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1. Introduction

In this document it is proposed to include the RTCP bandwidth information in the bandwidth descriptor used in SDP for both PSS and conversational multimedia applications.

2. Rationale

The current PSS specification 26.234 states that for the SDP b=AS bandwidth parameter <For RTP based applications, AS gives the RTP "session bandwidth'' (including UDP/IP overhead) as defined in section 6.2 of [9]>, where [9] is the IETF RFC 1889 (RTP specification).

This definition is correct whenever RTCP uses a different reservation mechanism as RTP. However, for 3GPP networks (release 5 and earlier) RTP and RTCP flows are carried in the same PDP context. The PDP context allocated by the PSS client should be inclusive of all the media flows transmitted by the PSS server (in this case both RTP and RTCP flows). The current specification of the SDP b=AS parameter takes only into account the bandwidth of the RTP flow, but not the bandwidth of the RTCP flow. In practice, the PSS client could allocate a PDP context reserving a lower (or higher) bandwidth than needed. This happens because the PSS client does not know about the RTCP bandwidth used in the transmit direction by the PSS server. 

There is therefore the need to specify and signal clearly the RTCP bandwidth used. This is also required for other reasons:

1. Only the application (either a PSS server or a conversational multimedia terminal) knows if RTCP traffic will be really sent to the other end or not. The application knows also how much RTCP will send to the other end (in PSS Rel. 5 RTCP packets can be sent using two possible frequencies, that yield two different bandwidth occupancies). This allows to save network resources and avoid over-allocation of bandwidth. Differently, the UE would allocate a default 2.5% bandwidth for the receiving RTP flow, even if RTCP is not used.

2. In IMS, if the computation of the RTCP bandwidth is left to the network, this must make a worst case assumption i.e.,  adding a 2.5% bandwidth to the b=AS session bandwidth for authorization purposes in the PCF (Policy Control Function) [2]. This is not always accurate, because in case RTCP is not used, the bandwidth estimation is wrong. In other words, the PCF needs the right information about RTCP to make accurate authorization.

3. Proposal

In IETF there is currently a draft [1], which is going to get soon an RFC number, by means of which it is possible to define in SDP the bandwidth assigned to RTCP separately for senders and receivers. 

With such signaling mechanism, a PDP context can be rightsized to the RTP and RTCP real traffic bandwidths. 

It is proposed to consider the adoption of such RFC for both PSS specifications 26.234 Rel. 4 and Rel. 5, and conversational multimedia specifications 26.236 through CRs.
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