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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

7.9 Bearer support for mid call SIP signalling 

1. Mid call SIP signalling shall either be carried over FACCH (causing a speech interruption), or the call shall be downgraded to a physical HR channel, in order to use DTM to make SIP signalling on the other physical HR channel.

2. Note:  If the SIP signalling is short (a DTMF digit) the FACCH approach is the most efficient, however if the SIP signalling is longer (i.e. a SIP invite or a SIP codec renegotiation) using DTM will be the most efficient mechanism. GERAN needs to be informed on which mechanism is to be used. It is FFS how this information shall be provided to the GERAN.

3. If DTM together with HR is used for signalling, a mechanism must be developed to ensure that a minimum of a HR active codec is included in the codec set when using the optimised voice service.

4. If DTM together with HR is used for signalling, a mechanism must be developed to ensure that the media channel is forced to use HR channel for the duration of the SIP message interaction.
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