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2009年4月1日，日内瓦

	文号：


电话：

传真：
	电信标准化局第32号通函

COM 12/JKK

+41 22 730 5780
+41 22 730 5853
	-
致国际电联成员国主管部门

	电子

邮件：
	tsbsg12@itu.int
	抄送：

-
ITU-T部门成员；

-
ITU-T部门准成员；

-
第12研究组正副主席；

-
电信发展局主任；

-
无线电通信局主任




	事由：
	第12研究组发出呼吁，请相关方就音视频流应用的意见模型提出建议（G.OMVAS）

	行动：
	请最迟于2009年5月31日前答复


尊敬的先生/女士：

1
ITU-T第12研究组第13/12课题希望规范新的音视频流应用质量规划意见模型，暂将此工作称为G.OMVAS。
2
G.OMVAS项目的职责范围和时间安排分别见附件A和B。
3
该项目基本上是通过合作在支持者之间开发一种模型。鼓励支持者捐赠培训和验证数据库，其中应包含实验条件和主观质量，如MOS：
4
欲提交候选模型的组织请于2009年5月31日前通知ITU-T第12研究组秘书处（tsbsg12@itu.int），并抄送第13/12号课题联合报告人（takahashi.akira@lab.ntt.co.jp；yi.chen@huawei.com）。
5
G.OMVAS的范围如下。
本建议书介绍了IP网络音视频流和线性电视应用（包括IPTV）的一种计算模型，该模型可作为QoE/QoS规划工具，用以评估影响体验质量（QoE）的几项音视频参数变化的综合影响。 G.1070专门用于全双工双向可视电话，而本建议书为单向音视频流应用（如IPTV）提供了一种意见模型。
QoE/QoS规划人员可使用此模型帮助确保用户将满意端到端服务质量，避免设计不足。对QoE/QoS规划人员至关重要的网络、应用和终端质量参数已纳入本模型中。 

本建议书中提供的模型需成为一种能够提供个体质量和整体质量反馈的灵活工具。
本建议书未使用与ITU-T J.148建议书相同的输入参数。在本建议书中，多媒体质量是通过网络、应用和终端设备的参数计算的。
本建议书假设音视频流和线性电视应用使用高清/标清（HD/SD）电视、台式电脑、笔记本电脑、 PDA和移动电话，并覆盖整个音频带宽。
本建议书仅限用于QoE/QoS规划。其他应用，如质量调控和监测，不属于本建议书的范畴。
6
如欲了解本呼吁的进一步细节或要求澄清，请通过下列电子邮件联系第12研究组秘书处：tsbsg12@itu.int。
7
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研究组制定一项新的建议书，介绍IP网络音视频流和线性电视应用（包括IPTV）的一种计算模型，该模型可作为QoE/QoS规划工具，用以评估影响体验质量（QoE）的几项视频和音频参数变化的综合影响。
顺致敬意！
电信标准化局主任
马尔科姆·琼森
附件：2件
annex A

(to TSB Circular 32)

Terms of Reference (ToR) of G.OMVAS

G.OMVAS model

A block diagram of G.OMVAS model is shown in Figure 1. The model is developed for each assumed service condition. Input, output, and assumed service condition of G.OMVAS are defined as follows.
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Figure 1 - G.OMVAS model

Input parameters for quality-estimation module
	Input parameters
	Value range and unit

	Bit rate
	Total bit rate: 32 kbps to 22 Mbps

Video bit rate:
HD

· MPEG2: 6 to 22 Mbps
· H.264: 3 to 15 Mbps
SD

· MPEG2: 3 to 15 Mbps
· H.264: 1.5 to 8 Mbps

QVGA

· MPEG4/H.264: 80 to 800 kbps
QCIF
· MPEG4/H.264: 32 to 256 kbps

Audio bit rate:
High bit rates: 64 to 384 kbps
Low bit rates: 12 to 128 kbps 

	Packet-loss ratio
	0 to 20 % (See Table 4/G.1050)

	Averaged burst packet-loss length
	0 to 10 packets

	Jitter  (Delay variation)
	0 to 500 ms (See Table 4/G.1050)


Input parameters for coefficient database

	Input parameters
	Value range and unit

	Video codec type
	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

	Audio codec type
	AMR-NB,

AMR-WB+,

AAC-LC,

HE-AAC (V1 and V2)

To be completed with the list from http://wiki.videolan.org/VLC_Features_Formats

	Product type and implementation
	Various types and implementations of:

· Encoder
· Decoder/buffer/PLC

e.g., set-top boxes

	Video format
	QCIF,

QVGA,

SD:

· PAL

· NTSC

HD:

· 720P

· 1080P

· 1080I

	Group of pictures (GoP)
	e.g., M = 3, N = 15, M = 1, N = 15
Length: fixed, variable, adaptive

Structure (e.g.: IBBPBB, IPPPPP, etc.)
Note: The value of GoP is determined by the system.

