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Introduction

This document provides the proposed text for interworking DTMF between SIP-I and BICC and between SIP-I and external networks.
Proposal

The proposed changes are intended to be included in SIP-I Interworking specification TS 29.235.
Proposed Changes to TS 29.235
4.4
User Plane Interworking

4.4.1
General 
Figure 4.4.1.1 shows the user plane protocol stacks within the external SIP-I network and the 3GPP SIP-I based circuit switched core network.
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Figure 4.4.1.1: user plane interworking

If the same speech codec is used on both sides, no speech transcoding is required.

4.4.2 DTMF Interworking

4.4.3 4.4.2.1
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 offered or selected. 
4.4.2.x
DTMF sent to External SIP-I network

A 3GPP SIP-I interworking node receiving an SDP offer from a preceding 3GPP SIP-I node with the MIME type "telephone events" shall forward the MIME type "telephone-events" in the offer to the succeeding (eexternal) node.

If a GMSC or Interworking MSC (potentially an MSC controlling a MGW that interfaces directly to the external network if MGW bypass is supported at the GMSC, see 3GPP TS 23.231 [3]) fails to negotiate with the external SIP-I network the RTP Telephony Event in SDP offer/answer then it shall request its MGW to transmit DTMF inband in the PCM speech codec towards the external SIP-I network. If the external network does not support RTP Telephony Event then only PCM codec shall be selected in the codec negotiation. 
If the SDP negotiation results in the succeeding node (external network) supporting RTP Telephony Event the GMSC or Interworking MSC shall signal DTMF via the RTP Telephony Event independently of selected codec type,  i.e. the DTMF payload is simply relayed through the interworking MGW.
The (G)MSC-Server indicates the transport mode of DTMF to the MGW by configuring or not the RTP telephony Event on the external SIP-I termination.
If a 3GPP SIP-I interworking node receives an SDP offer from a preceeding 3GPP SIP-I node without the RTP telephony event then it may include the RTP Telephony Event in the subsequent Offer to the succeeding external SIP-I node. If the answer from the external SIP-I node supports the RTP Telephony event then the 3GPP SIP-I interworking node shall detect any inband DTMF from its preceeding node and signal the DTMF to the external SIP-I node within the RTP Telephony Event. Otherwise the 3GPP SIP-I interworking node may send the subsequent SDP Offer to the external SIP-I node without the RTP Telephony Event and no DTMF detection is required.
4.4.2.y
DTMF received from External SIP-I network 
A 3GPP SIP-I GMSC or Interworking node receiving an SDP offer with the MIME type "telephone events" shall forward the MIME type "telephone-events" in the offer to the succeeding node.

A 3GPP SIP-I GMSC or Interworking node receiving from the external network an SDP offer without the MIME type "telephone events" shall include the MIME type "telephone-events" in the offer to the succeeding node if any codec other than the default PCM speech codec is offered. If only the default PCM speech codec is offered the 3GPP SIP-I GMSC or Interworking node may include the MIME type "telephone-events" in the offer to the succeeding node.  As an exception, this may not be done if "MGW Bypass" is supported, see 3GPP TS 23.231 [3].

If a GMSC or Interworking MSC (potentially an MSC controlling a MGW that interfaces directly to the external network if MGW bypass is supported at the GMSC, see 3GPP TS 23.231 [3]) fails to negotiate with the external SIP-I network the RTP Telephony Event in SDP offer/answer then it shall request its MGW to detect DTMF inband in the PCM speech codec and signal to a succeeding node via RTP Telephony Event. If the external network does not support RTP Telephony Event then only PCM codec shall be selected in the codec negotiation. If G711 codec is selected for the succeeding (Nc) connection the MGW shall filter out the DTMF from the G711 when relaying the DTMF via the RTP Telephony Event to prevent potential double signalling of the same digit.
If the SDP negotiation results in the preceding node (external network) supporting RTP Telephony Event the GMSC or Interworking MSC request its MGW to transmit DTMF via the RTP Telephony Event independently of selected codec type i.e. the DTMF payload is simply relayed through the interworking MGW.
The (G)MSC-Server indicates the transport mode of DTMF to the MGW by configuring or not the RTP telephony Event on the external SIP-I termination.
4.4.2.z
SIP-I on Nc interworking to external network with Inband DTMF Tones
The interworking between inband and out-of-band transport shall be performed according to Clause 14.4.8 in TS 23.231 [x], if required. 
4.5
Example Call flows

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

5.5
Example Call flows

6
Interworking between a SIP-I based circuit-switched core network and an BICC based network

6.1
Reference Model

6.2
Signalling Interworking of a Call from the BICC based network towards the SIP-I based circuit-switched core network
6.3
Signalling Interworking of a Call from SIP-I based circuit-switched core network towards the BICC based network 

6.4
User Plane Interworking

6.4.1
General
This section describes user plane issues including interworking of DTMF.
6.4.x
DTMF Interworking

6.4.x.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 offered or selected.
BICC over Nc supports both inband DTMF and DTMF via OoB signalling within the BICC APM, see 3GPP TS 23.205 [9].  If OoBTC is supported then use of  OoB DTMF is mandated, see 3GPP TS 23.153 [5].

