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1.
Introduction
In LS S4-151543 (C1-154123/C3-155034/C4-151971) on Multi-stream Multiparty Conferencing Media Handling, SA4 informed other TSG WGs that SA4 added an extension to MTSI for Multi-stream Multiparty Conferencing Media Handling (MMCMH).
SA4 requested other TSG WGs to review the attached CR describing the proposed updates to TS 26.114 in order to add this extension and to consider how the specifications under their respective responsibility might be affected.
Additionally, SA4 specifically asked CT1 to consider whether is possible to relax the requirements in TS 24.229 clauses 6.1.2 and 6.1.3 on only negotiating a single codec per media line, at least for advanced communication services.

The purpose of this discussion paper is to present an initial analysis of the updates required in CT WGs specifications to enable Multi-stream Multiparty Conferencing Media Handling (MMCMH), and to propose a way forward on the introduction of Multi-stream Multiparty Conferencing Media Handling (MMCMH) for MTSI in CT WGs.
2.
MTSI Extension on Multi-stream Multiparty Conferencing Media
Handling
Multi-party Multimedia Conference Media Handling (MMCMH) is an extension to MTSI, which is optional to implement for an MTSI client (UE and MRF).

MTSI extension on MMCMH uses simulcast (see IETF draft-ietf-mmusic-sdp-simulcast: "Using Simulcast in SDP and RTP Sessions") to send multiple encoded versions of the same source, for example both the main video and the thumbnail video in a multi-party conference call.
The intention with the MTSI extension on MMCMH is to avoid transcoding as far as possible in multiparty calls. For example, without this extension, video conferencing would need transcoding in the MRF to compose the different videos received from different senders into a single video, containing a main video and a number of thumbnails, which is then sent to each receiver.
It may happen that the MRF needs to compose different video compositions to different receivers, which multiplies the need for transcoding and thus scales poorly with the size of the group. With this extension, the MRF can forward the necessary streams, without transcoding, to each MSMTSI client in terminal, which then composes the final image that is presented to the user.

There will sometimes be streams that temporarily need not be forwarded by the MRF to any receiver, based on the active speaker changes and size of the group. To save resources, the MRF can then temporarily pause such unneeded streams at the sender and quickly resume them when needed again (see IETF draft-ietf-avtext-rtp-stream-pause: “RTP Stream Pause and Resume”, shortly being published as RFC 7728).

Avoiding of transcoding reduces the complexity in the MRF and reduces the end-to-end delay. Quality degradations caused by the transcoding can often also be avoided.

The benefits with this MTSI extension are further described in 3GPP TR 26.980.
3.
Discussion: CT Impacts
Impacts to TS 24.229 (CT1)

TS 24.229 is impacted by the support for multiple codecs and codec configurations by allowing more than one codec per media line in SDP answer on call legs between UE and a conference. Also annex A profile tables need to be updated to indicate support of the simulcast functionality i.e. new SDP attribute "a=simulcast" defined in IETF draft-ietf-mmusic-sdp-simulcast. TS 24.229 already indicates support of the "a=content" SDP attribute but for the purpose of the Customized Alerting Tones and the Customized Ringing Signal features so update is needed to indicate support of the Multi-stream Multiparty Conferencing Media Handling.
Impacts to TS 23.333 (CT4)

Specification of stage 2 Mp procedures to support:

-
support for multiple codecs and codec configurations by allowing more than one codec per media line in SDP answer;

-
multi stream functionality (simulcast, thumbnails, screen sharing) in a multi-party conference call;

-
support for simulcast of different codecs in send and/or receive direction according to IETF draft-ietf-mmusic-sdp-simulcast, per supported audio stream; and
-
RTP-level pause and resume functionality according to TS 26.114 and IETF draft-ietf-avtext-rtp-stream-pause.
Impacts to TS 29.333 (CT4)

Specification of stage 3 Mp procedures to support:

-
multi stream functionality (simulcast, thumbnails, screen sharing) in a multi-party conference call;

-
support for simulcast of different codecs in send and/or receive direction according to IETF draft-ietf-mmusic-sdp-simulcast, per supported audio stream; and
-
RTP-level pause and resume functionality according to TS 26.114 and IETF draft-ietf-avtext-rtp-stream-pause.

Potential impacts to TS 23.334 (CT4)

According to the procedures and call flow examples in TS 23.334 only one codec is supported in SDP answer. Since the Multi-stream Multiparty Conferencing Media Handling can be used only if the IMS-ALG and the IMS-AGW do not perform transcoding update of TS 23.334 is not required to allow more than one codec per media line in SDP answer. However new RTCP feedback message for pause and resume needs to be supported i.e. the IMS-ALG may request the IMS-AGW to pass on any received RTCP feedback message for pause and resume unchanged.
Potential impacts to TS 29.334 (CT4)

TS 29.334 is impacted by the RTP-level pause and resume functionality i.e. the IMS-AGW needs to pass on any received RTCP feedback message for pause and resume unchanged.

Potential impacts to TS 29.162 (CT3)

According to subclause 10.2.5.1 the IBCF and the TrGW only one codec is supported in SDP answer. Since the Multi-stream Multiparty Conferencing Media Handling can be used only if the IBCF and the TrGW do not perform transcoding update of TS 29.162 is not required to allow more than one codec per media line in SDP answer. However new RTCP feedback message for pause and resume needs to be supported i.e. the IBCF may request the TrGW to pass on any received RTCP feedback message for pause and resume unchanged.
Potential impacts to TS 29.238 (CT4)

TS 29.238 is impacted by the RTP-level pause and resume functionality i.e. the TrGW needs to pass on any received RTCP feedback message for pause and resume unchanged.

Potential impacts to TS 29.213 (CT3)

PCRF can derive the bandwidth (MBR, GBR) related to a service based on the b line that is negotiated on per media basis or using the negotiated codec information at SIP level. Currently only one codec is considered on per media component basis. With the new functionality it is possible that multiple codes are allowed for the same media line. This new functionality should not affect PCRF algorithms when using the maximum requested bandwidth obtained over Rx that is derived from the b line, since this value still corresponds to the maximum bandwidth related to the complete media component, regardless of the negotiated codecs.

However, when using the codec data algorithms, the PCRF should consider those multiple codecs when deriving the bandwidth. That is, the new algorithms should be able to calculate the bandwidth as the addition of the bandwidth corresponding to each of the accepted codecs. 

Possible impacts in QoS mapping derivation tables for the PCRF in TS 29.213 should be considered according to the above.

Potential impacts to TS 29.165 (CT3)
TS 29.165 might be updated to indicate support of the Multi-stream Multiparty Conferencing Media Handling over II-NNI i.e. support for multiple codecs and codec configurations by allowing more than one codec per media line in SDP answer and support of multi stream functionality (simulcast, thumbnails, screen sharing) in a multi-party conference call.

4.
Proposal

As a result of the analysis in the previous sections, it is proposed to agree a Rel-14 CT-wide Work Item to update the relevant CT WG specifications so as to enable Multi-stream Multiparty Conferencing Media Handling (MMCMH) for MTSI, as proposed in new WID C4-161044/ C1-160810/ C3-160026.

