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6.1.1
1 Introduction

This document contains information for discussion on the transport method for streaming quality metrics. Further comments are provided for several sections in S4-30562 [10], the permanent document v0.04 for streaming quality metrics discussed in [1-9].  The comments address issues raised in SA4 #27 in Munich, Germany.
2 Transport Protocol Discussion for Streaming Quality Metrics
This section proposes a transport protocol for the streaming quality metrics. The following section is proposed to replace section 6 in [10] with the following text:
Section 6 Protocol definition

The objective is to define a simple and robust protocol that will enable the PSS quality metrics when they are needed. 

A first constraint is to reuse the existing PSS protocol between server and the client. The other constraint is to minimize the amount of data that have to be sent over the air.

It is assumed that the terminal also implements RTCP reports and will also implement RTCP protocol extensions upon acceptance as a standard [11], especially for the definition of raw metrics. Information derived from these two protocols will be used whenever possible. 

QoE metrics are triggered and sent using RTSP. The PSS server triggers the QoE metrics with a SET_PARAMETER method as described below. An extensible QoE-metrics text parameter type is defined. The client responds with an RTSP OK if it accepts to send QoE-metrics, or it can refuse or ignore PSS server’s request. The QoE-metrics are initiated for each media stream separately if a TRIGGER URL identifier is specified in the body of the RTSP message. If the TRIGGER identifier does not have a URL specified the QoE metrics are set for all the streams in the specified session. The PSS server is recommended to send separate trigger messages for each media stream it wants the QoE metrics initiated, but it is possible to augment all individual QoE stream triggers in one RTSP body.
S->C:
SET_PARAMETER rtsp://example/clip1 RTSP/1.0

CSeq: 1

Session: 12345678

Content-Type: text/QoE-metrics

Content-Length: 25

METRICS-TRIGGER rtsp://example/clip1/video ;(absoluteURI/relativeURI)
QoE-metrics-trigger=1 /0 ;on/off
C->S:
RTSP/1.0 200 OK

CSeq: 1

The PSS server can send the client a description of the QoE-metrics session with the SET_PARAMETER method. A description for each media stream can be sent in one SET_PARAMETER method. A metrics session description is identified with METRICS-SETUP, which contains a Range, Period and Sender parameter. The definition of these parameters is provided below. Several descriptions for a single stream or session can be augmented in a single RTSP body, covering different ranges of the stream or session. These parameters also enable mid-session configurations.
S->C:
SET_PARAMETER rtsp://example/clip1 RTSP/1.0

CSeq: 2

Session: 12345678

Content-Type: text/QoE-metrics

Content-Length: 50

METRICS-SETUP rtsp://example/clip1/video
Range= <range> ;range=defined for Range header in RFC 2326

Period=end/undefined/ "T" "=" 1*9DIGIT; every t ms
Sender=client/server
;client= client pushes QoE metrics with SET_PARAMETER

;server= retrieves QoE metrics with GET_PARAMETER 

METRICS-SETUP rtsp://example/clip1/audio
…

C->S:
RTSP/1.0 200 OK

CSeq: 2

Alternatively, the PSS server can ask the client to provide a description of the QoE-metrics session with the GET_PARAMETER method. A description for each media stream can be retrieved in one single GET_PARAMETER method.

S->C:
GET_PARAMETER rtsp://example/clip1/audio RTSP/1.0

CSeq: 2

Session: 12345678

Content-Type: text/QoE-metrics

Content-Length: 50

METRICS-SETUP rtsp://example/clip1/video
Range

Period
Sender

METRICS-SETUP rtsp://example/clip1/audio
…

 C->S:
RTSP/1.0 200 OK

CSeq: 2

Session: 12345678

Content-Type: text/QoE-metrics

Content-Length: 50

METRICS-SETUP rtsp://example/clip1/video
Range= npt=0.0-

Period= end
Sender=client
METRICS-SETUP rtsp://example/clip1/audio
…

Once the QoE-metrics session is described and agreed upon, depending on the description either a client can send the QoE-metrics to the PSS server with a SET-PARAMETER method, or the PSS server can retrieve the QoE-metrics with a GET_PAREMETER. The list of parameters in the RTSP message is identified with METRICS-LIST identifier, which contains can contain the minimum set of parameters identified as METRICS-MINIMUM, as well as a set of extended parameters identified as METRICS-EXTENDED. Further parameters such as raw metrics list can be identified as METRICS-RAW, for example. For synchronization purposes the list of metrics should contain a start-time and end-time, to mark the beginning and ending of a measurement period. Besides synchronization, the start-time and end-time parameters will enable the client to buffer some sets of QoE-metrics in case there is a need for it. The same order for the parameters in the METRICS-LIST is recommended for parsing simplicity. 
Metrics are pushed with a SET_PARAMETER method as follows:

