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	Reason for change:
	It has been observed in the field that some video telephony terminals are not sending RTCP Reports frequently enough (in less than five second intervals) to enable proper video rate adaptation.  For example:

1. Some sending MTSI terminals that enable the use of TMMBR are not sending RTCP Sender Reports frequently enough to enable the media receiver to calculate differences between sending data rates and received throughput.  This prevents the receiver from transmitting the TMMBR message in a timely manner when there is congestion.

2. Some SIP-based sending video telephony terminals that do not support TMMBR are not receiving RTCP Receiver Reports frequently enough from receiving MTSI terminals to enable proper rate adaptation by the sender.

	
	

	Summary of change:
	Add recommendations to send the RTCP Reports more frequently.

	
	

	Consequences if not approved:
	Continue to see poor video rate adaptation performance among MTSI terminals and between MTSI and non-MTSI terminals.
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==== Start of Change ====

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 are 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 shall, after receiving TMMBR, adjust the sent media rate to the requested rate or lower and shall respond by sending TMMBN, as described in CCM [43]. When determining the encoder bitrate the MTSI client needs to compensate for the IP/UDP/RTP overhead since the bitrate indicated in the TMMBR message includes this overhead.  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 sending MTSI client in terminal should negotiate use of enough RTCP bandwidth to enable frequent transmissions of periodic RTCP Sender Reports (see Annex A.6.)  A receiving MTSI client in terminal may use this information to detect the difference between the sent bitrate (from the remote client) and the receive bitrate (in the local client).

The report blocks in the RTCP Receiver Reports (RTCP RR) or in the 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 receiving MTSI client in terminal should negotiate use of enough RTCP bandwidth to enable frequent transmissions of periodic RTCP Receiver Reports (see Annex A.6.)  A sending MTSI client in terminal may use this information to detect the difference between the sent 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.

==== End of Change ====

