7200 cabinet, LCP cabinet doesn't work.
16 MWSLI, 16SLI2, 8TRK doesn't work.		1. Connect the lcp at the OS7400 system.
2. Seizure a trunk and press the digit.
3. Working OK.		Bug				OS7100/OS7200/OS7400		MP		V4.21a						MP		V4.22		O		O		O

		P080731020				AoC in Greek Market on Ericcson PTT		The fault of MACRO that counts size of the AOC unit structure(6 bytes).		Correct the MACRO from round counting(a multiple of 4) to actual size counting		1. Prepare Aurora for AOC service.
2. Set MMC #993 ISDN MSG TRACE to ON
3. Make a call from OS7100 and generate "Charging" with Aurora
4. Confirm the size of "kp_aoc_recorded_unit" structure in ACU_FACILITY_IN msg		Bug				OS7100/		BRM		V4.21a						BRM		V4.21a						O

		P080725001				[P080725001] Voicemail prompt "The message storage unit is full".		VM always checks the empty space of RAMDISK to record message.
But since new MP module was larger than old MP, empty space of RAMDISK has been reduced, so VM could not start recording.		We delete unused library files of RAMDISK and enlarge empty space.		VM records successfully.		Bug				OS7100/OS7200/OS7400		MP		V4.21a						MP		V4.22		O		O		O

		P080621002				[P080621002]IS-TOOL User Accounts: Level 2 or 3 user can access levels restricted.		If the level of user is 2 or 3, system must not allow the user change their level in 5.13.5		If the level of user is 2 or 3, it is restricted to access IT5.13.5.		1.  Log into index 2.1.7 
2.  Create a User account and assign level 2 or 3.
3.  Goto section 5.13.5 and deny access to certain indexes.
4.  Logout and log in under new account.
5.  Please check that the level 2 or 3 user can access ITEM 5.13.5.		Bug				OS7100/OS7200/OS7400		MP		V4.21a						MP		V4.22		O		O		O

		P080805001				[P080805001]Cannot set DNS server under system parameters.		DNS server address was written on the system file (resolv.conf). But this file can be accessed by SIP TASK also. If user try to set dns ip address for SIP server call, this file will be written again. But in this case, it became not to allow others access this file.		If user try to set dns ip address for SIP server call, this file will be written again. And system will assign others the right for access this file.		1. Set dns ip address in MMC837. 
2. Connect VMWEB.
3. Set dns ip address using VMWEB.
4. Check whether it is OK to set dns ip address.		Bug				OS7100/OS7200/OS7400		MP		V4.21a						MP		V4.22		O		O		O

		P080730005				[P080730005] Easyset Send Msg not working when Info Display is turned on.		If info display is turned on, system will not send sms message info.		Although info display is turned on, system will send sms message info.		1. Login to Easyset.
2. Send a message to a keyset with Info Display turned on.
3. Check whether message appears on the keyset's LCD.		Bug				OS7100/OS7200/OS7400		MP		V4.21a						MP		V4.22		O		O		O

		P080730006				[P080730006] Cannot set different User Access Parameters for IT Tool		System do not send all data.		System will not skip data		1. Connect IT Tool
2. Select IT2.1.7 and set the following.
    2.1.7 – Connect User Profile
    2.1.7 – User = Marchant
    2.1.7 – Password = Marchant
    2.1.7 – Level = 3
3. Select IT5.13.5 and set the following
    5.13.5 – User Level 3 – set all no except: 3.2.3 DID Ringing/4.1.1 Stati    on Groups/4.4.0 Station Speed dial
4. Try to relog-in using Marchant accoutn		Bug				OS7100/OS7200/OS7400		MP		V4.21a						MP		V4.22		O		O		O

		P080730007				[P080730007] IT Tool, delete entries in Toll Deny all entries after are also deleted.		If Toll data has NULL bytes between valid data, system check another data.		If Toll data has NULL bytes between valid data, system will ignore below NULL.		1. Connect IT Tool.
2. Let Toll entries have all data in IT4.8.1.
3. Cut via the scissor icon entry number 10.
4. Save then reload all entries.
5. Check all entries are OK.		Bug				OS7100/OS7200/OS7400		MP		V4.21a						MP		V4.22		O		O		O

						Allow to change wip codec to 711		In case of basic or dual type, wip can't use any codec without the codec 729 type.But requested to change a codec type to 711.		1. In case of wip to wip, wip can use 711 codec.
2. In case of wip to ipp, wip can use 711 codec.
3. In case of wip to dgp, wip can use 711 codec.		1. Set codec list to 711 in MMC845 WLAN PARA.
2. Make a conversation
   - wip to wip  
   - wip to ipp 
   - wip to dgp
3. WIP can use 711 codec.		Bug				OS7100/OS7200/OS7400		MP		V4.21a						MP		V4.22		O		O		O
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						OfficeServ System		Change Notes

						Problem or Requirement		Reason		Modification		Test Procedure		Bug/
Req.		Issued Information												Release Information																		Remarks

		1Q Number		검증완료일												Date		System		Package		Version		Country		Index		Package		Version		7400		7200		7100		500		100		12		iDCS

		N070215008				Hotel/Motel function added		Requirement		[Set Authorization code]
The Phone in the room remain blocked outbound dialing, but only the
Authorization code that is given to the guest be given a class of service to 
enable him to dial outbound. The authorization code can be set using 
BD-PSM

[Set phone credit]
The purpose of this feature is to allow third party PMS systems to set the 
posted phone credit to a particular amount. The reason for this is to adjust 
to mis-calculations between the phone system costing and an external call 
accounting system costing

[Set DND]
In a hospitality installation, the front desk attendant can set to place the 
telephone of individual room guest into DND, and clear DND at the request 
of the room guest. Setting DND will prevent the room guest from receiving 
calls (internal and xternal) with the exception of DNDO (DND override) calls
from the operator or attendant, while allowing the guest to make outbound 
calls. Upon request of the guest, the attendant must also be able to clear or 
cancel the DND setting from the PMS console

[Phone Restriction at Check-in]
When no deposit is posted at check-in the guest phone is unrestricted. 
Currently, administrators are having to post a minimum deposit (eg: $1.00) 
to the guest room. When the amount of the phone deposit is exhausted by 
the guest, then the phone restrictions are enabled. An option will need to be
added to MMC 210 to allow the telephone technician to program the system 
to have the following options

* CHKIN RESTRC = OFF (No dialing restrictions at check-in) 
  CHKIN RESTRC = ON  (Restric outbound dialing at check-in)		[Set Authorization Code]
1. Set MMC 210 CHECK-IN FAC to On
2. Check-in using same way as before
3. Set Auth code assigned room using BD-PMS (only room, meeting room are possible)
4. At other room limited outgoing call, Input Auth code and call to outgoing. Then the money is charged to room assinged.
  
[Set phone credit]
1. Check that phone credit is set to amount you want using BD-PMS

[Set DND]
1. Check that DND is set or cleared using BD-PMS

[Phone Restriction at Check-in]
1. Set MMC 210 CHKIN RESTRC to On
2. Check that outgoing call is restricted  regardless of not inputing phone credit						OS7200/OS7400		MCP		V4.10		ALL				MCP		V4.12		O		O

		-				IP-IVR has to be used with SVMi-20E at the same time.		Requirement		The connection type for VM can be selected in "VM CONNECTION" of MMC750
(0: SVMi CARD, 1: DLI CONNECT, 2: IP-UMS SERVER)
IP-UMS SERVER was only useful for using IVR before. But in this time, the use of IVR is no concern with the connection type of VM.		for using IVR
1. MMC841 : Insert SIP Stack Licence
2. MMC206 : Set "WITH TONE"
3. MMC724 : Assign IVR Numbers.
4. MMC601 : Set BI-VMS group.
5. MMC701 : #19,23,37,38,66,68 => Set "YES" #55 => Set "NO"
6. MMC750 : Reset VM
7. MMC830 : Set IVR SERVER Ip address.
8. MMC835 : Set "729-20ms"
9. MMC225 : Set "IVR PORT"
10. MMC 820 : Set Link ID

for testing this issue
1. MMC750 : Select SVMi CARD
2 Try to make a IVR call.						OS7200/OS7400		MCP		V4.10		ALL				MCP		V4.12		O		O		O

		P070716007				If ring plan is changed by using CTI operator, this result did not be saved.		If mp receive RING_PLAN_CMD, tel number has to be converted to swport. But it didn't. So this problem was occured by wrong sw port.		If mp receive RING_PLAN_CMD, tel number will be converted to swport.		If ring plan is changed by using CTI operator, this result is saved correctly.						OS7200/OS7400		MCP		V4.10		ALL				MCP		V4.12		O		O		O		O		O		O

		P070720002				When the phone is in PGM mode, user can"t recieve a call in actuality
but the application using TSP driver doesn"t show the user as " busy"
or "plug out".		When the phone is in PGM mode, MP do not send initialted event message. 
So TSP driver can not recognize the status of the phone.		If user enter in PGM mode, MP send initialted event message. 
So TSP driver displays the status of busy port.		1. Connect between SYSTEM and TSP driver.
2. Try to enter in PGM mode by using 201 extension
3. Check 201 ext. by using TSP driver						OS7200/OS7400		MCP		V4.10		ALL				MCP		V4.12		O		O		O		O		O		O

		-				Routing in MMC714 to internal S0 port are not working.		The value of called number type that was received from TEPRI card was 0x0f. This value is not valid.		If the value of called number type that was received from TEPRI card is invalid, mp will initialize to '0'.		1. In MMC420, Set PRI Mode to DDI.
2. In MMC714, Set destination to S0 station number.
3. Try to make a call by using PRI trunk so that to designate to S0 station number. 
4. Check whether the destination of this call become S0 station.						OS7200/OS7400		MCP		V4.10		ALL				MCP		V4.12		O		O		O		O		O		O

		-				If incoming call by Public voip trunk seizure IPUMS, IPUMS has no voice.		In case of incoming call by public voip trunk, SIP TASK assigned MGI channel of Public IP Trunk. And if this call was designated to IPUMS, MP tried to assigned mgi channel of Voip Trunk. But if Voip Trunk Group has no the mgi channel member that SIP TASK assigned previously, MP tried to assign another mgi channel of Voip Trunk Group.		If mgi channel is same that SIP Task assigned previously, this channel will not be released by MP.		1) Configuration
- Connect between other system and OfficeServ 7400 in Public Network.
- Try to make a connection between OfficeServ 7400 system and IPUMS in Private Network
- In MMC615, assign mgi channel to Public IP Trunk.
- In MMC615, assign another mgi channel to Voip Trunk
2) Test Procedure
1. Make a voip incoming call to IPUMS.
2. Check whether IPUMS can have voice or not.						OS7200/OS7400		MCP		V4.10		ALL				MCP		V4.12		O		O		O		O		O		O

		P070905001				After approximately 800 SIP TRUNK calls have been dialled out (also international calls), after approximately 800 calls the OS7200 sends a negative session ID in the SDP
The negative session ID in the SDP are causing some gateways to reject the SIP Trunk calls from the OS7200 because it has an invalid session ID.

The specification in RFC2327 says the Session ID should always be a positve number.		The variable of session-id is declared to signed integer. So If the session-id is increased more and more, the value changed to negative number.		The variable type is changed to unsigned integer. The value always have positive number.		1. Using Abacus or call simulator, Make SIP Trunk calls for long time
2. Check Session-id of SIP message packet - INVITE, 200 OK through Ethereal
3. The Session-id must have positive value.						OS7200/OS7400		SigGW		V4.10		ALL				MCP		V4.12		O		O		O		O		O		O

		N061017036				The group listening feature active/deactive by speaker button is not working correctly.
The LED from BLUE_LOUDSPEAKER_BUTTON must be active if user activate GLISTEN SPKR to ON.		In the case of Group listening by speaker, the KEY_SPKR dgp led is not working.		In the case of Group listening by speaker, the KEY_SPKR dgp led is working.		1. Set MMC 300 "GLISTEN SPKR" to ON
2. Make any state by off hook.
3. Press speaker key => Group listen feature activate.
   : The LED of Speaker button is ON.
4. Press speaker key again => Group listen feature deactivate.
   : The LED of Speaker button is OFF.						OS7200/OS7400		MCP		V4.10		ALL				MCP		V4.12		O		O		O

		-				While headset mode is active, when you receive a call, pickup this call with Call1 button. The LED of speaker button is status on. But it should be status off until I press this speaker button.		In the case of headset mode, the ON/OFF LED of speaker button is not working.		In the case of headset mode, the ON/OFF LED of speaker button is working.		1. Set MMC 300 "GLISTEN SPKR" to ON
2. Set MMC 110 "HEADSET USE" to ON
3. Press speaker button and dialing => Group listen feature activate.
 : The LED of Speaker button is ON.
4. Press speaker key again => Group listen feature deactivate.
 : The LED of Speaker button is OFF.						OS7200/OS7400		MCP		V4.10		ALL				MCP		V4.12		O		O		O

		-				1. MMC845 WLAN Parameter in the WEB Key Value field are the characters ‘YYYYY’
   Refer to screen-shoot.
2. MMC845 WLAN Parameter in the version information Value field are the characters 
   ‘IO.14’  Refer to screen-shoot.		There is some problem during the merging between OS7200 and OS7400. 
So, all of the conditions are always go to same place.		The wrong conditions are fixed, so, the functions are correctly working.		Check MMC 845 WLAN Parameter in the WEB key/Version information values.						OS7200/OS7400		MCP		V4.10		ALL				MCP		V4.12		O		O		O

