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1 Introduction

The work that has been done in the RAN WG1 and its predecessors was carried out with the willing of getting a very flexible and generic solution. The idea is that the channel coding and the multiplexing won’t need to be up-dated when introducing a new service as it is the case nowadays with the 2G systems.

Nevertheless it was considered that the scheme developed might in the end not be as efficient as a dedicated scheme could be. One of the requirements that was originally established for the 3G systems is that they must from a spectral point of view be a at least as efficient as the existing 2G systems. It is well known these latter have been pretty well optimized for the speech services; mechanisms such as UEP, DTX and Link Adaptation (the ‘A’ of AMR) have been introduced to maximize the efficiency.

Nortel Networks aim with this contribution to show what should be taken into account to get an efficient support of the speech services by the UTRA. We are in favour to not create a specific Channel coding and multiplexing block for these services (see [1]). We think that with minor modifications of the current scheme it is possible to get an efficient support of the speech services and to keep the “generic” aspect of the Ch. Coding and Multiplexing functions of the Layer one.

Most of the comments contained in this contribution apply for both the FDD and TDD, nevertheless we recognize that we first looked to the FDD case and there can be some comments or issues that are pointed out which do no exist in TDD (e.g. DTX).

We tackle in section 2 open issues and what, we feel, need to be further considered. In section 3 we propose a way to go forward, this implies collaboration with different WGs. The support of speech services must be part of the release ’99.

2 Layer 1 aspects for the speech services

We review in this section the different element of the transmitting chain described in [2] from the speech service perspective. We first remind to the reader what are the main characteristics of the speech services in the context of the layer 1.

2.1 Characteristics of the speech services

A set of characteristics can be established for the speech services based on the experience got from the 2G systems. We try to list them here, this list is not exhaustive :

· Speech codecs process 20 ms speech frames,

· Every 20 ms a new block of data is available,

· The data blocks contain several classes of bits according to their subjective importance,

· CRC are used to determine whether a frame must be considered bad, this CRC can cover all the bits of the data block or only the most important,

· Additional measures are used to determine whether a coded speech frame received from the radio is bad or not,

· The bad frames are generally replaced by the speech decoder,

· The one-way delay must be as small as possible (40 ms according to IMT-2000 requirements)

The default speech codec of the UMTS is the so-called AMR which offers 8 different coding modes plus a comfort noise mode. All the different modes of this codec have the characteristics listed above.

The mentioned characteristics are quite general and a few other could be added with respect to the AMR. They consist of the multi-rate aspect of the AMR which we understand could be also quite well exploited in the context of the UTRA. This means also that the speech services based on the AMR could be variable bit rate. This variability could depend on the radio, on the network load or whatever. It is not as in IS-95 driven by the source.

A rapid comparison can be made with the data services. The speech service are more similar to the transparent data services, therefore no block repetition is required. The bit sensitivity to channel impairment is not equal while no hypothesis can be done regarding the data services. The speech services in general can stand higher bit error rates than the data services, depending on the bit class this is roughly comprised between 10-2 and 10-4. As already pointed out there’s need for low delay in the transmission otherwise the interactivity of the communication deteriorates. The delay is less crucial in general for the data services.

2.2 Layer one aspects

As already mentioned the support of the speech services has to be at least as efficient as in 2G systems. It’s not going straightforward to check whether this is fulfilled or not. The only thing we can do at the moment is to optimize as far as possible the speech services for the 3G systems. For example we see an interest in trying to reduce the gross bit-rate for a given QoS, this will save in certain configurations the number of codes required.

The AMR which is the default speech codec for the UMTS has been recently standardized by the ETSI for the GSM. Many different data from the standardization process can be exploited for the use of this same codec for the UTRA. This is especially true regarding the channel coding aspects.

As far as the layer one is concerned, we can see that this mainly addresses the channel coding aspects and to a lesser extent the multiplexing.

