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1 Introduction

[1] uses the b=RR and b=RS RTCP bandwidth modifiers as defined in [2] to negotiate the amount of bandwidth to use for RTCP in MTSI sessions.  This paper discusses inconsistencies and ambiguities in the procedures and proposes clarifications and corrections.
2 Total RTCP bandwidth
According to [2] the RR and RS values in the SDP indicate the total RTCP bandwidth for all the clients in the RTP session, including RTCP traffic sent in all directions.  
The SDP example for bandwidth negotiation in A.6 of [1] uses the following values for RR and RS:
b=RS:0

b=RR:2000

According to section 2 of [2], there are only two senders in this session, and each sender can use a proportion of the total RTCP bandwidth, RS + RR.  Therefore, each terminal can use half the total RTCP bandwidth, allowing 1000 bps for each terminal.
However, the following text explaining the SDP example states that 2000 bps is supposed to be assigned for each terminal to accommodate up to 1760 bps in each direction:

In this example, the bandwidth for RTCP is allocated such that it allows for sending at least 2 compound RTCP packets per second. The size of a RTCP Sender Report is estimated to 110 bytes, given IPv4 and point-to-point sessions. The corresponding bandwidth then becomes 1760 bps which means that compound RTCP packets can be sent a little more frequently than twice per second.

For speech sessions, the RTCP bandwidth is set to 2000 bps to give room for adaptation requests with APP packets according to clause 10.2 in at least some of the RTCP messages. This adds 16 bytes to the RTCP packet.

Therefore the total assigned RTCP bandwidth should be 4000 bps and the values of RR and RS in the example should be assigned as follows:

b=RS:0

b=RR:4000

Similarly, for the video media in this example the RTCP bandwidth is set to

b=RS:0

b=RR:2500

However the text explaining the example states that:

For video, the RTCP bandwidth is set to 2500 bps to give room for slightly more frequent reporting and also to give room for codec-control messages (CCM) [43].

Therefore the total RTCP bandwidth for the video media also needs to be corrected to 

b=RS:0

b=RR:5000

The CRs in [3] propose to correct this error and the corresponding maximum RS and RR field values in clause 7.3.1 of [1].
3 Negotiating the total RTCP bandwidth

The procedures in section 2 of [2] assume that the RR and RS values are the same for all clients (senders or non-senders).  However, the procedures for determining the RR and RS values from the SDP Offer and Answer are not clear.
According to RFC 3264, the bandwidth attribute can be used to independently negotiate the received bandwidth in each direction, i.e., the offerer and answerer can specify different maximum receivable bandwidths.  This is clearly the case for the b=AS attribute.

However, for RR and RS, which were designed for use with multicast sessions, the calculations for usable each terminal’s RTCP bandwidth require that there be a common total RTCP bandwidth value that all the terminals use in determining their individual RTCP bandwidth limits.
The lack of procedures describing the interpretation of RR and RS in the SDP offer and answer can lead to inconsistent usage and miscalculations of the allowable RTCP bandwidth for each terminal and direction of transmission.

This issue has been discussed with the author of [2].  To resolve this it is proposed that for the RR and RS attributes, the values in the SDP answer are used.  The RR and RS values in the SDP offer are only to be considered as proposed values for the session.  This follows the more general offer-answer model of the offer proposing values and the answer containing the result to be used for the session.
The CRs in [3] propose to clarify this in TS 26.114.
4 RTCP Bandwidth while on hold

Clause 7.3.1 of [1] recommends that terminals send RTCP packets while on hold to indicate to the other terminals that the link is alive.  

When RR=0, [2] explains that no RTCP bandwidth is assigned to non-senders.  This would prevent terminals on hold (which are not active senders) from sending any Receiver Reports to keep the link alive.  Therefore MTSI terminals should set RR greater than zero when on hold.
The recommendations for setting RR and RS in clause 7.3.1 of [1] do not clarify the need to set RR greater than zero when on hold.

When RTCP is turned off (for point-to-point speech only sessions) and the media is put on hold, the MTSI client should re-negotiate the RTCP bandwidth with SDP bandwidth modifiers values greater than zero, and send RTCP packets to the other end. This allows the remote end to detect link aliveness during hold. When media is resumed, the resuming MTSI client should turn off the RTCP sending again through a re-negotiation of the RTCP bandwidth with SDP bandwidth modifiers equal to zero.

Furthermore the following text from clause 7.3.1 of [1] only recommends setting RS greater than zero.  
When RTCP is turned off (for point-to-point speech only sessions) and if sending of an additional associated RTP stream becomes required and both RTP streams need to be synchronized, or if transport feedback due to lack of end-to-end QoS guarantees is needed, a MTSI client should re-negotiate the bandwidth for RTCP by sending an SDP with the RS bandwidth modifier greater than zero.  

A terminal following the above recommendation does not have any guidance on setting RR and may set it to zero.  This would prevent the terminal from sending Receiver Reports when on hold.
The CRs in [3] propose to clarify the setting of RR greater than zero in TS 26.114.
5 Proposal
This discussion paper describes the need to correct and clarify the procedures for RTCP bandwidth negotiation in [1].  We propose that the Change Requests in [3] be adopted.
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