		-				Need to change MMC Values
- MMC114 Speaker Vol. from 13 to 8
- MMC114 BGM Vol. from 13 to 8
- MMC114 Page Vol. from 13 to 8 
- MMC805 DTRK/VOIP  from +0.0 to -6.0 (Gain Level)
- MMC805 DTRK/DGP  from +0.0 to -6.0 (Gain Level)
- MMC805 DTRK/SLT  from +1.9 to -6.0 (Gain Level) 
- MMC109 Date Mode  from Oriental to Western
- MMC109 Time Mode  from 12 Hours to 24 Hours
- MMC506 Dial Tone  from Continuous to Interrupted and from 20/5/20/5 to 5/5/5/30
- MMC421 from 7 to 10

- MMC501 KMMC Lock Out TM  from 30sec. to 120sec.
- MMC501 PCMMC Lock Out TM  from 5min. to 15min.
- MMC861 Auto Update Time  from Disable to Enable
- MMC514 System Tone Source from Tone/371 to Tone/371/OFF MMC845		Requirement		Change MMC default values to new values.		Change MMC Values
- Set MMC114 Speaker Vol. 
- Set MMC114 BGM Vol. 
- Set MMC114 Page Vol. 
- Set MMC805 DTRK/VOIP  
- Set MMC805 DTRK/DGP 
- Set MMC805 DTRK/SLT 
- Set MMC109 Date Mode  
- Set MMC109 Time Mode  
- Set MMC506 Dial Tone  
- Set MMC421 
- Set MMC501 KMMC Lock Out TM
- Set MMC501 PCMMC Lock Out TM
- Set MMC861 Auto Update Time 
- Set MMC514 System Tone Source						OS7200/OS7400		MCP		V4.10		ALL				MCP		V4.12		O		O		O

		-				MMC 846 insert digit in PCMMC. Insert digit 0 and phone inserts 0000. No help text available/corrupted.		In the PCMMC, if the digit "0" is entered then wrong value is entered in the phone.		In the PCMMC, if the digit "0" is entered then correct value is entered in the phone.		Insert the digit "0" to the PCMMC, and then look at the KMMC.						OS7200/OS7400		MCP		V4.10		ALL				MCP		V4.12		O		O		O

		-				Change from "SEG" to "NON SAMSUNG"		Requirement		Change from "SEG" to "NON SAMSUNG"		Check MMC 841 Position value.						OS7200/OS7400		MCP		V4.10		ALL				MCP		V4.12		O		O		O

		-				Add reset function in MMC101 Password in PCMMC		Requirement		Add reset function in MMC101 Password in PCMMC		Check PCMMC 101 value.						OS7200/OS7400		MCP		V4.10		ALL				MCP		V4.12		O		O		O

		-				TEPRI card occasionally restart when making a Q-SIG call		Because Q-SIG message length is too long, divided Q-SIG message is sent to TEPRI. But in specific case, some message is sent between Q-SIG messages. This makes a TEPRI card restart.		When Q-SIG message is sent, other message is not sent to TEPRI.		1. Make a Q-SIG call so many times.
2. Check that whether TEPRI card restart or not.						OS7200/OS7400		MCP		V4.10		ALL				MCP		V4.12		O

		-				Reference clock is changed as follow when it's used both BRI and PRI
1. when BRI is Master 
  - PRI is active : PRI is Master
  - Master BRI is continuously active and another BRI is active  : not changed
  - Master BRI is deactive and another active BRI exist : another BRI is Master
2. when PRI is Master
  - PRI is deactive and active BRI exist : BRI is Master
  - etc : follow MMC826		-		Reference clock is changed as follow when it's used both BRI and PRI
1. when BRI is Master 
  - PRI is active : PRI is Master
  - Master BRI is continuously active and another BRI is active  : not changed
  - Master BRI is deactive and another active BRI exist : another BRI is Master
2. when PRI is Master
  - PRI is deactive and active BRI exist : BRI is Master
  - etc : follow MMC826		Check that reference clock is changed as follow when it's used both BRI and PRI
1. when BRI is Master 
  - PRI is active : PRI is Master
  - Master BRI is continuously active and another BRI is active  : not changed
  - Master BRI is deactive and another active BRI exist : another BRI is Master
2. when PRI is Master
  - PRI is deactive and active BRI exist : BRI is Master
  - etc : follow MMC826						OS7200/OS7400		MCP		V4.10		ALL				MCP		V4.12		O		O
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		1Q Number		검증완료일												Date		System		Package		Version		Country		Index		Package		Version		7400		7200		7100		500		100		12		iDCS

		-				ATRK -> UMS TSW gain value is changed		Requirement		ATRK -> UMS TSW Gain value is changed from +1.9db -> -2.6 db		1. Check that ATRK -> UMS TSW Gain value is changed from +1.9db -> -2.6 db
2. Check that ATRK -> UMS call is OK		Req.				OS7200/OS7400		MCP		V4.12		ALL				MCP		V4.14		O		O

		P071010005				V4.11 Software Set relocate fails after reboot		When OS7400/7200/7100 system is started. if some card that is set relocation is changed to other card, the set relocation is retrieved. But information of the changed other card is worng at OS7400/7200. That is the reason of this problem		Information of the changed other card is fixed at OS7400/7200		1. Set relocation using MMC318 at  OS7400/7200
2. Restart the system
3. Check that the set relocated port is not retrieved.		Bug				OS7200/OS7400		MCP		V4.12		ALL				MCP		V4.12		O		O		O

		-				MMC828 is deleted in nation that is not used R2 signal.		Requirement		MMC828 is deleted in nation that is not used R2 signal.		1. check that MMC828 is deleted in nation that is not used R2 signal. 
2. And check that borad work well as board type						OS7200/OS7400		MCP		V4.12		ALL				MCP		V4.14		O		O

		P070519003				OS7400 System deletes the MoH msg assigned to the VM port in MMC756 after a OS system restart		OS7400 System deleted the MoH message assigned to the VM port in MMC756 after a OS system restart. This problem was occurred in SVM-400 only.
When restarting a system, SVM-400 port type was initialized to SVMi port type although this port was set as BGM.		It was fixed so that SVM-400 port type would not be initialized to SVMi port type when a system restart. 
If the SVM-400 port was set to BGM port type, this port type would be maintained to BGM port after a system restart.		1. Start system by default and set country to Italy in MMC812.
2. Connect 2 ports of SVM-400 to 2HYB/DLI ports (e.g. 202 to port 1 and 203 to port 2)
3. Set DLI connection in MMC750
4. Register prompt NO.5000 and assign it to the 1st VM port as MOH in MMC756
5. Set VM port as BGM to any DGP (e.g.201) in MMC308 and start start BGM by pressing HOLD button
6. Power OFF and then power ON the system
7. Check whether the prompt message remain in MMC756.
8. Check whether the BGM work properly.						OS7400		MCP		V4.10		ALL				MCP		V4.14		O

		-				soft phone's max count check error at license key		calculatation of connected soft phone's number is woring		calculatation of connected soft phone's number is fixed		1. input the license key
2. check that soft phone is connected over soft phone's max count						OS7400/OS7200/OS7100		MCP		V4.12		ALL				MCP		V4.14		O		O		O

		P070726009				VG programmable key is not available using IT		VG key's extension is station group. But the VG key's extension must be saved station group's index number. But saved station group's port number		Save station group's index nuber as VG key's extension		1. At IT 4.9.1, save VG key + STNG number. 
2. Check that VG key + STNG is saved.						OS7400/OS7200/OS7100		MCP		V4.12		ALL				MCP		V4.14		O		O		O

		-				large phone's speed block is delete after DB downloading and DB uploading using IT		When you read IT 2.5..1, large phone's speed block is always shonw to 0.		Reading point of large phone's speed block is fixed at IT 2.5.1		1. Read large phone's speed block at IT 2.5.1
2. Check that large phone's speed block is ok						OS7400/OS7200/OS7100		MCP		V4.12		ALL				MCP		V4.14		O		O		O

		-				RCM2 D'bd is not work correctly when both R2 and CID are used.		R2 and CID channel allocation is wrong		R2 and CID channel allocation is fixed		1. Set R2 and CID using MMC 828 
2. Check that R2 and CID is OK.						OS7200		MCP		V4.12		ALL				MCP		V4.14				O

		-				When you download/upload all of DB using WebMMC, specific DB which is not used and is not displayed at specific nation can be wrong value.		When you download DB which is not used and is not displayed at specific nation using WebMMC, the downloaded value is always 0xff. But when you upload the DB, the value can be saved. This makes problem.		When you upload DB which is not used and is not displayed at specific nation using WebMMC, the DB is not saved.		1. Download and upload all of DB
2. Check that all of DB is OK
   (especially, MMC400, 502, 503)						OS7400		MP40		V4.12		ALL				MP40		V4.14		O
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		4/30/06				OfficeServ System		Change Notes

						Problem or Requirement		Reason		Modification		Test Procedure		Bug/
Req.		Issued Information												Release Information																		Remarks

		1Q Number		검증완료일												Date		System		Package		Version		Country		Index		Package		Version		7400		7200		7100		500		100		12		iDCS

		N061105005				Phone ring volume keeps 8 steps. Add 2 high steps and remove 2 low steps		New Feature		Apply all IP Phone.(2 LINE, Large, Video IP Phone)
New added MMC : MMC841 "ITP RING VOLUME(LEVEL 1~8)
Set volume level 0~11(added 4 level(8~11)).
Default Level value : 0~7 (Only German:2~9)		1. Set MMC841 "ITP RING VOLUME(LEVEL 1~8)"
2. Test IP Phone ring volume.		Req.		07/03/08		OS7400		MP40		V3.32		ALL				MCP		V3.40		V		V		V		V		V		V

		N061105004				When a feature, which has effects on incoming call, is activate, system give different dial tone		New Feature		If user set some feature, then system give different dial tone. 
Tone : Meg wait tone(continuous tone)
Feature List : DND, All Forward, Busy Forward, No Answer Forward, Follow Me, Station Lock.
All phone types support : SLT, DGP, ITP, WIP		1. Set some feature.(DND, All Forward, Busy Forward, No Answer Forward, Follow Me, Station Lock.)
2. Hook off or press spkeaker button
   Then you can hear different dial tone.		Req.		07/03/08		OS7400		MP40		V3.32		ALL				MCP		V3.40		V		V		V		V		V		V

		N061108015				OS7200 does not support SIP Peering. Many SIP Provider at the moment supports only SIP Peering.
At the moment we are sending this kind of information to SIP Provider for registration:		Currently SIP trunk message format follows RFC3261 standard and thus it always has SIP Servers IP address for sip-uri in FROM header.		SIP module source so that when the option field is turned on, SIP Trunk messages use OS7100 MCP IP address for sip-uri in FROM header.		1. Set MMC837
2. Make SIP PEERING enabled.
3. Check the FROM header in SIP message uses MCPs IP address not SIP Server.		Req.		07/03/08		OS7200		MCP		V2.69		ALL				MCP		V3.40		V		V		V		V		V		V

		N061017036				03_SEG_FEATURE_REQUEST_BLUE_LOUDSPEAKER_BUTTON		New Feature
The group listening feature activate/deactivate by Speaker button. 
During conversion, when press speaker button, requires same result when press LISTN button.		This feature can work to only phone with ANS/RLS key or TALK/END key. 
When off hook conversation state: if press speaker button then group listening feature activate. If press speaker button again then group listening deactivate.
 When on hook conversation state (speaker mode): if off hook then change to normal conversation state (group listening deactivate). --- Same as current.
 When headset mode: call answer by TALK button only, call end by END button only, if press speaker button then group listening activate/deactivate when conversation state. When outgoing call, use hot dialing only. If press speaker button and dialing then automatically group listening activate.
 Add station based MMC on/off option. MMC 300,		[Normal mode]
1. Set MMC 300 "GLISTEN SPKR" to ON
2. Make conversation state or conference state.
3. Press speaker key => Group listen feature activate.
4. Press speaker key again => Group listen feature deactivate.
[Headset mode]
1. Set MMC 300 "GLISTEN SPKR" to ON
2. Press speaker button and dialing => Group listen feature activate.
   and when outgoing call use hot dialing only => Group listen feature deactivate.
3. Make conversation state or conference state.
4. Press speaker key => Group listen feature deactivate/activate.

1. call answer by TALK button => Group listen feature deactivate
  If press speaker button for call answer => Group listening activate when conversation state.		Req.		07/03/08		OS7200		MCP		V2.69		ALL				MCP		V3.40		V		V		V		V		V		V

		P061128001				037_SEG_BUG_report_Missing Digits at overlap or enblock dialing on 4BRI S0 Station		At customer Weber Druck we ge problems to setup external S0 bus voicemail system. This issue is critical because of missing VM-boxes.		When a next digit is incomming, If the current end of called party number is null, We delete the null and append a next digit by turns		In Overlap mode, 
1. Call Setup message contains a part of called party number.
2. CALL INFO contains the called party number		Bug		06"-"11"-"24		OS7200		MCP		V2.69		ALL				MCP		V3.40		V		V		V		V		V		V

		P070102014				Hello, unfortunatly CLIR is not working from the
Siemens PBX, when restriction in Siemens is set, only
the network number is displayed at called party.

