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1 Introduction

The PSS/MMS Rel.6 audio codec selection under the PSS Rel.6 workitem foresees a number of listening tests to be conducted in the selection process. At the audio codec ad-hoc meeting in Kista in April 2003, it was agreed that the test plan should not be part of the selection criteria document but become a separate document.

Furthermore, the work plan for the PSS Rel.6 workitem is designed such that the codec decisisons in the lower and higher bitrate range are made at different points in time. 

In order to streamline the process and to ensure availability of all relevant selection data, this document proposes a test plan for the tests necessary in the higher bitrate range. The test plan has been designed such that these tests can be completed in time for the July meeting.

2 Overview

The test process has 4 main parts. In the first part, appropriate test items need to be selected. The second part includes the generation of the test items with all candidate and reference codecs as well as the randomization of the test sets. In the third part, the actual listening tests need to be conducted. The fourth part finally is the statistical analysis of the test results. 

The second and the fourth part of the process can be conducted by the same entity, which should not itself be involved in the actual listening tests and should not be provider of a candidate codec. 

The item selection could either be performed by the host lab or by a group of volunteers, probably including the proponents. The content type for the higher bitrate tests should concentrate on music, as this is a likely use case for high quality audio, the inclusion of some mixed content items and a few speech items could be considered. Overall, the number of test items should not exceed 12 in order to fit into a single listening test session. 

An alternative approach to the item selection would be to re-use items which have been used in similar independent listening tests in the past. The advantage of this approach would be a considerable saving in time, as it would make a separate item selection unnecessary. Under the given time plan, this appears to be an attractive scenario. A test set which appears to be particularly well suited in that respect is the set of test items used by the European Broadcasting Union (EBU) in its latest low-bitrate codec evaluation. It has a clear music focus but also contains both speech and mixed content to some extent. It has been carefully selected in the run-up for the EBU test (selection sites were the BBC, the IRT and T-Systems) and has proven to be useful in a very similar test already.

The listening tests should use the MUSHRA test method. Each test condition should be reproduced at 2 independent test sites.

3 Listening test conditions

In the error free case, listening tests should be performed at the following bitrates: 24 kbit/s mono, 32 kbit/s stereo, 48 kbit/s stereo. In addition, the behavior of the candidates under error prone channel conditions (1% random frame loss) should be tested at 24 kbit/s mono. Depending on the final number of candidates, it may be possible to combine the error-prone and the error-free test case at 24 kbit/s mono into one listening test.

Based on the above assumptions, the number of listening tests would be 8 (and could probably be reduced to 6). More details regarding the 4 different scenarios can be found in the following section.

4 Detailed description of listening tests

4.1 Error-free test at 24 kbit/s mono

	Main Codec Conditions
	
	

	Candidates
	5
	

	Error Conditions
	1
	No errors

	Applications
	1
	24 kbit/s mono

	
	
	

	Codec references
	
	

	Codec references
	0
	AAC-LC is candidate as well as reference

	
	
	

	Other references
	
	

	Open Reference
	1
	Original signal

	Hidden Reference
	1
	Original signal

	Anchors
	2
	3.5 kHz and 7 kHz band-limited original signal 

	
	
	

	Common Conditions
	
	

	Number of test items 
	8-12
	

	Listening Level
	1
	To be chosen by subject

	Listeners
	10
	Experienced listeners

	Presentation randomizations
	10
	One per listener

	Rating Scale
	
	Continuous quality scale

	Replications
	2
	The experiment covers all candidate codecs, 2 independent test sites

	Listening System
	
	Binaural high-quality headphones (flat response across audible frequency range)

	Listening Environment
	
	Room Noise: Hoth Spectrum at 30dBA (as defined by ITU-T, Recommendation P.800, Annex A, section A.1.1.2.2.1 Room Noise, with table A.1 and Figure A.1)


4.2 Test at 32 kbit/s stereo

	Main Codec Conditions
	
	

	Candidates
	5
	

	Error Conditions
	1
	No errors

	Applications
	1
	32 kbit/s stereo

	
	
	

	Codec references
	
	

	Codec references
	0
	AAC-LC is candidate as well as reference

	
	
	

	Other references
	
	

	Open Reference
	1
	Original signal

	Hidden Reference
	1
	Original signal

	Anchors
	2
	3.5 kHz and 7 kHz band-limited original signal 

	
	
