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1 
Abstract

This document presents audio codec selection criteria for MBMS based on use cases covered by stage 1 specifications and on realistic assumptions for net bit rates available for the audio content distribution considering both audio-only and audio-visual media. As conclusion, the recommendation is derived to adopt AMR-WB+ for MBMS.

2 
Use cases

Table 1 lists audio/audio-visual media distribution use cases covered by the stage 1 specifications for transparent end-to-end packet-switched streaming service [1], Multimedia Broadcast/Multicast Service (MBMS) user services [2], and Multimedia Messaging Service (MMS) [3]. The table provides information on the envisioned content for the various use cases and indicates cases for which a given transport mechanism would not be used.

As can be seen, most cases are dominated by speech and mixed content. Music content distribution is an important exception. Furthermore, there are certain personalized use cases, which are not applicable to MBMS transport. High-quality music distribution with individually purchased tunes is also a personalized service for which PSS or MMS rather than MBMS transport will be used. 

All cases listed in the table (except for Video) may comprise audio-only or audio-visual content.

Table 1: Audio/audio visual media distribution use cases by transport mechanism 
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3
Available bit rates depending on RAT

Table 2 provides examples of the bit rates available for audio/audio-visual media distribution based on bearer realizations which seem realistic with respect to the impact on the radio capacity. Depicted are the total bit rates offered by the bearer and the remaining effective net bit rates for the media. While for audio UTRAN can offer net bit rates for audio-only of up to 48 kbps, for GPRS using 3 time slots a maximum bit rate of approximately 24 kbps for PSS and MBMS streaming is possible. Though, for MBMS streaming, protection mechanisms like FEC, which are likely to be included, will reduce the available bit rate even further. For the MMS and MBMS download cases, a message size is considered of 100 or 300 kByte. This translates to available bit rates for audio-only content of 14 to 24 kbps if the length in time should be in the order of 0.5 to 3 minutes.

For audio-visual content the bit rates available for audio are reduced by the bit rate required for the video. The bit rate required for video may depend on the content. A reasonable assumption is that video requires about 75% of the available bit rate while audio consumes the remaining 25%. Such an assumption leads to the audio net rates given in table 2 for audio–visual content. As can be seen, merely low bit rates of 10 to 16 kbps are available, 24 kbps could be achieved when using MBMS streaming with a 128 kbps bearer.
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Table 2: Available audio bit rates for audio and audio-visual media distribution depending on RAT

Considerations

When choosing an audio codec to be used for audio/audio-visual media distribution via MBMS it has to be taken into consideration that the available net bit rates generally are low. The bit rates are generally not higher than in PSS or MMS scenarios and also the content is similar to PSS or MMS scenarios. Thus, similar criteria should be considered in the codec selection as for PSS and MMS. 

For audio-only content distribution service consistency in heterogeneous UTRAN/GPRS networks as well as radio capacity limitations may bind the net bit rate for audio to a maximum of 24 kbps or even lower if FEC is used. For audio-visual media distribution via MBMS a codec is needed which offers operation at very low bit rates, which may be at or below 10 kbps.

Furthermore, for MBMS streaming packet loss may occur which may not be recoverable by FEC mechanisms. Thus, an important aspect is the packet loss resilience of the codec to be selected. 

As can further be concluded from the use cases defined in the stage 1 specification, most cases are dominated by speech and mixed content. The audio codec should thus be able to cope properly with that content type even at the lowest bit rates. Good music performance at low rates is a further important aspect.

For MBMS streaming the available processing power of a terminal receiving audio streams will need to be sufficient for executing the FEC decoding as well as the audio decoding simultaneously in real-time. Hence, the decoder complexity of the audio codec candidates is an important selection criterion. This is particularly true if a video stream needs to be decoded additionally.

Recommendation

AMR-WB+ is known to provide superior performance for generic content at low bit rates, as documented in the 3GPP audio codec selection tests and [4]. AMR-WB+, which offers monophonic and stereophonic operation at rates down to less than 10 kbps is thus best suited for the envisioned MBMS use cases both with and without video content delivery. Good error resilience together with an efficient RTP transport format with interleaving support [5] makes AMR-WB+ very attractive even for error-prone MBMS delivery. Finally, AMR-WB+ is clearly superior with respect to decoder complexity. It will thus allow more advanced FEC schemes than other audio codecs.   

It is thus proposed to adopt AMR-WB+ for MBMS.   
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