But when Clir is set at ITP Phone, no number displayed
at called party.

Pls check CLIR for Tandemed Trunk again.		When incoming call from pri with CLIR and CLIP data at the time, OS7400 will send the setup 
message contained the CLIP.  .		We modified as the followings ;
When a received CLIR is set to ON, OS7400 should check two options.
If the "CLIR WITH NUMBER" of outgoing line is set to OFF and the "REPEAT CLI" of outgoing line is set to ON, OS7400 will send the CLIR set to ON.				Bug		07/03/08		OS7200		MCP		V2.69		GERMANY				MCP		V3.40		V		V		V		V		V		V

		P070317001				At SAZ site with MCP version V2.69 we get problems with the 'CLIP name translation table'.
The Area code table is not working correctly.		When the country code assigned in MMC718 and CID CODE INS option of MMC210 set to ON, the CLIP translation table did not work correctly. In this case, the CID name was searched with CID except country code number. So the CLIP translation table did not work correctly.		The CID name will be searched with correct CID that do not except country code number.		1. Set to ON MMC210 CID CODE INS 
2. Assign country code in MMC718
3. Assign the CID name in MMC718
4. Make a CID incoming call
5. Check the LCD whether the CID name display correctly.		Bug		07.03.08		OS7200		MP		V2.69		GERMANY				MP		V3.40		O		O				O		O

		P070313035				This applies to all systems 2.66 or higher.

1) Node A and Node B are networked via SPNET.
2) Station 2001 in node A performs a network page to a page group in node B. The page group in B is made up of 2201, 2202, 2203.
3) 2001 presses the FINISH softkey OR presses ANS/RLS button (WITHOUT hanging up the handset) and terminates the page BEFORE the page timer expires and calls 2203.
4) At this time, instead of an intercom station to station call between 2001 and 2203, it still becomes a network page from 2001 to the page group. This is a bug.

If 2001 hangs up the handset and then calls 2203, then ot works ok		When network page call is released by FINISH key or ANS/RLS key not hangup then network page state of memory is not cleared.		Network page state parameter of memory is cleared when network page call is released by FINISH key or ANS/RLS key also.		1) Node A and Node B are networked via SPNET.

2) Station 2001 in node A performs a network page to a page group in node B. The page group in B is made up of 2201, 2202, 2203.

3) 2001 presses the FINISH softkey OR presses ANS/RLS button or hanging up the handset
4) calls 2203 BEFORE the page timer expires.
=> At this time, an intercom station to station call make between 2001 and 2203,		Bug		07.03.13		OS7400		MP		V3.32		STA				MP		V3.40		O		O				O		O

		P070313001				SETDND Feature Interaction 
SETDND feature will not allow the DND Forward to work together. You can use DND with DND forward with no problems but you can not use SETDND with DND Forward.
1. Set dnd forward to forward when DND is set. 
2. Activate DND on set, any calls to the set forward correctly.
3. Activate SETDND from another set against this set.
4. Call the set and you will notice it does not follow the DND forward.
5. When you activate the DND feature, it shows on the set, Forward to 9
6. When you activeate the SETDND feature, it shows only DO NOT DISTURB.
PLEASE FIX.		The FORWARD DND flag did not set when DND is set by using SETDND key from another keyset.		It was fixed so that the FORWARD DND feature would work properly when DND is set by using SETDND key from another keyset.		1. Set DND forward to forward when DND is set. 
2. Activate DND on keyset, any calls to the set forward correctly. 
3. Activate SETDND from another keyset against this keyset. 
4. Call the keyset and check whether this call is forwarded.				07.03.13		OS500		MP		V2.69						MP		V2.70		O		O				O		O		O

				Maximum 480 IPP support.		Maximum 480 IPP support.		There was slow procssing or not operated with many IPPs.		Change IPP task to process many messages and to make link test period to 10 sec.		1. Connect IPPs(maximum 480) and check working well.		Req.				OS7400		MCP		ALL		ALL				MCP		V4.10		V

				SIP/H323 Stack License Added.		SIP/H323 Stack License Added.		Not possible calculate license fee because maximum ports are always available.		1) License Key Allocation and Input: The added stack license is the Feature License's added item, and allocation prossess is same and Inputed at MMC841 "FEAT LICENSE KEY".
2) View of allocated status: at MMC841 "FEAT LICENSE STS"
              (added item: SIP STACK, H.323 STACK)
3) Allocation SIP License to each type : The licensed numeber of SIP STACK must be allocated to each types at MMC841 "SIP STACK ALLOW". Detail Items are below. 
    MAX COUNT : SIP Stack License Max Number (View only)
    NON SEC SIP: Stack License Number for  Non Samsung Phone  (View only)                      
    FREE COUNT : Not allocated Number (View only)
    SIP TRUNK   : Item to allocate for SIP trunk (Input and View)
    SIP PHONE   : Item to allocate for Samsung SIP phone  (Input and View)
    WIP PHONE  : Item to allocate for WIP phone
    IP-UMS/IVR  : Item to allocate for IP-UMS or IP-IVR
4) The method of License Limitation
* SIP Phone, Non Sec SIP Phone, WIP Phone : Registration number is limited. Following regitration order. If registrationed number is over the allocated license number, the others registration information is forced deleted by System.
* SIP Trunk, IP-UMS/IVR : Following cabinet/slot/port number order. Be carefull to change virtual cabinet, if after that, the licenced ports may be changed.		1. Connect License server, and get License Key.
2. Input Key at MMC841 "FEAT LICENSE KEY"
3. View status at MMC841 "FEAT LICENSE STS"
4. Input allocation number's to each types at MMC841 "SIP STACK ALLOW"
5. Check operation of each types.		Req.				OS7400		MCP		ALL		ALL				MCP		V4.10		V

		P070413001		Problem with Station-pair after rebooting OS7400. 
.OS7400 has configured station-pairs, e.g. ITP desk phone 427 and  WiFi 627 are paired to a Station pair.
.If we power on / off the OS7400 the WiFi 627 doesn’t start ringing if an incoming call rings on ITP desk phone 427.
.If we start an outgoing call with the WiFi phone 627 or just call the WiFi phone directly, the status of the station-pair changes back to normal status (both stations ringing by receiving an incoming call).		Problem with Station-pair after rebooting OS7400. 
.OS7400 has configured station-pairs, e.g. ITP desk phone 427 and  WiFi 627 are paired to a Station pair.
.If we power on / off the OS7400 the WiFi 627 doesn’t start ringing if an incoming call rings on ITP desk phone 427.
.If we start an outgoing call with the WiFi phone 627 or just call the WiFi phone directly, the status of the station-pair changes back to normal status (both stations ringing by receiving an incoming call).		This is casued by workng db copying missing about virtual cabinet ports. Exactly, at system initial state, internal tenant information about virtual ports (wip included) is not copyed to valid tenant information.		Fixed to initialize woring db with correct values about virtual ports.		1. make station pair (IPP, WIP)
2. System restart
3. call to IPP, and check WIP is also ringing.		Bug				OS7400		MCP		ALL		ALL				MCP		V4.10		V

		P060927020		P060927020		Softphone Failed Authorisation Code.
- We do not want to use Forced code (MMC305)
- We want Softphone to behave exactly like the keyset.
  Pls follow the instructions in "Steps to recreate problem:"
  

-----------------------------------------------------------------
Environment Setup:
- OfficeServ 7400 V3.32
- OfficeServ Softphone v1.1.1.1

Steps to recreate problem:
1. Setup COS #19: Authorisation Code required for making external calls.
2. Softphone extension 3219 was assigned with COS #19 (MMC 301).
3. Problem: Softphone can make external calls without entering Authorisation code.
4. The same extension 3219 was used on an ITP Phone to check COS #19 was setup correctly. ITP Phone 3219 confirms that COS #19 was correctly setup. Authorisation Code was required for all external calls.

Conclusion:
There's a problem with Softphone not working correctly with Authorisation code.		The class of service was not applied at enblock dial mode when the class of service was changed.		The class of service would be applied correctly in enblock mode.		1. In MMC701 give COS19 Toll Level H so that the user can't make an external call. 
2. In MMC301 assign COS19 to Softphone.
3. In MMC701 assign an authorization code. 
4. Make an external call by Softphone. 
5. Check whether the softphone is toll restricted.
6. Enter the Authorization code and check whether the softphone can make an external call.				06.09.27		OS7400		MP		V3.32						MP		V3.40		O		O				O		O						It will be applied in the next release version.
(OS7200 V2.80 / OS7400 V3.40)

						Russian is added.		Requirement		If Russia, Russian has to be selected in MMC121.

In case of hangle phone, ip phone and large ip phone, Russian has to be inputed and displayed.

If call setup, soft menu must be displayed in Russian.

If KMMC is under 200, Russian has to be displayed.

In MMC 861, three russian code has to be supported 
  (0 : ISO 8859-5", "1 : KOI8-U/R  ", "2 : WIN-1251  ")　		a. Russian selection in MMC121 Russian
   If only RUSSIA/CIS, Russian can be selected in MMC 121 

b. By using hangle phone or 2line ip phone, large ip phone, russian name can be inputed and displayed in MMC104/106/117/118 

c. In case of Call setup, soft menu has to be displayed in Russian.

d. station level programming list (under 200) has to be displayed in Russian  

e. Three russian code has to be supported in MMC861. (ISO 8859-1, KOI8-U/R, WIN-1251)		Req.														MP		V4.10		O		O		O

		N061108015		New SIP Peering Feature in SIP Trunk Operation		OfficeServ's outbound REGISTER message to SIP Trunk always has SIP Provider's (or SIP Server's) IP address for its FROM and TO Headers. However, in some cases, SIP Providers want the FROM header in OfficeServ's REGISTER to have sender's own IP address, which is called SIP Peering feature. Therefore, new MCP S/W needs to have a new option in MMC837 to select whether to use SIP Peering or not.		OfficeServ did not have SIP Peering feature.		SIP Peering feature is newly added onto new S/W ver 4.10		1. In MMC837 Make SIP PEERING enabled.
2. Check the FROM header in SIP message whether it uses MCP's IP address not SIP Server's.																MP		V4.10		O

				DNS SRV Support		OfficeServ should be able to determine the location of the SIP Server (registrar or proxy) based on the resolution of SRV queries with the ability to locate SIP servers according to RFC 3263. Hunt time to the 2nd DNS server should be configurable.  OfficeServ should be able to utilize DNS servers to resolve SIP server names (if IP address is not specified) at the start of each SIP session and must re-resolve the name into an IP address according to the DNS record TTL (Time To Live) timer. The TTL is a value included with the DNS record that specifies the max time the Name to IP address info should be retained in cache for re-use. If TTL=0, this means do not cache the DNS record, but re-query the next time the name is used.  If this is not possible, there should be a DNS Re-Resolve interval timer.  OfficeServ will receive the RRSET from the DNS server.  The RRSET will contain the TTL info with the record.		OfficeServ did not have DNS SRV feature in locating an external SIP Server.		DNS SRV feature is newly added in MMC837 SIP Server option entries.  PROXY ADDRESS entry field is now able to receive alphabetical SIP Server's Domain Name as well as its direct IP address. In case of using domain name, OfficeServ automatically tries DNS SRV query to DNS Server which is also specified in DNS Server IP address in MMC837. TTL timer setting is not necessary in KMMC because OfficeServ already has its own mechanism to detect NO RESPONSE for an outbound request sent. There are two cases of NO RESPONSE.
#1. REGISTER request to an outbound Proxy
OfficeServ automatically detects it and tries to a next IP address obtained in DNS SRV query.
#2. SIP Request Messsage sent to an outbound Proxy.
OfficeServ waits for a certain amount of time (15sec) until clear the outbound call and TTL timer value is the same with this wait timer.		1. Prepare a DNS Server for testing. 
2. Make MMC837 SIP SERVER option enabled.
3. Insert SIP Server's Domain Name.
4. Insert the DNS Server IP address mentioned in step 1.
4. Exit KMMC.
5. Check the REGISTER message transmission using Ethereal Trace.																MP		V4.10		O

				P070214007		While talking over the Large phone(including Large IPP, Video Phone), another call(callwait call) is arrived and you didn't answer that call. After terminating all call, when you find the CID at call log, the missed call is not saved at call log.		While talking over the Large phone(including Large IPP, Video Phone), If another call(callwait ing call) is arrived, OS system must send 'LARGE_CALL_NUMBER' message to Large Phone. And if the callwaiting call is terminated, OS system must send 'LARGE_CALL_NOANS' message to Large phone. But in each case, OS system don't send 'LARGE_CALL_NUMBER' message and 'LARGE_CALL_NOANS' message to Large phone.		While talking over the Large phone(including Large IPP, Video Phone), If another call(callwait ing call) is arrived, OS system sends 'LARGE_CALL_NUMBER' message to Large Phone. And if the callwaiting call is terminated, OS system sends 'LARGE_CALL_NOANS' message to Large phone. These are fixed.		1. Set DID CW of Large phone to Yes using MMC 714
2. Make a call using Large phone
3. Let to be arrived another call to large phone.
4. Terminate the 2nd call(callwaiting call)
5. Check that the CID at large phone's call log is saved.		Bug		07.03.26		OS7200		MCP		V2.64		KOR				MCP		V4.10		O		O		O		O		O

				P070216014		LP auto upgrade to v1.14 working.

