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1 Introduction

This document is a summary and continued analysis of the documents [1] and [2], “End-to-end bitrate adaptation for PSS”, and “Client Stream Quality Metrics”, presented in the SA4 25 in San Francisco. It summarizes major points and makes additional recommendations. This document is for further discussion and agreement.
2 Discussion

This is a recommendation list for support of end-to-end bit rate adaptation in PSS based on [1] and [2]:

1. The functionality for performing bit rate adaptation during playback to PSS should be added. 

2. Bitrate adaptation should be robust such that bitrate should not rapidly switch between adaptation points.

3. Bitrate adaptation should be quick such that especially in adaptation downwards buffer under-runs should be avoided.

4. Bitrate adaptation should not violate backwards compatibility.

5. Only the server should be responsible for adaptation. 

6. Bitrate adaptation should use a standardized file format to allow for exchange of content supporting adaptation with encodings in multiple bit rates. 
7. The server should be able to send an optional SDP declaration of what alternative bit rates are available for a content. This information could be used either by initial stream selection (based on user preferences, or available bandwidth) or specific cases such as audio bit rate adaptation.
8. A client should be able to send various feedback to the server. The types of feedback information that a client is required or can optionally report periodically, should be specified. As a basic format, all clients from first release of PSS (REL-4) supports sending of RTCP traffic. If any extra formats are to be supported to provide more detailed feedback they need to be specified. Here are more suggestions:

a. To get better granularity for RTCP statistics at the server, client and sever is recommended to implement and use the RTP profile “Extended RTP Profile for RTCP-based Feedback (RTP/AVPF)”  [4], work in progress, which removes the 5 second minimal interval. 

b. In [2] several client stream quality metrics are proposed together with a proposal for a reliable transport recommendation. The server should be able to formulate a quality measure based on those metrics.
c. A reliable way to signal requests from the client to the server, e.g. RTSP is recommended in both [1] and [2]. However any feedback from client over a reliable channel should not mandate a “time-critical” value for bitrate adaptation. Since TCP over high latency/wireless channels is shown to provide reliable but highly delayed transmission. 

9. A client is not recommended to have its own adaptation algorithm, i.e., the client should not to send any adaptation requests to the server within its feedback. Here is the justification:

a. Client complexity increases if the decision making is also part of the client. The client needs to collect packet transmission statistics about data arrival, has to analyse those and make some recommendations back to the server. The decision making cannot be a simple go up or down command. It will require some statistical analysis, history tracking and may mandate that bitrate distribution is known by the client before streaming starts. This increases the complexity of the client. 

b. While the client sends its decision back to the server, the server in the meantime has its own idea on what to do, whether to go up, down or stream steady. Now there is the possibility that the client and server decisions are orthogonal. This will require additional intelligence for the server to resolve possible conflicts, to be prone to security attacks, to accommodate more complex billing mechanisms, and to resolve additional QoS management challenges. 

10. Bitrate adaptation should also accommodate any network resource degradations caused by mobile handover [3], or other radio issues such as changes in bearer.
3 Conclusion

This document analyses [1] and [2], and provides additional recommendations for end-to-end bitrate adaptation. Further discussion and agreement are expected.
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