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1. Scope:

A key difference in the AN-CN functional split between a conventional GSM Network and a 3G Network is related to the location of the Transcoding function. In pre-release 5 GSM networks, the Transcoders are part of the BSS and the selection of the speech codec is the responsibility of the BSC. When the Iu Interface was introduced, the speech Transcoding was defined as a NAS function and the selection of the speech codec put under the CN responsibility.

The essential objective of GERAN Release 5 is to align the GSM/EDGE network architecture on the 3G architecture, so that the same 3G Core Network is able to control UTRAN and/or GERAN cells through a common Iu Interface.

Consequently, in a GSM/EDGE Network operating in Iu mode, the Transcoders should be part of NAS and controlled by the CN.

In UMTS, the Radio Access Network is not aware of the service using the resources requested by the CN. The RAN provides resources or Radio Access Bearers according to the RAB QoS parameters requested by the CN. The speech codec used in a basic CS speech call is not provided to the RAN as part of the RAB parameters. That approach was acceptable for UMTS because the characteristics of a speech codec and especially the user data rate were not considered very demanding and as soon as the support of Unequal Error Protection was specified in UTRAN, it was assumed that the UMTS Radio Access Network was always capable of dimensioning a near-optimized RAB for any speech codec selected by the CN, providing that the CN sets the right RAB QoS parameters in its request.

On the contrary, in GSM, any speech codec is associated to a specific Channel Coding scheme. The first generations of TRX were essentially dimensioned to support the basic speech service and the original FR speech codec. As the GSM standard evolved, new features were introduced (new speech codecs, GPRS, EDGE) requiring more powerful radio equipment usually leading to heterogeneous networks using BSS equipment (BTS, TRX, BSC) from different vendors, different generations and with different capabilities and limitations. This is not a problem when the speech codec is selected by the BSS in A/Gb mode. The BSC usually knows the capabilities of its available radio resources and selects a speech codec accordingly.

With the introduction of the Iu interface, and a CN driven speech codec selection, there is a risk that the selection made by the CN might not be compatible with the available resources in the target cell either in an Initial Assignment or during a Handover. If the 3G procedures on the Iu Interface are kept unchanged, the CN will have to be continuously aware of the speech codec or channel coding capabilities of all unused resources in all cells. This is difficult to imagine from an architecture and management point of view.

This document provides a preliminary analysis of the speech codec selection procedures when operating a GERAN in Iu Mode towards the CS Domain. The speech codec selection procedures currently defined in GSM A/Gb Mode and UMTS Iu Mode are shortly described and potential solutions to solve the issue described above are then analyzed.

2. Existing Speech Codec Selection Procedures:

2.1 Speech Codec Selection in A/Gb Mode

In A/Gb Mode, the MS provides its list of supported ‘speech versions’ representing actual Speech Codecs to the MSC in the Bearer Capability IE of the Setup or Call proceeding messages. The MSC will then forward the list of supported speech versions to the BSC in the ASSIGNMENT REQUEST so that the BSC can select the appropriate Channel Type and Speech Codec depending on the capabilities of the MS and the available resources in the Target cell. After that, the BSC will activate a traffic channel accordingly and communicate to the MS the parameters of the assigned channel including the selected Speech Codec, in the Air Interface Assignment Command message. A simplified Mobile Originated Call Flow diagram is provided below.
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2.2 Speech Codec Selection in Iu Mode

The possibility to negotiate the speech codec was introduced for the Iu Mode in Release 4. Before that, only the default speech codec (AMR-NB) is supported and systematically activated for any conversational RAB for which the requested QoS parameters (SDU frame format and sub-flows) correspond to the AMR Speech Codec.

As for the A/Gb mode, the UE must provide to the CN its list of supported codec types in the Setup or Call Confirmed messages (NAS messages transferred through Direct Transfer procedures). However, this time the list of supported codecs is provided in a dedicated IE (Supported Codec List) which coding is managed by S4 and defined in the 3GPP TS 26.103. The CN must then select a speech codec supported by the UE and the MGw and request from the RAN to assign a Radio Access Bearer with a set of QoS parameters to deliver the required service. The MSC provides to the RAN an information element (NAS Synchronization Indicator) indicating the selected codec type to be forwarded transparently to the UE (in the RAB Info). A simplified Mobile Originated Call flow diagram is provided below:

