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1. Introduction

In the audio codec sub working group, the results of the selection test have been presented and discussed. 

For the “high bit rate” region (i.e. 24, 32 kbit/s and 48 kbps), two candidates have been tested and the enhanced aacPlus codec (Codec 2 or CT) proposed by Coding Technologies was ranked better than Codec 1. This ranking was agreed by the subgroup.  

For the “low bit rate” region (i.e. 14, 18 and 24 kbit/s), three candidates have been tested, two of which did pass the formal requirements. However, no consensus on a formal ranking of the two remaining candidates (enhanced aacPlus and AMR-WB+) could be achieved in the subgroup in view of the superior performace of both codecs with different types of content. Enhanced aacPlus shows significantly better performance than WB-AMR+ for music and voice over music content for 18 kbps and higher, while AMR-WB+ is stronger for speech, especially at 14 and 18 kbps.

This contribution presents some decision criteria that are relevant from carriers point of view and which should be taken into account for the selection of codec candidates. 

2. Customer’s expectations

It is evident that the consumer market for mobile applications is increasingly interested in applications that involve high quality music content in the broadest sense. From our point of view, this trend is one of the major reasons justifying the development of new codec solutions covering the bit rate range under consideration (i.e. 14 – 48 kbit/s). 

We would therefore like the following issues to be considered during the ongoing selection process: 

· The existing AMR-NB and AMR-WB codecs are a very good basis for standard and high quality speech communication and speech services. Both solutions are state-of-the-art codecs, especially developed for this purpose. There is therefore no need for an additional codec solution having performance strengths in the speech domain. 

· The audio codec to be selected has to be able to transmit speech and music. However, it is the subjective quality of music content that will be crucial for the success of any service based on the new codec solutions. 

· We need to ensure the most efficient coding (minimum file size/minimum download time/minimum GPRS usage) whilst maintaining the high quality which is expected by the user. 

· The audio codec solution therefore has to be able to support music in the best possible way.

It is our position that the major carriers and service providers have to make sure that the solution selected will be able to meet the customer’s expectations in the best possible way. Since we are selecting codecs for customers, we are obliged to base our decision on these expectations, too.  

3. Proposal

It is proposed that, because of its superior performance for music content for rates at 18 kbps and higher, the enhanced aacPlus codec (CT), should be mandatory for devices which are designed to support music content;

4. References

Tdoc S4-(04)0141: report of the Audio Codec Sub working group. 

















































































































































