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Introduction

According to the selection rules for the testing exercise for selecting a mandatory PSS/MMS audio codec for 3GPP, Release 6, “each candidate shall provide by February 18th, 2004 a technical description of their codec through SA4 reflector. The description should contain sufficient details to allow analysis of the solution.” [1] This document holds the requested technical description for the aacPlus audio codec.

1. Codec overview
The aacPlus codec as proposed by Coding Technologies and NEC for standardization within 3GPP has already been standardized in other standard bodies, for example as HE-AAC (High Efficiency Advanced Audio Coding) within MPEG [2], [3]. A detailed technical description can be found there, however within this document an overview is also given.

The aacPlus codec is a highly efficient low bitrate audio codec, operating at bitrates down to 8 kbit/s, sampling rates from 8 to 96 kHz and channel modes from mono and stereo towards various multichannel configurations. In the context of 3GPP however coding at constant bitrates from 8 to 48 kbit/s as well as variable bitrate coding, sampling rates such as 16, 22.05, 24, 32, 44.1 and 48 kHz as well as mono and stereo channel modes are of highest interest.

2. Encoder description
Figure 1 shows a block diagram of the aacPlus encoder. The input PCM time domain signal is first fed to a stereo-to-mono downmix unit, which is only applied if the input signal is stereo but the chosen audio encoding mode is selected to be mono. 

Next, the (mono or stereo) input time domain signal is fed to an IIR resampling filter in order to adjust the input sampling rate fsin to the best-suited sampling rate fsenc for the encoding process. The usage of the IIR resampler is only applied if the input signal sampling rate differs from the encoding sampling rate. The IIR resampler as used for the selection test may either be run as a 3:2 downsampler (e.g to downsample from 48 kHz to 32 kHz) or as a 1:2 upsampler (e.g. to upsample from 16 to 32 kHz).

Neither the stereo-to-mono downmix, nor the IIR resampler are integral parts of the aacPlus encoder.

The aacPlus encoder basically consists of the well-known AAC
 (Advanced Audio Coding) waveform encoder plus the SBR (Spectral Band Replication) high frequency reconstruction encoding tool. The aacPlus encoder, as used for the selection test, is operating in a dual rate mode, whereas the SBR encoder operates at the encoding sampling rate fsenc as delivered from the IIR resampler and the AAC encoder at half of this sampling rate fsenc/2. Consequently a 2:1 downsampler is present at the input to the AAC encoder. For an efficient implementation an IIR (Infinite Impulse Response) filter algorithm is used.

The AAC encoder implementation as used for the selection test complies with the AAC Low Complexity Object Type [2] and is a highly optimised low-resource implementation, requiring only few computational complexity and memory resources. This is basically achieved by mapping the psychoacoustic based threshold estimation directly to scalefactor amplification values to shape the encoding quantization noise according to the input signal characteristics, rather than employing time-consuming iterative analysis-by-synthesis methods.
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Figure 1 - aacPlus Encoder overview
Finally, the SBR encoder on one hand consists of a QMF (Quadrature Mirror Filter) analysis filter bank, which is used to derive the spectral envelope of the original input signal. Furthermore the SBR related modules control the selection of a input signal adaptive grid partitioning of the QMF samples on the time axis (i.e. control the framing), analyse the relation of noise floor to tonal components in the high band, collect guidance information for the transposition process in the decoder and detect missing harmonic components which could not be reconstructed by pure transposition. This gathered information about the characteristics of the input signal, together with the spectral envelope data forms the SBR stream. The amount of bits for the SBR stream is subtracted from the bits available to the AAC encoder in order to achieve a constant bitrate encoding of the multiplexed aacPlus stream. The embedding of the SBR stream into the AAC stream is done in a backwards compatible way, i.e. a legacy Release 5 AAC decoder is able to parse the aacPlus stream and decode the AAC core part.

3. Decoder description
In the decoder the bitstream is de-multiplexed into the AAC and the SBR stream. Error concealment, e.g. in case of frame loss, is achieved by designated algorithms for both AAC and SBR: the AAC core decoder employs signal-adaptive spectrally shaped noise generation for error concealment, in the SBR decoder, error concealment is based on extrapolation of guidance and envelope information.

If the transmitted stream is a stereo stream, but a monophonic output is requested, for each of the two components a stereo-to-mono downmix tool is available. In case of AAC the downmix is applied in the time-domain after AAC decoding. In case of SBR the stereo SBR stream is mapped to a mono SBR stream, thus resulting in low computational complexity since all further processing is then done on one channel only.

For the SBR processing, the Low-Power tool of SBR as described in [3] is used in order to keep the computational complexity and memory consumption as low as possible. Usage of the SBR Low-Power tool provides a computational complexity of an aacPlus decoder in the same range as plain AAC decoders.

The lowband AAC time domain signal, sampled at fsenc/2, is first fed to a 32-channel QMF analysis filter bank. The QMF lowband samples are then used to generate a highband signal, whereas the transmitted transposition guidance information is used to best match the original input signal characteristics.

The transposed highband signal is then adjusted according to the transmitted spectral envelope signal to best match the original’s spectral envelope. Also, missing components that could not be reconstructed by the transposition process are introduced.

A 64-channel QMF synthesis filter bank is used to merge the lowband and the reconstructed highband to the time domain output signal, sampled at the encoding sampling rate fsenc. The synthesis filter bank may also be used to apply an implicit downsampling by a factor of 2, resulting in an output sampling rate of fsenc/2.
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Figure 2 - aacPlus Decoder overview
Finally a spline resampler algorithm is used to match the aacPlus decoder output sampling rate to any arbitrary sampling rate. The spline resampler is only used if the handset requires any other specific output sampling rate different from fsenc or fsenc/2, e.g. 8 or 16 kHz if fsenc is 44.1 kHz. Contrary to an IIR or FIR resampling algorithm, a spline resampler algorithm allows to resample with a fairly low computational cost and at a reasonable high audio quality, independent from the actual input to output sampling rate ratio (whereas a resampling with an FIR or IIR filter with a fractional downsampling ratio like 44.1 or 22.05 to 16 kHz can be burdensome).
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� AAC has been standardized as optional audio codec in 3GPP, Release 5
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