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Excerpt from COM 12-50, 1998 (Draft Rec. P.911)

Annex A 

(This Annex forms an integral part of this Recommendation)

Details related to the characterization of the test sequences

The characterization of audiovisual sequences will be based both on audio and video content characteristics. The two tables below illustrate the categories of the video and audio part, respectively. The tables are not intended to be exhaustive.

According to this classification a videophone scene will belong to category A-I. 

TABLE A.1/P.911

Video content categories

	Category
	Description

	A
	One person, mainly head and shoulders, limited detail and motion

	B
	One person with graphics and/or more detail

	C
	More than one person

	D
	Graphics with pointing

	E
	High object and/or camera motion beyond the range usually found in video teleconferencing 


TABLE A.2/P.911

Audio content categories

	Category
	Description

	I
	Speech/one speaker

	II
	Speech/Multiple speakers

	III
	Speech+background music

	IV
	Music/single instrument

	V
	Music/multiple instruments


Annex B

(This Annex forms an integral part of this Recommendation)

Video classes and their attributes

In this Recommendation the highest video quality considered is ITU-R Recommendation 601, 8 bits/pixel linear PCM coded video in 4:2:2, Y, CR, CB format. 

TABLE B.1/P.911 

Definitions of video classes

	TV 0
	Loss-less: ITU-R Recommendation 601, 8 bits per pixel, video used for applications without compression. 

	TV 1
	Used for complete post-production, many edits and processing layers, intra-plant transmission. Also used for remote site to plant transmission. Perceptually transparent when compared to TV 0.

	TV 2
	Used for simple modifications, few edits, character/logo overlays, programme insertion, and inter-facility transmission. A broadcast example would be network to affiliate transmission. Other examples are a cable system regional downlink to a local head-end and a high quality video conferencing system. Nearly perceptually transparent when compared to TV 0.

	TV 3
	Used for delivery to home/consumer (no changes). Other examples are a cable system from the local head-end to a home and medium to high quality video conferencing. Low artifacts are present when compared to TV 2.

	MM 4
	All frames encoded. Low artifacts relative to TV 3. Medium quality video conferencing. Usually ( 30 fps.

	MM 5
	Frames may be dropped at encoder. Perceivable artefacts possible, but quality level useful for designed tasks, e.g. low quality video conferencing.

	MM 6
	Series of stills. Not intended to provide full motion (examples: surveillance, graphics).


TABLE B.2/P.911 

Attributes of video classes

	Video class
	Spatial format
	Delivered frame rate (NOTE 1)
	Typical latency (NOTE 2 )
Delay variation
	Nominal video bit rate, Mbit/s

	TV 0
	Rec. 601
	Max FR
	(NOTE 2)
	270

	TV 1
	Rec. 601
	Max FR
	(NOTE 2)
	18 to 50 

	TV 2
	Rec. 601
	Max FR
	(note 2)
	10 to 25

	TV 3
	Rec. 601
	Max FR occasional
Frame repeat 
	(NOTE 2)
	1.5 to 8

	MM 4a
	Rec. 601
	~30 or ~25 fps
	Delay <( 150 ms
Variation <( 50 ms
	~1.5

	MM 4b
	CIF
	~30 or ~ 25 fps
	Delay <( 150 ms
Variation <( 50 ms
	~0.7

	MM 5a
	CIF
	10-30 fps
	Delay <(1 000 ms 
Variation <( 500 ms
	~0.2

	MM 5b
	( CIF
	1-15 fps
	Delay <( 1 000 ms
Variation <( 500 ms
	~0.05

	MM 6a
	CIF-16CIF
	Limit ( 0 fps
	No restrictions (NOTE 3)
	<0.05, Limit ( 0 fps

	MM 6b
	CIF-16CIF
	Limit ( 0 fps
	No restrictions (NOTE 3)
	<0.05, Limit ( 0 fps

	NOTE 1 - Normally 30 fps for 525 systems and 25 fps for 625 systems.

NOTE 2 - Broadcast systems all have constant, but not necessarily low, one-way latency and constant delay variation. For most broadcast applications latency will be low, say between 50 and 500 ms. For high quality video conferencing, and conversational types of applications in general, latency should be preferably less then 150 ms [19]. Delay variations are allowed within the given range but should not lead to perceptually disturbing time-warping effects.

NOTE 3 - Differs only in audio bit rate.


Audio classes and their attributes

In this Recommendation the highest audio quality considered is 5.1 surround sound, 20 bits/sample linear PCM coded audio[20]. In referring to the audio classes the channel set up should be given, e.g. mono, stereo, 3 channel, 3/1 channel, etc. 

TABLE B.3/P.911 

Definitions of audio classes

	TV 0
	Studio quality, 20 bits/sample, 48 kHz loss-less, linear PCM

	TV 1
	Used for complete post-production, many edits and processing layers, intra-plant transmission. Also used for remote site to plant transmission. Perceptually transparent when compared to TV 0.

	TV 2
	Primary distribution: Used for simple modifications, few edits, programme mixing, and inter-facility transmission. A broadcast example would be network to affiliate transmission. Other examples are a cable system regional downlink to a local head-end and a high quality video conferencing system. Nearly perceptual transparent when compared to TV 0.