NOTE: There is an inconsistency in the coding of the NAS Synchronization Indicator between the RANAP specification (4 bits) and the actual coding reference specified in the TS 24.008 and TS 26.103 where the Codec Identification code is coded on 8 bits.
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3. Discussions on Speech Codec support in GERAN

The question of the speech codec to be supported by GERAN in Iu Mode in Release 5 was intensively discussed especially for the support of real time service over Packets (using the Iu-ps). The only agreement reached so far was set during the GERAN Architecture workshop in Uppsala in February 2000 where it was stated that:

”A GERAN connected to the CN via Iu_ps shall on Legacy Transceivers as a minimum be able to support the conversational QoS class for the following speech codecs: FR, HR, EFR and AMR, (provided that the legacy transceiver supports the corresponding circuit switched channels)”.
The speech codecs to be supported in Iu Mode towards the CS Domain (Iu-cs) was never formally discussed. However, we can legitimately consider that the operators interested by the support of the Iu-cs will be interested in having the maximum level of compatibility with the installed base. That means that the same type of agreement reached in Uppsala for the Iu-ps should ideally apply to the Iu-cs as well.

The only proposal discussed in GERAN so far assumes a single Speech Codec architecture using the AMR-NB as the default speech codec. This option is discussed below in addition to other proposals defining dedicated GERAN driven speech codec selection procedures.

3.1 Single Codec Scenario

This option was first considered because the AMR-NB was the only speech codec supported in UMTS Release 99. However, as described above, this situation has evolved and a new speech codec selection procedure has been introduced in Release 4 for the Iu Mode as well. This procedure was required to allow TFO/TrFO establishment with different codec capabilities at both ends of a TrFO configuration and will be essential when the AMR-WB speech codec is introduced in the 3G specifications (Release 4 or 5).

Consequently, the single codec option does not appear to be in line with the 3GPP Release 4 specifications. Furthermore, since it was not compatible with Legacy Transceivers it was also opposed in the past by some operators.

Nevertheless, this option could still be implemented in homogeneous networks where all BTSs would have identical capabilities either limited to one codec and associated channel coding or consisting of multiple capabilities with the possibility to dynamically switch between all speech codec in all TRXs of all cells. In this case, an MSC driven speech codec selection could be acceptable and the existing Iu procedures could be used unchanged for GERAN Release 5. However, this situation will not cover most existing network configurations and if the standard mandated an homogeneous network, it would most likely not be future proof and the same problem could resurface in the very near future.

Consequently, we believe that a dedicated GERAN driven speech codec selection must be introduced in the 3G specifications.

3.2 Potential GERAN driven speech codec selection procedures

Because the RAN is best positioned to know the capabilities of the available radio resources, we believe that even in GERAN Release 5, the BSC should select the speech codec to use in a basic CS speech call.

Two different options are introduced below:

- Modification of the RAB Assignment procedures to include alternatives and let the BSC decide which alternative is acceptable

- Introduction of new Speech RAB Assignment procedures using the model of the MSC-BSC Channel Assignment in A/Gb Mode and including all speech codecs supported by the MS.

In the first solution, the RAB Assignment Procedures would be slightly modified to include multiple RAB Alternatives instead of multiple RAB to assign. The BSC would select an acceptable RAB and inform the MSC of the selected RAB in the Assignment Response.

The second option is based on the fact that since GERAN has pre-defined channel Coding schemes for all speech codecs, it is useless for the MSC to provide QoS Parameters to the BSC since the RAN will always activate the same type of traffic channel with the same type of Channel Coding providing a pre-defined QoS on the different class of bits, essentially dependent on the Radio conditions. Since these parameters are not essential, may be the MSC could simply sent a SPEECH RAB ASSIGNMENT REQUEST indicating the speech codecs supported by the UE and the BSC would select an appropriate codec and report the result of the selection to the MSC in a new SPEECH RAB ASSIGNMENT RESPONSE. The MSC would use this information to correctly configure the transcoders. Additionally, the same procedures could also be use over the Iu-ps to activate an optimized speech traffic channel using Header Removal.

4. Conclusion:

This document has reviewed the issue of the speech codec selection in a GERAN operating in Iu Mode towards the CS Domain (Iu-cs). Based on this analysis it is considered that:

- A single codec option is not acceptable because not compatible with Legacy Transceivers and not future proof

- A dedicated GERAN driven speech codec selection procedure should be defined for the Iu Mode, either by a modification of the RAB Assignment Procedures or by introducing new dedicated SPEECH RAB Assignment Procedures with the same objectives as in the A/Gb Mode.
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