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1
Introduction
This document describes a use case for multi-stream group video, intended for discussion in the SA4 MMCMH WID [2] work to include a functionality that lets an MTSI [1] MRFP or UE to request the remote party to temporarily stop unused RTP streams and quickly and efficiently resume them when they are needed again. If accepted, it is proposed that it is included in an upcoming version of the MMCMH permanent document [3].

2
Use Case 9: Pausing Unused Streams
2.1
Use Case Description
While in a group video call using switched multi-stream in combination with simulcast, and if there are more participants in that call than what can be shown simultaneously as active speaker and thumbnails on the receiving UEs, the MRFP will at every point in time have some video streams that are not switched to any receiving UEs. Figure 1 below shows an example time instant of such group video call, showing all video streams in the call, marking the non-needed as dotted and therefore the ones desirable to pause. It could be noted that there will be an increasing number of paused streams with increasing number of participants, which also means that pausing improves scaling of total conference resource consumption with the group call size.
In this use case, it is only the MRFP that has the need to pause and resume streams, and only the MRFP has the information on which streams are needed or not. This also means that pause/resume operation is only needed for uplink streams.
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Figure 1 Pausing Example
A different set of streams will be switched to receiving UE when active speaker changes, which is depicted in Figure 2 below.
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Figure 2 Pausing Example After Active Speaker Change

2.2
Problem Description
Some streams that were paused are now needed and must be resumed. Other streams that were previously needed can now be paused. For most streams, the pause/resume status is not changed, but the origin of the stream (shown as different colour) may have changed.
2.2
Problem Description
When the MRFP detects that active speaker has changed, the video stream from previous active speaker should no longer be forwarded as active speaker video to the group participants, and the video stream from the new active speaker should instead be used as active speaker video stream. If the video stream from this new active speaker was paused, it must now be resumed. It is assumed that the group participants want to see this new active speaker as soon as possible. The time from when the MRFP detects the new active speaker until it is shown on the receiver’s displays should thus be minimized.

It would be possible to use the existing signalling channel between the UE and the MRFP and send SIP UPDATE from the MRFP, changing directionality of the affected streams. Pausing a sendrecv stream in SDP from the UE would become a sendonly stream in the updated MRFP offer, which in SIP is indistinguishable from putting the stream on hold [5].
This ambiguity in what type of pause is wanted is not desirable, and may even risk that the UE treats the call as on hold.

Holding a call typically lasts for some time, and it is reasonable for a UE to then close and release at least some of the most battery-consuming transport and codec resources. Resuming a call on hold is also typically not time critical, and it would be acceptable for the UE to for example re-initialize the camera and re-instantiate and re-initialize the video codec. The type of pause described in this use case however requires a more “hot” pause operation, where the UE is prepared for a low latency resume.
The frequency of such active speaker-triggered SIP UPDATE between MRFP and most group call participants could also be fairly high, like up to once every few seconds. This is at least significantly higher than the average time between group participants leaving or joining the call, which is probably otherwise the cause of most MRFP SIP signalling load. The amount of SIP/SDP information required on the signalling bearer will be significantly increased compared to when pause / resume is not used in this way, especially since multi-stream SDP can be significantly larger than without multi-stream. This may even impact ongoing media quality negatively due to the signalling bearer having higher priority than media.
An additional drawback with using SIP UPDATE and SDP is that current simulcast specification sends all simulcast versions under the same m-line, and it is not possible to change direction for individual streams, only for the entire m-line.

Some of the uplink thumbnail simulcast streams may also have to be resumed when changing active speaker, due to that they were not previously viewed by any receiving UE, but that they are now desirable to show as thumbnail on some UE (replacing some other thumbnail, for example one that was quiet for a longer period of time). The desirable timing for such thumbnail change is almost as strict as the active speaker change described above, and the frequency of pausing and resuming thumbnails as seen from a single UE-MRFP connection may be even higher than active speaker changes.

All of the above suggests that using the currently available signalling channel between the UE and the MRFP, SIP UPDATE, is not any ideal solution to pause / resume streams, and another, faster and less resource-demanding solution should be found.

2.3
Suggested Solution Outline
The suggested solution is to use RTP pause / resume as described by [4], which implements the pause / resume signalling as RTCP feedback messages. This has no SIP/SDP signalling impact on active speaker changes, and thus provides a resource efficient and sufficiently fast signalling solution.
This is an SDP signalling fragment example that hints how to negotiate this pause / resume functionality:

	SDP Offer from UE
	SDP Answer from conference

	m=video …
a=rtcp-fb:* ccm pause nowait
…
	m=video …
a=rtcp-fb:* ccm pause nowait
…


Table 1 Pause / resume in SDP
The fact that the “ccm pause” is present in the SDP answer means that RTCP pause / resume signalling can be used for the streams related to the affected m-line.
The “nowait” parameter tells the remote peer that the party sending the SDP believes the pause operation can take effect immediately, without concerns that there may be more simultaneous receivers of the stream than the MRFP that do not want to pause it. This is effectively always true when UE and MRFP are connected point-to-point (see [4] for further details), which is a situation that should in general be known by the UE and the MRFP. If “nowait” is present in SDP offer and answer, both ends believe they are connected point-to-point, there is no need to apply the hold-off delay described in [4], and pausing can thus occur immediately. Opposite examples, when MRFP and UE are not effectively point-to-point, could be when the MRFP implements an RTP Translator topology, or when the MRFP is connected to the UEs via an IP multicast network.
The MRFP may optionally not implement the ability to pause its own streams on peer request, but just include the functionality to pause the UE’s streams. The UE may similarly and optionally not implement the ability to pause a peer’s (like the MRFP) streams, but just include the functionality to pause its own streams. This type of limited configuration can also be negotiated in SDP, through the use of an optional “config” parameter to the “ccm pause” line:
	SDP Offer from UE
	SDP Answer from conference

	m=video …
a=rtcp-fb:* ccm pause config=3 nowait

…
	m=video …
a=rtcp-fb:* ccm pause config=2 nowait

…


Table 2 Pause / resume with limited configuration in SDP
If the UE specifies config=3 in the offer, it means that the UE can receive pause and resume requests and act on them, but will not send those requests itself. In this case, the SDP answer from the MRFP contains the “opposite” functionality and configuration, config=2.

It is recommended that both UE and MRFP implement full pause / resume capability (corresponding to “config=1”, which is default if no “config” is included on the “ccm pause” line). A UE may optionally instead implement config=3, and an MRFP may optionally instead implement config=2.
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