2.2.1 UEP/EEP & QoS

2.2.1.1 QoS
The Quality of Service for the speech services of the UMTS is something that has not been evaluated yet in details. The former SMG5, the MOU 3GIG and the ITU have nevertheless listed some requirements. The QoS for the layer 1 converts to FER, RBER and transmission delay. We can imagine that different overall QoS could be offered by the network according to the operators wishes, e.g. a high quality, low delay service. We think that operators must have the flexibility to offer different QoS for the speech services. In consequence the management of speech services in the RAN should offer different choices.

The QoS as described today in the UTRA is somewhat inadequate, since in the layer 1 two options only are available : 10-3 and 10-6 RBER and as explained in a previous section values between these two are required.

Regarding the AMR the on-going characterization phase conducted by the SMG11 STC of the ETSI could be used to get a correspondence between subjective results and objective measurements (FER, RBER). From this and for different propagation conditions it will be possible to find which kind of protection must be planned.

2.2.1.2 UEP/EEP

The encoded speech bitstream, in the 2G systems, is split into several classes of bits according to their sensitivity to bit errors. The different classes of bit receive a different protection against the channel impairments. This contribute to a better efficiency.

Regarding the UMTS two different approaches can be envisaged an Equal error Protection or an Unequal error Protection. The first approach has the advantage to be easily manageable (nevertheless see next section for the CRC) while the second should maintain a better efficiency. It generally felt that the second approach is a better compromise. This leads then to the issue how to fit UEP in the generic Channel coding ? In reference [2] there’s a possibility to have a specific channel coding scheme for the specific services. This can be done but we think that this must be avoided as far as possible. We hence suggest that TSG RAN WG1 investigates how to fit the UEP in the generic scheme. It is possible to split the bitstream at the transcoding point into several RABs that in the end produce different TrCh according to the bit sensitivity and the targeted QoS.

The channel coding scheme should in theory be based on the convolutional codes K=9. The exact redundancy will depend on the QoS requirement but we think that up to ¼ should be considered. The use of Turbo Codes for the bit rate lower than 32 kbit/s is for further study. It could be interesting that the Turbo Codes be used for the low bit rates in order to unify a bit further the channel coding part of the Layer 1.

A disadvantage of using different Tr. Ch is the repetition of tail bits which decrease the available net bit-rate, this is important especially for the high Spreading Factors. Furthermore in the context of the AMR some very low bit rate Tr. Ch. Containing side information may be required. Convolutional coding in this case may not be the most suited FEC technique.

Our working assumption in the rest of the document is that UEP based on the use of different Tr. Ch. is used.

2.2.2 CRC

The CRCs that have been retained so far are 16-bit CRC. There’s one CRC per Channel Protected blocks (Traffic Channel). The 16-bit CRC is quite powerful and provide a reliable error detection mechanism, nevertheless this represents a significant bit rate especially when high spreading factors are used.

As shown in the previous sections CRC are not required for all the traffic channels if UEP is used, and on the other hand should not cover all the bits if EEP is used since this could result in a too high FER and consequently in a increase of the transmitted power.

We think that shorter CRCs should be evaluated. A set of CRCs could be imagined, depending on the desired QoS the proper one is selected. This would be derived from the TFI we presume.

2.2.3 Interleaving

We consider first the so-called first interleaver. This interleaving is at the moment service independent. It is configured by the number of frames required and the gross bit-rate. It has a direct impact on the transmission delay which in the context of voice calls must be kept limited. The interleaving scheme of the 2G systems is usually called diagonal interleaving, it is applied on the output of the Channel Codec on a bitstream with a constant bit-rate.

No diagonal interleaving has been considered. The data services are mainly based on data packets that cannot stand the presence of bit errors. It is easier to have a rectangular interleaving for packet transmission over the air.
10, 20, 40 and 80 ms interleaving depth are proposed so far. Every 20 ms the bits corresponding to a speech frames are received. We consider that a similar interleaving scheme is used for the speech services.

The exact interleaving depth is being evaluated and no exact value is available yet. The delay constraint constrains the number of 10 ms frames that can be considered but at the same time this has an influence on the achievable performances. As usual a trade-of can be found, the delay is part anyway of the QoS. The AMR being a multi-rate codec the bit-rate can change every 20 ms in theory, this may be conflicting with interleaving depth greater than 20 ms. Indeed there’s a risk that no data is available to complete the interleaving since one of the TrCh may have been interrupted.

