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1 Introduction

S1 agrees that Release 6 PSS servers should be able to receive quality metrics generated by the handset in order to gauge the user experience. The service requirements submitted by H3G [1] will be included in the latest version of S1 specification TS 22.233 (CR S1-022037).
This document describes a selection of metrics that should be generated by the UE, to provide suitable information to the PSS server so that a quality measure can be arrived at. The method of operation (e.g. transport protocol, field names, etc.) should be discussed in detail with other 3GPP participants, in particular handset and server vendors.
It should be emphasised that the details below are initial suggestions intended to promote discussion and further research, and should not be taken as a final list of required metrics.

2 Client Stream Metrics
The tables below describe a set of key metrics for consideration. All fields are cumulative unless stated otherwise. Some other items will also be required in order to identify the user session (e.g. the session ID, date and time, source filename).
Table 1 Content/rendering-related
	Audio codec
	Audio codec used, include profiles/levels

	Video codec
	Video codec used, include profiles/levels

	Protocol
	Stream protocol (e.g. RTSP)

	Length of content
	Length of presentation/session (seconds)

	Time spent playing
	Length of time user watched clip for (seconds)

	No. I-frames rendered
	The number of video key-frames rendered by the media player

	No. P-frames rendered
	The number of video P-frames/B-frames rendered by the media player

	Min framerate
	The minimum video framerate measured over the duration of the session

	Average framerate
	The average framerate measured over the duration of the session

	Max framerate
	The maximum framerate measured over the duration of the session
[Note: should equal the media framerate]

	Number of times player re-buffered
	The number of times the media player re-buffered

	Total time spent buffering (seconds)
	The length of time (seconds) the media player spent buffering

	Total stream setup time (seconds)
	The length of time (seconds) between the stream request (i.e. RTSP “PLAY”) from UE and the first content packet rendered


Table 2 Packet-related
	Degree of packet re-ordering
	An example method to describe the degree of packet re-ordering is outlined in the IETF document

“draft-shalunov-reordering-definition-01.txt”.
[For Further Study]

	Last RTP sequence number received
	The most recent RTP sequence number received per media channel. This will help determine where the user played up to in the stream.

	No. packets received
	The cumulative number of content packets successfully received per media channel.

	No. packets expected / No. packets lost
	The number of content packets expected per media channel. This could be derived from RTCP sender reports sent from the server.

	Min no. packets lost in succession
	The minimum number of content packets lost in succession per media channel.

	Average no. packets lost in succession
	The average number of content packets lost in succession per media channel.

	Max no. packets lost in succession
	The maximum number of content packets lost in succession per media channel.

	Min delay
	Minimum packet delay (msec)

	Average delay
	Average packet delay (msec)

	Max delay
	Maximum packet delay (msec)

	Packet jitter
	Measure of delay variation


Table 3 Bit-rate and error-related
	No. bytes received
	Cumulative number of bytes received

	No. bytes expected
	Number of bytes expected from PSS server. This value could be taken from the RTCP sender reports.

	No. detected bit-errors
	Number of detected bit-errors in the stream

	No. corrected bit-errors
	Number of detected & corrected bit-errors

	Min bit-rate
	Minimum bit-rate (kbps) – audio and video

	Average bit-rate
	Average bit-rate (kbps) – audio and video

	Max bit-rate
	Maximum bit-rate (kbps) – audio and video
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