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Introduction

This contribution proposes to add text to the stage 2 procedures to clarify that handling of OoBTC procedures are optional and described in TS 23.153 but also clarify that additional SDP may be negotiated independently of these procedures, in accordance with IETF RFC for Offer/Answer mechanism (RFC 3264). 

Proposed Changes

First modified Clause

6
Call Establishment

Editor's Note:  This section will include the related Call Establishment procedures and call flows for a SIP-I based Nc Interface within the CS core network.  Input from 3GPP TR 29.802 will be used as a basis for this work.  Where there are no changes required for utilising the SIP-I based Nc interface, direct reference to 3GPP TS 23.205 shall be made.

NOTE:
All message sequence charts in this clause are examples. All valid call establishment message sequences can be derived from the example message sequences and associated message pre-conditions.
6.1
Basic Mobile Originating Call
6.1.1
Basic Mobile Originating Call Establishment with immediate MGW selection

6.1.1.1
General 
The mobile originating call shall be established in accordance with 3GPP TS 23.108 [11]. The following clauses describe the additional requirements for the SIP-I based CS core network. The Offer/Answer Procedures of the Session Description Protocol (SDP) for media negotiation shall be applied as specified in 3GPP TS 29.231 [4]. 


If multiple speech codecs are offered, Out of Band Transcoder Control (OoBTC) procedures shall be applied by the originating MSC in accordance with 3GPP TS 23.153 [3]. Otherwise only the default PCM speech codec shall be signalled in an SDP offer; auxiliary payload types such as the Telephony Event RTP payload type, may be included in addition.  The handling of such auxiliary payload types is described in specific clauses (e.g DTMF is described in Clause 14.4).
****************************** NEXT CHANGE ************************

6.2
Basic Mobile Terminating Call

6.2.1
Basic Mobile Terminating Call Establishment with immediate MGW selection

6.2.1.1
General
The mobile terminating call shall be established in accordance with 3GPP TS 23.108 [11]. The following clauses describe the additional requirements for the SIP-I based CS core network. The Offer/Answer Procedures of the Session Description Protocol (SDP) for media negotiation shall be applied as specified in 3GPP TS 29.231 [4]. 


If multiple speech codecs are supported by the Terminating MSC then Out of Band Transcoder Control (OoBTC) procedures shall be applied by the Terminating MSC in accordance with 3GPP TS 23.153 [3]. Otherwise only the default PCM speech codec shall be supported and shall be selected from the speech codecs within the SDP offer and included in the answer; auxiliary payload types such as the Telephony Event RTP payload type type may be included in addition. The handling of such payload types is described in specific clauses (e.g DTMF is described in Clause 14.4).
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