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*** Start changes ***

6.13.4
MSMTSI MRF Handling with Reduced m-lines
6.13.4.1
Introduction
An approach to query and exchange the encoding/decoding capabilities of the terminals based on the SIP OPTIONS method is described in 6.13.3.1. Annex T.3 and Clause T.3.3 in TS 26.114 includes MS-MTSI SDP examples where multi-stream audio is simulcast with multiple codecs for the main audio. Multiple m-audio lines in the SDP offer for each participant can increase the size of the SDP as the number of participants and number of types of codecs increase. This Clause describes some procedures on how to re-use a given m-audio line for multiple participants at the MRF such that the size of the SDP offer from MRF to the participants is significantly reduced.
6.13.4.2
RTP Stream Selective Forwarding
The terminals can use SDP parameters to implicitly exchange (e.g., based on multiple m-lines and using the ‘simulcast’ parameter) the concurrent encoding/decoding capabilities with the MRF.  When a conference includes a large number of terminals or participants (e.g., N = 10) the size of the SDP offer listing the concurrent codec capabilities (CCC) using multiple audio m= lines can increase considerably.  For example, on the decoder side, the number of SDP lines needed can be based on the number of conference participants e.g., P1-P10 and the codecs supported by each of the conference participants P1-P10.  Due to different levels of decoding complexity, which codecs can be operated concurrently can vary with the choice of codecs.  It is possible that not all participants P1-P10 will be able to concurrently decode all of the codec types, if one of the more complex decoders is being used.  Another result of the different decoding complexities for each codec type is that the total number of concurrently supported decoders can vary with the codec choice.  For example, a participant Px may be able to concurrently decode n1 EVS streams or up to n2 AMR-NB streams, where n1 would typically be less than n2.  If a participant Px has the ability to decode up to NMAX streams when using the least complex decoder(s) and up to NMIN streams when using the most complex decoder(s), then it would have to describe separate alternative media stream specifications for NMIN, NMIN +1, NMIN +2, NMIN +3, … NMAX concurrently decoded streams. This will significantly increase the SDP size while addressing various CCCEx scenarios and the total number of conference participants.
To reduce the size of the SDP offer when a conference includes a large number of participants, the MRF can perform RTP pause, reuse, replace, and resume actions.  For example, in the SDP offer the MRF may use only three downlink audio m= lines (for a=sendonly/sendrecv), corresponding to three, dynamically selected, “chosen” senders, even though there are 10 participants P1-P10 or terminals in the call.  What criteria to use to “choose” senders can differ and can to some extent be left to MRF implementation, but one example is to use some talker activity measure.  The participants P1 through P10 will receive the offer from the MRF and respond with an answer accepting the offer.
For the case where there is only one talker (e.g., P1) at a given time, the MRF would route the uplink RTP packets from P1 downlink to the other participants (P2-P10).  For the case when two talkers are talking (e.g., P1, P2) or three talkers (e.g., P1, P2, P3) talking at a given time, the MRF routes the uplink packets to the other participants, using the downlink RTP streams that was set up by the SDP send direction audio m= lines mentioned above.
For the case, when one of the talkers (e.g., P3) stops and another, new talker (P4) takes the floor and begins talking, the MRF can stop forwarding (“pause”) the uplink RTP stream associated with P3, and “reuse” the same downlink RTP stream (m= line) for the uplink RTP stream from the P4 talker.  One caveat is that the MRF should have constructed the SDP offer such that the downlink RTP stream from participant P3 fits sufficiently well with the capabilities of participant P4, such that the same downlink audio m= line can be re-used for P4 as was used for P3, rather than making an SDP re-negotiation to accommodate P4. For this, the MRF may need to pre-analyze the CCCEx and the SDP of all the terminals (e.g., from the SIP OPTIONS method) and construct sub-groups that can share a given audio m= line with a given set of mandatory and optional codecs in the simulcast.
Another related issue with RTP stream selective forwarding is that the speech coding synthesis (or video coding) memories from P3 in the different downlink RTP receivers are potentially carried over to the current talker stream P4; in such case, the re-use of memories (decoding history) across different senders may affect the first few frames of decoding P4 resulting in undesirable artefacts.  
For speech, these undesirable artefacts can, without introducing transcoding, be reduced or eliminated by the MRF briefly replacing the RTP stream to be used by P4 with one or more frames.  For example, the one or more frames can be a silence indicator (SID) frame, a discontinuous transmission (DTX) frame, a series of SID frames, a series of DTX frames, or a signaling to the participants that talker P3 is switching to talker P4 within the same RTP stream. The use of the one or more frames improves the decoder’s ability to refresh its synthesis memories.  If the synthesis memories are not adequately refreshed, then the undesirable sounds and artefacts may occur due to the synthesis memories from the previous talker P3 being carried over to the current talker stream for P4.  Subsequent to a “replace” operation, the MRF can “resume” the packet transmission of P4 within the third RTP indicator previously used for P3.
For video, it is not as easy for the MRF to inject “synthesized” RTP data that will reset the decoder memories.  Video memories may both be longer for video than for audio, and the video “starting point” also cannot be naively chosen by the MRF while still maintaining a good video quality after the switch.  Instead, the MRF has to be assisted by the uplink video RTP stream sender.  The P4 video RTP stream sender can be requested to send a video “starting point”, an intra picture, at its earliest convenience, by MRF issuing an RTCP FIR towards P4.  The MRF can then continue to send video from P3 to downlink RTP receivers, while monitoring the uplink RTP stream from P4 and make the switch between forwarding P3 RTP stream to forwarding P4 RTP stream downlink only when the memory-resetting intra picture arrives from P4. 
On RTP level and since the same m= line is re-used for sending downlink RTP stream first from P3 and then from P4, this selective forwarding by the MRF can look to downlink RTP stream receivers as if the RTP stream from P3 was paused and P4 was either started or resumed (depending on if it was received before or not). This is true when the RTP stream identification, SSRC, in the RTP packet header is kept untouched from uplink RTP stream sender, across the MRF, to the downlink RTP stream receivers.  Depending on MRF implementation and chosen RTP topology, the MRF can instead itself be an RTP source and generate its own RTP stream identifications (SSRC).  In this case, the apparent “pause/resume” behaviour of downlink RTP streams can be avoided by keeping the same (MRF-generated) SSRC in downlink for the m= line, even though the “contributing” uplink RTP stream (and thus its SSRC) is changed.  To still enable the downlink RTP stream receiver to identify the actual, originating uplink RTP stream sender (P3 or P4), the MRF can instead include their SSRC in the RTP header CSRC (contributing source) field.

The above pause/reuse/replace/resume like behaviour caused by an MRF using selective forwarding with “SSRC pass-through” is not to be confused with actively controlling pause/resume. There it is the responsibility of an RTP stream receiver that wants to pause or resume a stream from the sender(s) to transmit PAUSE and RESUME messages. Further, an RTP stream sender that wants to pause itself can often simply do it, but sometimes this will adversely affect the receiver and an explicit indication that the RTP stream is paused may then help. In the case where uplink RTP stream senders and downlink RTP stream receivers are interconnected by an MRF, the RTP stream receivers do not know how to control the senders’ RTP streams to achieve a good conferencing experience, only the MRF has this knowledge. The MRF uses this knowledge by RTP stream selective forwarding and reusing m= lines without additional signalling.
*** End changes ***

