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Introduction
This document describes a test set meant to provide a framework for exploration of speech and audio coding. The framework consists of original items containing speech and music content, compressed versions of the items using two “benchmark” codecs operating at a range of bitrates and decoded versions of the compressed items.
The items constituting the database will be reviewed on an ongoing basis and will be revised as appropriate. Candidate contributions are welcome.
The purpose of the database is to provide a framework for reporting the performance of new technology in the context of the benchmark codecs. Hence, parties bringing information on new technology should provide performance results in which both the new technology and the benchmark conditions are included in any listening tests. Performance should be reported as a grand mean, on a per item and on a per category basis. Note that all test sites should use the information in ANNEX 3 - Listener Instructions, as part of their training and testing instructions.
Requirements
Requirements for a potential work item arising from this exploration are given in ANNEX 1 - Requirements.
Database
The database consists of original stereo items representing three broad content classes:

· Speech

· Speech and Music

· Music

The items in the Framework Database are listed in ANNEX 2 – Framework Database
All items are coded by the following two codecs that were selected as representing state-of-the-art performance for coding speech and music over the bitrate range of interest.
· MPEG HE-AAC V2 profile codec

· AMR-WB+ codec

The items are coded at the operating points shown in the table given in ANNEX 1 - Requirements. If the state of the art coder does not operate at a given bitrate, no coded waveforms will be available. Mono versions of the items are obtained by using only the left channel of the stereo signal. The exact coded bitrate for each codec for each target operating point and item can be found in readme.txt files on the database FTP site.
FTP Site
Please contact Schuyler Quackenbush, Audio Research Labs, at srq@audioresearchlabs.com for access to this material.

ANNEX 1 - Requirements
If we define the following terms 

· VC is Virtual Codec

· NT is new technology.

· VC performance is the better score of the two state-of-the-art codecs (HE-AAC v2 and AMR-WB+) on a per item basis (i.e. pooling all listeners responses for that item).

The Requirement for the work on joint coding of Speech and Audio is:
· That the performance of NT shall not be worse than the performance of VC when both are operated at the same bitrate.
· That the performance of NT is most important at low bitrates, e.g. below 24kb/s/channel, but shall not be worse than the performance of current MPEG technology when both are operated at higher bitrates.
The New Technology shall be evaluated at

	Bitrate
	Stereo/Mono

	64 kbps
	Stereo

	32 kbps
	Stereo

	24 kbps
	Both

	20 kbps
	Both

	16 kbps
	Both

	12 kbps
	Mono

	8 kbps
	Mono


The Audio Subgroup envisions that the final performance of a possible work item shall be that it fulfills the requirements stated above and that NT has significantly better performance than VC at the lower bitrate range.
ANNEX 2 – Framework Database
	Item
	Filename
	Duration
	Sub-Category
	Sampling
	Channels

	
	
	(in Sec)
	S
	S/M
	M
	Rate
	

	sp01
	es01_s.wav
	10.3
	X
	
	
	48kHz
	Stereo

	sp02
	es02_s.wav
	7.3
	X
	
	
	48kHz
	Stereo

	sp03
	es03_s.wav
	6.8
	X
	
	
	48kHz
	Stereo

	sp04
	te19.wav
	16
	X
	
	
	48kHz
	Stereo

	sp05
	koreanM1.wav
	16.3
	X
	
	
	48kHz
	Stereo

	sp06
	chinese_female_1.wav
	20.5
	X
	
	
	48kHz
	Mono

	sp07
	louis_raquin_15.wav
	15.1
	X
	
	
	48kHz
	Stereo

	mx01
	noodleking.wav
	17.9
	
	X
	
	48kHz
	Stereo

	mx02
	Arirang_ms.wav
	20.2
	
	X
	
	48kHz
	Stereo

	mx03
	Green_sm.wav
	19.3
	
	X
	
	48kHz
	Stereo

	mx04
	Wedding_ms.wav
	19.2
	
	X
	
	48kHz
	Stereo

	mx05
	te1_mg54.wav
	14.4
	
	X
	
	48kHz
	Stereo

	mx06
	te16_fe49.wav
	13.4
	
	X
	
	48kHz
	Stereo

	mx07
	twinkle_ff51.wav
	16.4
	
	X
	
	48kHz
	Stereo

	mx08
	phi 1
	
	
	X
	
	48kHz
	Stereo

	mx09
	phi 6
	
	
	X
	
	48kHz
	Stereo

	mx10
	speechOverMusic_1
	12.6
	
	X
	
	48kHz
	Stereo

	mx11
	speechOverMusic_2
	11
	
	X
	
	48kHz
	Stereo

	mx12
	speechOverMusic_3
	20.3
	
	X
	
	48kHz
	Stereo

	mx13
	speechOverMusic_4
	17
	
	X
	
	48kHz
	Stereo

	mx14
	speechOverMusic_5
	19.5
	
	X
	
	48kHz
	Stereo

	mu01
	salvation.wav
	16.5
	
	
	X
	48kHz
	Stereo

	mu02
	trilogy.wav
	16.4
	
	
	X
	48kHz
	Stereo

	mu03
	brahms.wav
	13.7
	
	
	X
	48kHz
	Stereo

	mu04
	sc03.wav
	11.7
	
	
	X
	48kHz
	Stereo

	mu05
	dongwoo.wav
	15.8
	
	
	X
	48kHz
	Stereo

	mu06
	te9.wav
	18.9
	
	
	X
	48kHz
	Stereo

	mu07
	te15.wav
	19.9
	
	
	X
	48kHz
	Stereo

	mu08
	phi 2
	
	
	
	X
	48kHz
	Stereo

	mu09
	phi 3
	
	
	
	X
	48kHz
	Stereo

	Mu10
	phi 4
	
	
	
	X
	48kHz
	Stereo

	Mu11
	phi 5
	
	
	
	X
	48kHz
	Stereo

	Mu12
	phi 7
	
	
	
	X
	48kHz
	Stereo

	Mu13
	Music_1
	19.5
	
	
	X
	48kHz
	Stereo

	Mu14
	Music_2
	13
	
	
	X
	48kHz
	Stereo

	Mu15
	Music_3
	16.3
	
	
	X
	48kHz
	Stereo

	Mu16
	Music_4
	22.2
	
	
	X
	48kHz
	Stereo

	mu17
	Music_5
	24.7
	
	
	X
	48kHz
	Stereo


ANNEX 3 - Listener Instructions

Listeners are instructed to listen to a test item at least twice, preferably three times. Listeners should attend only to the speech and only to the background music in the initial listenings, and then finally rate the item on the overall quality. Listeners should be instructed to quantify overall quality, not certain preferred portion of test items, for example, not merely the first or last part, or only the speech component or only the music component.
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