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1 Introduction
The SDP examples in ‎[1] defines that the value for RS is 0 and all the RTCP bandwidth is instead used for the RR value. This may appear to be strange as RS=0 is commonly misinterpreted as meaning that active senders would not be allowed to send any RTCP at all. This document clarifies the usage of the RS and RR bandwidth modifiers, shows an example of how they can be used in the SDP and proposes how to use them in TS 26.114, ‎[3].
2 Meaning of the RTCP bandwidth modifiers
RFC 3556, Section 2, page 3, ‎[2], states (emphasis added):

   For the RTP A/V Profile [2], which specifies that the default RTCP

   interval algorithm defined in the RTP spec [1] is to be used, at

   least RS/(RS+RR) of the RTCP bandwidth is dedicated to active data

   senders.  If the proportion of senders to total participants is less

   than or equal to RS/(RS+RR), each sender gets RS divided by the

   number of senders.  When the proportion of senders is greater than

   RS/(RS+RR), the senders get their proportion of the sum of these

   parameters, which means that a sender and a non-sender each get the

   same allocation.  Therefore, it is not possible to constrain the data

   senders to use less RTCP bandwidth than is allowed for non-senders.

   A few special cases are worth noting:

      o  If RR is zero, then the proportion of participants that are

         senders can never be greater than RS/(RS+RR), and therefore

         non-senders never get any RTCP bandwidth independent of the

         number of senders.

      o  Setting RS to zero does not mean that data senders are not

         allowed to send RTCP packets, it only means that they are

         treated the same as non-senders.  The proportion of senders (if

         there are any) would always be greater than RS/(RS+RR) if RR is

         non-zero.
      o  If RS and RR are both zero, it would be unwise to attempt

         calculation of the fraction RS/(RS+RR).

Equal treatment of senders and non-senders would work well for MTSI, both for point-to-point and conference calls.
3 Example SDP with bandwidth modifiers
An SDP example with media and RTCP bandwidths is show in Table 1. The media bandwidth for AMR is calculated in the following way:
· AMR 12.2 with 1 frame per packet and octet-aligned payload format gives RTP payloads of 33 bytes (1 byte payload header, 1 byte ToC and 31 bytes speech data).

· IPv4, UDP and RTP overhead is added, 40 bytes (20, 8 and 12 bytes respectively).
· 1 frame per packet gives 50 packets per second which means that the media bandwidth becomes 29200 bps.

· This is rounded upwards to the nearest integer kbps, 30 kbps, since the AS bandwidth is expressed in kbps.

The RTCP bandwidth need is based on an estimation of what would be a suitable compromise between transmission intervals and bandwidth usage when using compound RTCP-APP for adaptation messages.
· It is estimated that sending RTCP-APP about twice per second would be a suitable frequency when using compound RTCP packets.

· The size of a compound RTCP packet, including RTCP-APP, is estimated to be about 126 bytes (APP=16 bytes , SR=52 bytes, SDES >=30 bytes, UDP=8 bytes, IPv4=20 bytes).
· This corresponds to 2016 bps. For simplicity, this value is rounded to 2000 bps, which is then used as the RR bandwidth and the RS bandwidth is set to zero based on the discussion in Section ‎2. Note that RS and RR are expressed in bps and not in kbps.

The RTCP bandwidth calculation for video is similar to that for speech. The bandwidth is however rounded upwards to 2500 bps to give room for slightly more frequent reporting and also for codec-control messages (CCM).

These bandwidth values are then used in Table 1 for both speech and video. Non-compound RTCP and CCM is not included in this example.
Table 1. SDP offer example with RS and RR bandwidth modifiers
	SDP offer

	b=AS:78

m=audio 49152 RTP/AVPF 97 98
b=AS:30
b=RS:0

b=RR:2000
a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-change-capability=2; max-red=160

a=rtpmap:98 AMR/8000/1

a=fmtp:98 mode-change-capability=2; max-red=160; octet-align=1

a=ptime:20

a=maxptime:240

m=video 49154 RTP/AVPF 99
b=AS:48
b=RS:0

b=RR:2500
a=rtpmap:99 MP4V-ES/90000

a=fmtp:99 profile-level-id=8; \

   config=000001B008000001B509000001010000012000884006682C2090A21F


With RS+RR = 2000 bps, an active senders could send compound RTCP-APP packets with a frequency slightly less than two messages per second on average. For compound RTCP packet without APP the frequency would be a slightly more than two messages per second. The size of non-compound RTCP-APP packets is estimated to 44 bytes (APP=16 bytes, UDP=8 bytes, IPv4=20 bytes). With 2000 bps one can then send about 5.7 non-compound RTCP-APP messages per second.
In reality, some of the RTCP messages have to be compound RTCP messages when using non-compound, as controlled by the trr-int parameter, which would reduce the report frequency to about 4-5 non-compound RTCP messages per second or slightly below.

With this interval, the reporting interval for non-compound RTCP would be in the same order of magnitude as the round-trip time or slightly shorter. This is judged as being quite acceptable, especially when using AVPF with immediate RTCP messages.
These calculations were made for point-to-point calls. In sessions with multiple clients, the RTCP bandwidth is shared among the clients so that each client will get less bandwidth and consequently has to increase its RTCP transmission interval.
The RTCP transmission rules also defines that a random component should be added to the transmission intervals. The actual transmission interval will therefore vary around the desired interval.
4 Proposal
When defining the RTCP bandwidth modifiers in SDP examples in TS 26.114  the following values should be used:
· The RTCP bandwidth should be based on the reporting needs for the service instead of basing it on the traditional 5% rule.

· The value for RS should be 0.

· The value for RR should be equal to the RTCP bandwidth.
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