C->S:
SET_PARAMETER rtsp://example/clip1/audio RTSP/1.0

CSeq: 3

Session: 12345678

Content-Type: text/QoE-metrics

Content-Length: 50

METRICS-LIST rtsp://example/clip1/video
Start-time= <start-time>; start-time=as defined for Range header in RFC 2326
End-time= <end-time>; end-time=as defined for Range header in RFC 2326
METRICS-MINIMUM
corruptions= "corruptions" "=" 1*9DIGIT; number of occurrences
min_corruption_duration="min_corruption_duration" "=" 1*9DIGIT; ms
max_corruption_duration="max_corruption_duration" "=" 1*9DIGIT; ms avg_corruption_duration="avg_corruption_duration" "=" 1*9DIGIT; ms std_corruption_duration="std_corruption_duration" "=" 1*9DIGIT; ms 
termination_normal= “1” / “0”; yes/no
rebuffering="rebuffering" "=" 1*9DIGIT; number of occurrences
min_rebuffering_duration="min_rebuffering_duration" "=" 1*9DIGIT; ms
max_rebuffering_duration="max_rebuffering_duration" "=" 1*9DIGIT; ms

avg_rebuffering_duration="avg_rebuffering_duration" "=" 1*9DIGIT; ms

std_rebuffering_duration="std_rebuffering_duration" "=" 1*9DIGIT; ms

setup_duration="min_rebuffering_duration" "=" 1*9DIGIT; ms

initial_buffering_duration= "initial_buffering_duration" "=" 1*9DIGIT; ms
min_successive_loss="min_successive_loss" "=" 1*9DIGIT; RTP packets
max_successive_loss="max_successive_loss" "=" 1*9DIGIT; RTP packets
avg_successive_loss="avg_successive_loss" "=" 1*9DIGIT; RTP packets std_successive_loss="std_successive_loss" "=" 1*9DIGIT; RTP packets decoded_bytes= "decoded_bytes" "=" 1*9DIGIT; bytes 
application_detected_error= "application_detected_error" "=" 1*9DIGIT; bits
application_corrected_error="application_corrected_error" "=" 1*9DIGIT; bits
METRICS-EXTENDED


[further extensions with assigned values]

METRICS-LIST rtsp://example/clip1/audio
…

S->C:
RTSP/1.0 200 OK

CSeq: 3

The same format can be used to receive metrics with GET_PARAMETER, a PSS server initiated method.
3 Further Comments
Further comments are provided in this section for specific sections in S4-30562 [10], the permanent document v0.04 for streaming quality metrics discussed in [1-9].  The comments address issues raised in SA4 #27 in Munich, Germany.
Section 5.1 Media quality metrics

These quality measurements are defined per media type. A UE only supports the measurements relative to the media types used in the PSS session. Comment: The definitions provided here give the implementer the flexibility to choose to measure the metrics either within the decoder or predict them at the decoder input, i.e. at the packetization level:
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Figure 1: Part of the protocol stack for the PSS client

Section 5.1.4 Video

· Number of corruptions

· Min corruption duration

· Max corruption duration

· Avg corruption duration [TBC]

· std of the corruption duration [TBC]

Editor’s note: 

- W need to define a measurement to identify periodic bursts of corrupted frames that have a very annoying effect even with a low frame corruption rate.

Comment: This can be deduced from the number of corruptions and corruption duration. The raw metrics can also be used.

- Predicting the effect of lost I or P frames is difficult. We need a solution to this.

Comment: The measurements can be done either at the packetizer level or within the decoder. 

Section 5.2 PSS protocol and player metrics

· Connection terminated normally?6
· Number of times player re-buffered7
· Min re-buffering duration

· Max re-buffering duration

· Avg re-buffering duration

· std of re-buffering duration

6 Did any “end device” error happen?

Comment: This parameter enables the server to differentiate between different connection termination reasons, see table below. Further parameters can be added as an extension to provide more detailed information.
	UE/Session Status
	Existing methods to signal connection termination
	Termination_Normal parameter

	End-of-stream reached
	RTSP TEARDOWN
	“YES”

	STOP button pressed
	RTSP TEARDOWN
	“YES”

	Application crashes
	N/A
	N/A

	Decoder crashes
	Application may send a proprietary message or RTSP TEARDOWN
	“NO” 

	OS crashes
	N/A
	N/A

	NW problems
	N/A
	N/A


Table 1: connection termination and corresponding messages

7 The number of times the media player re-buffered (excluding initial buffering and seeks)

Editor’s note: this section is still under discussion: 

We need a clear definition of re-buffering. 
Comment: For the dejittering/predecoder buffer with a maximum size Tb and with Tmin and Tmax as predefined thresholds (see Figure 2), where Tmin is the threshold when the data level falls below the consumption of data is paused and Tmax is the threshold at which the consumption of data is resumed. Re-buffering is defined as an instance of the buffer level falling to or below Tmin.  Re-buffering duration is defined as the time elapsed since re-buffering instance until the buffer level has reached Tmax.
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Figure 2: dejitter/predecoder buffer
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