Use 2 cabinet OS7400 system
Select dip switch 5 on MCP to ON
Install smart media card with v1.14LP, MP, Start file
Turn system ON
MP correctly upgrades to v3.34
LP does not upgrade and shows previous version v1.12		Before LP40 pgm is automatically upgraded, How to find a information of LP40 pgm file in Media card is wrong. Therefore LP40 auto upgrade is failed.		Before LP40 pgm is automatically upgraded, How to find a information of LP40 pgm file in Media card is rightly fixed.		1. Save LP40 pgm file at Media card and Set PGM auto-upgrade S/W at MP40 to ON
2. Boot OS7400 System. Then LP40 pgm is automatically upgraded.		Bug		07.03.14		OS7400		MP40		V2.69		LSP				MP40		V4.10		O

				.		using 8TRK2, 16TRK, 16SLI2, 8COMBO2, PLIM2 must be possible.		Requirement		using 8TRK2, 16TRK, 16SLI2, 8COMBO2, PLIM2 must be possible.		1. Install new cards to OS7400/7200 system
2. Check that the cards's operation is OK		Req.		07.03.14		OS7400		MP40		V2.34		KOR				MP40		V4.10		O		O

				.		Using Simple IPP must be possible.		Requirement		Using Simple IPP must be possible.		1. Install Simple IPP to OS7400/7200 system
2. Check that Simple IPP's operation is OK		Req.		07.03.14		OS7400		MP40		V2.34		KOR				MP40		V4.10		O		O

						Softphone Failed Noans FWD set.		OS7400 Noans Forward SET feature has some problem.		Fixed after merge source file with OS7200.		1. Connect Softphone with OS7400.
2. Set MMC701 "Forward" to "ON"
3. Set Noans forward in Softphone.
4. Call to the softphone.
  -> Call Forward after noanswer time.		Bug		07.04.30		OS7400		MP40		V3.34						MP40		V4.10		O

				.		Using New Engine MP40 is possible.		Requirement		Using New Engine MP40 is possible.		1. Install New Engine MP40 to OS7400 system
2. Check that OS7400 System's operation is OK
3. Conenect extension cabinet using OS7200.
4. Check that OS7200 System's operation is OK
5. Check that OS7200 System's TSW gain controll is OK.		Req.		07.03.14		OS7400		MP40		V2.34		KOR				MP40		V4.10		O

		P070301002		.		In OSManager v2.67/2.69.
Set up a ucd group in mmc601 adding some members.
In mmc607 set the next member timer to 6
In mmc601 edit the ucd group, i.e change the name add or delete a member.
Now in mmc 607 the next timer has reset to 0.		If "overflow time" is smaller than "ring next time", then it must be initialized "ring next time" to '0' in case of only USA,  but it was checked in ALL country. So error was made.		Modified to check "ring next time" and "overflow time" in only USA.		MMC 601 set group 502 as UCD/Distribute with members 209/210/211 and save.
MMC 607 set wrap time to 5 and next time  to 6.
MMC 601 Set group 502 name as ucdtest.
MMC 607 the next time does not change.		Bug		07.03.21		OS7200		MCP		V2.69		UK				MP40		V4.10		O		O		O		O		O		O

		P070326021		.		In MMC 749,  This MMC is for the SVMI in and out permission for access in and out of the system.
We have found in V3.34 for the OS7400 and the OS500 in V2.69 that even though they show to be set
for IN/OUT,  they are infact set for IN only.  You can see this by looking at the SVMI and seeing that they channels are set for IN only.  IF you toggle the setting IN MMC 749 to say out only and then save,  then change back to IN/OUT,  the problem is solved.  This happens only on new installs since a conversion will transfer the previous load setting which are correct.  Please change the default files on the next loads.		Port Database of SVMi is initialized in Station type. So problem was made.		Modified port Database initial to Trunk type.		1. Restart OS7400 or OS500 system with default database.
2. Set SVMi card
3. check whether default database is IN/OUT.		Bug		07.03.28		OS7400		MCP		V3.34		ALL				MP40		V4.10		O		O		O		O		O		O

		P070301002		.		In OSManager v2.67/2.69.
Set up a ucd group in mmc601 adding some members.
In mmc607 set the next member timer to 6
In mmc601 edit the ucd group, i.e change the name add or delete a member.
Now in mmc 607 the next timer has reset to 0.		If "overflow time" is smaller than "ring next time", then it must be initialized "ring next time" to '0' in case of only USA,  but it was checked in ALL country. So error was made.		Modified to check "ring next time" and "overflow time" in only USA.		MMC 601 set group 502 as UCD/Distribute with members 209/210/211 and save.
MMC 607 set wrap time to 5 and next time  to 6.
MMC 601 Set group 502 name as ucdtest.
MMC 607 the next time does not change.		Bug		07.03.21		OS7200		MCP		V2.69		UK				MP40		V4.10		O		O		O		O		O		O

		P070326021 
P070516028		.		In MMC 749,  This MMC is for the SVMI in and out permission for access in and out of the system.
We have found in V3.34 for the OS7400 and the OS500 in V2.69 that even though they show to be set
for IN/OUT,  they are infact set for IN only.  You can see this by looking at the SVMI and seeing that they channels are set for IN only.  IF you toggle the setting IN MMC 749 to say out only and then save,  then change back to IN/OUT,  the problem is solved.  This happens only on new installs since a conversion will transfer the previous load setting which are correct.  Please change the default files on the next loads.		Port Database of SVMi is initialized in Station type. So problem was made.		Modified port Database initial to Trunk type.		1. Restart OS7400 or OS500 system with default database.
2. Set SVMi card
3. check whether default database is IN/OUT.		Bug		07.03.28		OS7400		MCP		V3.34		ALL				MP40		V4.10		O		O		O		O		O		O

		P070419034		.		This issue happens only with Find Me Feature using PRI TRUNKING.  Analog Trunking works fine.
This happens only if the call is rejected or not answered on the Find me Feature.
Here is the setup to reproduce.
1.  Hook up a OS7200 Switch with PRI trunking to another samsung switch.  This will show a pri circuit tp telco.
2.  Have a 10 digit telco number programmed on the remote switch and send it to a digital phone.
3.  Setup the voice mail in the OS7200 switch and setup find me feature.
4.  dial into the OS7200 switch and access  the voice mail system.
5.  Use the find me feature to dial to the remote switch.
6.  After the phone rings in the remote switch, answer the call and then just hangup.
7.  listen to the recording on the phone that started the call.  It hears the recoding, the find me stored number location should be hearing.
8.  The call should route to the users voice mail but it does not.

PS,  Analog trunks do not have this issue.		In case of PRI Trunk call, MP40 Main S/W did not sent HON message to SVMI card. So next flow had some problem.
But Analog trunk don't receive HON event message, so Analog trunk did not happen problem.		Modified to send HON message in case of PRI trunk		1. Hook up a OS7200 Switch with PRI trunking to another samsung switch. This will show a pri circuit tp telco.
2. Have a 10 digit telco number programmed on the remote switch and send it to a digital phone.
3. Setup the voice mail in the OS7200 switch and setup find me feature.
4. dial into the OS7200 switch and access the voice mail system.
5. Use the find me feature to dial to the remote switch.
6. After the phone rings in the remote switch, answer the call and then just hangup.
7. listen to the recording on the phone that started the call. It hears the recoding, the find me stored number location should be hearing.
8. The call should route to the users voice mail		Bug		07.04.19		OS7200		MCP		V2.69		ALL				MP40		V4.10		O		O		O		O		O		O

		P070507006				Internal modem does not release PSTN trunk after a call. Install OS100 with MISC card and internal modem board

Use MMC804 to set appropriate modem parameters for PCMMC 

Install OfficeServ Manager and modem on a PC

Make call via PC with modem over PSTN line to OS100 modem

Log on and make some programming changes.

Log off and exit from OfficeServ Manager

The PSTN trunk remains busy and locked to the internal modem. The modem does not release the trunk

This problem also affects earlier versions from V2.60 thru V2.7		When modem was connected, we 've got missed carrier detect funtion.		Carrier detect funtion is added. If carrier is not detected, and trunk should be disconnected.		Refer to Problem or Req.		Bug		07.05.07		OS100		MP		2.7		UK				MP												0						20070525

		P070306009				Cannot make VoIP call after Data network comes back from power failure. When the customer data equipment goes down by a power failure,  the Samsung OS100-OS500 KP remains working through the backup batteries, then power comes back and the data equipment comes up, the OS500 VoIP channels remain blocked until a reset on the OS00 is performed.		Ping feature was used by Spnet as link check. So if ping was blocked, Spnet was not working in OS100/500/7200		We made another message to link check. When blocked ping,  another UDP packet sent to opposite system, if no response, Spnet does the error process.		-		Bug		07.03.07		OS500		MP		2.69		Chile				MP						0				0		0						20070525

		P070420034				An ISDN call connects through site “A” into site “B” using SPNET and rings an unconditional group.
5 seconds later it overflows to another unconditional group on site “B”.
After a further 5 seconds it should overflow back to an unconditional group on system “A”, this does not happen it continues to ring on system “B”.		The next port  was not checked when the third overflow call was occurred. So it did not work.		The next port shold be checked, current ring disconnects and it should overflow another group on the other system.		Refer to Problem or Req.		Bug		07.04.25		OS500		MP		2.69		UK				MP				0		0				0		0						20070525

		P070417042				1) Set system to Hotel
2) Check in a room
3) Press print at end of Check in
4) Printer does not print until:
a. A bill is printed at check out (but on the same page as the bill)
b. The Lan card is restarted in MMC 829		This operation is dependent on the line per page option in MMC829		when check in a room and  press print at end of check in, it sends the information data to a printer.
And printer should be working.		Refer to Problem or Req.		Bug		07.04.17		OS7200		MP		2.69		UK				MP				O		O				O		O						20070525

		P070514008				One of our customers is experiencing cross talk on their OS7200 after using internal paging on an OS7200 running v2.69 software. 

Description of call scenario from customer:

Caller A is idle with headset mode set and headset strapped to ear.
 
Caller B places call to outside world and starts a conversation.
 
Reception make a internal page all announcement to all keysets (including both the one on the call and the idle headset user).
 
Once the page announcement is finished, caller A hears faintly on the headset, the conversation taking place by Caller B.
 
Using the phone clears the crosstalk. 
This also happens if the headset is disconnected and the handset is used with the phone in headset mode!

This issue can be re-created on site easily by the customer and dealer

Software: v2.69
DB attached:

DB Password: 1215		Caller A is 2015 and caller B is 2014. Only this case is reproduced. When the page feature is finished, the tswitch is initialized with a fault value.		we modified that tswitch should be initiallized with the white noise.		Refer to Problem or Req.		Bug		07.05.14		OS7200		MP		2.69		UK				MP						0												20070525

		P070420001				This is a minor issue that I hate to even open up. It has only one specific setup 
to reproduce.
1. The first digital port on the switch is the only one affected. 
2. The set must be a 24 button set to reproduce.
3. Setup MMC 723 8 button template.
4. Go to MMC 722 and check the features on the first digital port a ds24 button 
   set.
5. You will see that the features have changed to match the 8 button template.
   This i a minor issue.		When system button template is changed at MMC 723, the key of 1st DGP port (port # : 0x00) is changed same time. This is the reason of this problem		When system button template is changed at MMC 723 If a phone type of changed system button template and a phone type of 1st DGP port are not same, the key of 1st DGP is not changed. This problem only occurs in case that DLI is located at 1st slot.		1. Located DLI at 1st slot 
2. Change system button templete using MMC 723
3. Check that the 1st port button templete of 1st slot is chaged samely to changed 
   system button templete at MMC 722.
4. If it is not change, it is rightly fixed.		Bug		07.05.10		OS500		MCP		V2.69		STA				MP40		V4.10		O		O		O		O		O		O

		P070226001				H.323 outgoing call failure		Fail to get a connection id of H.323 call at some case.		Fixed that get a connection id of H.323 call		1. Make a H.323 call again and again for a few days.
2. Check that H.323 call is OK		Bug		07.03.06		OS7200		MCP		V2.69		KOR				MP40		V4.10		O		O		O

		P070508005		When programming new NS keys on handset some existing NS keys will now fail to operate.
Note the attached OS7200 database is a test database with only the necessary programming for this issue.
The original customers database has the same issue

Step 1) Upload the attached databases and connect VoIP network.
Step 2) OS7200 connect extn 2013 and its AOM 2029.
Step 3) OS500 connect extns 4401,4404,4406,4421.
Step 4) Make these 4 extns busy on OS500.
Result OS7200 AOM NS keys light correctly
Step 5) Program new NS keys to extn 2015 using keyset KMMC
eg Key 5 = ns 4782
Key 6 = ns 4783
Key 7 = ns 4784
Key 8 = ns 4785
Step 6) Sometimes the AOM NS keys for 4421 or 4406 will turn off as soon as this programming is done.
Other times if you now view the key programming for 2030 and then review key programming for 2015 the AOM ns keys will turn off.
Or view key programming on 2030 and then return to key programming on 2015 and program another ns key to 2015 and the some AOM ns keys will turn off.

