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	事由：
	第12研究组发出呼吁，请相关方参加为评估多媒体流性能而进行的非侵入式参量模型开发（P.NAMS）

	行动：
	请最迟于2008年9月30日前答复


尊敬的先生/女士：

1
ITU-T第12研究组第14/12课题希望对新的非侵入式参量模型进行标准化，以评估多媒体流性能，此项工作临时称为P.NAMS。
2
此模型的职责范围见本通函的附件。
3
回复者应注意，有关此呼吁的答复中应包括：
–
有关建议模型或一个模型的简单描述，
–
申请领域列表和模型所包括的操作模式，
–
是否能够接受在模型开发方面开展协作。
与会者亦将被要求对模型评估进行主观测试，或进行筹备工作或给予数据评估。
4
请您在2008年9月30日之前将是否愿意参加P.NAMS标准化工作的答复发至ITU-T第12研究组秘书处（tsbsg12@itu.int）。
5
如欲了解本呼吁的进一步细节或要求澄清，请最好通过电子邮件联系第12研究组秘书处，电子邮件地址为：tsbsg12@itu.int。
6
我谨借此机会强调参加这一新模型标准化工作的重要性，因为它将有助于第12研究组起草一项新的建议书，描述能够预测终端用户在多媒体流和不同传输格式的IPTV应用中所观察到的IP网络损害对质量的影响的客观参量质量评估模型。
顺致敬意！
电信标准化局主任
马尔科姆·琼森
附件：1件
ANNEX
(to TSB Circular 231)

Terms of reference
of a non-intrusive parametric model for the assessment of performance of 
multimedia streaming (P.NAMS)
Scope
The current scope of P.NAMS (Non-intrusive parametric model for the assessment of performance of multimedia streaming) is given below:
This Recommendation describes an objective parametric quality assessment model that predicts the impact of observed IP network impairments on quality experienced by the end-user in multi-media streaming and IPTV applications over transport formats such as: RTP (over UDP), MPEG2 (over UDP or RTP/UDP), 3GPP-PSS (over RTP).

This model is restricted to information contained in packet headers. Information from decoding the bit-stream or the packet payload is not used.

This model predicts Mean Opinion Scores (MOS) on the ACR scale for audio and video parts of the stream, as well as global multi-media MOS score (as defined in ITU-T Rec P.911, for instance).

The primary applications for this model are monitoring of transmission quality for operations and maintenance purposes. The P.NAMS model may be deployed both in end-point locations and at mid-network monitoring points.

The primary quality prediction made by such a model is not based on the payload of the stream being analysed, but assumes a typical, or generic, audiovisual payload.

This Recommendation cannot provide a comprehensive evaluation of transmission quality as perceived by a particular end-user because its scores reflect the impairments on the IP network being measured, that may only be part of the end-to-end connection. Furthermore, the scores predicted by a parametric model (i.e. without access to content) necessarily reflect an average perceptual impairment.

The effects of audio level, noise, delay, (and corresponding similar video factors) and other impairments related to the payload are not reflected in the scores computed by such a model. Therefore, it is possible to have high scores with this Recommendation, yet have a poor quality of the stream overall.

Model Structure
The model consists of a core module only. Since the parameter extraction is trivial for transport level parameters (such as packet loss) there is no need to define a parameter extraction module. The application scenarios allow for many implementation locations (in a network node, in a mobile telephone, in a drive test tool, in a set-top box etc.). The parameter extraction procedure depends on the implementation location, which makes it even more unnecessary to define a parameter extraction module.

Application areas

Q.14/12 foresees two distinct application areas for P.NAMS:

· QCIF-QVGA (also known as " low bitrate mode "), mostly for mobile TV and Streaming with the sub application areas:

· Linear Mobile TV over RTP (includes Mobile TV over a 3G mobile network with MBMS and with unicast, transport over RTP/UDP/IP)

· Multimedia streaming (includes 3GPP PSS with transport over RTP/UDP/IP)

· SD and HD television (also known as " high bitrate mode "), mostly for IPTV with the sub application areas.

· Linear broadcast TV (includes transmission over MPEG2-TS/RTP/UDP/IP, MPEG2-TS/UDP/IP and RTP/UDP/IP transport)
· Video on-demand (includes transmission over MPEG2-TS/RTP/UDP/IP, MPEG2-TS/UDP/IP and RTP/UDP/IP transport)
Modes of operations

The P.NAMS model can be implemented in different locations in a network, with access to different input parameters. That leads to four modes of operation:
	Class
	Name
	Description

	Mid-point or End-point
	Static Operation
	The model uses information from the local transport layer, prior knowledge about coding and prior knowledge about the end-point.

