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*** Next changes ***

6.15.2.1
Recommended Requirements for the CCCEx

From the analysis provided in clause 6.11.1, the following requirements are recommended for the CCCEx protocol:

1)
Can exchange CCC before a call is ever initiated, e.g.

a)
when users enter each other's contact information into a directory on the terminal;

b)
when user the codec capabilities of a terminal change (via download or swapping of terminal hardware),

2)
Can exchange CCC at call set-up, if needed.
*** Next changes ***

6.17
Use Case P: Codec Migration
6.17.1
General

A general assumption in most use cases above is that to enable media switching instead of transcoding in the MSMTSI MRF, all MSMTSI UE in the same conference must in the simplest case use fully bitstream-compatible encodings of the same media codec.
6.17.2
Problem Description
In times of migrating the MSMTSI UE device fleet from one codec to a new (better) one, it would be desirable to allow MSMTSI UE implementing the new codec to use it when communicating in the conference with other MSMTSI UE also implementing that same new codec, while still avoiding media transcoding in MSMTSI MRF to the largest extent possible. Examples of such codec migration are from H.264 [30] Constrained Baseline Profile (CBP) to H.264 Constrained High Profile (CHP), migration from H.264 CHP to H.265 [x1], or migration from AMR-WB [x2] to EVS [x3].

To have an MSMTSI conference perform transcoding between call legs with UE using different codecs requires significant resources in the MSMTSI MRF, causes media quality degradation, and adds to end-to-end delay, which are the core reasons to introduce MSMTSI functionality. Accepting large-scale transcoding in this case would thus go against the intent with MSMTSI.

To force all UE implementing the new codec to fall back to using the old codec in the conference would either provide a lower media quality and/or higher bitrate than necessary to those UEs, compared to using the new codec at least between the UEs that have implemented it.
6.17.3
Proposed Solution

6.17.3.1
General
This can be solved using several different strategies, with different drawbacks and advantages. In some cases, media transcoding can still be the best strategy. Which strategy that is most cost-effective depends both on how many MSMTSI UE with different codecs there are in a conference, and the "cost function" for the different strategies in a certain implementation.

It is here assumed that at least during the early phases of new codec deployment, a UE or MRF (not just MSMTSI) implementing support for a new codec also implements support for one or more legacy codecs, to ensure interoperability with existing UE. In later phases of new codec deployment, when the number of UE implementing only the old codec is sufficiently low, new UE or MRF can (more) safely implement just the new codec without causing transcoding.

It could be noted that the approaches listed below are generally compatible with each other and with MSMTSI UE capabilities, as long as a few UE and MRF conditions are fulfilled (also listed below). The details and parameterization of choosing approach can thus be left to individual MSMTSI MRF implementations.
6.17.3.2
Codec Fall-back
The simplest approach to handle different codecs in different UE and still avoid transcoding is to make UE implementing the new codec fall back to use the old codec instead whenever any UE in the conference does not implement the new codec. This works with the assumption above that any UE implementing the new codec also implements the old one.

As long as there are UE implementing just the old codec in the conference, the new codec will never be used. If only UE implementing the new codec are in the conference, the new codec can be used, but the entire conference will have to be re-negotiated to use the old codec whenever a UE implementing just the old codec joins. Similarly, if all UE implementing only the old codec leaves the conference, the conference can (but need not) be re-negotiated to use the new codec.

With this approach, even a single UE that implements just the old codec would cause a large amount of quality degradation (or increased bitrate, if quality is to be kept constant) for many UE implementing the new codec. This can still be a reasonable approach when there are few UE implementing the new codec. As the number of UE implementing the new codec increases, so does the quality impact of adapting the conference to old-codec-only UE, making codec fall-back less and less preferable.

The conditions to be able to use this approach is that MSMTSI UE implementing the new codec also implements the old codec, that the MSMTSI MRF supports media switching of both new and old codecs, and that the MSMTSI MRF contains the logic to trigger codec fall-back and upgrade through session re-negotiation.
6.17.3.3
Transcoding
When there is a low number of UEs, possibly only one, implementing just the old codec in a conference, using transcoding towards such UE is likely the best option. Using transcoding in this case also avoids codec fall-back (see clause 6.17.3.2) for the entire conference.

Using transcoding is less preferable (compared to switching) the more UEs implementing just the old codec there are in the conference, since there are then more UEs getting less than optimum quality and more transcoding resources are required in the conference.

Transcoding between old and new codecs is needed in the MSMTSI MRF to be able to use this approach, including selectively applying that transcoding to call legs that need it. The MSMTSI UE is not impacted by this approach.
6.17.3.4
Codec Simulcast
When there are approximately the same number of UEs with old-codec-only capability and new codec capability in a conference, the cost to align codecs is also the highest. If codec fallback is used (see clause 6.17.3.2), about half of the conference participants (the ones with the new codec) will suffer from lower media quality and/or higher bitrate than necessary (from other UEs implementing, but not using, the new codec). If transcoding is used (see clause 6.17.3.3), again about half of the conference participants will be negatively affected, in this case by the transcoding.

