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1 SCope

	Project Code
	MTSI-VOIP02



	Project Name
	Development and Maintenance of VoIP series of products



	Version No
	6.09.0Y



	Version Date
	25-Jan-2007



	Type of release
	Production



	Highlights/Feature addition
	Fix for the IFM download problem

	Released to
	KVS Prasad

	Project Manager / Leader
	Maria Pio Deepa


2 technical details

2.1 Version  6.09.0Y, Dated 25-JAN-2007

	Version No
	6.09.0Y



	Version Date
	25-Jan-2007



	Description
	Bug/Customer issue fixes



	Highlights/Feature additions
	None

	Bug Fixes

	1. When IFM files are downloaded, GUI hangs and pops up with a message box saying “No Response” in a PC where IE 7.0 is installed
      This is resolved by removing the second time reading of the   registry for comport values.

2. IFM Download is not happening properly in PCs where IE 7.0 is installed.
This is resolved by updating and checking the packet Types of request and response packets properly.

3. When the configuration is brought up or when an upgrade software, download factory default is done, some GUI errors pop up.
      This is resolved by integrating the IFM fix in the proper version                            of the Cnf File.

	Known Issues
	1. At the NAT Traversal page, Under Stun, when stun is enabled and server IP is given, the GUI doesn't allow 0.0.0.0 IP, but WEB allows the same after a warning, and after this, if a "Save & Reboot" is done, the box doesn't come up.

2. If this firmware is downloaded on top of 6.09.0K(version released specific to customer Tamas), the Cnf File Version Mismatch happens.

The workaround is to do an upgrade with “download defaults” option

instead of ”Retain Configuration”.

Even when an upgrade is done through FTP,”Download Factory Defaults” should be done.



	Operational recommendations
	Install from the X.09 diskettes and upgrade your previous firmware. 




2.2 Version  6.09.0A, Dated 8-Sep-2006

	Version No
	6.09.0A



	Version Date
	8-Sep-2006



	Description
	Bug/Customer issue fixes



	Highlights/Feature additions
	1. Addition of the changes due to Acceptance testing since 6.09.09 Standard release.



	Bug Fixes

	· 6.09.0A – 30-Aug-2006 – MVP130-NGAV Auto Call .

Problem Description: MVP130FXO - ring count set to 2 - auto call to NGAV FXS - Call into the FXO side and let the FXS side rings ONE RING (don't answer the call) then hang up on the FXO side. The phone on the FXS side is still ringing until the ring count expired ( 8 rings). If I let the FXS side rings for more than one ring then it is working fine as expected.
 


Fix Description:  Changes made in the FXO.txt state machine to solve this problem.

	Known Issues
	At the NAT Traversal page, Under Stun, when stun is enabled and server IP is given, the GUI doesn't allow 0.0.0.0 IP, but  WEB allows the same after a warning, and after this, if a "Save & Reboot" is done, the box doesn't come up.

	Operational recommendations
	Install from the X.09 diskettes and upgrade your previous firmware. 

X.09 Diskette Upgrade procedures :

New NGAV Board :

· Burn the BootCode onto the Flash chips.

· Use X.09 diskettes GUI and thru command port and “set mac address” command line option, set the MAC address for the VoIP hardware.

· Use X.09 diskettes GUI and choose “Upgrade firmware” option with “download defaults” option, to perform one step upgrade of firmware as well as configuration files.

· Use X.09 diskettes GUI and choose “Download IFM” option with “serial download” option, download the IFM firmware onto all the channels.

NGAV Board running X.08 diskettes :

· Use X.09 diskettes GUI and choose “Upgrade firmware” option with “download defaults” option, to perform one-step upgrade of firmware as well as configuration files. With “download defaults” option, the existing configuration of VoIP will be reset to all default values. 

· Or, if we want to retain the configuration set in the VoIP hardware, then use X.09 diskettes GUI and choose “Upgrade firmware” option with “retain configuration” option, to perform one-step upgrade of firmware as well as configuration file.

