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1 Introduction

The development of the UMTS is driven by the need for flexible data services which are seen as very important market demand at the edge of the new millennium. The 2G systems were mainly designed for the speech services. Quite often a parallel is done between the mobile telecommunications and the fixed telecommunications. These later were mainly designed for conveying voice traffic but are now evolving very quickly in order to ease the availability of the data services. The internet in less than five years has revolutionised the telecommunication world.

Nevertheless it can be noted that a big effort is spent by the manufacturers, service providers and operators to unify IP and Voice communication. It is evaluated that voice communication represent still an important part of the market. Furthermore if voice and data communications could share the same communication means this would be a significant step toward unified networks.

The support of voice communications by the data oriented networks is not straightforward, especially when going from circuit switched to packet switched transmissions. The voice communications are quite demanding in term of QoS and in term of transmission delay.

One of the first requirements established for the UMTS was an efficient support of the speech services. They must in principle and from a spectral point of view be at least as efficient as their counterparts of the GSM. It is worthwhile to note again that, for this latter, the speech services have been very well optimised using Unequal Error Protection, DTX and Link Adaptation (the ‘A’ of AMR).

Efficient support of the speech services for the UMTS means that UEP, Voice Activity and Link Adaptation must be considered when specifying these services. As a side requirement the voice services must as far as possible be integrated in the UMTS without introducing too many speech-service only peculiarities.

This contribution therefore aims to present a solution that Nortel Networks believes to be a good compromise in term of efficiency and integration in the UMTS architecture which has been developed so far with the data services almost only in mind.

2 Rationale of the proposal - Requirements

We elaborate in this section two aspects that are of prime importance for the goal we’re aiming to achieve : efficient support of the speech services seen by the network as any other system.

2.1 System aspects

It was recently confirmed that the transcoders will be located within the CN instead of the RAN as it is nowadays the case for the 2G systems.

Therefore in our view the RAN must be independent from the speech coding, there shall be no need to upgrade the RAN when introducing a new codec. The introduction of a new speech service should not be different from introducing a new data service.

The transcoder must be independent from the radio interface. For example it does not need to know whether TDD or FDD is being used. The interface between the RAN and the CN from a speech service point of view must therefore be independent from the radio interface. The QoS specified when establishing the RAB(s) must be sufficient.

2.2 Efficiency

The speech services for the UMTS must be at least as efficient as those of the 2G systems, this was already previously mentioned.  The UTRA especially in the case of the FDD include several mechanisms that are supposed to optimise the spectral efficiency. In our view it will be difficult to compare directly the efficiency of the services between the two generations of cellular systems. We therefore think that it must be tried as far as possible to optimise the support of the speech services in the UTRA. Consequently we think that the UEP, Voice Activity and possibly some kind of Link Adaptation which takes into account the fast power control must be used.

3 Speech service characteristics

A set of characteristics can be established for the speech services based on the experience of 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 does not cover all the bits of the data block only the most important,

· Additional measures are used to determine whether a speech coded frame received from the radio is bad,

· 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 although Voice Activity can be exploited.

A rapid comparison can be made with respect to the data services. The speech service are more comparable to the Transparent data service, therefore no block repetition is needed. 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 comprised roughly between 10-2 and 10-4. As already pointed out there’s need for low delay in the transmission otherwise the communication becomes difficult. The delay is less crucial in general for the data services.

In order to avoid delay it is important that the subsequent packets which contain the speech data be received either by the RNC or the Transcoder in the chronological order.

4 Iu aspect

The evolution of the networks tends to generic solutions where speech services are services amongst others with certain constraints but are no longer treated separately from other services.

Thus Speech Services shall be handled as services with strict real-time constraints and a set of flows that require different QoS.

In Iu, the QoS is negotiated on a Radio Access Bearer basis.

So a Speech Service with for example three flows should be established through three different RABs with three different QoSs.

However, Efficiency of the transport should not be neglected as well as the synchronisation aspect : the different flows of the Speech Service require some synchronisation between them.

So we propose to introduce the notion of co-ordinated RABs. Co-ordinated RABs are a set of RABs that ensure together a service.

We also propose that the Iu User plane protocol gives the possibility to multiplex on the same transport bearer co-ordinated RABs. This is an easy and efficient way to cope with both the synchronisation aspect of co-ordinated RABs and the efficiency of the transport.

5 Iub/Iur Aspects

As for the Iu, services with several flows requiring different QoS shall have different channel coding for each flow. The generic way to specify a channel coding is to set-up a DCH.

It is therefore proposed that services requiring different channel coding for several flows such as Speech Services are realised through Multiple DCHs.

This has the advantage to be generic and to give a total independence of UTRAN from the Speech Coding techniques. 

In order not to have penalties in the transport layers due to a higher number of  DCHs, it is proposed to multiplex on the same transport bearer the DCHs towards a same UE.

Amongst the many advantages compared to the current working assumption to have one transport bearer per DCH we can note :

· Easier transport dimensioning for the BTS, since it will depend on the Radio interface Capacity but not on how this capacity is used (one or several DCHs)

· Handling of the DCH FP is made simpler since all the DCHs related to a Radio Link are received at the same time. There is no time out to manage to cope with possible lost DCH frames of late DCH compare to the other.

· Radio link Set-up and addition time is made shorter since there is only one transport bearer to set-up compared to a larger number.

· Error Handling is simpler since transport bearer failure impact all de DCHs and not only part of them

· The Network overhead is minimised

· There is less waste of Iub/Iur bandwidth when a DCH has little or no data to transmit.

On top separating the transport bearers for the DCHs of different QoSs does not bring any advantage : the MAC function in the SRNC plays a role of TFI coordination. This means that, for a given time, the MAC sends on the DCHs what need to be sent over the radio at the same time. Otherwise, there is no possibility for the MAC to ensure that the different TFIs of the DCHs will not result in an impossible or non existing TFCI. This means that all DCHs would have to be sent over transport bearers of the same QoS meeting the strictest DCH.

6 Layer one aspects

Services like speech use several DCH managed as any other one. The DCH are Demultiplexed, they contain the same CFN to ensure a perfect synchronism of the transmission of the corresponding TrCH over the radio interface.

The advantage of the proposal is that the speech services can be treated as the data services. The QoS indicated by the CN at the call establishment can be used to set the proper error protection to the different TrCH which correspond to the different bit classes. The rate matching can then be used as well as the multiplexing function. The voice activity can be exploited also. No data are received on the DCH but for the comfort noise. The interuption of the transmission and its resuming is handled transparently by the different elements of the node-B and UE layer 1.

Something that is being investigated is the QoS required on the radio interface. It may be required to introduce more QoS on the radio since two only are available.

7 Overall picture

The following gives an overall picture of the concept taking speech services as an example :


[image: image1.wmf]RAB 1

RAB 2

Iu Transport Bearer

Node B

DCH 1

DCH 2

RNC

TRAU

UE

DCH 1

DCH 2

Iub Transport Bearer

Radio Link


8 Conclusion

More details will be provided soon. They will describe how multiple RABs or DCH can be multiplexed on a transport bearer. More details will be also given on how this can fit in the RAN and CN.

Multiplexing co-ordinated RABs on one Iu transport bearer and multiple DCHs on one Iur/Iub transport bearer is crucial for an efficient support of the speech services. This must be taken into account in the standardisation activities of the TSG RAN, TSG CN and TSG SA.

The means presented in this proposals could be used by other services than the classical telephony service. An example is the interactive multimedia services which include video, audio and data. It is planned to specify in the release ’99 H324-based services. In our view efficient and generic implementation of these services could be obtained through these means.
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