If a UE that implements the new codec also implements the old one, and if there are sufficient uplink resources, such UE can send media with both the new and the old codecs at the same time. Sending different representations of the same media source is called simulcast [12] and in this case the different simulcast versions are thus encoded with different codecs.

Such simulcast allows the MSMTSI MRF to switch the new codec simulcast version to UEs implementing the new codec, and switch the old codec simulcast version to UEs implementing only the old codec, resulting in best possible quality to all receiving UEs. UEs only implementing the old codec can obviously not do such simulcast, but as long as the UEs implementing the new codec also implements the old codec (as described above), all UEs in the conference can receive media encoded with the old codec.

An example of the use case with a conference among MSMTSI UEs having different (video) codec capabilities is depicted in Figure 20 below. Video is used in this example, but there is nothing that prevents applying the same use case to other media, for example for audio media and codec migration from AMR-WB to EVS.
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Figure 20 Dual-codec UE is active speaker
In Figure 20, UE A and UE C have H.265 video codec capability, in addition to H.264 video codec capability. UE B and UE D have H.264 video codec capability, but no capability for H.265. UE A is currently the active speaker and sends video as a simulcast of both H.264 and H.265 to the MSMTSI MRF. The MRF can then, without any transcoding, forward H.264 to UE B and UE D, and forward H.265 to UE C.

In a conference using codec simulcast that switches media streams based on speaker activity, change of active speaker might thus also change media stream codec, as seen from a receiving UE implementing both the old and the new codec. This happens when active speaker changes from a UE implementing the new codec to a UE implementing only the old one, or vice versa. Such mid-stream codec changes in downlink would need to be fast and could be fairly frequent, meaning that session re-negotiation with a new SDP offer/answer to change codec is not a viable option.

Figure 21 below continues the use case from Figure 20, where active speaker has changed from UE A to UE B.
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Figure 21 Single-codec UE is active speaker
In the previous Figure 20, the active speaker stream encoded with H.265 was forwarded by MRF from UE A to UE C, which has both H.264 and H.265 capability. In Figure 21, active speaker is now UE B that does not have H.265 capability. The active speaker RTP stream forwarded by MRF from UE B to UE C is thus encoded with H.264. As seen from UE C, the active speaker RTP stream changed codec on-the-fly when changing active speaker. The RTP payload type contained in the RTP header of every RTP packet indicates what codec is used, so UE C only has to check the RTP payload type of each RTP packet to know what decoder to use for that packet, as long as SDP answer contained the mapping of payload type to actual codec configuration for both of the used codecs, in this example H.264 and H.265.

This fast change of payload type due to change of simulcast version has implications on how SDP codec negotiation is made for such session, see Annex A.2.4. To support the type of simulcast described above, the session needs to allow an RTP stream to change RTP payload type (and thus simulcast version) from one RTP packet to the next. That is only possible if the SDP answer is allowed to contain RTP payload types representing all simulcast versions to be used in the session. Note that in TS 24.229 [8] Rel-13 and earlier, having multiple RTP payload types in an SDP answer is explicitly disallowed. This is however not disallowed by the IETF base specifications SDP [13] and SDP offer/answer [x4].

It can be noted that this simulcast approach is rather similar to use case "L" in clause 6.13, although the use case motivation is different.
6.17.3.5
Recommended Requirements for Codec Simulcast
To be able to use the above described codec simulcast approach, where the MSMTSI MRF selectively forwards RTP streams using a codec format relevant to individual MSMTSI UE, an MSMTSI UE implementing the new codec needs to:

· Implement also the old codec

· Support sending simulcast of new and old codecs

· Accept an SDP answer containing both new and old codecs when simulcast is used
Correspondingly, to support this use case, MSMTSI MRF supporting the new codec needs to:

· Support also the old codec

· Support receiving simulcast of new and old codecs

· Generate an SDP answer containing both new and old codecs when simulcast is used
*** Next changes ***

A.2.4
MSMTSI Offer and Answer Using Codec Simulcast
Below is an example SDP offer/answer fragment for an MSMTSI UE and an MSMTSI MRF implementing codec simulcast functionality, as described by clause 6.17. Note that this is just an SDP fragment, highlighting the most important parts related to the needed functionality in bold text, for readability.
SDP lines specifically interesting to this example are highlighted in bold, which would not be the case in an actual SDP. Any video media beyond the main video, audio, and BFCP are omitted from the example, for brevity.
Table A.11: Multi-codec Offer to Multi-stream Capable Conference
	SDP Offer from MSMTSI UE

	m=video 49152 RTP/AVPF 96 97
b=AS:1060
b=RS:0

b=RR:2500
a=rtpmap:96 H264/90000
a=fmtp:96 packetization-mode=1; profile-level-id=42e01f; \

