



RELEASE NOTE FOR MVP130






Boot code – 1.06






Firmware version – 1.09.08






IFM version – 13.

· New IFM ATMEL 8253 support.
· In SDP of SIP Message, Copying ptime attribute value after rtpmap attribute. Adding clock rate (8000) under the SDP field,  “Media Attribute (a): rtpmap: 101 telephone-event” if DTMF RFC2833 is enabled.

· Fix for the error in updation of details for SNMP for H.323, SIP and SPP calls if phone number is ANY NUMBER or channel is configured as hunting.

· When we make SIP call from MVP130 to Nuance NVP, MVP130 reboots. Fix is done by validating Supported header in SIP message.

· Fix for Web console is not getting opened when voip is behind NAT. 

· Fix for the customer issue 232345. FAX call is failed from MultiVoIP to SONUS. Fixed the problem by sending T38FaxRateManagement attribute to "transferredTCF" in SIP packet's SDP section. 

· Fix to relax parsing rule for start line of SIP message to allow SIP message, which contains sip version twice. Example  "ACK sip: 1791@192.168.3.179:5060 SIP/2.0 SIP/2.0".

· Fix for the SIP Registration problem when multiple contacts comes with different host in 200 OK.

· Fix for no dial tone problem when notify sip packet is received by MultiVoIP. And Also changes include not sending off hook indication for error cases like no response, user busy or IP Link down for FXO channel.

· Fix for one way audio issue with MVP130 when Fax is disabled. This is because of a FAX mode variable not getting updated when Faxing is disabled.

· Fix for the adding content type in 200 OK for options and accept header in SIP messages and some spell mistakes in SIP headers. 

· Fix for the parsing message failed when we receive SIP message with organization header as NULL.

· Fix for proxy authentication failed for SIP outgoing calls. If proxy address is entered with domain name, We should send from, to, request uri and authentication uri with domain name instead of resolved IP Address.

· Fix for call failure if caller id contains comma and ampersand symbols. And has fix for DTMF negotiation problem. Changed DTMF payload value from 96 to 121.

· Fix for the Flash Hook problem between NGAV and Redcom DV. Changes were made at the NGAV end to modify the time stamp of the Flash event packets for a particular call.

· Fix for Diagnostic voice test issue, Ch29 failing problem, STUN-SPP problem related to memory and SNMP Log counter and Log Details updation problem.

· Fix for customer request for FXO Auto call to be functioned. Enabled Marco WAIT_FOR_RING_EXPIRY_ON_IP_DISCONECT.

· Fix for Register Retry on request timeout, when only primary is configured and Channel lock up problem when call is made when none of the proxies are available.

· When we are advertising the coders in one order in INVITE, and different order in 200 OK, there is a mismatch in coder negotiation.  We have taken care of this issue.

· Fix for sending the Add prefix digits from FXS interface. Changes have been made in the FXS state machine to send digits present in the Add Prefix field.

· Fix for burst of dial tone for the FXO channel with IP incoming call, and add prefix digits, to connect to another extension. Stopped playing the RTP packets until the digits in the Add prefix field are played out on the PSTN side.

· Fix for sending the add prefix digits on FXS channels, and not playing the dial tone for a short time, when Add prefix digits are present for FXO channels. 

· Fix for Caller ID not functioning because of function enabled which is specific to CBR.

· Fix for extracting Transport Address from SDP (since media details comes in SDP, TA copied as zero). Changes are made such a way that If Media Specific Contact comes then copy it from Media List.

· Validating m fied in sdp properly, avoiding '/'),and if you get 180 ringing with sdp details, stop playing local ring back tone.

· Fix for SIP packet parsing failure in user-agent header(Example:User-Agent: (Very nice Sip Registrar Server) ).
· Fix for SIP stack not(to disconnect call) informing to application if 487 is received followed by 200 OK for CANCEL.6.08.DO – 19-Oct-2005 – updation of SNMP Logs.
· 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). 
· Since previously we were using Ngav Default files itself for MVP130, and when downloaded the configuration version used to display as that of Ngav only(6.09).Now we have created new default files for MVP130 with product id version as 1.09.
· Added smooth upgrade support for upgrading from configuration version 6.X to 1.X . Can be done by downloading through FTP or firmware download through GUI. Upgrade can be done from any lower versions to New X09 version.
· Fixed a problem that caused one way audio when caller ID is enabled. 

