MPEG-4


Overview of the MPEG-4 Version 1 Standard


After MPEG-1 and MPEG-2, the next phase of compression work in ISO/IEC JTC1/SC29/WG11 is called MPEG-4. The MPEG-4 format is meant to become the universal language between broadcasting, movie and multimedia applications. While former MPEG standards were only concerned about compression, MPEG-4 will provide additional functionality (e.g. bitrate scalability, object-based representation, intellectual property management & protection etc.) and is based on a rich tool set starting at bitrates as low as 2 kbit/s for a channel.��In trying to cover a broad range of application scenarios, the MPEG-4 audio coder includes coding tools from several different coding paradigms, such as parametric audio coding, synthetic audio, speech coding and subband/transform coding. Within this comprehensive "tool box" the high-quality part of the MPEG-4 audio functions will be covered by the so-called "t/f" coders. In a t/f coder, the input signal is first decomposed into a time/frequency (t/f) spectral representation by means of an analysis filterbank prior to subsequent quantization and coding.��The core part of the MPEG-4 audio t/f coder is based on MPEG-2 AAC technology which is complemented by a number of additional coding tools. In this way, both specific MPEG-4 functionalities, like scalability, are added and further enhancement in coding performance is achieved. The Fraunhofer Institute for Integrated Circuits IIS has been the key contributor in the progression of MPEG-2 AAC technology towards the MPEG-4 system.��An excellent overview of the MPEG-4 version 1 standard is given on the official �HYPERLINK "http://drogo.cselt.it/mpeg/"�MPEG web site� in the �HYPERLINK "http://drogo.cselt.it/mpeg/standards/mpeg-4/mpeg-4.htm"�MPEG-4 Overview document�, section 2.4 (Coding of Audio Objects).�
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After MPEG-4 Version 1, work on MPEG-4 will continued in order to extend the capabilities offered by the Version 1 standard by adding several new functionalities. This is done in a way that existing tools and profiles from Version 1 will not be replaced in Version 2; technology will be added to MPEG-4 in the form of new profiles. More specifically, work items for MPEG-4 Version 2 Audio include: 


Error Resilience 


Environmental Spatialization ("3D Audio") 


Low Delay Audio Coding 


Backchannel Syntax 


MPEG-4 Audio Scalable Profile


�HYPERLINK  \l "1"�Introduction� 


�HYPERLINK  \l "2"�MPEG-4 Audio Profiles� 


�HYPERLINK  \l "3"�MPEG-4 Audio scalable Profile� 


�HYPERLINK  \l "4"�MPEG-4 system aspects� 


�HYPERLINK  \l "5"�Additional Tools in MPEG-4 version 2� 
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MPEG-4 is the new standard for "Generic Coding of Audiovisual Objects". Its Audio part is designed as a toolbox and comprises speech coders, audio coders, parametric coders for speech and synthetic audio. It also offers new functionalities like hierarchical coding (scalability) and speed and pitch change (for some coders). Version 1 of MPEG-4 finishes standardisation in February 1999. Version 2 will be finalised in February 2000. Unless mentioned otherwise, this document relates to Version 1.�
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MPEG-4 Audio is available in different "profiles" to allow the optimal use of MPEG-4 in different applications. At the same time the number of profiles is kept as low as possible in order to maintain interoperability as far as possible. MPEG-4 (Version 1) offers the following four profiles: 


The Speech Audio Profile provides a parametric speech coder, a CELP speech coder and a Text-To-Speech interface. 


The Synthesis Audio Profile provides the capability to generate sound and speech at very low bitrates. 


The Scalable Audio Profile, a superset of the Speech Profile, is suitable for scalable coding of speech and music, for transmission methods, such as Internet and Digital Broadcasting. 