The Layer 2/3 is supposed to take care of the proper synchronization of the appearance of a new TrCh while the first interleaving is not complete. However this can be difficult especially if for example Voice Activity is exploited. Dummy bits could be used to replace the missing data.

The second interleaving should not be especially affected by the service specific aspects. The optimization of this function is not specifically related to the services.

2.2.4 Rate matching

The rate matching is obtained either by bit repetition or puncturing. If unprotected TrCh exists puncturing must be avoided. A different  solution could be to have some low redundancy coding for the TrCh whose QoS target is quite low. This is nevertheless for further study since some limit in term of puncturing must be anyway defined and this is not specific to the TrCh conveying coded speech.

2.2.5 Voice Activity and DTX

The Voice Activity can be exploited to reduce the average bit-rate of the codec. The AMR then periodically produces comfort noise frames of 35 bits. The decoder is supposed to extrapolate and generate comfort noise between two receipt of such frames.

DTX based on Voice Activity is a well known feature of the 2G systems such as the GSM and the IS136. The DTX of the UMTS is different and should be DL only. It must be clarified how the Voice Activity could be exploited.

2.2.6 Link Adaptation

We understand that link adaptation is inherent to the UTRA based on the fast power control (aka closed-loop power control), the spreading factor and the channel coding. The AMR in the context of the GSM has a link adaptation which is mainly based on the adequate distribution of the bit-rate between the source codec and the redundancy added by the channel codec.

Similar mechanisms could complete the mechanisms listed above, especially when the power cannot be increased, or when for example there’s a code shortage.

2.2.7 Blind rate detection

The blind rate detection is a technique proposed in order to decrease the length of the TFCI and consequently to increase the available bit rate. This is felt useful for the high spreading factors for which the TFCI represents a significant amount of the bit-rate. The working assumption is that 4 possible Channel coding scheme are possible. The speech services are likely to be one of the low bit-rate applications, however it can be noted that the AMR can represent up to 9 modes (8 speech modes + comfort noise). It is possible to restrict the number of modes for a given duration.

2.2.8 Multiplexing

The multiplexing of different Tr. Ch. Of different QoS should not be a problem for the speech services whatever the final solution is. If specific channel coding schemes are used the output bitstream can be fed into this function that precedes the physical channel segmentation. The demultiplexing is straightforward thanks to the TFCI decoding.

2.2.9 Interface with the Layer 2/3

The use of different TrCh for a voice communication implies different DCH. We have already proposed to the TSG RAN WG3 to consider multiplexing different co-ordinated TrCh in a same transport bearer. This has several advantages that are presented in [1]. Other solutions implying a load increase can be thought. We consider that what was explained in the previous sections is quite independent from the way different Tr.Ch. are received by the node-B in the case on the network and from the implementation details of the UE.

This means in our view that the two subjects can be studied in parallel. There’s of course an impact on the L1 L2 interface but not in the channel coding/multiplexing part.

3 How to proceed

We suggest that the ad-hoc 4 take the lead of the work that must be carried out by the TSG RAN WG1. However this should be done WG1 in collaboration with the TSG SA WG 4 (Codec) where the speech services aspects are considered on a broader basis. This is quite important especially for the QoS aspects. A common reflector could be set up in order to ease this collaboration as it has been done for the real time multimedia services between the TSG T2, the TSG S1, S2 and S4.

We suggest that the open issues be listed and that a corresponding work program be established. This could be sent in a liaison statement to the TSG S4 which meets this week from Wednesday to Friday.

4 Conclusion

The different aspects that are reviewed in this document are very important for the speech services but also for the other real time services such as the low bit-rate multimedia services.

We think that it is possible with some minor modifications of the Layer 1 to avoid the introduction of Specific Service elements. This will contribute to make the Layer 1 even more flexible.

We try with this contribution set up a starting point whereby the Layer 1 aspects of the speech services are progressed in a efficient way.
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