	Frame rate
	High bit rate: 24, 25, 30, 50 (interlaced), 60 (interlaced) fps

Low bit rate: 5, 8.33, 12.5, 15, 20, 25, 30 fps
Note: The value of frame rate is determined by the system.

	Number of slices
	1, 2, 3, 6, …
Note: The number of slice is determined by the system.

	Audio sampling rate
	48, 44.1, 22.05, 16, 8 kHz
Note: The value of audio sampling rate is determined by the system.

	Audio channel number
	1 (mono), 2 (stereo)
Note: The value of audio channel is determined by the system.

	Audio frame length
	e.g., 20, 64 ms, …
Note: The value of audio frame length is determined by the system.

	Jitter
	SD and HD: 

Jitter is absorbed by jitter buffer because the client terminal has a large amount of capacity.

QCIF and QVGA: 

Packets discarded by jitter buffer translate into packet loss or re-buffering time.


G.OMVAS output parameters

The G.OMVAS model’s outputs are multimedia ACR MOS, with separate video and audio ACR MOS. G.OMVAS should have different ACR MOS scales for different video formats.
Assumptions of G.OMVAS
	General assumptions
	Value range and unit

	Packet loss characteristics
	Packet loss characteristics include random and burst packet loss.

Packet loss model is based on G.1050 Appendix II.

	Jitter characteristics
	Jitter model is based G.1050 Appendix II.

	Terminal characteristics
	Video: display size and resolution

Audio: frequency characteristics, signal-to-distortion ratio, and loudness rating

	Environmental characteristics
	Ambient illuminance and noise

	Type of content
	Should include audio (spoken voices, background noises, music)

Different levels of complexity and motion for both video and audio


Requirements of G.OMVAS in quality estimation accuracy (PROVISIONAL)
Minimum requirements of quality estimation accuracy based on condition-base analysis: R > 0.85, RMSE < 0.5, OR < 0.6.

The R, RMSE, and OR, which are averaged over all experiments, needs to satisfy the minimum requirements.
These requirements are the same for all codecs and video formats.
Note 1: The “condition-base analysis” means that all the evaluation scores for the same coding/transmission-error condition are averaged over different contents.

Note 2: The calculation procedures of the R, RMSE, and OR can be found in Recommendation ITU-T J.247 Appendix 2.

annex B

(to TSB Circular 32)

Time schedule of G.OMVAS project
	Item no.
	Description
	Remark
	Schedule

	1
	Drafting the scope
	Done
	13 March 2008

	2
	Evaluating the so-called “core model approach” in conjunction with P.NAMS under Q.14/12
	Done
	13 March 2008

	3
	Agreement on the scope
	Done
	SG12 meeting in May 2008

	4
	Deciding whether to take the so-called “core model approach” in conjunction with P.NAMS under Q.14/12
	Done

(No “core model” for the time being. Revisit this issue after candidates are available.)
	SG12 meeting in May 2008

	5
	ToR
	Done
	March 2009

	6
	Initial agreement on the model development procedure (collaboration/competition)
	Done

(Collaboration)
	March 2009

	7
	Call for Proposals
	Done
	March 2009

	8
	Initial indication of participation
	
	June 2009

	9
	Test plan for model validation
	
	interim meeting in June/July 2009

	10
	Declaration of participation in model development
	
	August 2009

	11
	Collection of training databases
	
	August 2009

	12
	Submission of candidate model
	
	October 2009

	13
	Development of validation databases 
	
	December 2009

	14
	Evaluation of candidate model(s)
	
	January 2010

	15
	Initial draft of G.OMVAS (possible Q.13/12 Rapporteur meeting)
	
	March 2010 

	16
	Consent of G.OMVAS
	
	June 2010


_________________
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