The Main Audio Profile is a rich superset of all the other Profiles, containing tools for natural and synthetic audio. The Main Audio Profile is a superset of the other three profiles (scalable, speech, synthesis). 
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The scalable Audio Profile is designed for use in systems where decoder cost plays an important role. Therefore it is recommended for digital broadcasting and realtime Internet applications.�


The scalable profile offers the following coders and tools: 


MPEG-4 AAC LC Coder 


The well-known AAC low complexity audio coding algorithm with an additional tool called PNS (perceptual noise substitution). MPEG-4 AAC is fully backwards compatible to the low complexity profile of MPEG-2 AAC. 


MPEG-4 CELP Coder 


CELP speech coding tools offering speech coding from 6 kbps (narrowband 3.5 kHz bandwidth) to 18 kbps (wideband 7.5 kHz bandwidth). Hierarchical coding (Scaleability) is also possible. 


MPEG-4 HVXC Coder 


A parametric speech coder operating at 2 and 4 kbps offering good speech quality 


MPEG-4 TwinVQ Coder 


An audio coder optimised for audio coding at ultra low bitrates around 8 kbps. Hierarchical coding (Scalability) is also possible 


MPEG-4 LTP 


A long term predictor improving quality of stationary harmonic signals coded with AAC or TwinVQ 


MPEG-4 TLSS 


Tools for Large Step Scalability. These tools allow hierarchical (=scalable) coding within MPEG-4 AAC with the additional option to use a CELP or TwinVQ as a core coder. Hierarchical coding means that the basic audio quality, delivered by the lowest layer, can be extended by adding one or more layers of additional coding information.��Examples:�


Two layers AAC 64+64 kbps providing 64 and 128 kbps stereo 


Three layers AAC 16+16+16 kbps providing 16 kbps mono, 32 or 48 kbps stereo 


Two layer 6 kbps CELP +18 kbps AAC providing 6 kbps CELP coding or 24 kbps combined CELP/AAC coding 


MPEG-4 TTSI 


An interface for Text to Speech systems. The Text to Speech system itself is not part of MPEG-4 Audio. 


Within the scalable profile different levels are available. These levels define the complexity of a decoder. The lowest level needs the lowest decoder complexity. A level x decoder can decode all bitstream according to its own and all lower levels.��The following four levels are defined: 


Maximum 24 kHz of sampling rate, one mono object (all object types) 


Maximum 24 kHz of sampling rate, one stereo object or two mono objects (all object types) 


Maximum 48 kHz of sampling rate, one stereo object or two mono objects (all object types) 


Maximum 48 kHz of sampling rate, one 5.1 channels object or multiple objects with at maximum one integer factor sampling rate conversion for a maximum of two channels. 


Flexible configuration is allowed with PCU < 30 and RCU < 19. PCU means "Processor Complexity Unit", RCU means "RAM Complexity Unit". For each tool these units are defined in the MPEG-4 standard.�
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MPEG-4 offers an extensive systems part supporting scene descriptors, object descriptors and all related features like intellectual property management and protection (IPMP) provisions. This system allows for simple (old style) single source audio coding as well as complex, object oriented audio scenes. In order to make full use of all of the MPEG-4 features, a transport mechanism must support the MPEG-4 systems requirements. MPEG-4 does not define the actual transport format, this is up to the transmission system. One possibility is the so called "flexmux format", whose basics are defined in the MPEG-4 standard.�
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MPEG-4 version 2 will be a true extension of MPEG-4 version 1, i.e. it will not contain small corrections of existing tools but new tools offering additional functionalities. As far as known today, MPEG-4 Audio version 2 will offer the following additional tools: 


Error Resilience Tools to improve behaviour of MPEG-4 coders in error prone environments 


3-D Audio tools allowing generation of 3-D sounds 


Low Delay Audio Coding, a modified AAC coder operating at algorithmic delays around 20..40 msec 


Parametric Audio Coding for audio coding at around 6 kbps 


Bit Sliced Arithmetic Coding for small step hierarchical (=scalable) coding 