	TV 3
	Used for delivery to home/consumer (no changes). Other examples are a cable system from the local head-end to a home and medium to high quality video conferencing. Low audible artifacts are present when compared to TV 2.

	MM 4
	Low audible artifacts relative to TV 3 using speech and audio. Medium quality video conferencing. Usually full audio bandwidth (20 - 20 000 Hz), but bandwidths (NOTE 1) down to wideband (50 - 7 000 Hz) are acceptable. 

	MM 5
	Low audible artifacts relative to a narrow-band reference (300 - 3 400 Hz telephony band) using speech and music. Perceptual artifacts possible, but quality level useful for designed tasks, e.g. low quality video conferencing.

	MM 6
	Severe audible artifacts relative to a narrow-band (300 - 3 400 Hz) telephony application. Speech is however still intelligible.

	NOTE 1 - Bandwidth is defined as the perceptual bandwidth (i.e. bandwidth of the system under test without taking into account inaudible components) of the system under test.


TABLE B.4/P.911 

Attributes of audio classes
	Audio class 
	Sampling frequency (kHz)
	Typical latency (NOTE 1)
Delay variation
	Nominal bit rate, kbit/s/channel
(NOTE 2)

	TV 0
	48.0
	(NOTE 1)
	960

	TV 1
	44.1 or 48.0 or 32.0
	(NOTE 1)
	250 - 500 

	TV 2
	44.1 or 48.0 or 32.0
	(note 1)
	120 - 300

	TV 3
	44.1 or 48.0 or 32.0
	(NOTE 1)
	50 - 150

	MM 4a
	44.1 or 48.0 or 32.0
	Delay <( 150 ms
Variation <( (20 ms
	20 - 100

	MM 4b
	12 - 32
	Delay <( 150 ms
Variation <( (20 ms
	10 - 50

	MM 5a
	12 - 20
	Delay <( 400 ms (NOTE 3)
Variation <( (100 ms
	4 - 32

	MM 5b
	8 - 12
	Delay <( 400 ms (NOTE 3)
Variation <( (200 ms
	2 - 16

	MM 6a
	8
	Delay <( 400 ms (NOTE 4)
Variation <( (200 ms
	<8

	MM 6b
	8
	Delay <( 4 000 ms (NOTE 4)
Variation <( (2 000 ms
	<8

	NOTE 1 - Broadcast systems all have constant, but not necessarily low, latency and constant delay variation. For most broadcast applications latency will be low, say between 50 and 500 ms. For high quality video conferencing, and conversational types of applications in general, one-way latency should be preferably less than 150 ms. Delay variations are allowed within the given range but should not lead to perceptually disturbing time-warping effects.

NOTE 2 - The low frequency enhancement channel (the 0.1 in 5.1 presentation) requires only a marginally higher bit rate. For an N-channel audio signal mutual correlations will be exploited, resulting in a total bit rate that may be significantly lower than N times the rate per channel.

NOTE 3 - For this application synchronicity between audio and video may not give the highest conversational quality of the communication link. 

NOTE 4 - Audiographics conferencing.


Appendix I

(This Appendix does not form an integral part of this Recommendation)

Discussion about the relationship between audio, video and audiovisual quality

The body of this Recommendation deals with the overall one-way audiovisual quality of audiovisual sequences. The relations between audio, video and audiovisual quality are under study but some stable results are available. The most important one is the mapping from the one-way audio and one-way video quality, as derived from audio only and video only subjective experiments, to the one-way overall audiovisual quality. Three different laboratories [13], [14], [15] and [21] found similar mapping results despite the fact that experimental conditions were quite different. Bellcore [13], [14] performed a series of experiments using blurring for the video and multiplicative noise [11] for the audio degradations. KPN [15] performed a similar experiment with TV commercials using broadcast television quality as the highest, reference, audio and video quality. Similar distortions were used for the video degradations (VIRIS 601, ANSI [23] extension V3, V6, V8) but band limiting for the audio distortions (ranging from full bandwidth, 20 ‑ 20 000 Hz, to narrow-band 300 - 3 400 Hz). NTIA/ITS [21] used a one-way video teleconferencing quality assessment with several types of coding distortions. Three different video codecs (two proprietary and H.261) and four different audio codecs (one proprietary, [16], [17], [18]) were used. The results of the experiments, which used either the nine-point or the five-point ACR quality scale as given in section 6.1, show that:

1)
Video dominates overall perception. When the variance in audio quality and video quality are about the same, the variance in overall audiovisual quality is dominated by the variance in video quality. The correlation between video and overall audiovisual quality is higher than the correlation between audio and overall audiovisual quality.

2)
The one-way overall audiovisual quality can be predicted from the one-way audio and one‑way video quality as derived from audio only and video only subjective experiments. 

3)
The most stable mapping across laboratories from the separate audio and video quality to the overall audiovisual quality was found to be MOSav = ( + (*MOSa*MOSv. This mapping is based on four sets of subjective experiments and the correlation between predicted and measured overall audiovisual quality varied from 0.93 to 0.99. The value of ( varied between 1.1 and 1.5, the range of ( varied between 0.107 and 0.121, when all scales are mapped onto nine-point scale. Provisionally the recommended values are set to 1.3 for ( and 1.1 for (.

The validity of the model was proved only for synchronized audio and video signals.

