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1 Introduction

This contribution proposes three new QoE metrics: frame rate deviation, jitter duration and sync loss duration.

2 New QoE Metrics 

There are other parameters besides the four adopted QoE metrics (corruption duration, initial buffering duration, rebuffering duration and successive loss of RTP packets) that affect significantly the user-experienced quality of services, including playback frame rate, playback jitter, and sync loss. 

For example, if two streaming sessions have the same values of the four defined QoE metrics, and one session has perfect synchronization between audio and video data, while in another session the synchronization has quite much been lost, then the reported streaming quality is the same while the actually user experience is very different. The three new QoE metrics are defined below.

2.1 Frame rate deviation metric 

This metric is only applicable for audio, video and speech, and is not applicable to other media types. It gives information on the playback frame rate. Frame rate deviation happens when the playback frame rate is deviated from a pre-defined value. This metric contains both the time duration of the event and the frame rate deviation value, i.e. the difference between the pre-defined frame rate and the actual playback frame rate. The time duration is expressed in units of seconds, and can be a fractional value. The deviation value is expressed in units of frames per second, and can be a fractional value. 

The pre-defined value is provided by the server during QoE negotiation. The server can decide the value by checking the media bitstream or any other means. The value should indicate the average frame rate when the media stream is locally played back.

From an implementation point of view, the following method is specified to calculate frame rate. It is assumed that frame rate changes only at integer seconds. The frame rate value of the time period from second n-1 to second n is equal to the number of frames played back during the period. The time axis represents NPT time and originates from the starting time of the QoE reporting period.

The syntax for the proposed metric Framerate_Deviation for the QoE-Feedback header in clause 5.3.2.3.2 of TS 26.234 Rel. 6 is:

Framerate_Deviation = “Framerate_Deviation” “=” “{“ SP / 1#(Value1 SP Value2 [SP Timestamp])“}”;

The Value1 field indicates the time duration of the frame rate deviation event, and the Value2 field indicates the frame rate deviation value. The Timestamp indicates the time when the frame rate deviation has occurred. The value of the Timestamp is equal to the NPT time of the first played frame during the frame rate deviation event, relative to the starting time of the reporting period. If there is no played frame during the event, the value is equal to the NPT time of the last played frame before the event or the starting time of the reporting period, whichever is later, relative to the starting time of the reporting period. 

There is the possibility that the same event occurs more than once during a monitoring period. In that case the metric can occur more than once, which indicates the number of frame deviation events to the server. 

To enable the client calculate the frame rate deviation metric, a pre-defined frame rate value is required to be sent to the client. In this case, the value, denoted as FR, can be added as one additional parameter to the RSTP header QoE-Header as in clause 5.3.2.3.1 of TS 26.234 or the SDP attribute QoE-Metrics as in clause 5.3.3.6 of the same specification, such that the syntaxes of the RTSP QoE-Header and the SDP QoE-Metrics become

QoE-Header = “QoE-Metrics” “:” “Off” 

/ 1# (stream-url “;” Metrics “;” Sending-rate [“;” Range] [“;” FR]) CRLF

QoE-Metrics-line = "a" "=" "QoE-Metrics:" Metrics “;” Sending-rate [“;” Range] [“;” FR] CRLF

FR = “FR” “=” 1*DIGIT “.” 1*DIGIT

2.2 Jitter duration metric 

This metric is only applicable for audio, video and speech, and is not applicable to other media types. A playback jitter happens when the absolute difference between the actual playback time and the scheduled playback time is larger than a pre-defined value. This metric is expressed in units of seconds, and can be a fractional value. 

The pre-defined value is 100 milliseconds. The syntax for the metric Jitter_Duration for the QoE-Feedback header in clause 5.3.2.3.2 of TS 26.234 Rel. 6 is:

Jitter_Duration = “Jitter_Duration” “=” “{“ SP / 1#(Value [SP Timestamp]) “}”;

The Value field indicates the time duration of the playback jitter. The Timestamp indicates the time when the playback jitter has occurred. The value of the Timestamp is equal to the NPT time of the first played frame in the playback jitter, relative to the starting time of the reporting period.

2.3 Sync loss duration metric 

This metric is applicable for any pair of media streams in the streaming session. 

Let value A be the difference between the playback time of the last played frame of a first media stream and the playback time of the last played frame of a second media stream, and let value B be the difference between the scheduled playback time of the last played frame of the first media stream and the scheduled playback time of the last played frame of the second media stream. A sync loss happens when the absolute difference between value A and value B is larger than a pre-defined value. This metric is expressed in units of seconds, and can be a fractional value. 

The pre-defined value is 100 milliseconds. The syntax for the metric Syncloss_Duration for the QoE-Feedback header in clause 5.3.2.3.2 of TS 26.234 Rel. 6 is:

Syncloss_Duration = “Syncloss_Duration” “=” “{“ SP / 1#(Value [SP Timestamp]) “}”;

The Value field indicates the time duration of the sync loss. The Timestamp indicates the time when the playback sync loss has occurred. The value of the Timestamp is equal to the NPT time of the first played frame in the synch loss, relative to the starting time of the reporting period.

3 Conclusions

This contribution includes three new valuable QoE metrics that are proposed to be added to the set of metrics that can be reported by a PSS client which supports QoE metrics. These are proposed as working assumption for the TS 26.234 Rel. 6. 
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