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Introduction

In SIP networks DTMF transmission can be performed via RTP Telephony Events – codified, independently of the user plane media content (voice). This is a far more reliable and simpler mechanism than sending Dual Tone Multifrequency signals within the media stream (speech encoder) as is the case in POTS networks.

Compressed codecs such as AMR cannot ensure that DTMF tones will be accurately conveyed and as such TS 23.153 mandates the support of Out Of Band DTMF support for TrFO operation.

RTP Telephony Event (RFC 4733) is a well known, long established mechanism that is highly likely to be supported by the "progressive" external SIP-I networks that have motivated the inclusion of SIP-I on Nc.

RTP Telephony Event is negotiated as a payload type during the Offer/Answer phase between SIP-I nodes (or networks) and although not stated explicitly it should be assumed that if RTP Telephony Event is signalled as supported then it should be used rather than signalling DTMF within the speech stream.

In order to detect DTMF within the speech stream detection needs to be requested by the (G)MSC Server to the MGW and specific DSP is required to detect, report and filter out the DTMF digits from the stream. It is time to move away from this archaic signalling method.

Proposal

While the reply LS from SA4 on whether inband DTMF should still be supported for SIP-I is still to be received it is proposed to define the support and signalling of RTP Telephony Event for SIP-I on Nc as the only mandatory method and leave the support for DTMF tones signalled within the speech stream excluded on Nc. 

Requirements for DTMF interworking with external networks is under CT3 remit and consequently out of the scope of this contribution.
Proposed Changes to TS 23.231

The following changes are proposed to be incorporated into the draft SIP-I stage 2 specification:
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14.4
DTMF
14.4.1
General
This clause only specifies the requirements to be supported for DTMF signalling on SIP-I based Nc. Interworking of DTMF between BICC and SIP-I on Nc and interworking between DTMF in external networks and SIP-I is specified in 3GPP TS 29.235 [x].

DTMF signalling via the RTP telephony-event shall be supported in SIP-I based Circuit Switched Core Network on Nc Interface according to RFC 4733 on Nb Interface [y]. 
When the negotiation for telephone events via the SDP offer-answer mechanism is complete and the needed preconditions defined in RFC 3312 [w] are fulfilled, telephone events can be sent in RTP payload. 
DTMF shall always be sent as an RTP Telephony Event by a 3GPP node that is inserting DTMF, e.g. an originating MSC receiving DTMF from the UE.
An exception to the above condition is that DTMF insertion within the speech plane shall occur if RTP Telephony-event is not supported by the succeeding node, however this is interworking to external networks (potentially via an intermediate MSC Server performing MGW bypass, see sub-clause 4.x.x) and therefore specified in 3GPP TS 29.235 [x].
14.4.2
DTMF handling in SIP-I Offer/Answer
(G)MSC Servers and MGWs shall support the reception and transmission of the RTP MIME type "telephone event" as defined in RFC 4733 [y] and as per the following requirements: 
-
An MSC Server initiating an SDP offer shall include the MIME type "telephone events" with default events in the first SDP offer. 
- 
An MSC Server terminating an SDP offer shall accept the MIME type "telephone events" with default events in any SDP answer.
-
A 3GPP SIP-I intermediate 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.
An exception to the above may occur if "MGW Bypass" is supported, see Clause 4.x.x.

NOTE:3GPP TS 29.235 [x] specifies the behaviour of a 3GPP SIP-I intermediate node receiving an SDP offer without the MIME type "telephone events" since this is interworking (potentially via an intermediate MSC Server performing MGW bypass, see sub-clause 4.x.x) to external networks.

14.4.3
Server to MGW General Procedures
The (G)MSC-Server indicates the transport mode of DTMF to the MGW as follows in the "Configure RTP Connection Point" procedure or "Reserve RTP Connection Point and Configure Remote Resources" procedure:

-
The (G)MSC-Server shall configure the RTP telephony event payload at the MGW
-
If the (G)MSC-Server wishes to detect or insert DTMF at its MGW the Detect DTMF and Send DTMF procedures mean extracting and sending DTMF within the RTP payload type according to IETF RFC 4733 [y]. 
-
If the (G)MSC-Server requests reporting of DTMF via "Detect DTMF" Procedure then when the MGW has reported a DTMF Digit Event the MGW shall not forward the DTMF to the succeeding interface as this could result in double detection of the same digit.

-
If the (G)MSC-Server has requested support of RTP Telephony Event via the "Configure RTP Connection Point" procedure or "Reserve RTP Connection Point and Configure Remote Resources" procedure but has not requested reporting of DTMF digits via the "Detect DTMF" procedure the MGW shall receive and forward RTP Telephony Events to succeeding/preceeding interface for a connection that is configured to support RTP Telephony Event.
14.4.4
RTP Telephony Event DTMF Digit Generation

14.4.4.1
Start DTMF
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 MSC server receives the Start DTMF message from the UE, it uses the Send DTMF procedure to request the MGW to modify the bearer termination to transmit the requested digit. 
14.4.4.2
Stop DTMF

When the MSC server receives the Stop DTMF message from the UE, 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 (as shown in example figure 14.4.4.3.1) and the MGW has not already completed the digit transmission it shall then send RTP Telephony Event with "End-bit" set to YES. 
The MGW shall ensure the minimum digit duration is kept, in accordance with 3GPP TS 23.014 [x]. 

14.4.4.3
Example

When the UE sends Start DTMF and Stop DTMF messages, the MSC server uses resources in the MGW to transmit a digit by modifying the bearer termination.
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Figure 14.4.4.3.1: DTMF Digit generation - implicit timing over RTP Telephony Event (message sequence chart)
14.4.5
DTMF Tone Generation
DTMF Tone Generation shall only occur at the IW-MGW if the external network does not support RTP Telephony Event. See 3GPP TS 29.235 [x]. 
NOTE: 
IW-MGW may be the MGW terminating the external bearer/point of egress of the user plane to the external network if MGW bypass is supported at the GMSC.
14.4.6
RTP Telephony Event DTMF Digit Detection
14.4.6.1
Detect DTMF Digit
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.

When the MSC server uses the Detect DTMF procedure to request the MGW to report DTMF Digits it shall modify the bearer termination to receive DTMF digits via the RTP Telephony Event payload type. 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 by the MGW depends on what the End Bit is set to and what has been requested to be reported to the MSC Server. Support of "start of DTMFdetection" is optional for the MGW; if not supported the MGW shall indicate the appropriate error code.
If the MSC Server does not request DTMF notification then the MGW shall relay the DTMF to the succeeding interface.
14.4.6.2
Example  – DTMF Notification
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Figure 14.4.6.2.1: DTMF Notification with both start and end events
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Figure 14.4.6.2.2: DTMF Notification with only end DTMF event

14.4.7
Inband DTMF Tone Detection
DTMF tone detection is only required at the IW-MGW when the external network does not support RTP Telephony Event. See 3GPP TS 29.235 [x].
NOTE: 
IW-MGW may be the MGW terminating the external bearer/point of ingress of the user plane from the external network if MGW bypass is supported at the GMSC.
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