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1 Introduction

This proposal introduces a new audio codec for consideration for 3GPP Release 6 applications and services. 

As indicated in the working draft of 3GPP TS 26.234, SA4 PSM has agreed that specification of mandatory audio codec(s) is desirable for Release 6.  In this document Dolby Laboratories describes the basic characteristics of a new AAC-based audio codec and respectfully requests that this new codec be added to the list of codecs considered for adoption in Release 6 of TS 26.234.

2 Motivation

The 3GPP packet switched streaming service currently covers streaming speech and audio with AMR, AMR-WB and MPEG-4 AAC codecs.  This set of codecs provides useful quality wideband speech and narrowband speech at low to very low data rates (<24 kbps), and general audio at moderate and higher data rates (>32 kbps/channel).  

It has been recognized within SA4 that this leaves a gap in the 24 to 32 kbps/chan data rates for general audio and for high quality speech at data rates above 24 kbps.  Above 24 kpbs AMR-WB does not significantly improve in quality for speech or audio.  Below 32 kbps AAC speech quality deteriorates, and audio bandwidth becomes severely restricted.  This situation is illustrated qualitatively in the diagram below. 
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It has also been recognized that for initial audio content, especially when accompanied by video, the audio data rate will need to be as low as possible, likely in the sub-32 kbps range.  

Given the data rate gap between the currently specified codecs, and the importance of delivering content at such data rates, it is clear that a new codec that would eliminate the gap is highly desirable.  

It is also desirable to minimize the proliferation of audio codecs within the specification.  Thus, a single audio codec that could span from the upper end of the AMR-WB range to very high quality (CD quality or better) would be best.  

The proposed new audio codec fulfills these needs.

3 Technical Brief

The new codec builds on AAC technology to provide effective audio coding at lower data rates.  It is compatible with the MPEG-2 and MPEG-4 AAC LC profile standard.  In particular, the new decoder can decode MPEG standard AAC LC bitstreams.  Furthermore, a standard AAC decoder can decode a bitstream generated by the new encoder and produce a (reduced resolution) audio signal.

The new codec is effective at data rates as low as 14 kbps for mono signals, and 28 kbps for stereo signals. At these low data rates, internal listening tests show that the new codec is competitive with all other audio codecs currently available. At higher data rates, the new codec reverts to standard AAC encoding and decoding and provides the high sound quality for which AAC is already recognized. Unlike AAC, the new codec provides a full bandwidth signal at all data rates.

4 Conclusion

We respectfully requests that the PSM-SWG add Dolby's AAC codec to the list of codecs under consideration in the "higher bitrate audio" range for PSS in Release 6. 

Dolby Laboratories will provide further information as required during the codec testing and evaluation process.
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