Notes:
Most of the AOM keys will now not light
The issue also occurs if you program additional ns keys to other handsets eg program AOM 2029 keys 16, 17, 18, 19 as ns 4733, 4734, 4750,4750 now ns AOM keys do not light

This is a customer site issue and we can replicate in LSP lab
Thanks
Mark P		When programming new NS keys on handset some existing NS keys will now fail to operate.
Note the attached OS7200 database is a test database with only the necessary programming for this issue.
The original customers database has the same issue

Step 1) Upload the attached databases and connect VoIP network.
Step 2) OS7200 connect extn 2013 and its AOM 2029.
Step 3) OS500 connect extns 4401,4404,4406,4421.
Step 4) Make these 4 extns busy on OS500.
Result OS7200 AOM NS keys light correctly
Step 5) Program new NS keys to extn 2015 using keyset KMMC
eg Key 5 = ns 4782
Key 6 = ns 4783
Key 7 = ns 4784
Key 8 = ns 4785
Step 6) Sometimes the AOM NS keys for 4421 or 4406 will turn off as soon as this programming is done.
Other times if you now view the key programming for 2030 and then review key programming for 2015 the AOM ns keys will turn off.
Or view key programming on 2030 and then return to key programming on 2015 and program another ns key to 2015 and the some AOM ns keys will turn off.

Notes:
Most of the AOM keys will now not light
The issue also occurs if you program additional ns keys to other handsets eg program AOM 2029 keys 16, 17, 18, 19 as ns 4733, 4734, 4750,4750 now ns AOM keys do not light

This is a customer site issue and we can replicate in LSP lab
Thanks
Mark P		There are a bug to send information about NS key list when its count is over 64.		Fix to send correct information to the other node in case of the count of NS key list is over 64.		Test method is described at the requirement above.
(Or make NS keys about 60-63 and add another NS keys and check NS key led woring fine)		Bug				ALL		MCP		ALL		ALL				MCP		V4.10		V		V		V		V		V		V

		P061214013		No transparency SETUP IE between T0 e S0 on 4bri connected to ISDN Network		No transparency SETUP IE between T0 e S0 on 4bri connected to ISDN Network		On the interface message(Conn-Req, Conn-Ind) from/to BRI, there are no field about calling number plan, called number plan, and called number type.		Add new fields on the interface message. The new fields are calling number plan, called number plan, and called number type.		Message trace with ISDN tester.		Bug				ALL		MCP		ALL		ALL				MCP		V4.10		V		V		V		V		V		V

		P070518002				LCR Allow option in MMC 400 doesn't work if OS 12 is trunk line type.
It happens only on OS 12 TRK type.
1. Start OS12 system by default and set country to ITALY.
2. Set LCR ENABLE to ON in MMC210.
3. Set LCR Allow to ON in MMC400 per trunk.
4. Set a LCR Routing in MMC710 and 712.

x. Try to make a call accessing to the TRK line : LCR routing doesn't work.		The trunk LCR feature did not work in analog trunk.		It was fixed so that analog trunk would be routed correctly.		1. Start OS12 system by default and set country to ITALY.
2. Set LCR ENABLE to ON in MMC210.
3. Set LCR Allow to ON in MMC400 per trunk.
4. Set a LCR Routing in MMC710 and 712.
5. Try to make a call accessing to the analog trunk line.
6. Check whether LCR routing work correctly.		Bug		07/05/18		OS12		MP40		V2.70		ALL				MCP		V4.10		O		O		O		O		O		O

		P070519003				OS System deletes the MoH msg assigned to the VM port in MMC756 after a OS system restart. 
All OS system series has same problem. Pls refer to the attached bug reports.
1. Start system by default and set country to Italy in MMC812.
2. Connect 2 ports of SVM-400 to 2HYB/DLI ports (e.g. 202 to port 1 and 203 to port 2)
3. Set DLI connection in MMC750
4. Register prompt NO.5000 and assign it to the 1st VM port as MOH in MMC756
5. Set VM port as BGM to any DGP (e.g.201) in MMC308 and start start BGM by pressing HOLD button
6. Power OFF and then power ON the system
x. The BGM doesn't work (prompt msg assigned to the VM port has disappeared in MMC756 and/or in MMC308)		OS System deleted the MoH message assigned to the VM port in MMC756 after a OS system restart. This problem was occurred in SVM-400 only.
When restarting a system, SVM-400 port type was initialized to SVMi port type although this port was set as BGM.		It was fixed so that SVM-400 port type would not be initialized to SVMi port type when a system restart. 
If the SVM-400 port was set to BGM port type, this port type would be maintained to BGM port after a system restart.		1. Start system by default and set country to Italy in MMC812.
2. Connect 2 ports of SVM-400 to 2HYB/DLI ports (e.g. 202 to port 1 and 203 to port 2)
3. Set DLI connection in MMC750
4. Register prompt NO.5000 and assign it to the 1st VM port as MOH in MMC756
5. Set VM port as BGM to any DGP (e.g.201) in MMC308 and start start BGM by pressing HOLD button
6. Power OFF and then power ON the system
7. Check whether the prompt message remain in MMC756.
8. Check whether the BGM work properly.		Bug		07/03/08		OS7200		MP40		V2.70		ALL				MCP		V4.10		O		O		O		O		O		O
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PMS -> iDCS500 Message List



			MSGID


			Message Name


			Description





			0x0C


			Answer Available or not


			Some guest wants to answer the phone call from the guest of other room, but the others do not want it. For this reason, PMS wants to set the status of room phone during check in procedure and PMS has to send that of information to the iDCS500. If the flag is set to "Answer Available Room". Anyone can make a phone call to this room. But if it is set to "Answer Deniable Room" all internal calls will be blocked








Detailed Message Format


Note: The ENQ/ACK protocol header is omitted. 



			A.11 Call Restriction (Room to Room answer)









			PMS → iDCS500 (Room To Room Status)





			Item


			Value


			Size(Byte)





			 MSG TYPE


			 0x03


			1





			 MSGID


			 0x0C


			1





			 SEQ No.


			 0x0000


			2





			 Reserved


			 0x0000


			2





			 Room number


			 0x???? (Variable) --- ex) “3357” → 0x3357


			2





			 Data - mode


			 0x00 : Answer Available



 0x01 : Answer Block


			1





			 Use Group


			 0 ~ 300(0x0000 ~ 0x012C) ( USE GROUP of Room number )


			2





			 Restrict Room No


			 0x???? (Variable) --- ex) “3358” -> 0x3358 => 3358 room can not dial to 3357 room. 


 0xffff => All extensions can not dial to 3357 room.


			2





			 OPP Use Group


			 0 ~ 300(0x0000 ~ 0x012C) ( USE GROUP of Restrict Room No )


			2





			


			


			





			





			 iDCS500 → PMS (Answer -Return DND status)





			Item


			Value


			Size(Byte)





			 MSG TYPE


			 0x03


			1





			 MSGID


			 0xF0


			1





			 SEQ No.


			 0x0000


			2





			 Reserved


			 0x0000


			2





			 Room number


			 0x0000


			2





			 D1- space


			 0x20


			5





			 D2- Tel No.


			 ASCII(ex: “3357” →  0x33 0x33 0x35 0x37)


			4





			 D3- space


			 0x20


			4





			 D4- date


			 ASCII(ex: “08/28” → 0x30 0x38 0x2f 0x32 0x38)


			5





			 D5- space


			 0x20


			4





			 D6- Time


			 ASCII(ex: “10:29” → 0x31 0x30 0x3a 0x32 0x39)


			5





			 D7- space


			 0x20


			4





			 D8- Item


			 ASCII “108” : Answer Available



 ASCII “109” : Answer Block


			3





			 D9- space


			 0x20


			5





			 D10-description


			 ASCII Value (According to the Item Code)


			18





			 D11-space


			 0x20


			3





			 D12-details


			 ASCII Blank(0x20)


			8





			 D13-space


			 0x20


			2





			 D14-Cost


			 ASCII(ex: “    0.00” → 0x20 0x20 0x20 0x20 0x30 0x2E 0x30 0x30)


			8
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Sheet1

						OfficeServ System		Change Notes

						Problem or Requirement		Reason		Modification		Test Procedure		Bug/
Req.		Issued Information												Release Information																		Remarks

		1Q Number		검증완료일												Date		System		Package		Version		Country		Index		Package		Version		7400		7200		7100		500		100		12		iDCS

		P070621007				Park key on AOM not releasing call from Call key.

When a PARK key with an extender is programmed on a AOM and you park the call the Call key on the master keyset flashes and does not release the call from the CALL key.
If you program a PARK key with extender on the master keyset and Park a call it works fine and the Call key is freed up and does not flash.		When keyset has a PARK key with an extender and user park the call, the CALL key of the keyset have to be freed up. 
But when a PARK key with an extender is programmed on a AOM and user park the call, master keyset's call key was not freed up. This problem happened because did not check whether  PARK key exist on a AOM.		When a PARK key with an extender is programmed on a AOM and user park the call, the call key on the master keyset will be released.		1. Assign a AOM to keyset in MMC209
2. Program a PARK1 key on the AOM (must have extender)
3. Make a call and Park the call
4. Check whether the CALL key is freed up.				07"-"6"-"21		OS7200		MCP		V2.69		ALL				MCP		V4.11		O		O		O		O		O		O

		-				IP-UMS Mailbox have to be downloaded when MBX DOWNLOAD option of MMC750 is set to YES.		IP-UMS mailbox was downloaded althought MBX DOWNLOAD option is set to NO.		It was fixed so that IP-UMS mailbox would be downloaded according to MBX DOWNLOAD option in MMC750.		1. MBX DOWNLOAD option is set to NO in MMC750.
2. Connect IP-UMS.
3. Confirm that mailboxes are not downloaded.
4. Change MBX DOWNLOAD option to YES.
5. Check whether mailboxs are downloaded to IP-UMS server.						OS7200		MCP		V4.10		ALL				MCP		V4.11		O		O		O		O		O		O
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1Q문제점

						OfficeServ System Change Notes

		1Q Number				Problem or Requirement		Reason		Modification		Test Procedure		Bug/
Req.		Issued Information												Release Information																		Remarks

				검증완료일												Date		System		Package		Version		Country		Index		Package		Version		7400		7200		7100		500		100		12		iDCS

		P060721018				The attached files will detail the problem. In summary if 2 ITP 51xx phones connected to an OS 7200 system communicate with each other and both phones are set to use G.711, the phones actually negotiate down to use G.729. This problem does not occur if one of the phones used is an ITP 50xx. Please refer to the attached information: 
1. Test Reults 
2. Ethereal traces 
3. OS 7200 Customer Database used in the testing		If 2 ITP 51xx phones connected to an OS 7200 system communicate with each other and both phones are set to use G.711, the phones actually negotiate down to use G.729.
The main S/W always negotiate codec to use G.729 when communicate with ITP 51XX phones each other although both phones are set to use G.711.		It was modified to use correct codec information of MMC841 when communicate with ITP 51XX phones each other.		1. 2 ITP 51XX phones connect to the system.
2. Set codec of ITP 51XX to G.711 in MMC841
3. Make an internal call with ITP 51XX.
4. Check whether the phones negotiate down to use G.711				06.07.17		OS7200		MP		V2.60						MP		V3.34		O		O				O		O		O

		P060505005				Some problems occur with SPD feature over ISDN if SPD numbers consist "P" pause (It used for IVR/AA access). 

For example SPD No. is 7972432P2003. 

ISDN Enblock dial mode. 
If this SPD dialed from DLI, that it work proper. In Setup message Called Party is “7972432” and after Connect system automatically dials DTMF digits “2003” in voice path. 
If this SPD number dialed from SLT, that In Setup message Called Party is “7972432”, but system not dialing end of number digits “2003” after Connect. (It should work same with DLI call). 

The LCR modified numbers should be fix on same bug if after modification LCR numbers consist “P”. 

Same problem occcures with OS500 system.		The system did not send the dtmf when dialing the SPEED number from SLT.		It was modified to send DTMF digits after connecting the call when the speed number dialed from SLT.		1. Install the ISDN card in system.
2. Assign the speed dial number with pause code.
3. Make a call by using the speed dial number from SLT.
4. Check whether the DTMF digits are sent to calling party after connecting a call.				06.05.03		OS7200		MP		V2.63						MP		V3.34		O		O				O		O		O

		P060814008				LSP has tested the new Codec priority feature in MMC 841 however found that when the setting is changed to ＇ITP phone first＇ it resulted in one way or no speech transmission. The attached report details our test results. 
Also attached is the ethereal trace showing detail the results of our tests. 
Codec prioritisation is important when both internal ITP phones are used at G.711 and also IP networking is used between OfficeServ systems. The testing was conducted on the OS 7200 system but the problem exists on all OfficeServ systems.		The system sent wrong codec info to MGI card when the codec is set to "ITP FIRST" in MMC841.		It was fixed so that the system would send IP Phone＇s codec info to MGI card when the codec is set to "ITP FIRST" in MMC841.		1. Set IP Phone＇s codec to G.711 in MMC840.
2. Set MGI＇s codec to G.729A in MMC835.
3. Assign the codec priority to "ITP FIRST" in MMC841.
4. DGP makes a call to IP phone.
5. Check the voice path.				06.08.14		OS7200		MP		V2.63						MP		V3.34		O		O				O		O		O

		P060703029				I have attached two files which are traces for the following problem. 
When using an OfficeServ500 and the country code is set to Finland (MMC812), 3.1KHz Audio format fails on incoming calls only. 
Mr Y C Park advised to change the country setting to Germany, this fixed the problem. 
Could you please check these files to see the differences, the first file attached called 3.1KHz Country FINLAND.txt shows a 3.1KHz incoming call failing. The second attached file called 3.1KHz Country GERMANY shows a 3.1KHz incoming call working.		When using an OfficeServ500 and the country code is set to Finland (MMC812), 3.1KHz Audio format fails on incoming calls only.		It was fixed so that the 3.1KHz Audio format would not be rejected on incoming calls in Finland.		1. Make an incoming call with 3.1KHz Audio format. 
2. Answer this call. 
3. Check whether this call disconnect.				06.07.03		OS500		MP		V2.63b						MP		V3.34		O		O				O		O		O

		P060520003				STN with Account Code verified cannot transfer the cal to a remote STN through SPNET.