	Mid-Point
	Non-embedded Dynamic Operation
	The model uses information from the local transport layer, prior knowledge about coding and information about the end-point collected through signalling protocols

	End-point/Mid-Point
	Distributed Operation
	The model, located inside the network, uses information from the transport layer measured at an end-point and collected through signalling protocols, prior knowledge about coding and information about the end-point collected through signalling protocols

	End-point
	Embedded Operation
	The model uses information from the local transport layer, information from the end-point, and prior knowledge about coding 


An example of signalling protocols potentially used to carry end-point information is given for Universal Mobile Telecommunications System (UMTS), transparent end-to-end Packet-switched Streaming Service (PSS) in ETSI TS 126 234, V7.4.0. Another example would be a future extension of RTCP-XR (IETF RFC 3611) to video and multimedia metrics.
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a)  Static operation mode inside the network
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b)  Static operation mode inside a terminal
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c)  Non-embedded dynamic operation mode
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d)  Non-embedded distributed operation mode
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e)  Embedded operation mode

In addition to the modes described above, the P.NAMS model can be divided up into two bitrate modes for low and high bitrates (corresponding to the main application areas, as mentioned above). That will lead to potentially eight different modes of P.NAMS.
P.NAMS Properties
	Video codecs
	MPEG2, MPEG4 Visual Simple Profile, H.264 baseline profile, H.264 main profile, H.264 high profile

	Audio codecs
	AMR-NB, AMR-WB+, AAC-LC, G.729.1, to be completed

	Total coded bitrates
	32 kbps – 20 Mbps

	Video sizes
	QCIF, QVGA, SD, HD

	Quality degradations covered by the model
	Lossy encoding, packet loss, initial buffering, freezing with and without skipping (rebuffering)

Error concealment, or any kind of post-filter performed by the client, is included.

Audio-video synchronisation is excluded (not possible to detect with a parametric model)


P.NAMS Input Parameters

P.NAMS uses information from packet headers (RTP headers and MPEG2 Transport Stream headers), buffering information, information about codecs and encoded bitrates. P.NAMS does not use any payload information.

The possible common input parameters for all modes of operation are given in the table below:

	Input parameter
	Value range, unit

	Video codec
	This information is not necessarily accessible in the same way depending on the implementation of the model
For low bitrate mode, one of the following: 

· MPEG4 Visual Simple Profile

· H.264 baseline profile

For high bitrate mode, one of the following: 

· MPEG2

· H.264 baseline profile

· H.264 main profile

· H.264 high profile

	Video size
	QCIF, QVGA, SD, HD

	Audio codec
	AMR-NB, AMR-WB+, AAC-LC, G.729.1, to be completed

	Coded total bitrate
	32 – 20480 (32 kbps to 20 Mbps)s

	Type of video content
	To be defined

	Product name and version
	e.g., Windows media ver.x

	Group of pictures (GoP)
	e.g., M = 2, N = 15, ...

	Frame rate
	e.g., 30 fps, 25 fps, ...

	Number of slices
	1, 2, etc.

	Type of audio content
	To be defined

	Audio sampling rate
	e.g., 44.1 kHz, 22.05 kHz, ..

	Number of audio channels
	5.1ch, Stereo,  monaural

	Audio frame length
	e.g., 20ms, 64ms, …

	Information on whether payload-unit-start indicator in TS header means the start of frame or of slice
	Boolean

	Information on whether marker bit in RTP header means the start of frame or of slice
	Boolean

	Information on whether random-access indicator in TS header means the start of I-frame or of IDR-frame
	Boolean

	Information on whether elementary-stream-propriety indicator in TS header means the start of I-frame or of IDR-frame
	Boolean


The possible specific input parameters for each of the 4 modes of operation are given in the table below:

	Input parameter
	Static operation
	Dynamic operation
	Distributed operation
	Embedded operation

	Packet arrival time
	X
	X
	Reported back from the client to a mid-point
	X

	Packet header information
	When RTP is used (without MPEG2-TS): IP, UDP and RTP headers

When MPEG2-TS is used: MPEG2-TS header. IP, UDP and RTP headers if they are used


	When RTP is used (without MPEG2-TS): IP, UDP and RTP headers

When MPEG2-TS is used: MPEG2-TS header. IP, UDP and RTP headers if they are used


	Reported back from the client to a mid-point :

· Number of RTP packets lost in succession expressed as an integer equal or larger than 1. If successive loss occurs more than once each loss is represented with an integer. Each loss has an associated timestamp expressed in playing time. 