· Thru FTP client, upload mvpt1ftp.bin (available in the X.09 diskettes) to perform one-step upgrade of firmware as well as configuration file, by retaining the configuration set in the VoIP hardware.


2.3 Version  6.09.09, Dated 17-Aug-2006

	Version No
	6.09.09



	Version Date
	17-AUG-2006



	Description
	Bug/Customer issue fixes



	Highlights/Feature additions
	1. Addition of the changes due to field issues since 6.09.06 Standard release.



	Bug Fixes

	· 6.09.07 – 09-Aug-2006 – IFM download problem

Problem Description: When combined IFM firmware is downloaded to board with multiple(8252, 8253) IFM processors, 8252 IFM firmware is not downloaded to 8252 IFM processor. 

Fix Description:  Use 8252 chip erase when downloading 8252 IFM firmware and use 8253 chip erase when downloading 8253 IFM firmware.

· 6.08.09 – 17Aug-2006 – GUI/Web problems

Problem Description:  In GUI , whenever pass through was enabled, message to be displayed that “Network disconnection will be disabled” and accordingly it use to get disabled, as by default network disconnection is enabled. But when network disconnection was once again enabled in voice/fax page, by keeping pass through also enabled , then in GUI ,Network disconnection was getting enabled and it remains in the same way, which is wrong as when pass through is enabled network disconnection should be disabled.

Fix Description:  So check is been added even in the voice fax page that when Pass through is enabled then even if network disconnection is checked , it should become unchecked.

Problem Description: In WEB, If DID-DPO is configured as Interface Type, Pulse and DTMF radio button options are not graying out . They are getting graying out in Windows-GUI.

Fix Description: We made changes in web such a way that pulse  and DTMF radio button options should grayed out when we configure Interface Type as DID-DPO.

	Known Issues
	At the NAT Traversal page, Under Stun, when stun is enabled and server IP is given, the GUI doesn't allow 0.0.0.0 IP, but  WEB allows the same after a warning, and after this, if a "Save & Reboot" is done, the box doesn't come up.

	Operational recommendations
	Install from the X.09 diskettes and upgrade your previous firmware. 

X.09 Diskette Upgrade procedures :

New NGAV Board :

· Burn the BootCode onto the Flash chips.

· Use X.09 diskettes GUI and thru command port and “set mac address” command line option, set the MAC address for the VoIP hardware.

· Use X.09 diskettes GUI and choose “Upgrade firmware” option with “download defaults” option, to perform one step upgrade of firmware as well as configuration files.

· Use X.09 diskettes GUI and choose “Download IFM” option with “serial download” option, download the IFM firmware onto all the channels.

NGAV Board running X.08 diskettes :

· Use X.09 diskettes GUI and choose “Upgrade firmware” option with “download defaults” option, to perform one-step upgrade of firmware as well as configuration files. With “download defaults” option, the existing configuration of VoIP will be reset to all default values. 

· Or, if we want to retain the configuration set in the VoIP hardware, then use X.09 diskettes GUI and choose “Upgrade firmware” option with “retain configuration” option, to perform one-step upgrade of firmware as well as configuration file.

· Thru FTP client, upload mvpt1ftp.bin (available in the X.09 diskettes) to perform one-step upgrade of firmware as well as configuration file, by retaining the configuration set in the VoIP hardware.

	Other Notes
	· STUN tests not done due resource limitation (Route finder has developed some problems). We expect MTSI to do the STUN related testing.

· Basic testing of all features and stress tests we have done.

· Sanity testing of GUI and WEB is done.

· All bug fixes verified.


2.4 Version  6.09.06, Dated 7-Aug-2006

	Version No
	6.09.06

	Version Date
	7-AUG-2006

	Description
	Integrated IFM and customer issue fixes 

	Highlights/Feature additions
	1. Forceful download of combined IFM firmware

2. Addition of the changes due to field issues since 6.09.03 Standard release.

	Bug Fixes

	· 6.08.H3 – 28-Jul-2006 - SIP parser Fix

Problem Description: Audio codec is sending 180 Ringing with SDP details. It is sending rtp port and rtcp port by dividing with '/' in sdp details. Since we are looking for only rtp port, because of '/' in between, we are dropping the packet. 

