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1. Introduction

During the previous SA-4 meeting the MPEG-4 AAC codec has been discussed for use as the audio codec to be standardised for Packet Switched Mobile Streaming Applications [1]. The AAC Low Complexity, AAC Scalable and the AAC Long Term Prediction object types have been proposed. Although the working assumption is to have support for AAC, it was felt that some areas of the proposal required clarification. This document serves to provide additional information on the proposed MPEG-4 AAC audio codec.

2. Audio object types

The AAC Low Complexity (LC), AAC Scalable and AAC Long-Term prediction (LTP) object types have previously been proposed [1].

AAC-LC
This is the most basic type of MPEG-4 AAC audio coding [2]. It provides state-of-the-art coding of general audio signals. Although AAC in principle supports a wide range of sampling rates and channel configurations, it is proposed to restrict the permitted sampling rates and channel configurations within the scope of 3GPP. The table below provides detailed information.

Parameter
Permitted values

Sampling rates
All sampling rates supported by AAC up to and including 48 kHz.

Channel configurations
Mono (1/0), dual channel (1+1) and stereo (2/0).

It is assumed that the capabilities as offered by AAC to provide more than 2 audio channels and sampling rates above 48 kHz are not required for the application area of 3G mobile equipment.

AAC-Scalable
Within the scope of MPEG-4 Audio, large-step scalability is the ability to decode an MPEG-4 Audio bit stream at different bit rates. Large-step scalability in MPEG-4 Audio is available in the AAC Scalable object type. A scalable bit stream consists of a base layer and one or more enhancement layers. Each layer is dependent on its predecessor and the decoder can select how many layers to decode. The base layer must always be decoded in order to obtain a meaningful signal reconstruction.

Within the scope of 3GPP mobile equipment, it is proposed to have support for Base Layer Conformant (BLC) AAC Scalable i.e. the decoder will (at least) be capable to decode the lowest layer of a scalable AAC bit stream. This property makes a decoder ready for handling future multi-layered scalable AAC audio. Since a Base Layer Conformant AAC decoder is almost identical to a non-scalable AAC decoder, the additional computational complexity is negligible. It is however required to support Long-Term Prediction in the decoder.


Full scalable decoding (i.e. decoding multiple layers) should be considered an optional extension, while decoding of only the base layer of a scalable stream is mandatory. More information on the functionality of Scalable AAC is provided in the next section.

AAC-LTP
The AAC-LTP object type consists of the combination of the AAC-LC object type and the Long-Term Prediction tool. The LTP-tool is a 1st order forward predictor, which offers efficient coding of (pseudo-) stationary signals. It has been added to the MPEG-4 AAC tool set as a replacement for the old MPEG-2 AAC Prediction tool for its reduced complexity and its enhanced error robustness. It is estimated that the LTP-tool constitutes roughly one third of the total decoder complexity (assuming mono decoding, 64 kb/s, 48 kHz sampling rate), compared to approx. half of the total decoder complexity for the old MPEG-2 AAC Predictor when using AAC-Main profile. Detailed complexity information can be found in [3] and [4]. The LTP-tool is implicitly required for AAC Scalable decoders, because LTP may be used in a AAC Scalable bit stream. Due to this requirement, the AAC-LTP object type is implicitly supported in the decoder.

3. Functionality of AAC Scalable object type

3.1 Introduction

This chapter provides an overview of the large-step scalability function available in MPEG-4 Audio coding. Different coding schemes can be used for the individual layers. The next section describes the valid combinations of coders for each layer and the restrictions that apply.

3.2 Scalability in MPEG-4 Audio

When scalable coding is applied, always one base layer and one or more enhancement layers are used. In MPEG-4 Audio three coding schemes can be used for the base layer: AAC, CELP and TwinVQ. For coding of the enhancement layers, always AAC is to be used. Three major classes of scalable configurations with AAC exist, depending on the coder types used:

1. AAC-layers only

2. Narrowband CELP base layer plus AAC

3. TwinVQ base layer plus AAC

Because in this proposal only AAC-derived object types are proposed, only the first case will be considered in the scope of 3GPP.