	

	Common Conditions
	
	

	Number of test items
	8-12
	

	Listening Level
	
	To be chosen by subject

	Listeners
	10
	Experienced listeners

	Presentation randomizations
	10
	One per listener

	Rating Scale
	
	Continuous quality scale

	Replications
	2
	The experiment covers all candidate codecs, 2 independent test sites

	Listening System
	
	Binaural high-quality headphones (flat response across audible frequency range)

	Listening Environment
	
	Room Noise: Hoth Spectrum at 30dBA (as defined by ITU-T, Recommendation P.800, Annex A, section A.1.1.2.2.1 Room Noise, with table A.1 and Figure A.1)


4.3 Test at 48 Kbit/s stereo 

	Main Codec Conditions
	
	

	Candidates
	5
	

	Error Conditions
	1
	No errors

	Applications
	1
	48 kbit/s stereo

	
	
	

	Codec references
	
	

	Codec references
	0
	AAC-LC is candidate as well as reference

	
	
	

	Other references
	
	

	Open Reference
	1
	Original signal

	Hidden Reference
	1
	Original signal

	Anchors
	2
	3.5 kHz and 7 kHz band-limited original signal 

	
	
	

	Common Conditions
	
	

	Number of test items 
	8-12
	One critical and one typical

	Listening Level
	
	To be chosen by subject

	Listeners
	10
	Experienced listeners

	Presentation randomizations
	10
	One per listener

	Rating Scale
	
	Continuous quality scale

	Replications
	2
	The experiment covers all candidate codecs, 2 independent test sites

	Listening System
	
	Binaural high-quality headphones (flat response across audible frequency range)

	Listening Environment
	
	Room Noise: Hoth Spectrum at 30dBA (as defined by ITU-T, Recommendation P.800, Annex A, section A.1.1.2.2.1 Room Noise, with table A.1 and Figure A.1)


4.4 Test at 24 Kbit/s mono with frame loss

	Main Codec Conditions
	
	

	Candidates
	5
	

	Error Conditions
	1
	1% frame loss, random

	Applications
	1
	24 kbit/s mono

	
	
	

	Codec references
	
	

	Codec references
	0
	AAC-LC is candidate as well as reference

	
	
	

	Other references
	
	

	Open Reference
	1
	Original signal

	Hidden Reference
	1
	Original signal

	Anchors
	2
	3.5 kHz and 7 kHz band-limited original signal 

	
	
	

	Common Conditions
	
	

	Number of test items 
	8-12
	One critical and one typical

	Listening Level
	
	To be chosen by subject

	Listeners
	10
	Experienced listeners

	Presentation randomizations
	10
	One per listener

	Rating Scale
	
	Continuous quality scale

	Replications
	2
	The experiment covers all candidate codecs, 2 independent test sites

	Listening System
	
	Binaural high-quality headphones (flat response across audible frequency range)

	Listening Environment
	
	Room Noise: Hoth Spectrum at 30dBA (as defined by ITU-T, Recommendation P.800, Annex A, section A.1.1.2.2.1 Room Noise, with table A.1 and Figure A.1)


5 Conclusion

A test plan has been presented according to which subjective quality data would be collected for use in the codec selection process in the higher bitrate range under the PSS Rel.6 work item.

For efficiency reasons, the authors recommend to rely on previous independent evaluations with respect to the selection of test material.

The overall quality evaluation would consist of no more than 8 listening tests conducted according to the MUSHRA method, no less than 2 (and preferably more, for schedule reasons) listening labs would be necessary to conduct these tests. An additional entity performing preparation and randomization (unless randomization is automatically performed by the test system) of test sets as well as statistical analysis of results would be needed.

In order to have the final results available in time for the selection at SA4#27 (July 7-11), the listening tests should be completed by June 20th. Allowing a 2 week period for the listening tests, the tests would need to start no later than June 9th. Therefore, the encoded material would need to be available to the randomization site no later than June 2nd. In order to save time in the process, the proponents would submit encoder and decoder software, decoded PCM files and encoded bitstreams to the randomization site, which, in parallel to the listening tests, would verify that the submitted encoder creates the submitted bitstreams and that the submitted bitstreams decode into the submitted PCM files when using the submitted decoder.
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