1. Start 2 systems by default and set country ITALY
2. Install TRK or BRI card and MGI card
3. Set SPNET feature
4. SET ACCT VERIFIED in MMC305 to any station and set ACCOUNT CODE in MMC708
5. Make an outgoing call from the STN and then press the ACCT button (or ACCT feature code) to try to transfer the call to a remote STN (or an external party)		System understand VoIP NET lines as an external trunk - it should be like an internal transfer.		It was modified to operate that users to make a call to another system in the same way with internal call when setting account code. 
So if the user make a call to networked system, the user does not need to enter account code.		1. Set country to ITALY
2. Install TRK card and MGI card
3. Set SPnet feature
4. Set ACCT VERIFIED in MMC305 to any station and set ACCOUNT CODE in MMC708
5. Make a call to networked system
6. Check whether the account code need.				06.05.19		OS500		MP		V2.63						MP		V3.34		O		O				O		O		O

		P061009004				Problems during saving Data to Smart media Daughterboard, OS7200 reboot.		During saving data to SMART MEDIA CARD, the other task could not work properly. The priority of work saving data to SMART MEDIA CARD is higher than the wip task that operate wip phone and system network.		It was fixed so that the time delay would be added for the other task operation when saving data to SMART MEDIA CARD.		1. Several wip phone connect to OS7200 system. 
2. Save data to smart media card in MMC815. 
3. Check the wip phone status and system network link.				06.10.09		OS7200		MP		V2.67						MP		V3.34				O

		P061012001				When two OfficeServs are networked using SPnet (over the public Internet, with no VPNs), the NS/BLF keys do not show busy status.		When two OfficeServs are networked using SPnet (over the public Internet, with no VPNs), the NS/BLF keys do not show busy status.
NS/BLF data is sent to TCP/UDP port. When setting the system ip address to "PRIVATE w PULBIC", the system sent NS/BLF data by using wrong ip address.		When setting the system ip address to 'PRIVATE w PUBLIC', the system would send the NS/BLF data by using public ip address.		1. Configure the networking systems using 'PRIVATE w PUBLIC'.
2. Assign the NS key in networking extension.
3. Check whether the NS keys do show status correctly				06.10.12		OS7200		MP		V2.63						MP		V3.34		O		O				O		O		O

		P060914044				Series 51xx ITP keysets cannot do Set Relocation. Attempt to do so works in one direction. One keyset is relocated properly. The other one is not. It cannot be recovered. 
Series 5021 ITP keysets do not have this problem. Series 5007 keysets also have this problem.		Series 51xx ITP keysets cannot do Set Relocation. 
ITP-51xx phone types did not check when doing Set Relocation.		It was fixed so that the ITP-51xx operate Set Relocation correctly.		1. Do Set Relocation with ITP-51xx.				06.09.14		OS500		MP		V2.63						MP		V3.34		O		O				O		O		O

		P060724015				Group Overflows on the OS7200 do not work properly after the system has been running for several days and do not overflow to other groups or extensions as expected. 

Typically it can take several days before this problem becomes apparent. Resetting the system cures the problem temporarily.		QUEUE FREE LIST COUNT related to GROUP OVERFLOW was broken.
So, Group overflow did not work properly.		QUEUE FREE LIST COUNT related to GROUP OVERFLOW was broken.
Did not find the cause that this FREE LIST COUNT was broken.
So, the recovery scheme was added.		1. Operate the group overflow				06.07.24		OS7200		MP		V2.61						MP		V3.34				O

		-				Video IP Phone interface added		Video IP Phone interface added		Video IP Phone interface added		-				-		-		-		-		-				MP		V3.34		O		O				O		O		O

		-				Standard SIP Phone interface added		Standard SIP Phone interface added		Standard SIP Phone interface added		-				-		-		-		-		-				MP		V3.34		O		O				O		O		O

		-				MMC820 Node name field added
MMC845 WBS name field added		MMC820 Node name field added
MMC845 WBS name field added		MMC820 Node name field added
MMC845 WBS name field added		-				-		-		-		-		-				MP		V3.34		O		O				O		O		O

		-				Centralized UMS feature added		Centralized UMS feature added		Centralized UMS feature added		-				-		-		-		-		-				MP		V3.34		O		O				O		O		O

		-				IP-UMS MOH feature added		IP-UMS MOH feature added		IP-UMS MOH feature added		-				-		-		-		-		-				MP		V3.34		O		O				O		O		O

		P061116010				Sending fax’s using SPNet between various OfficeServ system fails. 
Attached table shows the failed test results for testing between OS7400, OS7200 & OS12 systems		MGI must be received "FAX START" message. When occured the problem, the message was not send from MP40 to MGI.		When SPNET FAX is started and MGI is sent the FAX TONE Detect message, then MP40 is sent "FAX START" message to MGI.		1. Configure OS7200(A)-OS7400(B)-OS7200(C) system via SPnet(any OfficeServ systems) 
2. Connect Fax mechine. 
3. Test FAX call via SPnet.(A->B, A->(B->)C, B->C) 
4. Test Fax call of incoming trunk call->SPnet->fax				06.11.16		ALL		MP		V3.32						MP		V3.34		O		O				O		O		O
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		To : 

		Doc. No.

		SECYYMM-XX-x



		C.C. : 

		Country 

		ALL



		From : SeungTae,Roh

		E-mail: stroh@samsung.com



		Subject : Installation Tool Software Release - V0.9.5 20070503





Overview :


I/T supports the OS7200/OS7400

The features are changed

Contents :


1 Page Modified

1.1 [2.1.4] Item is added


(1) Stack License

1.2 [2.1.5] Items are added


(1) Application Russian Code


(2) R2MFC/CID 1 Select


(3) R2MFC/CID 2 Select


1.3 [2.1.6] Item is added

(1) Mailbox Download


1.4 [2.2.2] Items are added

(1) QOS Enable


(2) MAC Address


1.5 [2.5.6] Item is added

(1) Group Listen by Speaker


1.6 [2.6.2] Items are added

(1) E-Forward CLI


(2) EFWD Extension CLI


(3) Repeat CLI


(4) Tandem CLI


(5) SMDR Trunk


(6) Coloring As


1.7 [2.6.7] Items are added

(1) Auto Time Update


(2) No Channel Busy


(3) Called Number Type


(4) Called Number Plan


1.8 [2.6.8] Items are added

(1) Auto Time Update


(2) Called Number Type


(3) Called Number Plan


1.9 [2.7.1] Items are added

(1) IP Zone Type


(2) QOS Enable


1.10 [2.7.2] Items are added

(1) User ID


(2) Alias Name


1.11 [3.2.4] Titles are changed

(1) DN Number -> Incoming Digit


(2) MSN Campon -> Call Wait


(3) MSN Accept -> Accept Option


1.12 [3.3.1] Items are added

(1) System Name


1.13 [3.3.4] Items are added

(1) SPNet DTMF Forward


1.14 [5.2.2] Items are added

(1) SIP Station Expire Time


(2) SIP Peering


(3) Proxy Server Address


(4) Alter Proxy IP Address


(5) DNS Server1 IP Address


(6) DNS Server2 IP Address


1.15 [5.2.9] Items are added

(1) 802.1 Priority


(2) 802.1 VLAN ID


(3) 802.1Q Service


(4) EC Gain


(5) NLP


(6) Echo Tail Length


(7) Jitter Delay Time


(8) Jitter Period


Titles are changed


(9) High Filter -> Input Filter


(10) Post Filter -> Output Filter


1.16 [5.2.10] Items are added

(1) Phone TFTP V4 Address


1.17 [5.3.2] Item is added

(1) WBS Name


1.18 [5.4.1] Items are added

(1) ITP Ring Volume


(2) CID Config


1.19 [5.6.1] Item is added

(1) Application Server


1.20 [5.13.1] Items are added

(1) Alarm Clear


(2) MMS SIP Trunk Group


1.21 [5.14.1] Item is added

(1) No Group Pickup Key LED


1.22 [5.14.2] Item is added

(1) Auto Un-supervised Conference


1.23 [5.14.3] Item is added

(1) Booking R2 error status


1.24 [5.14.4] Item is added

(1) Hold Party CID send


1.25 [5.14.5] Items are added

(1) 3.1K Audio without HLC


(2) KT SMDR Flag


1.26 [5.15.4] Item is added

(1) Feature Tone


1.27 [6.2.2] Items are added

(1) IPv4 Address


(2) Remote IPv4 Address


1.28 [6.2.3] Item is added

(1) Phone Type

2 Page Added

2.1 [2.1.0] System Selection

2.2 [2.7.4] UMS/IVR Information


2.3 [3.2.8] DISA Password Skip CLI


2.4 [5.15.14] MMS Service


S/W Compatibility Table :


		S/W

		System

		Previous Version

		New Version

		Remarks



		

		

		Version

		Date

		Version

		Date

		



		MCP

		OS7200

		

		

		V4.10

		07.05.08

		



		

		OS7400

		

		

		V4.10

		07.05.07

		



		Installation Tool

		ALL

		V0.9.4

		07.04.13

		V0.9.5

		07.05.08

		





1

Samsung Electronics, OfficeServ Development
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1Q문제점_060531

		4/13/06				OfficeServ System		Change Notes

						Problem or Requirement		Reason		Modification		Test Procedure		Bug/
Req.		Issued Information												Release Information																		Remarks

		1Q Number		검증완료일												Date		System		Package		Version		Country		Index		Package		Version		7400		7200		7100		500		100		12		iDCS

		P060520001				The OfficeServ 7400 Product Line running V3.31B software date code 
(06.04.13) with LP load V1.12 (06.03.07) there is a problem with feature CC Ring Delay.
This problem is only with Digital key sets at this time.   The problem is that the user that answers with the CC Ring Delay will have the set constant ring after they have answered		When set 201 is cckey ringing and 201 press the cckey, then 201 does not disconnect cckey ring. This problem is because set 201 state is not IDLE state. Program is disconnected in case of IDLE STATE only.		Modified the program to disconnect cc key ring any state.		1. set 201, set 202, set 203 have cc key of each other.
2. Set 201 has Incomming call, and after CC RING DELAY TIME, then set 202, set 203 is become cckey ring.
3. Set 202 press the cc key of blinking led
4. Set 201,202,203 are disconnected ring and conversation with origination.
----------------------------------------------------------------
1. set 201 make busy
2. set 202 has Incoming call  then set 202 is ringign and afer CC DELAY TIME 203 is ringing
3. set 201 go to IDLE state
4. set 201 is ringing of cc key		Req./Bug		06/05/17		OS7400		MP40		V3.31B		ALL				MCP		V3.32		V		V		V		V		V		V

		P060114002				On the Manchester OS7400 database, use the following procedure or program an OS7400 with station names: 
1. From the default screen find the “Directory” option. 
2. Press Directory 
3. Select Station Directory 
4. Press 6 twice to select letter N or 4 twice for I 
5. Press volume key 
6. Result = “N is not found” or “I is not found” 
7. Now press 2 to select letter A instead so that you can scroll the directory from the start of the list. 
8. Scroll through until letter N and hey presto there are two entries under letter “N” or “I”. 
9. These could not be accessed by going to letter N or I directly. 

This problem has been apparent on every system from the DCS, iDCS through tom the OfficeServ and is very frustrating. Restting the system seems to cure the problem for awhile, but the problem always seems to occur.		Because there is problem in the initial value of DB which is related with Speed Dial and attribute, so overflow happened.		Change the max value of SPD_LIST from NO_HWCH to NO_HWPORT in dbsdir.c		Use the DIR Function to access the Directory and select a letter, e.g. “E”and see if Search Name is correct.		Req./Bug		06/03/30		OS7400		MP40		V3.31B		ALL				MCP		V3.32		V		V		V		V		V		V

		D060303009				MEM CLEAR via mmc 811 does not clear memory		There is the problem in memory clear procedure. In OS7400 system, Memory clear is nanf flash clear and SRAM clear. But first sram clear, second nand flash clear.		In memory clear, sram is cleared in first.		1. set station name and save DB to nand flash 
2. in MMC 811, select memory clear 
3. system restart with default database.		Req		06"-"2"-"28		ALL		MP40		V3.28		ALL				MCP		V3.32		V

		D060524001				A Multi Media Card will be used as a storage media in MP40 board. Because Smart Media Card won’t be produced any more. Therefore you must use a MP40 board using Multi Media Card as well as MP40 board using Smart Media Card as using MP40 S/W V3.22.
If you use a MP40 board using Multi Media Card, you can be supplied same functions that are supplied by MP40 board using Smart Media Card		Change a storage media in MP40 board from Smart Media Card to Multi Media Card		If you use a MP40 board using Multi Media Card, you can be supplied same functions that are supplied by MP40 board using Smart Media Card		1. Testing fucntions related Multi Media Card
  - MMC 815 DB save/load
  - MMC 818 PGM download
  - MMC 819 file control
  - File control using PCMMC

2. Testing a system using Samrt Media Card in MP40 board
  - Using MP40 S/W V3.32, System using Smart Media Card must work.

