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1. Introduction
Currently MPEG-1 layer II, AC-3 and MPEG-2 AAC are widely used for digital broadcasting as low bit-rate audio coding. Those audio codecs are recommended for digital sound-broadcasting applications according to the Recommendation ITU-R BS 1115-1 “Low bit-rate audio coding”.

In the current working document of “Toolbox for content coding” MPEG-2 AAC is only appeared in the 2nd section of annex coupled with AC3.  As MPEG-2 AAC codec is widely used for digital sound-broadcasting applications in Japan, this contribution proposes inclusion of MPEG-2 AAC into the table of available codes and adding a section of description of MPEG-2 AAC.
The reviewing activities have been motivated by TTC (the Telecommunication Technology Committee) in Japan and the source companies have voluntarily participated in this effort.
2. Discussion

The Recommendation ITU-R BS 1115-1 “Low bit-rate audio coding” listed up following codecs for digital sound-broadcasting emission.
–
ISO/IEC 11172-3 Layer II coding at a bit rate of 128 kbit/s for a mono signal and 256 kbit/s (i.e. 2 ( 128 kbit/s) for a stereo signal, with independent coding of the left and right components of the stereo signal
–
ISO/IEC 13818-7 coding at a bit rate of at least 144 kbit/s for a stereo signal
–
AC-3 coding at a bit rate of at least 192 kbit/s for a stereo signal
ISO/IEC 11172-3 Layer II codec and AC-3 codec are already included in current working document DOC-0162 “Toolbox for content coding”. But, MPEG-2 AAC only appears in 2nd section of annex. 
At the table 5-1 available codes of DOC-0162 MPEG-4 HE AAC appears instead of MPEG-2 AAC. Although all of technical components of MPEG-2 AAC are included in MPEG-4 HE AAC, the syntax of MPEG-2 AAC and MPEG-4 AAC is slightly different and bit-stream of MPEG-2 AAC is not compatible with MPEG-4 AAC. 
The inclusion of MPEG-2 AAC in the available codecs will remove the converting operation of audio bit-stream and will reduce operating cost of IPTV service.

3. Proposal
Following modification should be applied to the working document of “Toolbox for content coding”.
1 Scope
[Change 2nd sentence as described below]
It describes the use of H.264/AVC video as specified in [ITU-T H.264] and [ISO/IEC 14496-10], VC‑1 video as specified in [SMPTE 421M] , AVS video as specified in [GB/T 20090.2], HE AAC v2 audio as specified in [ISO/IEC 14496-,HE AAC v2 audio as specified in [ISO/IEC 14496-3], Extended AMR‑WB (AMR‑WB+) audio as specified in [ETSI TS 126 290]  and AC-3 and Enhanced AC-3 audio as specified in [ETSI TS 102 366], and MPEG-2 AAC as specified in [ISO/IEC 13818-7].
2 References
[Include following item]
[ISO/IEC 13818-7]
ISO/IEC 13818‑7 (2006), Information technology Generic coding of moving picture and associated audio information ‑ Part 7: Advanced Audio Coding (AAC)

3 Abbreviations and Acronyms
[Include following item]
AAC
Advanced Audio Coding
5 Available Codecs

[Include MPEG-2 AAC in Table 5-1]
Table ‎0‑1: Available Codecs
	
	Codec
	Delivery directly over IP
	MPEG-2 TS

	Audio
	MPEG-1 Layer II
	(
	(

	
	AC-3
	(
	(

	
	MPEG-2 AAC
	(
	(

	
	MPEG-4 HE AAC
	(
	(

	
	MPEG-4 HE AAC v2
	(
	(

	
	Enhanced AC-3
	(
	(

	
	AMR-WB+
	(
	X

	Video
	MPEG-2
	(
	(

	
	H.264 / AVC
	(
	(

	
	VC-1
	(
	(

	
	AVS
	(
	(


[Include following section]
6.6 MPEG-2 AAC

The MPEG‑2 AAC audio codec is specified in ISO/IEC 13818-7:2007 "Information technology ‑ Generic coding of moving picture and associated audio information ‑ Part 7: Advanced Audio Coding (AAC)"[ISO/IEC 13818-7]. 
6.6.1 Overview of MPEG-2 AAC

[ISO/IEC 13818‑7] describes the MPEG-2 audio non-backwards compatible standards called MPEG‑2 Advanced Audio Coding (AAC), a higher quality multichannel standard than achievable while requiring MPEG-1 backwards compatibility.

The AAC system consists of three profiles in order to allow a trade-off between the required memory and processing power, and audio quality:

–
Main profile
Main profile provides the highest audio quality at any given data rate. All tools except the gain control may be used to provide high audio quality. The required memory and processing power are higher than the LC profile. A main profile decoder can decode an LC-profile encoded bit stream.
–
Low complexity (LC) profile
The required processing power and memory of the LC profile are smaller than the main profile, while the quality performance keeps high. The LC profile is without predictor and the gain control tool, but with temporal noise shaping (TNS) order limited.

