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Introduction

This document provides the proposed text for interworking DTMF with ISUP based networks.
Proposal

The proposed changes are intended to be included in SIP-I Interworking specification TS 29.235.
Proposed Changes to TS 29.235
5
Interworking between a SIP-I based circuit-switched core network and an ISUP based network

5.1
Reference Model

5.2
Signalling Interworking of a Call from the ISUP based network towards the SIP-I based circuit-switched core network
5.3
Signalling Interworking of a Call from SIP-I based circuit-switched core network towards the ISUP based network

5.4
User Plane Interworking

5.4.1
General

This section describes user plane issues including interworking of DTMF.

5.4.2
DTMF Interworking

5.4.2.1
General

DTMF signalling via the RTP telephony-event is mandated to be supported over the Nb interface for SIP-I based Circuit Switched Core Network on Nc Interface, see 3GPP TS 23.231 [3]. However it is an option to use this transmission method when only the default PCM codec is selected.

ISUP networks transport DTMF inband within the speech codec.
If RTP Telephony Event is selected by the 3GPP CS CN the MGW shall filter out (delete) the DTMF from the default PCM codec when relaying the DTMF via the RTP Telephony Event to prevent potential double signalling of the same digit if a later insertion back to inband PCM transmission were to occur. 
5.4.2.2
DTMF Interworking Procedures

If the RTP Telephony event has been negotiated within the SIP-I based CS CN, the IWU interworking towards an  ISUP network shall configure the attached MGW to interwork DTMF according to interworking MSC Clause 14.4.8 in TS 23.231 [x]. 
NOTE: 
transcoding at the PLMN border would occur if a compressed codec is selected for 3GPP CS CN.
If the usage of the RTP Telephony Event has been negotiated within the SIP-I based CS CN, the IWU shall configure this payload type at the UP-IWU.

If the RTP Telephony event has not been negotiated within the SIP-I based CS CN, the IWU towards an ISUP network shall not configure the RTP Telephony event at the attached UP-IWU(MGW). The UP-IWU will then transfer DTMFwithin the speech codec without detecting it.
5.5
Example Call flows




































































































