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1 Background
· The proposed TR on MMToIP Optimization Opportunities [1] identifies interworking requirements with GERAN and UTRAN in combination with GAN. In the SA4#37 Opening Plenary, there were proposals to extend these requirements to TISPAN and other networks based on IMS, including networks such as cdma2000. The TR also identifies backward compatibility and the need to avoid transcoding. Given the nature of jitter in IP transport, it is preferable to avoid transcoding delays and quality degradations in MMToIP. 
· In an earlier SA4 communication [2] to OMA and copied to 3GPP TSG SA, 3GPP TSG SA2, 3GPP2 TSG-C, 3GPP2 TSG-S, we have indicated that 
SA4 considers transcoding free interworking across 3GPP and 3GPP2 networks an important aspect to avoid transcoding equipment at the network interconnections and to keep the service quality at a maximum possible level. 
3GPP2 has responded positively to this SA4 proposal in [3]. 
· In SA4 response [4] to 3GPP2 and copied to OMA POC WG, 3GPP TSG SA, 3GPP TSG SA2, 3GPP TSG CT1, 3GPP2 TSG-S, we have conveyed that 
SA4 recognises that the current 3GPP Packet Switch Conversational specification (TS 26.235) does not prevent the use of other media codecs in addition to the default media codecs. Actually, PoC terminals use SDP to exchange their media codecs capabilities and SA4 believes that signaling of EVRC is possible. Therefore it was agreed to bring to the attention of 3GPP2 that the support of EVRC in 3GPP PoC terminals is possible. 
· This contribution provides an example of SDP syntax to accomplish such signaling capability in our specifications. Since we have already communicated this capability to external organizations, it is beneficial to provide some guidelines in the TR.
.
2 Proposed text to be included in Section 6 of MMToIP TR
6.2 Session setup

The following example shows how a subscriber invites another subscriber to a VoIP session by issuing a SIP INVITE command with an SDP [11] description of the session. In order to highlight the SDP part, it is shown in bold.

…

An offer to indicate support for multiple decoders in the receiver (and thereby avoid transcoding in the network) may be realized by modifying media related parts of the SDP in Example1.
EXAMPLE 4:
 m=audio 3456 RTP/AVP 96
            b=AS:16 
a=rtpmap:96 AMR/8000

            a=fmtp:96 mode-change-period=2

            a=maxptime:20

            a=sendonly

            m=audio 3458 RTP/AVP 96 97            

            a=rtpmap:96 AMR/8000

            a=fmtp:96 mode-change-period=2

            a=rtpmap:97 EVRC/8000

            a=fmtp:97 maxinterleave=2

a=maxptime:20

a=recvonly
3 Recommendations

Review and adopt the text proposed in the Section 2 in the next revision of [1].
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