TSG-SA WG4#21 meeting
Tdoc S4 (02)0253

May 13-17, 2002, Rennes, France
Agenda Item: 4.2

Source:

Hutchison 3G UK

Title:


Packet Switched Streaming Quality Metrics

Document For:
Discussion and Agreement

Agenda Item:

7

1 Introduction

The current 3GPP packet switched streaming solution offers inadequate metrics to reliably determine the quality of service experienced by the user during a streaming session. A set of comprehensive quality metrics associated with video and audio decoding, delivered over a reliable transport protocol, would enable operators much greater freedom to define their own measure of ‘stream quality’, and therefore implement flexible charging and customer management policies. This document describes a small selection of metrics and approaches for discussion.

2 Discussion

RTCP [1] provides a feedback mechanism from the terminal returning data such as packet loss, delay, and network jitter to the streaming server. However the protocol is media-unaware and conveys little about the specific content being streamed.

RTCP reports provide only statistics about the RTP packets. All the packets are considered of equal importance. In addition, these reports are only meaningful for the RTP level. For instance, if a packet is delivered late, it will not be useful for the application, but it will be still counted as a delivered packet. Another weakness of the RTCP feedback is the unreliable transport mechanism. Since UDP is used, there is no guarantee that the reports are received at the other end.

A replacement for RTCP is not intended; instead an additional method by which the media player can send enhanced feedback on the user experience. In the case of video playback this might include the actual frame-rate, the number of I-frames rendered, and the time spent buffering.

A small number of parameters are suggested below, although a more detailed investigation is needed to identify the information required. A small increase in processing complexity at the terminal is expected, however most of the data requires only that counters are incremented accordingly.

· Number of intra (I) video frames rendered by the media player

· Number of predictive (P and B) video frames rendered by the media player

· Average, minimum and peak video frame-rate

· Time from stream request to start of audio/video rendering

· Number of times the media player buffered

· Total time the media player spent buffering

· Number of media packets lost (audio and video)

· Number of media packets lost in succession (audio and video)

· Number of bit-errors detected and corrected (audio and video)

· A measure of the distribution of media packets lost over time (audio and video)

Additionally, the parameters currently sent by RTCP reports could be distributed in the same manner.

Such a scheme should use a TCP-based protocol to ensure reliable data delivery, for example the RTSP [2] SET_PARAMETER method, either at the end of a session or at an interval set by the server.

3 Conclusion

An agreed set of base metrics and method of collection would have clear benefits for mobile operators deploying standards-based solutions, wishing to ensure a consistent approach across terminals and streaming platforms.

Stream quality is inherently difficult to quantify, and is influenced by many factors such as network conditions, codecs, terminal capabilities, and the perception of the end-user. Despite this complexity, a great deal can be discovered from simple performance data that could be used for stream quality analysis, perhaps for billing purposes or to gauge customer satisfaction.

In the absence of relevant metrics very little can be revealed about the user experience. A standardised approach would enable quality feedback regardless of the terminal or server platform. For mobile operators, a means to monitor and maintain levels of service delivery for streaming is essential. This will promote uptake of streaming services and improve customer satisfaction, thereby increasing revenue.
H3G suggests that this proposal is adopted as a Release 6 work item and if agreed is prepared to draft the work item description.
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