   sprop-parameter-sets=Z0KADZWgUH6Af1A=,aM46gA==
a=rtpmap:97 H265/90000
a=fmtp:98 profile-id=1; level-id=93; \

   sprop-vps=QAEMAf//AWAAAAMAgAAAAwAAAwBdLAUg; \

   sprop-sps=QgEBAWAAAAMAgAAAAwAAAwBdoAKAgC0WUuS0i9AHcIBB; \

   sprop-pps=RAHAcYDZIA==
a=imageattr:96 send [x=1280,y=720] [x=848,y=480] [x=640,y=360] [x=320,y=240] recv [x=1280,y=720,q=0.6] [x=848,y=480] [x=640,y=360] [x=320,y=240]

a=imageattr:97 send [x=1280,y=720] [x=848,y=480] [x=640,y=360] [x=320,y=240] recv [x=1280,y=720,q=0.6] [x=848,y=480] [x=640,y=360] [x=320,y=240]

a=sendrecv

a=rid:1 pt=96

a=rid:2 pt=97

a=simulcast: send 1,2 recv 1;2

a=content:main

a=rtcp-rsize

a=rtcp-fb:* trr-int 5000

a=rtcp-fb:* nack

a=rtcp-fb:* nack pli

a=rtcp-fb:* ccm fir

a=rtcp-fb:* ccm tmmbr

a=rtcp-fb:* ccm pause nowait
a=extmap:4 urn:3gpp:video-orientation


The "m=" line in the offer in combination with the "a=sendrecv" line offers to send and receive two different codec formats. The "a=simulcast" line in the offer references both of those codec formats indirectly via the rid-to-payload type mapping on the "a=rid" line [x5]. The "a=simulcast" line offers to send two simulcast RTP streams, one stream for each offered codec format. It also offers to receive a single RTP stream with either one of those same two codecs. The "b=" line in the offer describes the maximum acceptable bandwidth for the single RTP stream in the receive direction.

Table A.12: Multi-codec Answer from Multi-stream Capable Conference
	SDP Answer from MSMTSI MRF

	m=video 49152 RTP/AVPF 96 97
b=AS:2010

b=RS:0

b=RR:2500
a=rtpmap:96 H264/90000

a=fmtp:96 packetization-mode=1; profile-level-id=42e01f; \

   sprop-parameter-sets=Z0KADZWgUH6Af1A=,aM46gA==a=rtpmap:97 H265/90000

a=fmtp:97 profile-id=1; level-id=93; \

   sprop-vps=QAEMAf//AWAAAAMAgAAAAwAAAwBdLAUg; \

   sprop-sps=QgEBAWAAAAMAgAAAAwAAAwBdoAKAgC0WUuS0i9AHcIBB; \

   sprop-pps=RAHAcYDZIA==

a=imageattr:96 send [x=1280,y=720] [x=848,y=480] [x=640,y=360] [x=320,y=240] recv [x=1280,y=720,q=0.6] [x=848,y=480] [x=640,y=360] [x=320,y=240]

a=imageattr:97 send [x=1280,y=720] [x=848,y=480] [x=640,y=360] [x=320,y=240] recv [x=1280,y=720,q=0.6] [x=848,y=480] [x=640,y=360] [x=320,y=240]a=sendrecv

a=rid:1 pt=96

a=rid:2 pt=97

a=simulcast: recv 1,2 send 1;2

a=content:main

a=rtcp-rsize

a=rtcp-fb:* trr-int 5000

a=rtcp-fb:* nack

a=rtcp-fb:* nack pli

a=rtcp-fb:* ccm fir

a=rtcp-fb:* ccm tmmbr

a=rtcp-fb:* ccm pause nowait
a=extmap:4 urn:3gpp:video-orientation


The "m=" line in the answer in combination with the "a=sendrecv" line generally accepts to send and receive any one of the two offered codec formats. The "a=simulcast" line in the answer details that by accepting to receive two RTP streams as a simulcast of the two different codec formats. It also accepts to send a single RTP stream that may use either one of the same two codecs, but only a single format at a time for any given RTP timestamp for that RTP stream. The "b=" line in the answer describes the maximum acceptable aggregate bandwidth for both RTP streams containing the two simulcast versions.

It should be noted that the "m=" line in the offer and in the answer jointly describe an intended asymmetry in the number of RTP streams related to that "m=" line, as well as an asymmetry in bandwidth in the two directions.

Both MSMTSI UE and MSMTSI MRF make use of RTP level pause/resume, to be able to quickly pause and resume simulcast versions that are not forwarded and thus temporarily not needed by the MSMTSI MRF. This is indicated in the SDP example above by inclusion of an "a=rtcp-fb:* ccm pause nowait" line in both offer and answer. 

*** End changes ***
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