–
Scalable sampling rate (SSR) profile
The SSR profile can provide a frequency scalable signal with gain control tool. It can choose frequency bands to decode, so the decoder requires less hardware. To decode the only lowest frequency band at the 48 kHz sampling frequency, for instance, the decoder can reproduce 6 kHz bandwidth audio signal with minimum decoding complexity.
AAC system supports 12 types of sampling frequencies ranging from 8 to 96 kHz, as shown in Table 6-4, and up to 48 audio channels. Table 6-5 shows default channel configurations, which include mono, two-channel, five-channel (three front/two rear channels) and five-channel plus low-frequency effects (LFE) channel (bandwidth < 200 Hz), etc. In addition to the default configurations, it is possible to specify the number of loudspeakers at each position (front, side, and back), allowing flexible multichannel loudspeaker arrangement. Down-mix capability is also supported. The user can designate a coefficient to down-mix multichannel audio signals into two-channel. Sound quality can therefore be controlled using a playback device with only two channels.
Table 6-4 : Supported sampling frequencies
	Sampling frequency
(Hz)

	96 000

	88 200

	64 000

	48 000

	44 100

	32 000

	24 000

	22 050

	16 000

	12 000

	11 025

	8 000


Table 6-5: Default channel configurations

	Number of speakers
	Audio syntactic elements,
 listed in order received
	Default element to speaker mapping

	1
	single_channel_element
	Centre front speaker

	2
	channel_pair_element
	Left and right front speakers

	3
	single_channel_element()
	Centre front speaker

	
	channel_pair_element()
	Left and right front speakers

	4
	single_channel_element()
	Centre front speaker

	
	channel_pair_element(),
	Left and right front speakers

	
	single_channel_element()
	Rear surround speaker

	5
	single_channel_element()
	Centre front speaker

	
	channel_pair_element()
	Left and right front speakers

	
	channel_pair_element()
	Left surround and right surround rear speakers

	5+1
	single_channel_element()
	Centre front speaker

	
	channel_pair_element()
	Left and right front speakers

	
	channel_pair_element()
	Left surround and right surround rear speakers

	
	Lfe_element()
	Low frequency effects speaker

	7+1
	single_channel_element()
	Centre front speaker

	
	channel_pair_element(),
	Left and right centre front speakers

	
	channel_pair_element()
	Left and right outside front speakers

	
	channel_pair_element()
	Left surround and right surround rear speakers

	
	lfe_element()
	Low frequency effects speaker


6.6.2
Overview of Encoder

The basic structure of the MPEG-2 AAC encoder is shown in Figure. 6-10. The AAC system consists of the following coding tools:
–
Gain control: A gain control splits the input signal into four equally spaced frequency bands. The gain control is used for SSR profile.

–
Filter bank: A filter bank  modified discrete cosine transform (MDCT) decomposes the input signal into sub-sampled spectral components with frequency resolution of 23 Hz and time resolution of 21.3 ms (128 spectral components) or with frequency resolution of 187 Hz and time resolution of 2.6 ms (1 024 spectral components) at 48 kHz sampling. The window shape is selected between two alternative window shapes.  

–
Temporal noise shaping (TNS): After the analysis filter bank, TNS operation is performed. The TNS technique permits the encoder to have control over the temporal fine structure of the quantization noise.
–
Mid/side (M/S) stereo coding and intensity stereo coding: For multichannel audio signals, intensity stereo coding and M/S stereo coding may be applied. In intensity stereo coding only the energy envelope is transmitted to reduce the transmitted directional information. In M/S stereo coding, the normalized sum (M as in middle) and difference signals (S as in side) may be transmitted instead of transmitting the original left and right signals.

–
Prediction: To reduce the redundancy for stationary signals, the time-domain prediction between sub-sampled spectral components of subsequent frames is performed.
–
Quantization and noiseless coding: In the quantization tool, a non-uniform quantizer is used with a step size of 1.5 dB. Huffman coding is applied for quantized spectrum, the different scale factors, and directional information.

–
Bit-stream formatter: Finally a bit-stream formatter is used to multiplex the bit stream, which consists of the quantized and coded spectral coefficients and some additional information from each tool.
–
Psychoacoustic model: The current masking threshold is computed using a psychoacoustic model from the input signal. A psychoacoustic model similar to [ISO/IEC 11172-3] psychoacoustic model 2 is employed. A signal-to-mask ratio, which is derived from the masking threshold and input signal level, is used during the quantization process in order to minimize the audible quantization noise and additionally for the selection of adequate coding tool.
Figure 6-10: MPEG-2 AAC encoder block diagram
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6.6.3 Overview of decoder

The basic structure of the MPEG-2 AAC decoder is shown in Figure 6-11. The decoding process is basically the inverse of the encoding process.
The functions of the decoder are to find the description of the quantized audio spectra in the bit stream, decode the quantized values and other reconstruction information, reconstruct the quantized spectra, process the reconstructed spectra through whatever tools are active in the bit stream in order to arrive at the actual signal spectra as described by the input bit stream, and finally convert the frequency domain spectra to the time domain, with or without an optional gain control tool. Following the initial reconstruction and scaling of the spectrum reconstruction, there are many optional tools that modify one or more of the spectra in order to provide more efficient coding. For each of the optional tools that operate in the spectral domain, the option to “pass through” is retained, and in all cases where a spectral operation is omitted, the spectra at its input are passed directly through the tool without modification.
Figure 6-11: MPEG-2 AAC decoder block diagram
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