· Packet loss rate in percent (as a fractional value)

· Corruption duration metric. A QoE value reported from 3GPP PSS (Packet Switched Streaming) capable terminals.
	When RTP is used (without MPEG2-TS): IP, UDP and RTP headers

When MPEG2-TS is used: MPEG2-TS header. IP, UDP and RTP headers if they are used



	Jitter buffer size
	
	
	
	X

	Bit rate (audio and video) measured at end-point
	
	X
	X
	

	Packet-loss ratio (audio and video) measured at end-point
	
	X
	X
	

	Packet-discard ratio (audio and video) measured at end-point
	
	X
	X
	

	Averaged burst packet loss length (audio and video) measured at end-point
	
	X
	X
	

	Jitter buffer size measured at end-point
	
	X
	X
	

	End-point Multimedia MOS measured at end-point
	
	X
	X
	

	End-point Video MOS measured at end-point
	
	X
	X
	

	End-point Audio MOS measured at end-point
	
	X
	X
	

	Freezing with and without skipping
	Estimation of freezing based on for example throughput and previous knowledge about buffer size (To be further defined).
	For each freezing event:

· Length in seconds (fractional value)

· Location in media stream (seconds fractional value from start of measuring point, not including previous freezings)

· Type (skipping, no skipping)
	
	For each freezing event:

· Length in seconds (fractional value)

· Location in media stream (seconds fractional value from start of measuring point, not including previous freezings)

· Type (skipping, no skipping)


P.NAMS Output Parameters
The P.NAMS model output is estimated multimedia ACR MOS, with separate video and audio ACR MOS. P.NAMS should have different ACR MOS scales for different video sizes.*

Optional parameters can be found in the (non-exhaustive) list below:

· Jitter buffer size

· Bit rate (audio and video)
· Packet-loss ratio (audio and video)
· Packet-discard ratio (audio and video)
· Averaged burst packet loss length (audio and video)
· Burst packet loss variation range
· Mean packet size
· Delay
· Delay variation range
Requirements

Answers to this call for participation will include:

· A brief description of the proposed model or piece of model,

· The list of application areas and operation modes covered by the model (see the corresponding sections above),

· Whether a collaboration on the development of the model is acceptable or not.

It is also requested from proponents to commit on the production of new subjective databases to train and validate models.
The statistical evaluation procedure and selection criteria will be published at a further stage. They are still under discussion under Q.14.
Invitation for participation

Proponents who are willing to participate in the standardisation of P.NAMS are invited to send an indication of their participation, including the information required in the section "Requirements" above, to the ITU-T Study Group 12 secretariat (tsbsg12@itu.int) by September, 30th, 2008 (arrival date at the TSB). An additional indication to the Q14 email reflector (tsg12q14@itu.int) is appreciated.

Schedule

	Item no.
	Description
	Remark
	Schedule

	1
	Official call for participation
	With at least the following questions:

· Preference for collaboration or competition?

· What operation mode(s) and application area(s) from ToR are covered?

Will also require commitment from proponents to produce new subjective databases to train and validate models
	SG12 meeting in May 2008

	2
	First draft of test plan
	Includes the corresponding test methodology
	SG12 meeting in May 2008
Postponed to October 2008

	3
	Deadline for declaration of participation to model development
	
	End September 2008

	4
	Decisions on:

· competition or collaboration

· number of different models to standardise

· mandatory outputs
	Will depend on the received declaration of participation.

Possible interim meeting?
	October 2008

	5
	Agreed test plan for model validation
	Includes performance and accuracy requirements and criteria.
	Competition: January 2009

Collaboration: November 2008

	6
	Collection of training databases
	
	T5 + 2 months

	7
	Submission of candidate model
	
	T5 + 5 months

	8
	Collection of validation databases 
	
	T5 + 8 months

	9
	Evaluation of candidate model(s)
	
	T5 + 9 months

	10
	Draft of P.NAMS
	
	T5 + 10 months

	11
	Consent of P.NAMS
	
	First SG12 meeting of 2010


Further remarks

Interested parties are invited to subscribe to the Question 14/12 e-mail reflector (tsg12q14@itu.int).

______________
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