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1 Introduction

This contribution includes a proposal for usage guidelines of RTCP in point-to-point speech sessions. In the SA4#41 meeting in Athens, a working assumption was agreed on how to signal adaptation requests using RTCP-APP messages for speech in MTSI. Since this is based on using RTCP also in point-to-point speech sessions, this document presents some brief guidelines on how to realize this. 
RTCP usage is based on the negotiated RTCP bandwidth. The basic recommendation, from the original RTP specification [1] is to allocate roughly 5% of the total session bandwidth to RTCP reporting. However, with the advent of the AVPF profile, this recommendation is at least partly not applicable. The use of the AVPF early mode, or immediate mode, makes it possible to transmit RTCP reports at any time. However, at least one regular report must be transmitted in between, i.e. transmitted at the point in time calculated using the procedure in [2]. This means that for the use foreseen in MTSI with the use of RTCP-APP to signal adaptation requests, the negotiated bandwidth implicitly sets the limit on often you can do this. Not at which point in time, but how often a request can be transmitted.
Hence, it is important to give some general guidance on what kind of RTCP bandwidth that should be reserved for RTCP signalling in point-to-point speech sessions in MTSI.

2 RTCP bandwidth

Before giving any general recommendation on RTCP bandwidth in light of speech adaptation in MTSI, the crucial question is how often it can be expected that adaptation requests need to be sent in order to provide high quality in any adaptation scheme? Consider the following examples. Note that all bandwidth signalling in the SDP is to be estimated including protocol overhead from the IP layer and up.

In the table below, the total size of the RTCP-APP packet is taken to be 120 bytes (SR+SDES+APP, 90+8+20), or 960 bits. IPv4 is assumed to be used.
	RTCP b/w
	Max media rate (kB/s)
	Packet size media including IP over head (bytes)
	RTCP packet rate

(RTCP reports/s)

	0%
	3.55 (AMR 122, one frame per packet)
	72
	0

	3%
	3.55
	72
	~1

	5%
	3.55
	72
	~1.5

	0%
	2.7 (AMR59, one frame per packet)
	56
	0

	3%
	2.7
	56
	~0.7

	5%
	2.7
	56
	~1.1

	3%
	1.7 (AMR59, two frames per packet)
	72
	~0.4

	5%
	1.7 
	68
	~0.7


Using the input from the table above, the question is how high does the report rate need to be in order for an adaptation scheme to work properly? The answer is of course depending on assumed network properties but as a rule, a report rate of approximately 1 report per second will provide good enough headroom according to our internal investigations. Hence, taking into account the various recommendations already in the specification, Ericsson recommends adopting a general guideline to allocate 5% of the total session bandwidth to RTCP traffic.
Further, due to the added benefits when using AVPF, it is also proposed to explicitly mention the need for supporting AVPF early mode also for speech. This is needed to ensure that a first adaptation request to make the media flow more robust and/or tax the network less can always be made instantaneously using the AVPF early mode. 

3 Proposal

Approve the proposed text to be included in the MTSI-MHI TS.
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--------- Start change 1 ---------

7.3.2
Speech
MTSI terminals offering speech shall support AVPF (RFC 4585 [40]) configured to operate in early mode. When allocating RTCP bandwidth, it is recommended to set the “b=RR:” and the “b=RS:” parameters to 5% of the total session bandwidth. The value of “trr-int” should be set to zero or not transmitted at all (whereas the default “trr-int” value of zero will be assumed).
-------- End change 1 ---------
