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1. Introduction

This document summarises the proposed MPEG-4 Audio codecs to be used for streaming services.

2. Proposed coding algorithms

The requirements for the coding algorithms have been described in TSG-SA document TSGS4#14(00)0592. Annex I provides a summary. Annex II lists the assumptions that have been made. It is proposed to standardise the following MPEG-4 Audio object types:

· AAC-LC

· AAC-Scalable (base layer conformant in R4, full scalable decoding in R5)

· AAC-LTP

It is proposed to use these MPEG-4 Audio object types in an MPEG-4 Systems environment.
3. Rationale

Proposed candidates here are AAC Low Complexity (AAC-LC), AAC Scalable and AAC Long-Term Prediction (AAC-LTP). The AAC-LC covers the minimum set of tools required for AAC coding. To enable scalable coding, AAC Scalable is proposed. It is proposed to initially standardise the AAC decoding of only one single layer from a scalable bitstream (base layer conformance). This allows equipment already conforming to today's standards to be used with future content, which might then be provided at higher bit rates with multiple layers. Full scalable decoding should be considered a future extension, with backward compatibility. Since the AAC Scalable object type requires the LTP-tool to be available, the AAC-LTP object type is implicitly available in the decoder.
















3.1 
3.2 Audio coding gain

· Provides generally transparent quality for stereo at 128 kbit/s.

· At 80 kbit/s stereo comparable to MPEG-1 layer III at 128 kbit/s stereo.

· Reasonable quality starting from 24 kbit/s per channel.


· 
· 
· 


3.3 Scalable coding



· 

· Scalable coding available, up to 8 AAC layers can be used. Mono and stereo layers can be used in one bit stream.

3.4 Error resilience



· 
· 

· Since bit errors are considered to be absent for the audio codecs, the error resilient bit stream syntax (ER- object types) and the Error Protection Tool available in MPEG-4 Version 2 have not been proposed here.

· Decoder may apply error concealment in case of frame erasure. However, this behaviour is not mandatory according to the MPEG-4 standard.
3.5 Copyright management



· 
· 

· When used in combination with MPEG-4 Systems, an IPMP framework is available for copyright protection. The copyright protection itself is not defined in MPEG-4, only the means to connect it to audio coding.

· This is the reason why the Records Industry has chosen AAC for music distribution over internet

3.6 IPR situation

· For MPEG-2 AAC a patent pool has been established. For MPEG-4 Audio, such a patent pool is currently being defined by the MPEG-4 Industry Forum. At least for MPEG-4 AAC-LC, the situation is expected to be quite similar to MPEG-2 AAC-LC.


· 

Note that any patent licensing program can never be called complete. Any IPR holder may refuse to joint such a patent pool and may claim patent rights individually.

3.7 Complexity

· Computational complexity AAC LC decoder: 25% of Pentium 133 MHz for stereo

3.8 Availability of content



· 
· 
· 
· 

· Relatively new on the Internet

· Selected by Record Industry as the optimal codec for music distribution on Internet.

· Targeted bit rates: 48-128 kbit/s (stereo) 

· AAC algorithm can optionally be used in streaming systems such as Liquid Audio.

3.9 Other



· 

· For MPEG-4 Audio, conformant decoder are required to fully implement all object types in one of the Audio Profiles. It is proposed a small set of object types rather than complete profile, in order to keep the decoder as simple as possible.
4. Both MPEG-4 AAC and MP3 ?


It might be worthwhile to consider the standardisation of both MPEG-4 AAC and MPEG-1 layer III. MPEG-4 AAC should be considered today's state-of-the-audio coder, supported by the Records Industry as the codec for music distribution over Internet. However, due to the very large installed base of MP3 audio content on the Internet, a discussion on standardisation of both MPEG-4 AAC and MPEG-1 layer III is welcomed.

Annex I: Requirements for the audio codecs

In order to be able to decide on an audio coding scheme for mobile streaming applications, various relevant aspects will be discussed.

· Audio coding gain. This is the ratio between the data rate of the uncompressed audio signal and the compressed audio stream, given for a certain audio quality level. The higher the coding gain, the better the audio quality for a given channel bit rate. For mobile streaming applications, target channel bit rates from 48 kbit/s up to 128 kbit/s are considered to be of primary importance.

· Ability of scalable coding. Scalable coding means that a decoder can decode an input bit stream at various different bit rates. The bitstream is constructed of several layers, which are transmitted independently. At the transmitter side, this makes it possible to transmit the same content at different bit rates while still storing a single copy of the audio material. Furthermore, the transmission network may decide to drop enhancement layers in case of insufficient network capacity. 

· Error resilience. This is the robustness of the coding scheme against bit stream errors. Since bit errors are assumed to be handled by the transmission layer and not by the audio codec, only errors due to frame erasures will be relevant.

· Copyright management. This is the general name for some mechanism to protect the audio content against piracy such as illegal copying. One common technique used for protection is watermarking. 

· IPR – Intellectual Property Rights. Audio coding technology will almost always make use of patents, involving the payment of royalties.

· Encoder and decoder complexity. The term is generally used for describing the required resources to run an audio encoder or decoder algorithm in real-time. The computational complexity is usually expressed in terms of instructions per second. Furthermore, figures for the required amount of RAM and ROM can be part of the complexity information.

· Availability of content. The availability of audio content, encoded with the algorithm.

· Any other relevant features. Other properties possible being of interest for this application area should be taken into consideration.

Annex II: Assumptions

· Audio decoders do not have to be able to handle erroneous frames, because it is assumed that the transmission protocol is able to detect and reject corrupt packets. 

· It is assumed that MPEG and IETF will finalise the payload format for transmission of MPEG-4 content over RTP timely.
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