3. Testing a unauthorized Multi Media Card
  - If you start a system in using a unauthorized Multi Media Card, system will be 
    halted and you cannot use KMMC/WebMMC. The relevant content will be recorded at
    MMC 851 System Alarm Report
  - After starting a system in using a authorized Multi Media Card, If you use a 
    unauthorized Multi Media Card, functions related Multi Media Card are not working.		Req		06"-"2"-"28		ALL		MP40		V3.28		ALL				MCP		V3.32		V		V		V		V		V		V

		P051203004		[OS bug 221] When a call from an ISDN line is externally diverted over an analogue line, the call is disconnected after 10 seconds, transferring the call does not exhibit this problem.
1. Set up an OS100 or OS500 system with a BRI Card and a TRK Card.
2. Set up 3 Trunk groups, one with all trunks required for outgoing traffic (9), one for the ISDN trunks (801) and one for the analogue trunks (802).
3. Set up a DDI to 201 (e.g. 655 1122), 
4. On 201, dial 601(Divert ALL feature code) 801 (ISDN trunk group) XXXXXXX (X=external number).
5. From 203 dial 9-6551122.
6. The call is correctly routed and there is speech on answer.
7. Clear this call.
8. On 201, dial 601(Divert ALL feature code) 802 (analogue trunk group) XXXXXXX (X=external number), 
9. From 203 dial 9-6551122.
10. The call is correctly routed however disconnects after 10 seconds.
(Cause 18 from TREND)
11. Clear this call
12. Clear ALL diverts from 201, i.e. dial 600.
13. From 203 dial 9-6551122.
14. Answer this call on 201.
15. From 201, press TRSF 802 XXXXXXXX (X=external number).
16. When the called party answers, clear down 201
17. 203 will be connected to XXXXXXX, OK.		[OS bug 221] When a call from an ISDN line is externally diverted over an analogue line, the call is disconnected after 10 seconds, transferring the call does not exhibit this problem.
1. Set up an OS100 or OS500 system with a BRI Card and a TRK Card.
2. Set up 3 Trunk groups, one with all trunks required for outgoing traffic (9), one for the ISDN trunks (801) and one for the analogue trunks (802).
3. Set up a DDI to 201 (e.g. 655 1122), 
4. On 201, dial 601(Divert ALL feature code) 801 (ISDN trunk group) XXXXXXX (X=external number).
5. From 203 dial 9-6551122.
6. The call is correctly routed and there is speech on answer.
7. Clear this call.
8. On 201, dial 601(Divert ALL feature code) 802 (analogue trunk group) XXXXXXX (X=external number), 
9. From 203 dial 9-6551122.
10. The call is correctly routed however disconnects after 10 seconds.
(Cause 18 from TREND)
11. Clear this call
12. Clear ALL diverts from 201, i.e. dial 600.
13. From 203 dial 9-6551122.
14. Answer this call on 201.
15. From 201, press TRSF 802 XXXXXXXX (X=external number).
16. When the called party answers, clear down 201
17. 203 will be connected to XXXXXXX, OK.		When a call from an ISDN line is externally diverted over an analog line, "ACU_CONN_RS" message send to BRI card twice. And then system doesn＇t receive "ACU_CONN_CO" message. So system disconnect call when the message waiting time expire.		It was fixed so that "ACU_CONN_RS" message does not send twice when a call forward to analog line from ISDN line.		1. Set up an OS100 or OS500 system with a BRI Card and a TRK Card.
2. On 201, dial 601(Divert ALL feature code) to Analog trunk group.
3. Make an incoming call via BRI trunk.
4. Check that the call is correctly forwarded and there is speech on answer.		Bug
OS/221		05.12.02		OS500		MCP		V2.60		UK				MCP		V3.32		V		V				V		V		V				Temporary Version

		N051028002		[DEFAULT VALUE CHANGING] 
In order to make easier both installation and users setting, it nees to change some parameters by default value in OfficeServ systems series.		[DEFAULT VALUE CHANGING] 
In order to make easier both installation and users setting, it nees to change some parameters by default value in OfficeServ systems series.		In order to make easier both installation and users setting, it nees to change some parameters by default value in OfficeServ systems series.		Change default values as follows: 
1. MMC210 TENANT ON & OFF for OS100, OS500, OS7200 only 
Change setting from OFF to ON for the following parameters: 
- AUTO CLEANED : ON 
- NO ITEM COST : ON 
- NO STAFF CODE: ON 
- PRT COST 0 : ON 

2. MMC515 DAYLIGHT for all OS systems 
entry 1) 2005 / 3.27 ~ 10.30 
entry 2) 2006 / 3.26 ~ 10.29 
entry 3) 2007 / 3.25 ~ 10.28 
entry 4) 2008 / 3.30 ~ 10.26 
entry 5) 2009 / 3.29 ~ 10.25 
entry 6) 2010 / 3.28 ~ 10.31 
entry 7) 2011 / 3.27 ~ 10.30 
entry 8) 2012 / 3.25 ~ 10.28 
entry 9) 2013 / 3.31 ~ 10.27 
entry10) 2014 / 3.30 ~ 10.26 

3. MMC601 STATION GROUP[500] for OS12 only 
Add all stations numbers 21~28 as members 01~08 in the station group 500 

4. MMC849 SELECT AP TYPE for OS100, OS500 and OS7200 only 
Change from COMBO WBS type to BASIC WBS 

5. MMC723 SYSTEM KEY for all system 
Set keys set as NONE to DS keys for all digit phone series.		Check the below default values: 
1. MMC210 TENANT ON & OFF (OS100,OS500,OS7200) 
- AUTO CLEANED : ON 
- NO ITEM COST : ON 
- NO STAFF CODE: ON 
- PRT COST 0 : ON 

2. MMC515 DAYLIGHT (All OS systems) 
entry 1) 2005 / 3.27 ~ 10.30 
entry 2) 2006 / 3.26 ~ 10.29 
entry 3) 2007 / 3.25 ~ 10.28 
entry 4) 2008 / 3.30 ~ 10.26 
entry 5) 2009 / 3.29 ~ 10.25 
entry 6) 2010 / 3.28 ~ 10.31 
entry 7) 2011 / 3.27 ~ 10.30 
entry 8) 2012 / 3.25 ~ 10.28 
entry 9) 2013 / 3.31 ~ 10.27 
entry10) 2014 / 3.30 ~ 10.26 

3. MMC601 STATION GROUP[500] (OS12) 
Station Group 500＇s MEMBER(01)~(08): 21 ~ 28 

4. MMC849 SELECT AP TYPE (OS100, OS500, OS7200) 
: BASIC WBS 

5. MMC723 SYSTEM KEY (All OS systems) 
Set keys set as NONE to DS keys for all digit phone series.		Req.
IIR012		05.10.27		OS12
OS100
OS7200
OS500		MCP		V2.60		ITALY				MCP		V3.32		V		V				V		V		V

		N051031028		[DEFAULT VALUE CHANGING FROM TI] 
Telecom Italia technical department has requestes to change some default value in the OfficeServ systems series to satisfy their customers.		[DEFAULT VALUE CHANGING FROM TI] 
Telecom Italia technical department has requestes to change some default value in the OfficeServ systems series to satisfy their customers.		Telecom Italia technical department has requestes to change some default value in the OfficeServ systems series to satisfy their customers.		Change default values as follows: 
1. MMC210 TENANT ON & OFF for all OS systems 
Change default setting of the following parameters: 
- ICM EXT FWD : ON 
- DID ERR TONE: OFF 
- ISDN PROGCON: ON 
- DSS KEY DPU : ON 
- REDIAL REVW : ON 

2. MMC861 SYSTEM OPTION for OS100, OS500 and OS7200 only 
Change default setting of the following parameter: 
- ISDN SS FEATURE: ENABLE		Check the below default values: 
1. MMC210 TENANT ON & OFF (All OS systems) 
- ICM EXT FWD : ON 
- DID ERR TONE: OFF 
- ISDN PROGCON: ON 
- DSS KEY DPU : ON 
- REDIAL REVW : ON 

2. MMC861 SYSTEM OPTION (OS100, OS500, OS7200) 
- ISDN SS FEATURE: ENABLE		Req.
IIR013		05.10.31		OS12
OS100
OS7200
OS500		MCP		V2.60		ITALY				MCP		V3.32		V		V				V		V		V

		P060420016		[IT084] When system restarts the AA MoH message set on port 3951 was lost.
1. Set country ITALY and start OS 500 system by default
2. Install an AAI card in any slot
3. Set AA MoH message on port 3951 in MMC736, and assign the BGM port to any DGP in MMC308.
4. Press the HOLD button of the DGP and check the played message.
5. Make a power restart of the system
Although the AA MOH setting is OK (MMC736 and MMC308), no BGM message could be heard.		[IT084] When system restarts the AA MoH message set on port 3951 was lost.
1. Set country ITALY and start OS 500 system by default
2. Install an AAI card in any slot
3. Set AA MoH message on port 3951 in MMC736, and assign the BGM port to any DGP in MMC308.
4. Press the HOLD button of the DGP and check the played message.
5. Make a power restart of the system
Although the AA MOH setting is OK (MMC736 and MMC308), no BGM message could be heard.		When restarting system, AA card did not receive control message that start AA MOH.		It was fixed so that AA MOH start message would be sent to AA card when restarting system.		1. Set country ITALY and start OS500 system by default
2. Install an AA card in any slot
3. Set AA MoH message on port 3951 in MMC736, and assign the BGM port to any DGP in MMC308.
4. Press the HOLD button of the DGP and check the played message.
5. Make a power restart of the system
6. Press the HOLD button of the DGP and check the played message. BGM message coule be heard.		Bug
IT084		06.03.23		OS500		MCP		V2.63		ITALY				MCP		V3.32		V		V				V		V		V

		P060420017		[IT085] When system restarts the AA MoH message set on any ports (MISC4 card) was lost.
1. Set country ITALY and start OS 100 system by default
2. Install the MISC4 card in the proper slot
3. Set AA MoH message on any port in MMC736, and assign the BGM port to any DGP in MMC308.
4. Press the HOLD button of the DGP and check the played message.
5. Make a power restart of the system
The AA MOH setting in MMC308 is cleared from the assigned port to NONE, no BGM message could be heard.		[IT085] When system restarts the AA MoH message set on any ports (MISC4 card) was lost.
1. Set country ITALY and start OS 100 system by default
2. Install the MISC4 card in the proper slot
3. Set AA MoH message on any port in MMC736, and assign the BGM port to any DGP in MMC308.
4. Press the HOLD button of the DGP and check the played message.
5. Make a power restart of the system
The AA MOH setting in MMC308 is cleared from the assigned port to NONE, no BGM message could be heard.		When restarting system, AA card did not receive control message that start AA MOH.
And the line type of AA MOH was changed. So the AA MOH setting in MMC308 is cleared from the assigned port to NONE.		When restarting system, it was fixed so that AA MOH start message would be sent to AA card and the line type of AA MOH would not be changed.		1. Set country ITALY and start OS500 system by default 
2. Install an AA card in any slot 
3. Set AA MoH message on port 3951 in MMC736, and assign the BGM port to any DGP in MMC308. 
4. Press the HOLD button of the DGP and check the played message. 
5. Make a power restart of the system 
6. Check the AA MOH setting in MMC308.
7. Press the HOLD button of the DGP and check the played message. 
BGM message coule be heard.		Bug
IT085		06.03.23		OS100		MCP		V2.63		ITALY				MCP		V3.32		V		V				V		V		V

		P060407005		On IDCS 100 R2 system: 
1) First station port on the system (x201) is busy talking to another party. 
2) 202 gets a CO call. 202 transfers the CO call to 201. 
3) 202 does not get busy tone or any indication that 201 is BUSY. It simply gets the call back. The transfer fails. 
4) This problem only occurs when transferring CO caller to Fisrt port of the system		On IDCS 100 R2 system: 
1) First station port on the system (x201) is busy talking to another party. 
2) 202 gets a CO call. 202 transfers the CO call to 201. 
3) 202 does not get busy tone or any indication that 201 is BUSY. It simply gets the call back. The transfer fails. 
4) This problem only occurs when transferring CO caller to Fisrt port of the system		When transferring CO call to first port of the system, busy status of first port did not check. This is problem that happen checking trunk port＇s pair port.		The trunk port＇s pair port does not use. If trunk call is transferred to station, the trunk port＇s pair port would not check any more.		1. First station port on the system (x201) is busy talking to another party. 
2. 202 gets a CO call. 202 transfers the CO call to 201. 
3. Check that 202 get busy tone or any indication that 201 is BUSY.		Bug		06.03.22		OS100		MCP		V2.63		USA				MCP		V3.32		V		V				V		V		V