3.3 Encoding and decoding of AAC-only combinations

Three audio channel configurations of a scalable coder, based on AAC coding, are possible:

AAC-only-M
1 to 8 AAC mono layers 

AAC-only-S
1 to 8 AAC stereo layers 

AAC-only-M/S
1 to 7 AAC mono layers + 1 to 7 AAC stereo layers

The total number of AAC layers must be <= 8.

One example usage scenario of using AAC scalable coding is that a streamed audio object contains a mono base layer and a stereo enhancement layer (i.e. AAC-only-M/S). A receiving terminal with an audio decoder that is only base layer conformant will output a mono signal; a full scalable decoder may choose to decode a mono (only the base layer) or a stereo signal (both base and enhancement layers).

The maximum bit rate of AAC coding for each layer depends on the sampling rate; the minimum bit rate per channel per layer is 8 kb/s. The figure below shows the three possible combinations with some typical bit rates assigned to each layer.
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4. Transport: packing MPEG-4 content into RTP packets

Transport of MPEG-4 content over RTP is currently being defined jointly by MPEG and IETF. More information on transport of MPEG-4 content over RTP can be found in [5].

5. Error resilience

The behaviour of the AAC audio decoder in case of bit stream errors is an issue for further discussion. The main question here is whether the AAC decoder should be capable of handling corrupted frames or that any corrupted access units are detected and removed from the bit stream by another part of the receiving terminal. A liaison statement [7] addressing this matter has been sent to RAN-2 at the last SA4 meeting.

If the receiving system is defined such that the audio decoder only may expect valid frames and – in case of transmission errors – frames might be missing, the MPEG-4 Version 1 bit stream syntax can be used and a limited form of error concealment by the decoder might be sufficient.

In case the audio decoder is expected to handle valid as well as corrupted access units, then the MPEG-4 Version 2 bit stream syntax should be considered. This syntax is available for all three proposed object types. It helps the audio decoder to survive and recover during transmission errors. In MPEG-4 Version 2, bits in an access unit are grouped according to their sensitivity to transmission errors and transported in separate classes. This class-definition is normatively defined in MPEG-4. The classes can be transported over separate streams from encoder to decoder, allowing different levels of error protection to be used for each stream. The transmission of classes over separate streams helps the audio decoder to recover from errors and allows enhanced concealment methods to be used.

The concealment algorithms themselves and the level of error protection are not normatively defined by MPEG-4 because these are application dependent. 

6. Copyright protection and digital rights management

Copyright protection and digital rights management are applicable to audio as well as visual content; they are not related to audio coding in particular. Therefore, at this point a reference is made to [8]. The current status is that the specification of an appropriate DRM framework is FSS. Note that MPEG-4 provides an interface for intellectual property management and protection (IPMP) framework [6].

For information:

The intellectual property management and protection (IPMP) framework [6] for MPEG-4 consists of a normative interface that permits an MPEG-4 terminal to host one or more IPMP systems. The IPMP interface consists of IPMP elementary streams and IPMP descriptors. IPMP descriptors are carried as part of an object descriptor stream. IPMP elementary streams carry time variant IPMP information that can be associated to multiple object descriptors.

The IPMP System itself is a non-normative component in the scope of MPEG-4 that provides intellectual property management and protection functions for the terminal. The IPMP System uses the information carried by the IPMP elementary streams to make protected MPEG-4 content available to the terminal. An application may choose not to use the IPMP Systems, thereby offering no management and protection features.

7. Conclusion

In this document, various issues in the area of audio coding for PSS have been discussed, such as AAC object type information, details of AAC Scalable coding and error resilience of MPEG-4 Audio bit streams. Furthermore, a reference has been made to the MPEG-4 IPMP framework for intellectual property management and protection. 

It is proposed to insert the following text in the specification [9], section 7.2 (Audio):

The MPEG-4 AAC Low Complexity (AAC-LC) and Long-Term Prediction (AAC-LTP) object types shall be supported for audio coding. In addition, the audio decoder shall support decoding of the AAC base layer of an MPEG-4 AAC Scalable object (Base Layer Conformance). The audio decoder may optionally support decoding of multiple AAC layers of an MPEG-4 AAC Scalable object. In any case, the maximum sampling rate to be supported by the decoder is 48 kHz and the channel configurations to be supported are mono (1/0), dual mono (1+1) and stereo (2/0).
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