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1. Overall Description:

At the SA-WG meeting #32, there was discussion on optimisation of bearers required for carrying voice for IMS. (see attached contribution S2-033102). SA2 understand that many issues need to be addressed for such an optimisation, with one of these issues being how to efficiently handle the RTCP associated to an RTP flow. 

The 3 proposals discussed were as follows;

a) Removal of RTCP flow for point to point voice calls (see attached contribution S2-033136)

This proposal uses the SDP bandwidth modifier (RFC 3556) to indicate at session invitation that RTCP packets are not to be sent, by setting the RS and RR values to zero for point to point voice calls. Furthermore it is proposed that by using the SDP bandwidth modifier capability a backward compatible solution is provided, whereby session invitations are initiated containing duplicate media descriptions the first including the SDP bandwidth modifier and the second not including the bandwidth modifier.  If the receiving UA does not support the bandwidth modifier then the media descriptions containing these fields will be discarded, a call set up proceeds using RTCP.

b) Frame Stealing with Voice Activity Detection (VAD) (see attached contribution S2-033127)

Within this proposal RTCP frames shall be queued until silence period is detected whereupon the queued RTCP will be transmitted. Such frame stealing functionality (along with voice activity detection) is most conveniently positioned between RTP and UDP layers within the UE and the RNC: in this way no modifications to existing protocols are required; Such a solution would involve;

·
Buffering of the RTCP packet;

·
Silence periods identification via Frame Type field of received RTP packets;

·
RTCP transmission during silence periods;

·


c) Transmission of RTCP on a separate PDP context (see attached contribution S2-033128)

Within this proposal the RTP and RTCP flows are transmitted on separate dedicated PDP contexts. This would require the UE to set up two PDP contexts at call establishment with the appropriate QoS PDP context for the RTP flow and an appropriate QoS PDP context for the associated RTCP flow.

It should be noted that SA2 are still evaluating this subject, and are still open to other proposals.

2. Actions:

In order to complete their assessment of the architectural impacts of each of the proposals, and make an appropriate decision for how to efficiently handle the RTCP associated to an RTP flow, SA2 seek the advice of RAN and SA4 in the following areas;

SA4 Action:

SA2 would like to SA4 to investigate proposal (a) and report back on the feasibility of switching off the RTCP flow for a point to point voice call, identifying any possible impacts on service quality, and possible interoperability issues.

RAN3 Action:

SA2 would like RAN3 to investigate proposal (b) and report back on the feasibility of utilising frame stealing (in association with VAD) for use in transmitting RTCP, identifying any possible impacts on service quality (possible increases in Jitter, delay, FER) and the complexity of the implementation of such a solution.
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