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1 Background

At the SA4 #27 in Munich discussion came up on the correct interpretation of the performance requirements for the low bitrate range audio codec. The purpose of this document is to discuss the various possible interpretations and to propose one interpretation for adoption by the SA4 group. 

2 Restatement of the performance requirements

Document ‘PSS/MMS Audio Codec Selection, Design Constraints and Performance Requirements – Version 2.0’ [1] states as performance requirement for the low-rate audio range as criterion for audio quality:

No worse than the better of AMR-WB and MPEG-4 AAC LC at the same bitrate in any test case based on the average performance over music, mixed content and speech, and better in at least one test case.

For the criterion ‘error robustness’ the following rule applies:

At 3% frame-loss rate no worse than the better of AMR-WB and MPEG-4 AAC-LC at the same bitrate and frame loss rate in any test case based on the average performance over music, mixed content and speech.

3 Interpretations

3.1 Interpretation of basic rules

The performance requirements given above require that the criteria are checked based on the average performance over the various content types. Assume the measured performance of a codec candidate C(K)  at operating condition K for a given item i to be denoted by PC(K,i). The average codec performance at this rate is thus given by
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, where N denotes the total number of items used in the respective experiment to check the compliance with the performance requirement at operating condition K.

The performance requirement at operating condition K is denoted as R(K).

Compliance with the performance requirements according to the rules given above is achieved if the following relation holds:
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“no worse requirement in any case”

and for the criterion ‘audio quality’ in addition:
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where ( is the set of all operating conditions to be tested.

The relations ‘better than’ and ‘no worse than’ are understood in a statistical sense, i.e. with 95% confidence.

3.1.1 Discussion

There is certain room for different interpretation of the basic rules, namely when it comes to the duplication of the experiments at the two test sites and the testing of an operating condition in two sub-experiments.

A strict interpretation would require to meet above “no worse” requirement in any of the sub-experiments or experimental duplications and to meet the “better than” requirement consistently in all sub-experiments and experimental duplications.

A loose interpretation would allow the averaging of the scores of the respective operating conditions across the sub-experiments and experimental duplications before checking against above rules.

With respect to the averaging operation specified in the rules it should be pointed out that this operation represents a significant relaxation of a possibly much stricter requirement according to which either per item or per content class no worse performance than the performance reference would be allowed. The averaging operation in practice allows trading bad performance in a given class of items by better performance for other items. This is in contrast to a performance expectation for the low-rate audio codec to be standardized in 3GPP Rel-6, which should deliver consistently good quality across all possible contents.   

3.2 Interpretation of reference performance

The performance requirements re-stated above define the reference performance as the better of AMR-WB and AAC-LC at the same bit rate (or operating condition). The requirement is not specific in how the averaging of the performance reference over the various content types should be done. Two basic interpretations have come up during SA4#27, which either perform the “better than” operation before or after the averaging operation. 

Denoting the AAC-LC performance at operation condition K and for item i by PAAC(K,I), and respectively, the AMRWB performance by PAMRWB(K,I), then the two interpretations can be written as:

Strict interpretation:
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Loose interpretation:
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3.2.1 Discussion

The strict interpretation will lead to a required performance of an assumed virtual codec, which for each item always delivers the better quality of the two codecs. Given the fact that AAC at low rates delivers relatively good quality for music while on the other hand AMRWB provides good quality for speech, in principle, such a virtual combination of both codecs would represent a significant improvement over the quality possible with codecs available in 3GPP Rel-5. It would deliver a quality level, which in principle can be obtained with Rel-5 codecs, provided that the content type is known beforehand and provided that the codec can be selected properly. Even though the quality expectations with the low-rate audio codec to be standardized are even higher, the performance level achieved according to this strict interpretation would at least represent a step onto a performance level which is regarded necessary for wide adoption of PSS and MMS low-rate audio services in Rel-6. 

The loose interpretation leads to a relatively poor performance requirement. It is well know that AAC at low bit rates performs poorly for speech but still relatively well for music. For AMRWB the opposite is true, i.e. it performs well for speech but poorly for music. This means that for both codecs the average performance is very much determined by the performance for that type of content for which the respective codec is not designed. Taking the maximum of both relatively poor average performances does not introduce a relevant lift of the resulting reference performance. Such a performance requirement it is met by definition by the better of AAC or AMRWB for the respective operating condition. In consequence, this would lead to a required performance level, which can already be met with the codecs available in 3GPP Rel-5. Such a requirement is not in line with the quality expectations for audio in 3GPP Rel-6. 

4 Proposal

With respect to the interpretation of the basic rules settled in the definition of the performance requirements it is proposed to adopt the loose interpretation as requirement but treat the strict interpretation as objective. I.e. it is proposed to

· allow the averaging of the scores of the respective operating conditions across the sub-experiments and experimental duplications before checking against above rules.

· As objective it is proposed to apply the strict interpretation which requires to meet the “no worse” requirement in any of the sub-experiments or experimental duplications and to meet the “better than” requirement consistently in all sub-experiments and experimental duplications.

With respect to the interpretation of the reference performance it is proposed to adopt the strict interpretation according to which the maximum operation is done before averaging:
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Any other interpretation would not be in line with the quality expectation for a default audio coding standard in 3GPP Rel-6. In particular, the loose interpretation would allow either of the codecs available in Rel-5 (AAC-LC or AMRWB) to meet the performance requirements and is therefore not acceptable.
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