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1
Introduction

A new work item on a full auditory bandwidth audio codec for converged multimedia telecommunications applications, including the NGN, has been approved within ITU-T SG16. SG16 would like to inform you about this project, including the foreseen applications as well as the possible parameters of this new codec.

We solicit your input on requirements and possible schedule for this new codec.  Please see the attached delayed contribution COM16 – D.139 for an outline of the goals of this project.

2
Parameters of the codec 

Although terms of reference are not yet written, some indications on the foreseen applications as well as bitrate, quality, sample rate and audio bandwidth have already been proposed in D.139.

In summary, the following parameters were quoted:

· Bitrate
Scalable from 128 kbit/s (or more if needed) to approximately 24 kbit/s, preferably in fine-grained increments. (Scalability is important for adaptation to varying channel bitrate and for traffic management.)

· Sample Rate 
A 48 kHz maximum sample rate. 

Audio Bandwidth
Full auditory bandwidth (20 Hz – 22 kHz) at the highest rate, with graceful degradation to approximately 50 Hz – 7 kHz bandwidth at the lowest rate.

· Quality
Indistinguishable (or nearly so) from uncompressed 16 bit linear PCM at the highest bitrate, with graceful degradation as bitrate and bandwidth are decreased.  

· Mono/stereo
The coding scheme may not be restricted to mono only.

This new coding scheme is foreseen to work at wider bandwidth than existing ITU-T codecs and some bitrates are expected to give transparency.

Attachment:

COM 16 – D.139 “Toward a multimedia telecommunication convergence codec”
Attachment
(to COM 16 – LS 50 – E)
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1 Introduction

This contribution proposes that SG16 should begin work toward a full auditory bandwidth audio codec for converged multimedia telecommunications applications, including the NGN.

2 Background and Motivation

2.1
Applications 
Existing audio coding applications span a wide range of environments – for example:

· Tele-conferencing, remote presentations (including video conferencing)

· Personal multimedia recording (camera phones, camcorders, digital cameras, etc.)

· Music (storage and transmission)

· Collaborative tele-working (multimedia instant messaging, groupware, etc.)

· Entertainment (television, movies, etc.)

· Electronic games (computer games, dedicated game consoles, handheld games)

· Internet appliances

· News and talk programming (conventional radio, satellite radio, Internet radio)

· General telephony (including VoIP, video telephony)

· Record keeping & transcript recordings

· Intercom systems

This is only a sampling of existing applications, and undoubtedly more will emerge over time.

Some of these applications are large and long-established, some have recently exploded from a small base, and others are still in early stages of development.  They operate on a wide variety of technical platforms: switched-circuit networks, IP networks and the Internet, wireless networks, and a variety of storage media.

2.2
Converged Devices

As technology permits greater functionality in a single device, user convenience, portability requirements, cost considerations, and the competitive drive to provide more value to users leads to demands for multi-function “converged” devices that enable many applications using the same hardware.  The same loudspeaker, microphone, display, battery, buttons, network interface, processor, memory, etc. can potentially support a wide variety of uses.

Examples of such “convergence devices” include:

· “Smartphones” that combine mobile telephony, PDA/computer functions, digital camera/camcorder functionality, music playback, Internet access, audio note-taking, etc.

· TV set-top boxes that provide television, radio, telephone, video games, video conferencing, play movies and audio recordings, downloaded music, etc.

· Game consoles (Microsoft Xbox, Sony PlayStation, etc.) that also play movies and audio recordings, offer Internet access, voice chat in games, VoIP functionality, etc.

· Handheld game/entertainment machines (Nokia NGage, Nintendo DS, etc.) that double as mobile phones, music players, movie players, camcorders, TVs, Internet browsers, etc.

· Digital cameras that also record video, play TV, serve as PDAs, transmit video recordings on wireless networks, etc.

· Internet “appliances” – almost unlimited variety of functions

· PCs that provide all of the above, and more, and are the place where users archive their multimedia collections, and create and edit their own media.  

The trends in technology and markets seem very strong toward these types of convergence devices.

Over time these devices will grow and merge their capabilities, and it is likely that other categories of converged devices will emerge. 

All of these devices will be expected to interface to the NGN, wireless networks, the public Internet, with PCs, and with each other.  Users will expect to access and store their media via every type of network and every type of device interchangeably - from anywhere in the world - and to send and receive media to and from other people over the networks.

2.3
Interoperability and Complexity

For comparison, video coding standards have enjoyed, at least in part, a progressive transition from one dominant standard to the next as technology progresses – H.261 to H.263 to H.264.  This limits the number of interoperability permutations and modes that must be supported, licensed, and tested. 

