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Response to the TSG-R1 LS on Speech Services

TSG-S4 would like to thank TSG-R1 for their Liaison Statement on the support of the speech service in the 3G Radio Access Network. TSG-S4 welcomes the opportunity to contribute to the development of an optimised channel coding scheme for the 3G speech services.

This document provides preliminary answers to the questions listed in the LS from TSG-R1, in the scope of a 3G narrow-band speech service using the AMR codec, recently adopted by TSG-SA as the 3G mandatory (or default) speech codec. Although we believe that this service should represent the high majority of the speech calls activated in the early deployment of 3G systems, other services currently under discussion or evaluation (wideband speech for example) could require a slightly different set of channel coding characteristics. Consequently, TSG-S4 would also like to recommend that the channel coding scheme ultimately adopted for the speech services includes enough flexibility to be adapted to the requirements of the AMR codec without compromising the performances of future advanced services.

Note that the responses provided in the following sections are highly inspired by a Liaison Statement on the same subject previously sent by SMG11 to SMG2.

· What are the qualities of service in terms of BER, FER foreseen to be needed for speech bits and the associated signaling to support variable rate operation (measures, mode command, mode indication)? If this depends of the speech rate, these numbers should be given for each rate.

See below.

· Is Unequal Error Protection envisaged, and how many classes of bits per frame are foreseen? Does this depend on the speech rate? If it does what are the different values? It should be noted that, depending on the implementation scheme, fewer bit classes per frame could lead to less tail bits. 

TSG-S4  believes that the most spectrum efficient transmission of speech requires different levels of error protection for different classes of coded bits. This is because of the inherent difference in error sensitivity of the coded bits. Equal Error Protection has been investigated as well. The difference in performance still needs to be quantified.

In an unequal error protection scheme, there would typically be two main classes of bits. The exact requirement for BER for each class of bits is dependent on the particular codec, but a good design criterion is to require a BER of 10-4 for Class 1 bits (with the highest level of protection) and a BER of 10-3 for Class 2 bits.

For some applications, it might be interesting to use a higher BER class (~10-2).

Note that in the GSM AMR application, the puncturing scheme was designed to provide an almost continuously decreasing protection level as the importance of the source bits decreases.

In-band signalling bits should be protected with the highest level of protection (same or better than Class 1 bits).

The frame error rate required for producing high speech quality with only small quality degradation compared to error free speech is typically FER < 0.5%. This requirement guarantees retaining the maximum quality of, e.g., the GSM EFR codec.  The quality then degrades gracefully with increasing frame error rate. This FER limit should be considered as a conservative figure. 

· Is there a need for CRC on each class of bits?  In total how many CRCs would be needed? 

Usually only Class 1 Bits require a CRC. One 6-8 bits CRC is considered acceptable. The number of bits protected by the CRC is usually different for each source rate.

· What are the allowable delays for speech transmission, and what is the foreseen consequence on interleaving depth needed?

The maximum one way speech transmission should no be higher than 100 ms (Terminal acoustic end to PSTN interface). The source coding part will require around 40ms, This typically means that the interleaving depth should preferably be 20 ms and not exceed  40 ms

· What are the bits rates envisaged for the speech transmission both for encoded speech bits and associated signaling to support bit rate adaptation.

AMR includes 8 different modes at 12.2 kbit/s, 10.2 kbit/s, 7.95 kbit/s, 7.4 kbit/s, 6.7 kbit/s, 5.9 kbit/s, 5.15 kbit/s and 4.75 kbits/s, all using 20ms speech frames, and one additional mode for the Silence Indicator frame.

Additional coded bits per frame could be limited to:

- 8 bits CRC (not needed if provided by the RAN)

- No more than 3 bits for the Codec Mode Indication

· What will be the transmission scheme in absence of speech activity ? Would this be a discontinuous transmission scheme, corresponding to the transmission of a Silence frame on a regular basis or would it be a continuous transmission at low rate?

The current assumption is to keep a scheme where a Silence Indicator Frame is sent at regular intervals (every 8 frames for AMR).

However, other schemes are also envisaged and could be proposed in the future.

· Is it possible to define what is the average Voice Activity Factor with this scheme?

The Voice Activity Factor is primary dependent on the characteristics of the speech signal; origin of the speech signal (recorded message or voice mail, cultural identity of the speaker…), presence or not of background noise, signal to noise ratio, type of background noise –Car/Office/Street,… and the related performances of the Voice Activity Detector algorithm.

Voice Activity Factors are frequently found varying in the range 35-85%. A good estimate of the average VAF at the VAD output is 55%.

The average radio Voice Activity Factor with the discontinuous transmission under consideration could be estimated at 55+45/8 ~ 60%.

· What is the adaptivity scheme foreseen, in particular how often can the speech mode change?

In theory it is possible to change the speech codec mode every speech frame.

In practice, the change rate is limited by the characteristics of the adaptation algorithm.

For the 3G system, TSG-S4 believes that an adaptation essentially controlled by network constraints (Quality of Service, Sstem load,…) should be desirable.

However, for compatibility with existing 2G systems (Tandem Free Operation for example), a faster adaptation mode could also be required.

· What will the bad frame indication consist of, in particular will it be a binary indication, indicating only bad frames, or could it indicate some level of degradation?

A 2-bit degradation level is used for GSM AMR. A 2 or 3 bits degradation level would be suitable for 3G.

· How many speech modes are foreseen to be used in the course of one call? This number might indeed be smaller than the total number of modes, restricted hence the transition between modes. It must be noted that Power Control will compensate for the radio quality degradation to some extent, thus some discussion between our two groups might be needed to clarify the issue. It should be noted that the radio conditions variation might be different in FDD mode and TDD mode, due to the TDMA component in TDD and the difference in control algorithms. Having fewer rates would lead to a reduced number of transport format combinations, which would in turn increase the chances of being able too use blind rate detection which reduces the overhead, since no Layer 1 signaling for rate indication is needed. 

In GSM, up to 4 codec modes can be selected at call set up or in a handover, for use during the call. For 3G, it would be preferable not to limit the number of codec modes to use.. This is especially true if we consider the interoperability with existing 2G systems.

As proposed in the TSG-R1 Liaison Statement, additional discussions between the two groups might be required to fully review the benefit of either solution.

Understanding the urgency to solve this issue in order to meet the 3GPP deadlines, TSG-S4 would like to propose to TSG-R1 to hold a joint meeting on the support of speech services over the Air Interface. TSG-S4 would welcome TSG-R1 inputs on this proposal before our next meeting on April 20-22, 1999.
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