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Background

Study Group 16 (SG16) of ITU-T, responsible for “Multimedia services, systems and terminals”, is working on “Variable Bit Rate Coding of Speech Signals” in its Question 9 (Q.9/16) since 1999. The Question is considering two general approaches: Multi-Rate Source Controlled Variable Bit Rate (MSC-VBR) and Embedded Variable Bitrate (EV). MSC-VBR is modeled after existing technology (e.g. 3GPP2 SMV, RACE/CoDiIT speech codec), using source controlled switching among a number of rates, and selectable average bitrates (and speech quality). The EV approach, on the other hand, specifies a speech coding system that uses an embedded bitstream composed of a base layer (which must be transmitted to the receiver) and one or more enhancement layers (which can be transmitted if there is enough capacity).

In their last meeting in October 2002, Terms of Reference (ToR) for both approaches were drafted. There was a substantial amount of discussion especially on the MSC-VBR ToR. Since 3G wireless applications are among the primary applications foreseen for a future ITU-T VBR standard, it was decided to send out a liaison statement (LS) to 3GPP and 3GPP2 to inform about the state of the ToRs and solicit feedback (see [1]). A response is expected by February 10, 2003. An interim meeting of Q.9/16 is planned for March 17-19, 2003.

Purpose of this document

In this document, Ericsson’s view on standardization of future VBR speech codecs is presented. First, key factors considered important for future standardization efforts are discussed. Then, shortcomings of the current MSC-VBR ToR are pointed out, followed by some thoughts on the EV approach. It is proposed to use this document as a basis when drafting a liaison response from SA4 to ITU-T Q.9/16.

Key factors in future standardization efforts
Q.9/16s proposal to closely cooperate on the development on VBR speech coding standards is highly appreciated. In the current state of the telecom industry, efforts should be concentrated and forces joined to achieve high quality coding standards. A harmonization of work in ITU-T and 3GPP / 3GPP2 is therefore very important. Any future speech coding standard intended for 3G wireless applications needs to be interoperable among 3GPP, 3GPP2 and ITU-T based systems in order to be successful. An interoperable standard needs to be system independent, i.e. it should not be tailored to a specific system. 

It is felt that 3GPP standards such as AMR-NB and AMR-WB represent state-of-the-art technology and provide high speech quality, sufficient for the current market needs. Quality and efficiency of speech transmission can probably be improved, but a substantial improvement will be needed to justify introduction of a new standard into the 3GPP systems. With AMR-NB entering the market now and AMR-WB still not widely deployed, a significant amount of time is necessary before the market is ready for another new speech codec. Projecting from the speech coding technology available today, significant rate/distortion improvements will not be possible in a short timeframe. Therefore, creation of a VBR speech coding standard is seen as a long-term goal with a timeframe of 3…5 years from now.

Apart from an enhanced rate/distortion performance, improvements of a more general kind seem desirable. A future speech coding standard should, for example, be more flexible than the current state-of-the-art codecs. A new standard should be able to adapt to different system constraints. Also, audio bandwidth scalability (e.g. narrowband for lower rates, wideband for higher rates, audio bandwidth for high rates), or adaptive delay (e.g. higher delay for severe error conditions) are important. In this sense, the ITU-T EV approach goes into the right direction, since it includes ideas like scalable bandwidth, scalable complexity etc.

Another important aspect is robustness against delay jitter, since it is likely that speech transmission will be more and more based on packet networks. Last but not least, a major part of speech calls will be mobile-to-mobile in the future and potentially encounter a higher frame error or packet loss rate than today’s systems. Therefore, significantly improved frame error / packet loss resilience will be important for a future standard, and clean speech error free performance might have less weight than in previous standardization exercises.

Problems seen with the current ITU-T Q.9/16 MSC-VBR ToR

Two major problems are seen with the ToR for MSC-VBR (version Draft 3.0):

· Too modest goals:
The speech quality requirements for the different operating modes are too low compared to the corresponding bitrates, especially for the lower average bitrates. The given requirements are fulfilled (or sometimes exceeded) by state-of-the-art codecs.

· Too narrow focus:
The current ToR only considers static, speech codec only scenarios. System application scenarios need to be included testing performance of the speech codec in interaction with realistic link adaptation schemes impacting the selected average or maximum bitrate. Testing the performance in an environment using header compression is also important.

It is felt that a speech coding standard fulfilling the requirements in the current ToR would have a performance equivalent or only slightly better than today’s state-of-the-art codecs. However, as explained above, a significant improvement in rate/distortion performance is necessary to justify introduction of another standard.

Apart from these major problems, there are other issues with the MSC-VBR ToR.

· Noise reduction:

Usage of noise reduction technology is considered mandatory in the ToR, which is in contrast to the position of 3GPP so far that noise suppression is an optional feature in mobile stations and independent from the speech codec itself. 

· Speech bandwidth:

The successful standardization of the AMR-WB codec has shown that wideband coding is possible already at medium bitrates almost without loss of error resilience but with a quantum leap in speech quality. Assuming that AMR-WB will be in widespread usage when a VBR speech codec is deployed, a narrowband-only codec will not be perceived as a great improvement. Therefore, it seems necessary to support wideband speech at least for higher operating modes / average bitrates in a VBR standard.

· Scalability:
Only bitrate scalability is considered in the current ToR. Apart from scalability in bandwidth, scalability in delay and complexity is missed.

· Switchability:
Fast switchability is required between similar modes (e.g. same delay and bandwidth). At least slow switchability is needed between dissimilar modes.

Considerations on the EV approach

The features of a future EV codec, as laid out in the ToR (Ver.1.0), are interesting and include challenging goals from a speech coding point of view. It is obvious that such a codec would be useful for application areas such as streaming/content distribution and conferencing. Also, the high degree of flexibility (e.g. in terms of scalability) is very attractive. On the other hand, there are system issues that need to be considered when discussing an embedded speech coding scheme, e.g. mechanisms for dropping enhancement layers.

Therefore, it needs to be carefully checked whether an EV coder can cover the same application area as MSC-VBR (e.g. in terms of system impact, coding efficiency), and what other applications (not covered by MSC-VBR) are enabled by EV. Also, performance in realistic application scenarios needs to be considered. It is not entirely clear how important multicast content distribution and conferencing applications will become, and if the introduction of a dedicated standard is justified.

Our position is thus that pre-studies have to show the relevance and the need of a possible future EV codec before standardization can start.

Conclusions

It is proposed to send a reply to ITU-T Q.9/16 informing them of

· SA4’s general interest in the VBR standardization

· Our welcoming of coordinated standardization efforts

· Our idea about the timeframe for a VBR standardization

· Our concerns, especially on the necessary amount of rate/distortion improvement and the speech quality requirements in the current MSC-VBR ToR

It should be pointed out that a codec conforming to the current MSC-VBR ToR does not offer a significant improvement over existing 3GPP speech coding standards and that it would therefore not be very likely to be included in 3GPP systems.

This document is proposed to serve as a basis for a liaison reply to ITU-T Q.9/16.
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