6.4.x.2
SIP-I on Nc to BICC (Out-of-Band DTMF)
The RTP Telephony Event DTMF digit detection shall be performed in accordance with RFC 4733 [y]. The following clauses describe the additional requirements for the bearer independent CS core network.

The MSC server uses the Detect DTMF procedure to request the MGW to report DTMF Digits. The result of the digit detection shall be reported within Notify DTMF Digit procedure. 

The Detect DTMF procedure permits the MSC Server to request reporting of Start of DTMF detection, End of DTMF Detection or both. The handling of the received RTP Telephony Events depends on what the End Bit is set to and what has been requested to be reported. Support of "start of DTMFdetection" is optional for the MGW; if not supported the MGW shall indicate the appropriate error code
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Figure 6.4.x.2.1: DTMF interworking: SIP-I to BICC, implicit duration (message sequence chart)
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Figure 6.4.x.2.2: DTMF interworking: SIP-I to BICC, explicit duration (message sequence chart)

6.4.x.3
BICC (Out-of-Band DTMF) to SIP-I on Nc

The RTP Telephony Event DTMF digit generation shall be performed in accordance with RFC 4733 [y]. The following clauses describe the additional requirements for the bearer independent CS core network.

When the GMSC server or interworking node receives the Start DTMF message within a BICC APM it uses the Send DTMF procedure to request the MGW to modify the bearer termination to transmit the requested digit.  If the BICC message indicates a single DTMF pulse with or without duration the MGW shall signal a single RTP Telephony event with either the duration supplied by the server or the minimum duration.

When the MSC server receives the Stop DTMF message within the BICC APM (implicit duration) it uses the Stop DTMF procedure to request the MGW to modify the bearer termination to stop digit transmission. If implicit DTMF timing is deployed and not already performed, the MGW shall then send RTP Telephony Event with "End-bit" set to YES. 

The MGW shall ensure the minimum digit duration is in accordance with 3GPP TS 23.014 [x]. 
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Figure 6.4.x.3.1: DTMF Interworking: BICC to SIP-I, implicit duration (message sequence chart)

6.4.x.4
SIP-I on Nc interworking with BICC for Inband DTMF
The interworking between inband and out-of-band transport shall be performed according to Clause 14.4.8 in TS 23.231 [x], if required. 
6.5
Example Call flows

7
Interworking between a SIP-I based circuit-switched core network and the IP Multimedia (IM) Core Network (CN) Subsystem

Editor's Note:
The MGCF procedures for interworking between a SIP-I based circuit-switched core network and the IP Multimedia (IM) Core Network (CN) Subsystem will be documented in the present clause while these procedures are being developed. It is intended to transfer these procedures to TS 29.163 when they are mature, unless such a transfer severely impacts readability and clarity of TS 29.163.
7.1
Reference Model

Figure 7.1.1 details the reference model required to support interworking between the 3GPP IM CN subsystem, as specified in 3GPP TS 23.228 [11] and 3GPP TS 24.229 [12] and a SIP-I based circuit-switched core network, as specified in 3GPP TS 23.231 [3] and 3GPP TS 29.231 [4].
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NOTE 1:
The IM-MGW may be connected via the Mb to various network entities, such as a UE (via a GTP Tunnel to a GGSN), an MRFP, or an application server.

Figure 7.1.1: IM CN subsystem to CS network logical interworking reference model
Editor's Note:
It is ffs if the MGCF can be optionally used without attached IM-MGW, and the Nb and Mb interface can be directly interconnected on IP level.
The control plane between the IM CN Subsystem supporting SIP and a 3GPP CS network supporting a SIP-I based Nc interface is as shown in Figure 7.1.2.
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Figure 7.1.2: Control plane interworking protocol stack between the IM CN subsystem and a 3GPP CS network supporting SIP-I based Nc interface
7.2
Signalling Interworking of a Call from the Internet Multimedia Subsystem towards the SIP-I based circuit-switched core network
7.3
Signalling Interworking of a Call from SIP-I based circuit-switched core network towards the Internet Multimedia Subsystem

7.4
User Plane Interworking
7.4.1
General

This section describes user plane issues including interworking of DTMF.
7.4.x
DTMF Interworking 

7.4.x.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 offered or selected. 

7.4.x.2
DTMF sent to IMS network

FFS

7.4.x.3
DTMF received from the IMS network
FFS
7.5
Example Call flows
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