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1 Introduction

There are so far four QoE metrics specified for PSS:

· corruption duration

· initial buffering duration

· rebuffering duration

· successive loss of RTP packets

Three new QoE metrics have been proposed by S4-040298 in the 31st SA4 meeting:

· frame rate deviation

· jitter duration

· sync loss duration

Comments were expressed by the participating experts in the Montreal meeting. This input document continues to propose the first two of the three new QoE metrics with the comments being replied. Section 2 provides the proposed specification text to TS 26.234 Rel 6 (S4-040308). Section 3 replies to the comments received in Montreal meeting among other questions.

2 Proposed Specification Text 

The "3GPP-QoE-Feedback" header in clause 5.3.2.3.2 is slightly modified. Clause 11.2 is also slightly modified. Modified or added texts are highlighted in yellow. Clauses 11.2.5 and 11.2.6 are added. See below.

5.3.2.3.2 Metrics feedback

…

Value
= ( ["-"]1*DIGIT ["." *DIGIT]) /  1*((0x21..0x2b) / (0x2d..0x3a) / (0x3c..0x7a) / 0x7c / 0x7e) 
;VCHAR except “;”, “,”, “{“ or ”}”
…

11.2
QoE metrics

…

The following metrics shall be derived by the PSS client implementing QoE. All the metrics defined below are only applicable to at least one of audio, video, speech and timed text media types, and are not applicable to other media types such as synthetic audio, still images, bitmap graphics, vector graphics, and text. Any unknown metrics shall be ignored by the client and not included in any QoE report. Among the QoE metrics, corruption duration, successive loss of RTP packets, frame rate deviation and jitter duration are of media-level, initial buffering duration and rebuffering duration are of session-level.
11.2.5

Frame rate deviation

Frame rate deviation indicates the playback frame rate information. Frame rate deviation happens when the actual playback frame rate during a reporting period is deviated from a pre-defined value. 

The actual playback frame rate is equal to the number of frames played during the reporting period divided by the time duration, in seconds, of the reporting period. 

The parameter FR that denotes the pre-defined frame rate value is used with the " Framerate_Deviation" parameter in the "3GPP-QoE-Metrics" header. The value of FR shall be set by the server. The syntax for FR to be included in the "Measure-Spec"  (clause 5.3.2.3.1) is as follows:

FR = “FR” “=” 1*DIGIT “.” 1*DIGIT

The syntax for the Metrics-Name “Framerate_Deviation" for the QoE-Feedback header is as defined in clause 5.3.2.3.2 with the exception that "Timestamp" in "Measure" is undefined for this metric. The absence of an event can be reported using the space (SP). 

For the Metrics-Name “Framerate_Deviation",  “Value” field indicates the frame rate deviation value that is equal to the pre-defined frame rate minus the actual playback frame rate. This metric is expressed in frames per second, and can be a fractal value, and can be negative. The metric value can occur only once for this metric. 

11.2.6

Jitter duration

Jitter happens when the absolute difference between the actual playback time and the expected playback time is larger than a pre-defined value, which is 100 milliseconds. The expected time of a frame is equal to the actual playback time of the last played frame plus the difference between the NPT time of the frame and the NPT time of the last played frame.

The syntax for the Metrics-Name “Jitter_Duration" for the QoE-Feedback header is as defined in clause 5.3.2.3.2. 

The absence of an event can be reported using the space (SP). 

For the Metrics-Name “Jitter_Duration", the "Value" field in 5.3.2.3.2 indicates the time duration of the playback jitter. The unit of this metrics is expressed in seconds, and can be a fractional value. There is the possibility that jitter occurs more than once during a reporting period. In that case the metric value can occur more than once indicating the number of jitter events.

The optional "Timestamp" field indicates the time when the jitter has occurred since the beginning of the reporting period. 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.

3 Questions and answers

3.1 General level questions

1) Q: Are QoE metrics meant to reflect end user experience or network quality?
A: End user experience.

