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1. Overall Description:

SA4 thanks GSMA NG RILTE for their LS (S4-160163/RILTE#49 Doc 113) on "Further clarification of RTCP behaviour".
Scenario described in LS from NG RILTE:
The scenario that requires further clarity is where the SDP Offer contains non-zero values of the RTCP bandwidth attributes but the SDP Answer contains RR=0 and RS=0. In this case, it is clear that the Originating UE (Offerer) shall not send RTCP. However, there was debate as to whether the Terminating UE (Answerer) would send RTCP in this case.

NG RILTE assumes that terminating UE should send RTCP to the originating UE as the originating UE has allocated RTCP bandwidth and is expecting reception of RTCP packets.

SA4 would like to give the following clarifications:
RFC 3556 defines the RR and RS bandwidth modifiers but no offer/answer rules are defined for how these bandwidth modifiers should be negotiated.

RFC 3264 defines offer/answer rules for how bandwidth modifiers should be negotiated, e.g. for the AS bandwidth modifier. These rules mean that “each end-point declare how high bandwidth it is capable of receiving”. However, these rules cannot be applied to the RR and RS bandwidth modifiers based on how the RTCP bandwidth is used in RFC 3550 and RFC 3556.

The main issue (without going into too much details) is that:

· first an RTP/RTCP sender needs to determine how large RTCP bandwidth will be used for the RTP session, which describes the combined RTCP bandwidth needed for both end-points;
· then each end-point determines how much RTCP it can send for itself.
Procedures for how this is done are defined in RFC 3556 for the case when the RR and RS bandwidth modifiers are used. Otherwise, there are default procedures in RFC 3550.

These procedures mean that all participants in the session must have the same understanding of how large the total RTCP bandwidth is for the RTP session. Otherwise, the rules for how the RTCP bandwidth is shared among the participants would no longer work.
Given that no offer/answer rules are defined in RFC 3556 for the RR and RS bandwidth modifiers, and that the offer/answer rules in RFC 3264 cannot be applied, SA4 have defined the following rules for the offer/answer negotiation in TS 26.114:

· The SDP offerer proposes how RR and RS bandwidth modifiers should be set for the session

· The SDP answerer defines how the RR and RS bandwidth modifiers are set for the session

Hence, if the SDP offer use non-zero values but the SDP answer set the values to 0 then RTCP is disabled for both (all) end-points for that RTP session, i.e. neither end-point would be allowed to send RTCP.

SA4 see no need to further clarify 3GPP TS 26.114.
2. Actions:

None.
3. Date of Next TSG-SA4 Meetings:
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