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Introduction

At last 3GPP SA4#78 meeting the draft CR S4-140455 on end-to-end video rate adaptation was discussed and updated with still some discussion on whether new requirements on video rate adaptation based on RTCP reports and TMMBR messages should be specified as recommended or mandatory features. 
This especially resulted from some comments made that, although rate adaptation between video terminals is needed in most cases, it shall be left open to Network Operators and Service Providers to keep control of how and at what bit rate codecs are used over their networks and for their services and especially to operate without rate adaptation if needed. Making rate adaptation strictly mandatory for terminals would not answer to this

Proposal 
The following text proposes some modifications to still require that terminal implement rate adaptation properly and comply with some performance level but keep open the possibility to still operate without rate adaptation.

It is recognized that, in order to make rate adaptation work properly from end to end and get the benefit of it from video quality and network usage perspective, terminals shall not only support the reception of RTCP reports and the exchange of TMMBR messages but also comply with some functional and performance rate adaptation requirement when receiving messages like for down switching the sending bit rate. 

It is therefore proposed to make the related specification conditional mandatory for MTSI client in terminals which means that they shall comply to it except if they are explicitly notified that no rate adaptation shall be done.
The mechanisms to activate or deactivate rate adaptation still need to be defined which would require further work. This could be done for instance in relation to the works on improved end-to-end QoS handling since the possibility to amend SDP signalling for enhanced bandwidth negotiation mechanism for MTSI sessions is considered. 

Proposal
The following modifications are proposed to be made to the draft CR to TS 26.114 on video rate adaptation. Only the proposed new modifications and additions appear as revision marks and are highlighted in yellow. 
*** Start change 4 ***
10.3
Video
10.3.1
General

MTSI clients receiving RTCP Receiver Reports (RR) indicating nonzero packet loss shall support adjusting their outgoing bitrate accordingly (see RFC 3550 [9]). Note that for IMS networks, which normally have nonzero packet loss and fairly long round-trip delay, the amount of bitrate reduction specified in RFC 3448 [56] is generally too restrictive for video and may, if used as specified, result in very low video bitrates already at (for IMS) moderate packet loss rates.

A video sender shall support adapting its video output rate based on RTCP reports and TMMBR messages. This adaptation shall be used as described in clause 10.3.2 to 10.3.4 except if the video sender is explicitly notified that no rate adaptation shall be done. This adaptation should be performed while maintaining a balance between spatial quality and temporal resolution, which matches the bitrate and image size. Some examples are given in Annex B. For the handling of packet loss signaled through AVPF NACK and PLI, or for rate adaptation with RTCP reports and TMMBR messages, the video sender shall be able to dynamically adapt to the reported conditions, in particular to facilitate the operation of quality-recovery techniques pertinent to the situations. Quality-recovery techniques include, but may not be limited to, adapted intra frame periods, adaptation of random intra macroblock refresh ratios, and adaptation of the bit rates.
Editor’s note: The way the video sender is notified that no rate adaptation shall be done is ffs.

10.3.2
Signaling mechanisms 
The use of TMMBR and TMMBN depends on the outcome of the SDP offer/answer negotiation, see Clause 6.2.3.

If TMMBR andTMMBN is allowed to be used in the session and if the receiving MTSI client in terminal is made aware of a reduction in downlink bandwidth allocation through an explicit indication of the available bandwidth from the network (e.g. due to QoS renegotiation or handoff to another radio access technology), or from measurements such as increased delay at the receiver, it shall notify the sender of the new current maximum bitrate using TMMBR. In this context the TMMBR message is used to quickly signal to the other party a reduction in available bitrate. If rate adaptation is allowed, the sending MTSI client, receiving TMMBR, shall adjust the sent media rate to the signalled value or lower and shall respond by sending TMMBN, as described in CCM [43]. To determine TMMBR and TMMBN content, both sending MTSI client and receiving MTSI client in terminal shall use their best estimates of packet measured overhead size when measured overhead values are not available. If the TMMBR message was sent due to an explicit indication of available bandwidth, the MTSI client in terminal that sent the TMMBR message shall, after receiving the TMMBN, send a SIP UPDATE to the other party to establish the new rate as specified in clause 6.2.7.

It is the sender’s responsibility to estimate if, and by how much, queue build-up has occurred due to use of a sending rate that was higher than the available throughput, before being able to reduce the sending rate. It is therefore also the sender’s responsibility to recover the buffering delay by sending with a rate that is lower than what the receiver has requested in the TMMBR message for some period of time.

If TMMBR and TMMBN are not allowed to be used in the session and if the MTSI client in terminal is made aware of a reduction in downlink bandwidth allocation (e.g. due to QoS renegotiation or handoff to another radio access technology) is shall send a SIP UPDATE to the other party to establish the new rate as specified in clause 6.2.7.

If the receiving MTSI client in terminal is made aware of an increase in downlink bandwidth allocation (determined via separate negotiation) through an explicit indication from the network (e.g. due to QoS renegotiation or handoff to another radio access technology) then, if this has not yet occurred, it shall send a SIP UPDATE to the other party to establish the new rate as specified in clause 6.2.7.

The sender information in the RTCP Sender Reports (RTCP SR) contains information about how many packets and how much data the sender has sent. A receiving MTSI client in terminal may use this information to detect the difference between the sent bitrate (from the remote client) and the received bitrate (in the local client).

The report blocks in the RTCP Receiver Reports (RTCP RR) or in RTCP Sender Reports (RTCP SR) contain information about the highest received sequence number, the packet loss rate, the cumulative number of packet losses and interarrival jitter as experienced by the receiver. A sending MTSI client in terminal may use this information to detect the difference between the sendt bitrate (from the local client) and the received bitrate (in the remote client) and also to estimate the queue build-up that can happen when congestion occurs somewhere in the path.

Another way to estimate the transmitted bitrate is to analyse the size of the packets and the RTP time stamps.

The requirements in the rest of Clause 10.3 given for video rate adaptation are conditional to the video sender adapting its video output rate based on RTCP reports and TMMBR messages and conditional to the video receiver triggering adaptation requests.
Editor’s note: This above statement needs to be refined so that existing requirements are not made conditional.
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