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1 
Abstract

A draft characterization test plan for 3GPP Rel-6 audio codecs was presented in [1] at the SA4#32 meeting. This plan foresees Mushra testing in two experimental blocks, which will characterize the codecs across bit rates (experiments A) and under error conditions (experiments B). This general concept is very appropriate as the selection tests did neither perform any tests across bit rates nor on realistic channels across various BLERs. However, as the number of selected audio codecs was still unknown at SA#32, the draft test plan still lacks specific information on the tests, such as the conditions to be tested. The purpose of this document is to progress the test plan in order to allow entering into the codec characterization phase as soon as possible. Characterization results are needed for identifying strengths and weaknesses of the 3GPP Rel-6 audio codecs. Such information is required for choosing the most appropriate audio codec best matching the requirements of the targeted PSS, MMS and MBMS service applications.

2
Guidelines

The conditions proposed in this document are based on the following guidelines:

· Very-low-rates: The tests carried out during audio codec selection focused on bit rates from 14 to 48 kbps that appeared necessary for achieving decent quality of PSS and MMS services. As has been shown in the codec selection tests as well as by in-house testing [2], [3], the actual codec performance at low bit rates is much higher than was originally expected when entering into the 3GPP Rel-6 audio codec standardization. Hence, in practice lower bit rates than originally expected are likely to provide sufficient quality for many services. Moreover, essential MBMS services distributing audio-visual content require substantially lower audio bit rates of down to 10 kbps. Thus, one focus of the characterization should be very low rates. 

· Realistic channel models: Streaming services via MBMS are error-prone, as multi-cast and broadcast streaming does not provide means for re-transmission in case of transmission errors. The tests carried out during codec selection assessed codec performance in case of frame erasures under idealized conditions, such as statistical independence of frame erasures. The conclusions that can be drawn from these tests are very limited and not applicable for realistic MBMS streaming scenarios. Hence, a further focus of characterization should be the audio quality on realistic error-prone MBMS channels both for GERAN and UTRAN. 

· White spots: The audio codec selection tests leave certain important bit rate ranges untested. The characterization should thus try to fill existing gaps.

3
Proposed test conditions 

The two defined experimental blocks are:

Experiments A: Characterization of selected codec(s) across bit rates

Experiments B: Characterization of selected codec(s) under error conditions

Two experiments are possible in each experimental block with up to 3 conditions for each of the two audio codecs. 

The following codec conditions are proposed for the two experimental blocks:

Experiments A: Characterization of selected codec(s) across bit rates

1. Stereo: 14, 21, 36 

2. Mono: 10, 16, 20

Note 1: During codec selection the rates 18, 24, 32, and 48 kbps were tested for in stereo; 14 and 24 kbps were tested in mono.

Note 2: The respective very-low-rate test points may be adjusted upwards depending on the codec capability.

Note 3: Bit rates of above 24 kbps mono are regarded irrelevant and not proposed for testing since at such rates stereo operation is preferable.  

Experiments B: Characterization of selected codec(s) under error conditions

Packet loss conditions with realistic channel error patterns (MBMS Streaming): 

1. GPRS: Mono, 12 kbps (gross bit rate): BLER: 0, 2, 5%

2. UTRAN: Stereo, 18 kbps (gross bit rate): BLER: 0, 2, 5% 

Note 1: The actually tested gross bit rates (including packetization overhead) may be adjusted upwards depending on the codec capability.

Note 2: Packetization constraint: delay max. 2s

4
Test Material

The test material should follow the distribution between music, speech, speech_over_music, speech_between_music as in the low-rate audio codec selection tests. The test material used for codec selection was considered rich and typical for the envisioned use cases for PSS/MMS/MBMS services and there is no reason that would invalidate this assumption. Hence, there is no need to gather new material. It is proposed to use the existing four sets of material for selection tests A1-A4 for the characterization tests A1, A2, B1, and B2.   

5
Usage of standardized Floating-Point reference code

The standardized floating-point C-code of the respective audio codecs should be used throughout the experiments as they represent the only relevant quality references for which it is ensured that they provide optimum quality. Other implementations might deviate from these references, which could render the characterization results less expressive. In particular, this applies to a possible use of fixed-point reference implementations that are to be standardized. For these implementations it is rather appropriate, by means of proper verification procedures, to make sure that they perform as close as possible to the reference floating point code, which is to be characterized.  
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