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1 Introduction

The aacPlus codec proposed in [1] is a highly efficient audio codec, offering high quality full bandwidth audio at extremely low datarates. This capability is considered a critical feature to enable commercially viable audio-only as well as audio-video streaming and messaging applications. 

In order to make this benefit available to the largest number of terminals possible, this document shall inform about a convenient and cost-saving way to render aacPlus content even on devices which, mainly for cost reasons,  may not support the full audio sampling rates of 32/44.1/48 kHz. 

The solution presented in this document achieves a variety of benefits. It is fully bitstream compatible and can therefore be transparent to the service provider, it saves on computational requirements which is a further benefit on low-cost terminals and it makes maximum use of the capabilities of the rendering terminal.

2 MPEG-4 aacPlus on low samplerate terminals

The aacPlus codec is a highly efficient audio codec which means that it can offer high audio bandwidth at very low datarates already. Technically, this means that the output samplerate of an aacPlus decoder is usually never lower than 32kHz and in most cases it will be 44.1 or 48 kHz, a fact which may be considered an issue with low-cost terminals. In order to make sure that this does not limit the applicability of aacPlus in the context of PSS, MMS (or MBMS) applications, measures should be taken to allow the broadest possible group of terminals to render an appropriate output which matches their capabilities best.

There are a variety of possible solutions to this issue:

1) Resample the output of the aacPlus decoder to the highest supported samplerate of the terminal

2) Only use the AAC core being part of the aacPlus stream

3) Provide the terminal with dedicated content accurately matching its capabilities

4) Modify the aacPlus decoder implementation in order to provide output streams at half the normal samplerate

Solution 1) should not be used because it increases rather than decreases the computational complexity of the terminal software. 

Solution 2) would unnecessarily limit the quality of the output signal in the terminal and can therefore not be recommended. 

Solution 3) would also work in theory but would result in complex server solutions. Furthermore, this solution would limit the quality of the content forever, i.e. moving the content to a more capable device would not give the user a better audio experience.

Solution 4) would therefore be preferable, especially if a solution could be achieved whereby the limited samplerate would provide additional benefit in terms of computational complexity.

3 The Technical Solution
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The aacPlus codec is generally operated in a so-called dual-rate mode. The SBR processing is performed on an audio signal having twice the sampling frequency compared to the underlying AAC signal. If, for example, the AAC decoder produces an audio signal with 24 kHz sampling rate the output signal will have a sampling rate of 48 kHz. In order to accommodate for hardware that has a limited support for high sampling frequencies, the SBR decoder can easily be modified to output a downsampled version of the output signal. This is accomplished by discarding the upper frequency half of the SBR data and subsequent use of a downsampled synthesis filter bank. The output signal will then have the same sampling frequency as the underlying AAC decoded signal. Unlike the underlying AAC signal itself though, it will include all frequency components up to the Nyquist frequency, i.e. make use of SBR to the maximum extent possible under the terminal samplerate restrictions. Figures 1 and 2 illustrate the modifications in the SBR decoder.

Fig. 1  aacPlus decoder operating in the normal dual-rate mode.

A modified aacPlus decoder according to Figure 2 could still process all aacPlus files. Therefore, such a modification could be made transparent to the server. As an additional side effect of this approach, the computational complexity of the SBR decoder will be substantially lower for the modified system. The analysis filterbank will have the same complexity, while the complexity of all following parts will be reduced by approximately 50 %. The total complexity reduction of the SBR decoder will be in the order of 40 %.

Fig. 2  Modified aacPlus decoder accommodating lower samplerate terminals.      
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4 Conclusions and Proposal to SA-4

The aacPlus codec offers unprecedented compression efficiency, allowing for full bandwidth, high quality audio at very low datarates. A technique has been presented whereby aacPlus can be used on a broad variety of devices, even those that do not natively support the higher samplerates normally required by aacPlus.

The presented solution represents an optimum compromise between the high quality of aacPlus streams (which is preserved in case the data is moved to higher quality devices) and the limited capabilities of low-cost terminal devices (such capabilities being exploited to the maximum extent possible). Furthermore, the solution is fully bitstream compatible and also allows savings in computational complexity.

The authors would propose that this solution be recommended to device manufacturers in case of devices falling under the prescribed limitations. A detailed technical description of the necessary changes can be made available upon request.

A similar solution can also be applied in case a device only supports mono audio output. The benefits and tradeoffs would remain the same. More information on this additional downmix solution will be presented in a separate document to be provided at a later SA-4 meeting.
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