Fix Description: This is fixed by properly validating sdp message.

Problem Description: Since they are sending 180 Ringing with SDP details, we should not play Local Ring back tone. We should wait for remote guy to play ring back instead.

Fix Description: We handle this by not playing local ring back tone and opening rtp and rtcp ports.

· 6.08.H5 – 02-Aug-2006 – SIP Call Disconection Problem

Problem Description: With AudioCodes Gateway there is one issue when we call on the destination, signaling is very perfect but if we hang the call after two or three rings, destination is still ringing around 6 to 8 rings and that time MultiVoIP channel are not available. 

Fix Description: Here SIP stack not(to disconnect call) informing to application if 487 is received followed by 200 OK for CANCEL as 487 contains different to-tag than 200 OK.(i.e. 487 dropped as corresponding original call info is not found in call container list) This is fixed.

· 6.08.H6 – 03-Aug-2006 - SIP parser Fix

Problem Description: Registration authentication failure because of parsing failure for "401 Unauthorized" response received from http://www.voipbuster.com/ for REGISTER packet sent by MultiVoIP gateway.

Fix Description: Fixed parsing failure when “User-Agent” header contains only comment. Example:User-Agent: (Very nice Sip Registrar Server)

	Known Issues
	At the NAT Traversal page, Under Stun, when stun is enabled and server IP is given, the GUI doesn't allow 0.0.0.0 IP, but  WEB allows the same after a warning, and after this, if a "Save & Reboot" is done, the box doesn't come up.

	Operational recommendations
	Install from the X.09 diskettes and upgrade your previous firmware. 

X.09 Diskette Upgrade procedures :

New NGAV Board :

· Burn the BootCode onto the Flash chips.

· Use X.09 diskettes GUI and thru command port and “set mac address” command line option, set the MAC address for the VoIP hardware.

· Use X.09 diskettes GUI and choose “Upgrade firmware” option with “download defaults” option, to perform one step upgrade of firmware as well as configuration files.

· Use X.09 diskettes GUI and choose “Download IFM” option with “serial download” option, download the IFM firmware onto all the channels.

NGAV Board running X.08 diskettes :

· Use X.09 diskettes GUI and choose “Upgrade firmware” option with “download defaults” option, to perform one-step upgrade of firmware as well as configuration files. With “download defaults” option, the existing configuration of VoIP will be reset to all default values. 

· Or, if we want to retain the configuration set in the VoIP hardware, then use X.09 diskettes GUI and choose “Upgrade firmware” option with “retain configuration” option, to perform one-step upgrade of firmware as well as configuration file.

· Thru FTP client, upload mvpt1ftp.bin (available in the X.09 diskettes) to perform one-step upgrade of firmware as well as configuration file, by retaining the configuration set in the VoIP hardware.

	Other Notes
	· STUN tests not done due resource limitation (Route finder has developed some problems). We expect MTSI to do the STUN related testing.

· Basic testing of all features and stress tests we have done.

· Sanity testing of GUI and WEB is done.

· All bug fixes verified.


2.5 Version  6.09.02, Dated 21-JuLY-2006

	Version No
	6.09.02

	Version Date
	21-JULY-2006

	Description
	The first X.09 release to support new IFM ATMEL 8253, new DSP AC48204 and the integration of past bug fixes.



	Highlights/Feature additions
	1. New IFM ATMEL 8253 support.

2. New DSP AC48204 support.

3. Addition of all the changes due to field issues since X.08 standard release.

	Bug Fixes

	· 6.08.DL – 05-Oct-2005 – Customer Requirement (NEC)

(NEC interoperability Issues) Problem Description:  If call made from the NEC PBX to the MVP130, when answered at the MVP, the far end continues to hear ringback. Problem lies in the 200 OK message which is sent from the MVP to the PBX. The ptime is before the rtpmap, so the PBX ignores the message, so no cut through.

Fix Description: Fixed by sending ptime attribute value after rtpmap attribute in SDP of SIP Message.

