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1. Introduction

This document elaborates on the minimum RTCP packet frequencies for very low bit rate conversational multimedia and PSS sessions. 

2. Rationale

In the SA4 meeting #24 it has been agreed to adopt the IETF specification [1] into the 3GPP TS 26.234 and TS 26.236 (Release 5 documents). The CRs have not been presented during SA4#24 due to lack of time (their acceptance was dependent on the CN1 and CN3 LS positive reply on SA4 intention to adopt [1]). 

CN1 and CN3 have accepted the SA4 proposal and the two CRs can now proceed in SA4. 

However, the CRs [2, 3] contained an open issue related to the definition of a limit for the RTCP bandwidth of a given session bandwidth. This was left FFS. This document intends to cover the open issue by means of RTCP packet frequency computations and a proposal to be inserted into the respective CRs for TS 26.234 and TS 26.236 (Rel. 5).

3. RTCP bandwidth modifier in SDP

The main aim of the RTCP bandwidth modifier is that of increasing flexibility in the RTCP usage in such way that applications are free to use a certain RTCP bandwidth in order to guarantee the best user QoS at any instant. The introduction of such modifier also enables the network to perform the most correct authorization and allocation of resources for the RTCP data stream.

However, the usage of RTCP bandwidth modifier in SDP must ensure that:

1. There is an upper limit to the RTCP bandwidth, in order to avoid situations in which the RTCP bandwidth gets potentially closer to the bandwidth of the RTP stream.

2. Very low bit rate sessions do not suffer from a too low RTCP packet frequency, but rather they can increase the packet frequency with respect of the constraint described in point 1.

In the rest of this contribution, an elaboration of the different cases of RTCP packet frequencies is given for very low bit rate sessions.

4. Very low bit rate sessions

RTCP packet frequency normally increases when the session bandwidth increases, as it is computed proportionally from the session bandwidth. Therefore, very low bit rate sessions are the ones that are potentially subject to low RTCP packet frequencies. In the following, we identify the very low bit rate session cases for conversational multimedia and PSS.

Speech sessions are notoriously established at lower bit rates than video sessions. So, AMR and AMR-WB are the candidate source codecs that generate very low bit rate media streams.

In the conversational multimedia application domain a VoIP (Voice over IP) call is the case of very low bit rate session. The source bit rate can be as low as 4.75 kbps (while the maximum source bit rate can be 23.85 kbps).

In the PSS application domain an audio-only (AMR or AMR-WB) streaming session is the case of very low bit rate session. The source bit rate is the same as in the previous case.

5. VoIP

For VoIP the TS 26.236 mandates the usage of encapsulation of 1 speech frame per RTP packet, using the bandwidth efficient mode (no CRC and interleaving). If both VoIP terminals use the same codec mode the computed RTCP packet frequencies (assuming 5% bandwidth limit on the RTP session bandwidth) are as follows:

Case 4.75 kbps

2-participant session bandwidth = 21.6 x 2 = 43.2 kbps

Total RTCP bandwidth = 43.2 * 5% = 2.16 kbps

RTCP bandwidth per participant = 1.08 kbps (considering equal share per participant)

RTCP packet frequency = 1 packet every 0.74 sec (assuming RTCP packet size of 100 bytes = 92 bytes for SR and SDES + 8 extra bytes)

Case 23.85 kbps

2-participant session bandwidth = 40.4 x 2 = 80.8 kbps

Total RTCP bandwidth = 80.8 * 5% = 4.04 kbps

RTCP bandwidth per participant = 2.02 kbps (considering equal share per participant)

RTCP packet frequency = 1 packet every 0.40 sec (assuming RTCP packet size of 100 bytes = 92 bytes for SR and SDES + 8 extra bytes)

The above two cases represent the 2 boundary cases in the space of session bit rate combinations of the two VoIP participants. All the other cases fall in the middle.

As a conclusion in the VoIP case, for QoS management purpose, a 5% limit on the RTCP bandwidth yields RTCP packet frequencies that are in the range [0.40, 0.74] seconds depending on the total session bandwidth. The RTCP packet rate seems to be acceptable for the very low bit rate case. 

6. PSS

For streaming, there are no encapsulation restrictions mandated in the TS 26.234. We will consider an AMR-only streaming case at 4.75 kbps encapsulated in bandwidth efficient mode (no CRC, no interleaving). In order to obtain a very low bit session bit rate, we will consider an extreme packetization case of 1 second of speech (= 50 AMR frames) into an RTP packet. The computed RTCP packet frequency (assuming 5% bandwidth limit on the RTP session bandwidth) is as follows:

Session bandwidth = 5.4 kbps

Total RTCP bandwidth = 5.4 * 5% = 0.27 kbps

RTCP bandwidth (PSS client) = 0.135 kbps (considering equal share for PSS server and client)

RTCP packet frequency = 1 packet every 4.74 sec (assuming RTCP packet size of 80 bytes = 72 bytes for RR and SDES + 8 extra bytes)

The RTCP packet frequency can be increased if considering different RTCP bandwidth share between PSS server and client. For example, if a 25/75% share were hypothesized, the outgoing RTCP packet frequency in the PSS client would be 1 packet every 3.16 sec. Turning off completely the outgoing RTCP traffic in the PSS server would give the possibility to the PSS client to use all the 5% bandwidth reserved for RTCP and send one packet every 2.37 sec.

However, some streaming implementations might want to use a higher frequency for RTCP reports than the ones indicated above. In addition, the TS 24.008 specifies that the minimum value for Guaranteed/Maximum Bit Rate values in the QoS profile is 1 kbps. This implies that a physical allocation of a 1 kbps bearer will be reserved also in case the requested size is smaller than 1 kbps. Therefore, for very low bit rate PSS sessions that intend to send more frequent RTCP reports, 1 kbps bandwidth for RTCP traffic (in both uplink and downlink directions) is a good limit and it does not waste extra network resources. This allows to send one RTCP packet every 0.64 sec, or one RTCP packet every 0.32 sec if the PSS server RTCP reports are turned off completely.

7. Proposal

It is proposed to re-submit the two CRs [2, 3] including the following changes:

· Changes for [2] (TS 26.236). 

Limit for the RTCP bandwidth = 5% of the session bandwidth.

· Changes for [3] (TS 26.234). 

Limit for the RTCP bandwidth = 5% of the session bandwidth;

If the computed total RTCP bandwidth is smaller than 2 kbps then
Limit for the RTCP bandwidth = 2 kbps (to be shared in UL and DL directions).

The changes in TS 26.234 will impact on section A.3.2.3. It is proposed to update that section accordingly through another CR.
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