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1 Introduction

This document is a proposal for mandating the use of RTCP [2] in all media transport sessions using RTP for the Packet-switched Streaming Service (PSS) in Release 6. Attached is a proposal for text to be included in TS 26.234 [1] that is intended to have this effect. 

The reasons for mandating the usage of RTCP are the following:

· Ensure that servers can know that the client is still alive through the reporting. The client does also receive such aliveness information during periods when no media is received from the server. 

· Ensure that server-side bit-rate adaptation can be performed at least rudimentary. By mandating the use of RTCP and ensuring that clients send their reports timely, the server will get RTCP receiver reports in a timely and predictable fashion. Thus allowing for RTT measurements and packet loss indications, and highest received sequence number reporting, commonly used for transmission bit-rate adaptation and congestion control.

· Ensure that the client is always provided with up to date synchronization and inter-media binding information. 

· Allow the client to keep track of the server's transmissions, thus enable detection of certain delivery failures.

The proposed specification text also corrects some minor issues, which were overlooked in appendix A.3 for TS 26.234 regarding RTCP when the reference was changed to RFC 3550.

2 Proposal

Ericsson proposes that RTCP becomes mandated to use for both clients and servers in all cases of RTP delivery of media within PSS. A proposal for specification text in TS 26.234 is attached and a decision to accept this text is requested. 
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