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1. Introduction

The purpose of this contribution is to form a base for discussion for the open issues related to optimized voice in GERAN, at the joint GERAN/SA2/RAN meeting in Helsinki. The issues brought up in this paper are assumptions and topics from the TR on optimized voice, where it is especially important to make sure that the GERAN, RAN and SA2 groups have a common understanding.

The identified discussion points relate to the section 7.1 on the TR Support for voice optimisation for the IM CN Subsystem in the GERAN

Please observe that all statements below are stated for discussion, and do not necessarily reflect complete consensus within the GERAN group. For a reference to what is agreed in the GERAN group please refer to the TR on optimized voice.

As a consequence of the discussion it is assumed that the responsibility to solve each issue are identified to the appropriate group and that the issues are put on the priority lists of the groups.

2. Questions and statements for discussion: 

7.1 BSS limitations on SIP negotiation within the IM CN Subsystem

1. The process of deciding codec to be used in Iu-PS mode will be based on IM CN SS SIP negotiation.

2. Which speech codec and sub-modes of speech codecs (Active Codec Set ACS of AMR) that can be used is not only up to the terminal and the application when using optimized voice for GERAN. The reason for this is that the GERAN must support the corresponding channel coding scheme to the speech codec used. It is assumed that the GERAN will provide the information on which codecs that are supported. A decision has to be made as to when this information is transferred either before the SIP negotiation starts, or during the SIP negotiation.

3. In initial implementation of the OV service it is assumed that only one codec (and if applicable ACS) will be the consequence of the SIP negotiation.

4. In future specifications of the OV service the SIP negotiation may result in a set of codecs. In this case it is assumed that a lower layer mechanism are designed in order to make sure that the same codecs are used in up and downlink, whilst this technical limitation exists in GERAN.

5. If GERAN cannot provide an optimized radio bearer for the speech codecs agreed in the SIP negotiation, at completion of the SIP signalling, or mid call, there must be a mechanism for the GERAN to indicate to the terminal to request a SIP codec renegotiation.

6. If future specifications if there is a lower layer mechanism for selecting codec and ACS, there shall be a mechanism for the GERAN to order a codec change in the terminal without the need for the change to be carried out at a SIP level.
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