Problem Description:  In the 200OK message from the MVP to the NEC, under the SDP field, last line “Media Attribute (a): rtpmap:101 telephone-event” has no clock rate (8000). This is a problem for us(NEC). 

Fix Description: Clock rate(8000) appended at the end of the line"Media Attribute (a): rtpmap:101 telephone-event" under the SDP field.

· 6.08.DO – 19-Oct-2005 – updation of SNMP Logs

Problem Description: MVM log details will be displaying in  call progress page.  In some scenario(if phone number is ANY NUMBER or channel is configured as hunting) these fields(one or more fields) like calling number, calling name, called number and called name are empty.

Fix Description: If a particular channel is configured as ANY NUMBER or HUNTING, call progress details like calling number, calling name, called number and called name  not updated . In such cases we are now filling Gateway name instead of empty display for these fields.

· 6.08.DQ – 28-Oct-2005 – SIP Call failure.

Problem Description: The NGAV is having problems with certain caller ID strings. When Duane's customer sends the CID string WARREN,GEORGE & to the voip, the call does not go through. And Caller ID not displayed properly.

Fix Description: Comma is being used as a delimiter from VoIP SIP application to SIP stack to tokenize elements of call source and call destination details, which are sent from application.
(For example Src Addr - NAME:"MultiVoIP",TEL:1791,TA:192.168.3.179,PORT:5060,TT:TCP
Dest Addr - TEL:1808,TA:192.168.3.180,PORT:5060,TT:TCP)
Because of this SIP outgoing side packet's From header won't be proper if Name contains comma(here Name is taken from caller id, which contains comma), so SIP incoming side parser
will fail. So call will fail. This is fixed by changing delimiter from comma to tab. Caller ID displaying properly for special characters not fixed.

(DTMF negotiation problem)Problem Description: When MultiVoIP is configured for DTMF out of band RFC2833 digits mode, DTMF digits are not passed.

Fix Description: There was logic problem while setting DTMF RFC2833 mode to DSP, same fixed.

· 6.08.DR – 03-Nov-2005 – Flash Hook Problem.

Problem Description: The Redcom DV was not able to detect the flash hook for the second time. The first flash hook was detected, but not the second. The problem was that all the flash hooks were sent from NGAV to DV with the same sequence number. At the DV end, a check is made for the sequence number. If the sequence number is the same as previous received, then we discard the flash hook packet.

Fix Description: So now we send different flash hooks with different sequence numbers.

· 6.08.DU – 10-Nov-2005 – Diagnostic problem.

Problem Description:  Diagnostic voice test issue

Fix Description: It was not detecting exactly the same SigMode and event as we were sending, due to some overwritten of buffer before we check the received packet from DSP. Physical and Logical channel id were not mapped correctly

Problem Description:  Ch29 failing problem

Fix Description: Some flaw in the logic of the code, for detecting the success scenario for the last channel ( channel 29 ).

Problem Description: We had increased some memory with respect to increasing the number of UDP and TCP sockets for STUN. But had not increased the memory for it completely. Thus, we were landing into some SPP memory related errors, when STUN was enabled, and the ethernet link was down.

Fix Description: For this, we increased the required amount of memory and also added check not to send the STUN Keep-Alive packets when Ethernet link is down.

Problem Description: MVM stops reading logs, after running few hours.

Fix Description: Changes done in the firmware side to provide proper SNMP Log Count value. After few hours run SNMP Log Count value made as 0 due to that MVM not reading SNMP logs.

· 6.08.DX – 24-Nov-2005 – Channel Lock up problem.

Problem Description: When only primary proxy is configured and Register request gets timed out, the retry is done only after re-registration time, which is configured. Though the primary comes up, VoIP will not be trying to register again for another 1hr [default re-registration time]. 

Fix Description: On request timeout, instead of retrying after configured re-registration time, it has been changed to try every one minute till the Primary is available.

Problem Description: When a call is made through proxy and none of the proxies are available, the call fails. PSTN states were not cleared properly channel was not freed properly resulting in channel lock up problem.

Fix Description: On hitting the above error condition, the PSTN states are cleared and channel is freed.

