Page 1



3GPP TSG-SA4 Meeting #91 
S4-161193
Bangalore, India, 24-28 October, 2016

	CR-Form-v11.1

	CHANGE REQUEST

	

	
	26.114
	CR
	0393
	rev
	-
	Current version:
	14.1.0
	

	

	For HELP on using this form: comprehensive instructions can be found at 
http://www.3gpp.org/Change-Requests.

	


	Proposed change affects:
	UICC apps
	
	ME
	X
	Radio Access Network
	
	Core Network
	X


	

	Title:

	MSMTSI MRF handling with reduced m-lines

	
	

	Source to WG:
	Qualcomm Incorporated, Ericsson LM

	Source to TSG:
	S4

	
	

	Work item code:
	MMCMH_Enh
	
	Date:
	2016-10-16

	
	
	
	
	

	Category:
	B
	
	Release:
	Rel-14

	
	Use one of the following categories:
F  (correction)
A  (mirror corresponding to a change in an earlier release)
B  (addition of feature), 
C  (functional modification of feature)
D  (editorial modification)

Detailed explanations of the above categories can
be found in 3GPP TR 21.900.
	Use one of the following releases:
Rel-8
(Release 8)
Rel-9
(Release 9)
Rel-10
(Release 10)
Rel-11
(Release 11)
Rel-12
(Release 12)
Rel-13
(Release 13)
Rel-14
(Release 14)

	
	

	Reason for change:
	The TR 26.980 elaborated in detail on the various media handling and distribution approaches, e.g., based on single source multi-unicast topology and multi-unicast fully-meshed topology. While the transcoder-free media handling, distribution, and rendering aspects of the conferencing in the presence (or absence) of a conference focus were studied in detail in the Rel-13 MMCMH TR 26.980, the session establishment and certain aspects of SDP offer/answer and size of SDP, number of conference participants received cursory study and analysis. These aspects of session establishment enhancements and SDP size optimizations are proposed for specification under the Rel-14 work item MMCMH_Enh. 

	
	

	Summary of change:
	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.

	
	

	Consequences if not approved:
	MSMTSI session when supporting large number of participants and using m-audio lines to indicate simulcast and concurrent codec capabilties exchange may result in verbose SDP Offer/Answer.

	
	

	Clauses affected:
	S.6.3 (New)

	
	

	
	Y
	N
	
	

	Other specs
	
	X
	 Other core specifications

	TS/TR ... CR ... 

	affected:
	
	X
	 Test specifications
	TS/TR ... CR ... 

	(show related CRs)
	
	x
	 O&M Specifications
	TS/TR ... CR ... 

	
	

	Other comments:
	


*** Start change ***
S.6
Media transport

S.6.1
RTP
An MSMTSI client shall be capable of receiving multiple, separate RTP streams [9] related to a single SIP dialog and route them to the correct decoder based on RTP SSRC, RTP Payload Type, and any "a=content" information in the SDP. The number of RTP streams used in each direction and for each media type is limited to what is negotiated by SDP offer/answer for that SIP dialog, allowing the involved MSMTSI clients to express a limit to the number of streams they can handle simultaneously. 
An MSMTSI client in terminal shall be capable of relating received RTP SSRC and CSRC with information from the conference event information (clause S.4), to enable indicating the identity of the RTP stream source. If a received RTP SSRC has no match in the conference event information, and if RTP CSRC is present, CSRC shall also be matched against conference event information. It is left up to MSMTSI client implementation what RTP stream source identification to use if neither SSRC nor CSRC can be matched against conference event information.
S.6.2
RTCP
An MSMTSI client in the terminal shall, as an MTSI client in the terminal, be capable to receive RTCP feedback (FIR, PLI, TMMBR, etc) [40][43] and respond accordingly, but shall also be capable to identify which sent RTP stream (SSRC) the RTCP feedback targets and direct it to the appropriate encoder.

An MSMTSI client shall support RTP-level pause and resume functionality according to [156] for all of its RTP streams, with the exception of the main audio stream from an MSMTSI client in terminal towards an MSMTSI MRF, which is not required to (but may) support RTP-level pause and resume functionality. An MSMTSI client shall be capable of restricting its use of RTP-level pause and resume functionality according to received pause/resume config parameter information in SDP, including not using it at all if that is the negotiation outcome.

An MSMTSI client in terminal shall support RTP-level pause and resume functionality at least corresponding to config=3, and should support full RTP-level pause and resume functionality corresponding to config=1.

An MSMTSI MRF shall support RTP-level pause and resume functionality at least corresponding to config=2, and should support full RTP-level pause and resume functionality corresponding to config=1.

S.6.3
RTP Stream Selective Forwarding
When a conference includes a large number of terminals or participants, the size of the SDP Offer listing the concurrent codec capabilities (CCC) using multiple audio m= lines can increase considerably. To reduce the size of the SDP offer when a conference includes a large number of participants, the MSMTSI MRF shall support RTP-level pause, reuse, replace, and resume actions.  For example, in the SDP Offer the MSMTSI MRF may use fewer downlink m= lines, corresponding to a dynamically selected streams even though there are large number of participants or terminals in the MSMTSI session. 

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.  The MRF should construct 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. Further, with RTP stream selective forwarding, 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. 

*** End change ***