2) Q: Why the new QoE metrics are needed?
A: Because the new QoE metrics are useful and necessary to analyze the user-experienced streaming quality. Without these metrics, the QoE reports with the four existent metrics may be misleading. Following gives some examples showing that each of the new metrics complements other metrics in analyzing quality of experience. 

a. Example on frame rate deviation. Due to the link rate reduction, the server may do stream thinning by not sending non-reference pictures during a streaming session. Compared to the case wherein there is no link rate reduction and streaming thinning, the streaming quality may be quite different. However, this cannot be reflected by the four existent QoE metrics. The frame rate deviation metric can be used to reflect such quality degradation.

b. Example on jitter duration.  In one section of a streaming session, due to late arrival of the media data, only ¼ of the media data is played in the first half second while the left ¾ is played in the second half. Compared to the case wherein data are played evenly as expected, the streaming quality is much lower. However, this cannot be reflected by the four existent QoE metrics. The jitter duration metric can be used to reflect such quality degradation.

3) Q: Do we need a common syntax for adding new metrics?
A: The "3GPP-QoE-Metrics" header defined in clause 5.3.2.3.1 of the PSS specification and the "3GPP-QoE-Feedback" header defined in clause 5.3.2.3.2 of the PSS specification are quite general and allow already addition of new metrics.

3.2 On the frame rate deviation metric 

1) Q: Why/how/when frame rate deviation can happen?
A: Frame rate deviation may be resulted from the following reasons. 

a. Data loss in transmission. This may be covered by the corruption duration metric and the metric of successive loss of RTP packets. If only part of a frame is lost, based on the error concealment quality, the client may or may not display the frame. The frame rate deviation metric can tell such a difference of different streaming qualities.

b. Server thinning. See the first example of the second question in 3.1.

c. Due to network congestion or other degradations, some less important frames, e.g. non-reference frames, may be discarded by the network. 

d. Due to unexpected delay, the client does not decode a received frame or does not display a decoded frame.

e. Due to delay, a frame has been played significantly later than the expected playback time. 

2) Q: What is reported for this metric?
A: The value of the frame rate deviation value that is equal to the pre-defined frame rate minus the actual playback frame rate.

3) Q: Is it session level or media level?
A: It is media level. Added in clause 11.2 of the PSS specification.

4) Q: It is useful for constant frame rate, for variable frame rate it is not straight forward.
A: Even for a variable frame-rate stream, the frame rate value and the variation is useful for the server to analyze streaming quality since the server knows such information of the expected stream. Further, since the information on the encoding method is in the server, the server knows if this metric is useful or misleading. It is left to the server the decision of requesting the reporting of this metric to the client. If it does so, it means the report makes sense and is useful. 

5) Q: Should there be a bound for frame rate deviation value?
A: The minimum frame rate is zero hence the maximum frame rate deviation value is equal to the pre-defined frame rate. The maximum frame rate, hence the minimum frame rate deviation value, depends on the fastest display speed.

6) Q: How is frame rate deviation different from the jitter duration metric?
A: Frame rate deviation is used to reflect the playback frame rate value and variation, while jitter duration is to reflect the difference between actual playback time and expected playback time. Though they are correlative, they reflect distinct playback properties. They are complementary to each other. On one hand, during a time period, two playback processes of one stream may have the same frame rate while one has jitter but the other does not. On the other hand, two playback processes of one stream may both have no jitter but have different playback frame rates because in one playback process some corrupted frames are played back while in the other no corrupted frame is played back.

7) Q: Why cannot frame rate be included in corruption duration metric?
A: Corruption duration cannot take care of frame rate, because the client may or may not display a corrupted frame based on whether the frame has acceptable quality.

8) Q: Why do we need this metric? 
A: See the second question in 3.1 and the first question in 3.2.

9) Q: What does the pre-defined frame rate mean? Is this something sent by the server? 
A: The pre-defined frame rate is the value that best reflects the frame rate of the expected or negotiated stream. It should be signaled from the server to the client.
3.3 On the jitter duration metric 

1) Q: Why/how/when jitter can happen?
A: Jitter here refers to playback jitter. It may be resulted from the following reasons

a. Delay. See the second example of the second question in 3.1.

b. Due to lacking of power or computing resource (e.g. other applications are running at the same time), the client does not maintain tight timing.

2) Q: What is reported for this metric?
A: The time duration of a jitter event, and optionally, the time when the jitter event has occurred since the beginning of the reporting period.

3) Q: Is it session level or media level?
A: It is media level. Added in clause 11.2 of the PSS specification.

4) Q: To what media types is jitter duration applicable? 
A: Jitter duration is applicable to speech, audio, video and timed text.
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