· 6.08.DZ – 05-Dec-2005 – Coder negotiation problem.

Problem Description:  When call is made from MVP410, 6.08.DI to the SIP proxy(Proxy01.sipagate.com) to 0016128450550 cell phone, the call is completed, but when answered at the cell phone, call disconnects. Coder configured is auto coder. Here we are advertising the coders in INVITE in one order, while the 200 OK is coming in some other order. We are picking G.711 while the other side is picking G.723 and the call gets disconnected.

Fix Description: DSP parameters setting function vpktChangeChanAttrib() is failing as we are setting  wrong packetization time(20 ms) for G723 coder, when remote is not advertising packetization value. Fixed by setting packetization value to 30 ms for G.723.

· 6.08.EE – 15-Dec-2005 – Web console problem.

Problem Description: When VoIP is behind NAT, we could access all web pages but not web console page. We are    trying to get web console messages with the VoIP IP Address which is configured, not with the NAT IP.

Fix Description: Instead of using configured IP Address to get web console messages, we are using IP Address which we enter in the web URL to access web pages.

· 6.08.F1 – 06-Feb-2006 – Add prefix digits problem.

Feature Addition: We were not previously sending out the Add prefix digits in the Inbound phone book for the FXS interface. This was done only for FXO. The digits sent out of FXS can be either completely add prefix in the inbound phonebook entry, or the combination of the digits after remove prefix with the add prefix, if any, in the phone book entry.

· 6.08.FD – 17-Feb-2006 – SIP parser Fix.

Problem Description: For incoming call to MultiVoIP, two way voice is established but call gets disconnected in around 60 seconds because of ACK, SIP Message received by MultiVoIP contains SIP version twice. (i.e. third party user agent sent wrongly sip version twice in start line of ACK method of SIP packet as "ACK sip:16462781017@192.168.113.98:5060 SIP/2.0 SIP/2.0") 

Fix Description: Fixed by relaxing parsing rule for startline of SIP message to allow SIP message which contains sip version twice.

· 6.08.G3 – 01-Mar-2006 –Burst of problem.

Problem Description: A burst of dial tone was heard for the FXO channel with IP incoming call, and add prefix digits, to connect to another extension.

Fix Description: Stopped playing the RTP packets until the digits in the Add prefix field are played out on the PSTN side.

· 6.08.GA – 27-Mar-2006 – SIP registration Fix.

Problem Description: We will take expiry field of the first contact, which comes with contact header of the 200 OK responses to re-register the endpoint. When we register with a third party proxy, it is sending multiple contact headers. Among those, it is actually sending expiry field value zero for the first contact. Because of this, we used to re-register continuously.

Fix Description: This is fixed by taking the expiry value which we sent in REGISTER request.

· 6.08.GB – 27-Mar-2006 – Add Prefix Digits Problem.

Problem Description: The problem refers to the dial tone that was being played even when there were digits in the add prefix field, using which the second stage call could have been completed. The user was still given a dial tone, which would give an impression as to the PBX is waiting for the user to dial the digits. 

Fix Description: We have now stopped the dial tone, and playing out the add prefix digits to initiate the second stage call. This makes it appear as a single stage call for the user.

· 6.08.GC – 28-Mar-2006 – No Dial Tone Problem.

Problem Description: While making a call with SIP proxyserver for a customer, it does not give the dial tone but yet can see the XS light is lit up on the front panel of the MVP130. Also when phone goes off hook, gets the message " PSTN[0] Event ENQ Failed, Event - 164, Queue - 12" in the print console.

Fix Description: Though MultiVoIP does not subscribe for MWI, Asterisk sends MWI notifications when a phone number is simply registered. During parsing of Notify packet, program control is looping infinitely in a fragment of code.

· 6.08.GD – 04-Apr-2006 – Caller ID Problem.

Problem Description: Caller ID not functioning because of function enabled which is specific to CBR. CBR is Constant Bandwidth Rate - This was a requirement from a different customer. The code had changes done for CBR, which were incorporated for normal MultiVoIP also, by mistake. This affected the normal working of caller Id. 