		D060407017		When voice mail is left in OfficeServ7200 system, Digital Phone does not hear dial tone.		When voice mail is left in OfficeServ7200 system, Digital Phone does not hear dial tone.		When voice mail was left in OfficeServ7200 system, Message waiting tone have been heard  to Digital Phone instead of Dial tone.		It was fixed so that dial tone would be heard to Digital Phone when voice mail was left in system.		1. Set to use IP-UMS.
2. Leave Voice mail to DGP(201).
3. Check indication that voice mail is left.
4. Hook off the Digital Phone(201) and hear the dial tone.		Bug		06.04.07		OS7200		MCP		V2.63						MCP		V3.32		V		V

		P060519038		DND FORWARD LOOP 
Discovered 05/01/2006 
GS_SME_047 Officeserv DND System Lockup Issue 
Description: Officeserv7200, Officeserv 500, Officeserv 100, Officeserv 7400 have an issue with DND forward. If two different users are using DND forward and to each other, and a third user dials one of the two numbers that are in DND. The switch will lockup and a restart is needed to get dial tone back. The software affected is V2.48 and V2.63 sfw. 
Setup: Assign Phone A to a number 201. Have Line two set for 202. 
Go to mmc 722 and assign features DND forward and DND to each phone. Have 201 DND forward to 202, Have 202 DND forward to 201. Put both phones in DND mode with DND button on each set. 
Call one of the two numbers after they have been setup and are in the DND mode. The switch should lock up and no dial tone is noticed. 
Correction: Make the DND forward more flexible to allow it not to cause the switch to lock up. 
Priority: High 2		DND FORWARD LOOP 
Discovered 05/01/2006 
GS_SME_047 Officeserv DND System Lockup Issue 
Description: Officeserv7200, Officeserv 500, Officeserv 100, Officeserv 7400 have an issue with DND forward. If two different users are using DND forward and to each other, and a third user dials one of the two numbers that are in DND. The switch will lockup and a restart is needed to get dial tone back. The software affected is V2.48 and V2.63 sfw. 
Setup: Assign Phone A to a number 201. Have Line two set for 202. 
Go to mmc 722 and assign features DND forward and DND to each phone. Have 201 DND forward to 202, Have 202 DND forward to 201. Put both phones in DND mode with DND button on each set. 
Call one of the two numbers after they have been setup and are in the DND mode. The switch should lock up and no dial tone is noticed. 
Correction: Make the DND forward more flexible to allow it not to cause the switch to lock up. 
Priority: High 2		If two different users are using DND forward and to each other, and a third user dials one of the two numbers that are in DND. The switch will lockup and a restart is needed to get dial tone back.		It was fixed so that the switch would not become loop case in DND forward.		1. Assign Phone A to a number 201. Have Line two set for 202. 
2. Go to mmc 722 and assign features DND forward and DND to each phone. 
3. Have 201 DND forward to 202, Have 202 DND forward to 201. 
4. Put both phones in DND mode with DND button on each set. 
5. Call one of the two numbers after they have been setup and are in the DND mode. 
6. Check whether the switch lock up.		Bug		06.03.23		OS500		MCP		V2.63		USA				MCP		V3.32		V		V				V		V		V

		P060410015		OS7200 Overheard Conversations.
1) IP extn 2949 was in conference call with digital extn 2919 and outside call on ISDN line.
2) IP extn 2931 was on ISDN call but then had crossed lines with extn 2919.
3) IP extn2907 was idle and had BGM set on, then music stopped and conversation could then be heard thru speaker on phone.		OS7200 Overheard Conversations.
1) IP extn 2949 was in conference call with digital extn 2919 and outside call on ISDN line.
2) IP extn 2931 was on ISDN call but then had crossed lines with extn 2919.
3) IP extn2907 was idle and had BGM set on, then music stopped and conversation could then be heard thru speaker on phone.		There is problem to conference mode deletion flow.
Conference mode is controlled by MGI port. If MGI channel was released without deleting conference mode, cross talk problem can happen.		It was fixed so that conference channel clear before adding conference mode. And conference off message would be sent when release MGI channel.		1. Make a conference with ITP and outgoing party.(use MGI channel)
2. Disconnect MGI network link.
3. IP network error occur.
4. Conference mode clear.
5. Make an outgoing call to use same MGI channel that used conference mode.
6. And Make a conference call.
7. Check that happen Cross talk.		Bug		06.03.23		OS7200		MCP		V2.63		GERMANY				MCP		V3.32		V		V				V

		P060505006		ISDN invalid disconnect cause.
- If in MMC714 DID digits programmed with Max Call=1 or in MMC722 only one Call button programmed for KeySet then if this DID number or KeySet busy, that system disconnect icomming call with cause 27 (Destination out of Order). It is invalid cause reason for this moment (Cause 27 should be used if KeySet is Plug Out). On this moment system should disconnect the call with Cause 17 (User busy). 
It should be checked and fixed for all OS systems 100/500/7200/7400. 
In attched files you can find MMC714,722 settings and ISDN trace for this situation.		ISDN invalid disconnect cause.
- If in MMC714 DID digits programmed with Max Call=1 or in MMC722 only one Call button programmed for KeySet then if this DID number or KeySet busy, that system disconnect icomming call with cause 27 (Destination out of Order). It is invalid cause reason for this moment (Cause 27 should be used if KeySet is Plug Out). On this moment system should disconnect the call with Cause 17 (User busy). 
It should be checked and fixed for all OS systems 100/500/7200/7400. 
In attched files you can find MMC714,722 settings and ISDN trace for this situation.		If keyset has only one call button and keyset busy, that system disconnect incoming call with cause 27(Destination out of order).		It was fixed so that system would disconnect the call with cause 17 (User busy).		1. Assign only one call button for keyset 201.
2. Make 201 keyset busy.
3. Make an incoming call to 201.
4. Check whether system disconnect the call with cause 17.
   (Calling party keyset should be displayed "USER BUSY" in LCD)		Bug		06.03.23		OS500		MCP		V2.63		ITALY				MCP		V3.32		V		V				V		V		V

		P060509001		DIALING ＇8" STOPS CALL RECORD AND DELETES THE RECORDED CALL 

PROBLEMS: 
A) During a call record session, if you pres the digit ＇8＇, no DTMF is sent. 
B) During a call record, if you press the Digit ＇8＇ many times, it will stop the call record and delete the recorded message. 
THIS PROBLEM OCCURS ON ALL SYSTEMS OS100, OS500, OS7200, OS7400 v 2.48 or higher. 
EXAMPLE: 
1) From any station, make a CO call (PRI or LOOP trunk) to outside party. 
2) Once the outside party answers, press the Call record key. 
3)During the call record, press the digit ＇8＇. You will see that NO DTMF is sent. This is one problem 
4) Now press the digit ＇8＇ about 10 to 15 times. Now you will see that the Call record has stopped and the recorded call is deleted from SVMi. This is the other problem. 
5) Now if you press other digits 1,2,3,4,5 etc... and press 8 again, you will see that the DTMF has resumed.		DIALING ＇8" STOPS CALL RECORD AND DELETES THE RECORDED CALL 

PROBLEMS: 
A) During a call record session, if you pres the digit ＇8＇, no DTMF is sent. 
B) During a call record, if you press the Digit ＇8＇ many times, it will stop the call record and delete the recorded message. 
THIS PROBLEM OCCURS ON ALL SYSTEMS OS100, OS500, OS7200, OS7400 v 2.48 or higher. 
EXAMPLE: 
1) From any station, make a CO call (PRI or LOOP trunk) to outside party. 
2) Once the outside party answers, press the Call record key. 
3)During the call record, press the digit ＇8＇. You will see that NO DTMF is sent. This is one problem 
4) Now press the digit ＇8＇ about 10 to 15 times. Now you will see that the Call record has stopped and the recorded call is deleted from SVMi. This is the other problem. 
5) Now if you press other digits 1,2,3,4,5 etc... and press 8 again, you will see that the DTMF has resumed.		8＇, ＇*＇, ＇#＇ was sent to SVMi Card to control in call recording mode. The ＇8＇ digit is pause code, ＇*＇ is cancel code and ＇#＇ is stop code. But these SVMi control codes have not been using in USA. So the SVMi card was fixed so that these SVMi control codes would not handle during a call record.		It was fixed so that ＇8＇, ＇*＇, ＇#＇ SVMi control code would not be sent to SVMi card.		1. From any station, make a CO call (PRI or LOOP trunk) to outside party.
2. Once the outside party answers, press the Call record key.
3. During the call record, press the digit ＇8＇, ＇*＇, ＇#＇.
4. Check whether DTMF is sent.		Bug		06.03.23		OS500		MCP		V2.63		USA				MCP		V3.32		V		V				V		V

		N060214011				Multimedia ringback tone by SVMi Card		Adding multimedia ringback tone by SVMi card.		Some MMCs are added for multi-ringback tone service as below.

1. MMC326 RBT MESSAGE 
The user can assign multi-ringback tone message per station. 
The system will play an assigned multi-ringback tone when incoming call is received. 
This multi-ringback tone feature will require a SVMi card be installed in the system. 
When an incoming call is received, the system will access the assigned SVMi ment(0001~9999) that has been recorded in the SVMi card. 
If extension 2001 assign the RBT message to 0001 and incoming call is received, the calling party will hear the SVMi message 0001 instead of ringback tone.

2. MMC318 DISTINC. RING "VM RBACK"
The user can assign whether a multi-ringback tone hear. 
When this option is set to ON and the user make a call to extension that has assigned multi-ringback tone message, the calling party will hear a multi-ringback tone. 
When this option is set to OFF, the calling party will hear the system ringback tone although the called party assign a multi-ringback tone feature. 

3. MMC224 AUDIO PROMPT "RBT SOURCE"
Determines which VMSUCD group will be connected when a multi-ringback tone feature is used. 
This RBT source can be assigned VMSUCD group only. 

4. MMC601 STN GROUPS "RBT MSG"
The user can assign multi-ringback tone message per station group.
 RBT MSG can be 0001~9998, NONE, and F-STN. F-STN means extension multi-ringback tone message that assigned in MMC326. 

5. MMC400 TRK ON&OFF "COLORRING AS"
When this option set to ON, the loop trunk incoming call can be heard multi-ringback tone.		1. Assign RBT MESSAGE in MMC326. 
2. Assign RBT SOURCE in MMC224.
3. VM RBACK in MMC318 set to YES
4. Make an incoming call. 
5. Check whether the calling party hear SVMi message that assigned in MMC326.				06.03.23		ALL										MCP		V3.32		V		V				V		V		V

		ㅡ				[OS bug 237] DND FWRD destination is lost when DND FWRD is turned off.
1.  In MMC 722, on extension 202, program one key as FWRD5 and another as DND.
2.  Set a destination for DND FWRD, i.e. press TRSF 102 FWRD DND destination 203.
3.  Enable DND by pressing the DND key from step 1 above.
4.  Display shows “FWD DND to 202”
5.  If a user wants to keep DND enabled but remove the DND FWD option:
6.  Press FWRD5 button to turn on (?)
7.  Display remains “FWD DND to 202”
8.  Press FWRD5 button to turn off
9.  Display shows “all forwarding types cleared”
10. Display shows “DO NOT DISTURB”
11. To enable the DND FWD again to the same destination as in step 2:
12. Press FWRD5 button, display shows “must program dnd forward #”
13. The user is then required to press the TRSF 102 FWRD DND destination 203 step again,
which is not something the user would normally do.
14. In most situations, the DND FWRD destination is pre-set by the engineer or system administrator, the user would enable or disable this feature by pressing the appropriate key.		DND FWRD destination was cleared when DND FWRD is turned off by FWD key.		DND FWRD destination would not be cleared when FWD DND OFF.		1. In MMC722, on extension 201, program one key as FWD5
2. Assign FWD DND destination of extension 201 in MMC102
3. Set DND on extension 201. Check whether FWD DND set.
4. Press FWD5 key to turn off. Check whether Forward clear.
5. Press FWD5 key to turn on FWD DND. Check whether Forward set.		Bug		05.12.12		ALL		MCP		V2.61		ALL				MCP		V3.32		V		V				V		V		V				Temporary version

		ㅡ				The problem originally was that it was very difficult to dial out of the OS7400 or to receive incoming calls to the OS7400, the error message when dialling was “Out of Order”, the incoming error message shown on the OS500 or OS7200 system was also the same.
There has been much analysing of the network and traffic and IP Packets across the network to try to identify the problem, this has resulted in an understanding of the problem that is causing this.
Various software versions have been tried since this problem was originally reported and the problem has been improved. The current situation is as follows.
Outgoing calls
Outgoing calls can now be made successfully with only a 2-5% failure rate that is most likely to be network congestion on the receiving system.
Incoming calls.
All incoming calls will fail unless the system is in one of the following conditions.
1. An outgoing call is in progress
2. A successful call has been made within 30 seconds of the incoming call.

Attached are 2 new traces from the network showing
1. A failed incoming call 
2. A successful incoming call due to conditions 1 and 2 above being met.
From the traces taken we can see there are packets with a zero window and lots of RST packets, neither of which should be there.		Socket is closed when link time out, But Socket state in Memory of MP40 is not initialed by initial value.		If socket is closed in any case, Socket state is initialed.		Make A system -> B system  spnet call many times
  and make B system -> A system  spnet call many times		Bug		06.06.12		ALL		MCP		V3.31		ALL				MCP		V3.32		V