As the Q.23 Media Coding Summary Database (MCSD) shows, there are currently more than a dozen internationally standardized wideband to full auditory bandwidth audio codecs.  

Most of these codecs were optimized for a few specific applications – they perform very well in their intended environments, but are limited in scope.  Unlike standardized video codecs, these audio codecs for the most part do not obsolete each other, but co-exist in parallel, in different applications.

Technology limitations in the past have, correctly, led to this situation where each application has a highly optimized codec designed for that application.  One consequence of this is that interoperability between equipment and systems for different markets and applications is difficult, and multipurpose “converged” devices must support multiple codecs, which increases cost and complexity, limits the type of converged devices that are possible, and creates needless confusion for users.

Interoperability can often be achieved only through transcoding and tandeming, with the associated complexity, cost, loss of quality, and sometimes added latency.

3
Summary and proposal

As technology advances, formerly clear boundaries between product types are blurring into “converged” devices, and formerly separate applications are becoming increasingly related as end-users adopt sophisticated PC-based tools to move and repurpose their media between applications and devices
.  

In this environment, it would be extremely useful to have a general-purpose, flexible audio codec that can provide interoperability, avoid transcoding, and offer good performance across a wide variety of applications, devices, and networks.

Such a general-purpose audio codec for multimedia applications would possess the following main attributes:

· Low complexity (extended battery life, wide platform support, low implementation cost)

· Low latency (to support conversational applications)

· Full auditory bandwidth with high quality (for music & entertainment content)

· Scalability & error robustness (to adapt to a wide variety of networks & configurations)

Of course, no multi-purpose codec can be expected to match a fully optimized vertical-application design in every performance parameter (which would be impossible).  .

However we believe the technology exists for a single standardized codec whose performance would be fully sufficient for all general-purpose multimedia applications – fully equal to optimized codec performance in quality parameters, and “good enough” in other parameters that the benefits of simplicity and interoperability outweigh any minor disadvantages compared to codecs optimized for one application.

Such a standardized codec would promote interoperability between product and application categories, support a new generation of “converged” multimedia devices, and would have the effect of reducing the number of audio codecs that must be supported on the Next Generation Network (NGN), in accordance with SG16’s goals for NGN media.

We propose that SG16 begin work on such a general-purpose Multimedia Telecommunication Convergence Codec.  This work could proceed in Q10/16 as a possible extension to an existing codec, or in Q23/16 as a new project. 

We suggest that SG16 should start by soliciting contributions for future meetings regarding requirements, elements of a Terms of Reference for the project, and a schedule.

Annex A of this contribution offers a rough outline of the possible parameters of such a codec – it is not meant as a proposed Terms of Reference, but merely as a starting point for discussion and consideration.

Annex A 

Parameters for a Multimedia Telecommunication Convergence Codec
This annex is not intended as a proposed Terms of Reference, but merely as a starting point for discussion and consideration.
Bitrate
Scalable from 128 kbit/s (or more if needed) to approximately 24 kbit/s, preferably in fine-grained increments. (Scalability is important for adaptation to varying channel bitrate and for traffic management.)

Sample Rate and Audio Bandwidth
A 48 kHz maximum sample rate. Full auditory bandwidth (20 Hz – 22 kHz) at the highest rate, with graceful degradation to approximately 50 Hz – 7 kHz bandwidth at the lowest rate, preferably using the same algorithm at all bitrates (simplicity).

Quality
Indistinguishable (or nearly so) from uncompressed 16 bit linear PCM at the highest bitrate, with graceful degradation as bitrate and bandwidth are decreased.  High-fidelity full-band music reproduction at the higher bitrates, with graceful degradation to “good, listenable” quality bandwidth-limited music at lower bitrates. Speech intelligibility and absence of annoying artifacts to be a priority at all bitrates.

Latency
Low enough for good-quality conversational applications in most environments.  (Not intended to replace optimized narrowband telephony codecs.)  Algorithmic delay 40 ms or less (60 ms in high FER conditions), frame size 20 ms or smaller.

Computational Complexity and Memory
As low as possible (battery life, widest possible range of implementation platforms). Not more than 20 WMOPS, 64 kBytes RAM, 64 kBytes ROM.

Error resilience
Sufficient to provide intelligible speech, “listenable” music, and absence of annoying artifacts under moderate to high FER conditions expected on realistic networks.

Licensing
Simple license, low royalties or royalty-free, no restrictions on scope of usage.
________________



























































































































































































































































































































�  To give a personal example, as this contribution was being drafted, the author’s son was combining captured video from a game console, background music from a CD player, and speech recorded on his portable MP3 player into a video editor on a PC.  The output is a movie starring rendered video game figures as characters and friend’s voices acting out the script.  The resulting edited movie is then uploaded to a Internet web site to be shared with friends.
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