Fix Description: We commented the code required only for CBR, to make the caller ID function properly. 

· 6.08.GG – 06-Apr-2006 –Transport Address Problem.

Problem Description: FAX call failure-Global contact address(c=) in SDP section of SIP packet for FAX was not handled. We were handling only at media level.

Fix Description: Global contact address(c=) in SDP section of SIP packet for FAX is handled.

· 6.08.GQ – 26-Apr-2006 – Mitel issue.

Problem Description: When we are responding 200 OK for OPTIONS, we are not putting Content-Type and Accept header in 200 OK. So Mitel is dropping 200 OK packet. Mitel raised concern about this.

Fix Description: To provide this fix, Content-Type and Accept  headers were added with proper values.

· 6.08.GZ – 03-Jul-2006 – One way Audio problem.

Problem Description: One-Way Audio problem, when caller ID is enabled and FAX Relay is disabled and caller id is not getting displayed if Codec is anything other than G.723. When caller Id needs to be sent, we receive some fax packets from DSP after the caller id is sent on the PSTN side. On receiving this dummy FAX packet, we set some status, which then proceeds on with completing the sending of the caller ID. But when FAX relay is disabled, we do not set the status, and thus we do not proceed with completing the sending of the caller id. This in turn does not allow the other voice packets to be sent onto the PSTN, thus the one way audio.

Fix Description: We now set the status, even if the FAX relay is disabled.

Following Customer Issues , fixed for MVP130, Applicable for NGAV also.

· 1.08.DP – 14-Oct-2005 – MVP130 Crash problem.

Problem Description: When we initiate call from MVP130 to nuance NVP, In the response sip packet, it is sending Supported header with NULL Value. Because of no proper validation in our parser code, MVP 130 is rebooting.

Fix Description: We are now validating all sip headers properly to avoid rebooting of VoIP.  i.e. If we get headers with NULL value, we won't give it to application.

· 1.08.DW – 18-Jan-2006 – Fax problem with SONUS.

Problem Description: FAX call failed from MultiVoIP to SONUS.

Fix Description: Fixed the problem by adding T38FaxRateManagement attribute to "transferredTCF" in SIP 200 OK  packet's SDP. 

· 1.08.GH – 03-May-2006 – Proxy Authentication failed.

Problem Description: Proxy authentication failure for SIP outgoing calls.

Fix Description: If proxy address is configured with domain name, We are sending from, to, request uri and authentication uri with domain name instead of resolved IP Address.

	Known Issues
	· T.38 FAX has some interoperability issues with AT&T SONUS and Object World.

	Operational recommendations
	Install from the X.09 diskettes and upgrade your previous firmware. 

X.09 Diskette Upgrade procedures :

New NGAV Board :

· Burn the BootCode onto the Flash chips.

· Use X.09 diskettes GUI and thru command port and “set mac address” command line option, set the MAC address for the VoIP hardware.

· Use X.09 diskettes GUI and choose “Upgrade firmware” option with “download defaults” option, to perform one step upgrade of firmware as well as configuration files.

· Use X.09 diskettes GUI and choose “Download IFM” option with “serial download” option, download the IFM firmware onto all the channels.

NGAV Board running X.08 diskettes :

· Use X.09 diskettes GUI and choose “Upgrade firmware” option with “download defaults” option, to perform one-step upgrade of firmware as well as configuration files. With “download defaults” option, the existing configuration of VoIP will be reset to all default values. 

· Or, if we want to retain the configuration set in the VoIP hardware, then use X.09 diskettes GUI and choose “Upgrade firmware” option with “retain configuration” option, to perform one-step upgrade of firmware as well as configuration file.

· Thru FTP client, upload mvpt1ftp.bin (available in the X.09 diskettes) to perform one-step upgrade of firmware as well as configuration file, by retaining the configuration set in the VoIP hardware.

	Other Notes
	· STUN tests not done due resource limitation (Route finder has developed some problems). We expect MTSI to do the STUN related testing.

· Basic testing of all features and stress tests we have done.

· Sanity testing of GUI and WEB is done.

· All bug fixes verified.
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