



Released Notes for MVP2410 and MVP3010






Firmware Version – 4.09.0A






Boot code – 2.03b

· Fix for NETWORK_DISCONNECT and AUTO DISCONNECT channel seize problem cases where cause code is not being mapped properly to Reason Header. 

· Changes made to support ISDN cause codes 20, 23, 26, 38, 55, 70, 79 and 87 in all operators as done for Redcomm DV.

· Added authentication support for BYE and CANCEL requests.

· Fix for Flash Hook problem in RFC 2833 where Flash is getting generated 3 times since 3 RTP packets received from IP.

· Fix for sending unique Branch ID while sending SIP INFO message on IP every time and fix for sending negotiated payload value instead of 96 always for sending FLASH Value using RFC 2833.

· Added Length Validation for User CID, Suffix CID and Prefix CID are done (min=0 and max =32). Only characters like ‘#’,  ‘*’ and digits between 0-9 are allowed.

· Caller Id Manipulation for PRI.

·   ISDN cause code mapping as per RFC 3398 for PRI.

· Normal DV firmware with fix for call signaling page password using web (to allow special characters like!,@,#..)

· Firmware for Hughes CBR. Fix for receiving the ANI digits and sending it out on the IP, with a ' * ' being appended at the end of the ANI number.

· Firmware for the waiting for digits customer issue. Have changed the SIP disconnect wait time out from 50 seconds to 12 seconds, and the number of retransmissions from 5 to 3.

· MVP3010 firmware for Customer Paulo for issue 248951.

· Changes: 

· 1) MD5 authentication fix. 

· 2) DHCP fix.

· Radius accountings  "called -station-id" attribute is sent as outcome of destination pattern remove prefix and add prefix not as remove prefix.

· Fixes to support two stages dialing for SIP and SPP in case of RFC2833 digit passing. 
· Fix for channel seizing when we call from DV to DV via SS.

· To support remote Music On Hold and local Music On Hold based SIP Packet. If hold INVITE SDP contains connection information as non-zero ip address and a = send only attribute, then no music is played locally, remote RTP packets are played.  If hold INVITE SDP contains connection information as non-zero IP address, then no music is played locally.

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

· To fix the code checksum error bug when we save PDD in X08 after we do an upgrade from X02 to X.08.

· Fix for MFR2 Problem. If the call was from NGAV to DV, the MF digits dialed out were heard at the NGAV end. Change includes not sending RTP from the DV to NGAV for MFR2, until the call is connected on IP.

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

· Change for CAS Rx messages not to come in a call, when PRI is enabled.

· For the error in the updation of SNMP count, which is creating problem, not sending logs to MultiVoIP Manager continuously.

· Fix for the problem of False ring back. If media details come in 180 ringing SIP response, we should treat this as early media. SIP response 200 OK was getting dropped due to extra character /1 with Media port number in the m= line of SDP section has been taken care.

· Fix for the problem of disconnect before session goes to connected state. CANCEL transaction was not handled properly.

· Fix for the problem of One-Way Audio, 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.

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

· Fix for no dial tone problem when notify sip packet is received by MultiVoIP. Even though this is NGAV problem, actual problem was in SIP stack.

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

· 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".

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

· 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.
· Fix for call failure if caller id contains comma and ampersand symbols. 
· 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 the customer issue 232345. FAX call is failed from MultiVoIP to SONUS. Fixed the problem by adding T38FaxRateManagement attribute to "transferred TCF" in SIP packet's SDP.

