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1. Introduction

In general the speech codecs used in cellular systems i.e. AMR, GSM EFR, GSM FR will not successfully convey DTMF tones. In this case some other method is required to signal the tones. In GSM this is done with associated signalling on the radio interface, with the MSC inserting the tones into the bearer path.

It is clear that such systems will need to be supported via VoIP connections made through the IMS domain.

2. Use Cases

This section identifies a number of Use Cases for call originated by the mobile terminal. No Use Cases have been identified for calls terminated by the mobile terminal.

2.1. General

The use of DTMF tones is widespread e.g. in when accessing voice mail, call centres, ticket lines, telephone banking, to allow callers to select the operator and/or facilities they wish to use. Often, the whole transaction is performed without reference to a human operator. It is also often the case that the menu system eventually leads to a human operator and the DTMF signaling is no longer needed. 

These types of calls are initiated as standard voice calls, and it is not known by the calling party that DTMF signaling is required until the connection is made and some recorded announcement is played (i.e. giving menu options).

2.2. Mobile Terminal to PSTN

This use case can include a number of end systems/services such as telephone banking, call centers etc. which are unlikely, at least in the medium term to move to VoIP based systems.

In this case the receiving terminal (the ticketing system) is assumed to be within the existing PSTN, i.e. it is not a VoIP terminal. The SIP signaling is terminated in the mobile network.

The bearer path will be supported via a MGW which will include a transcoding function (to/from PCM) at the interconnection point between IMS and PSTN.

2.3. Mobile Terminal to VoIP System

In this scenario the terminal makes a voice call to an end system that is a VoIP solution. The SIP signaling is carried end-end.  

In this case there is no MGW (or transcoder) in the bearer path. The speech transcoding is performed in the terminals at each end of the bearer path.
3. Requirements

The requirements that can be derived from the above Use Cases are :-

1. The need to reliably transfer DTMF tones from the mobile terminal to target systems that may be in the PSTN.

2. The need to reliably transfer DTMF tones from the mobile terminal to target systems that may be VoIP solutions (i.e. no PSTN connection).

3. It must be possible to initiate DTMF signaling after the call has connected i.e. after the bearer is established.

4. DTMF capability may be required for the whole call, just for the first part, or from some later point in the call i.e. the start time and duration of such signaling is unpredictable.

Generally these requirements will exist in the uplink (i.e. from the wireless terminal) and not the downlink (i.e. to the wireless terminal).
4. IETF Position

Investigation of the latest position in IETF shows that they have also investigated a number of solutions. There are a number of RFC’s and drafts that may be relevant. These solutions included specifying more than one codec in the SDP part of Invite and/or using a re-Invite. The RTP header includes a payload type indicator that could be used to select/indicate the codec in use.

There were also proposals to use the SIP Info method, specified in RFC2976 “The SIP INFO Method” to convey indications of DTMF signalling where the INFO signal is sent in the bearer path. Use of the SIP INFO method was not widely supported in IETF. The argument was that DTMF signalling is bearer information and not signalling so it should be included in RTP.

The Internet Draft draft-rosenberg-sip-app-components-01.txt includes some discussion of the options and provides a rationale for including the capability in RTP rather than using SIP INFO. RFC2833 RTP Payload for DTMF Digits, Telephony Tones and Telephony Signals defines how DTMF can be supported in RTP.
5. DIscussion

It is clear that calls will be made to end points requiring the transfer of DTMF tones. There are a number of possible solutions 

1. The INVITE could include an SDP specification for DTMF support. How would the terminal determine this was required ? It could be included in every INVITE - this would increase the signalling overhead and call set-up times, but would it be significant ? It would require a second RTP session, but should not require an additional PDP context. The network and/or called party could remove the DTMF media part if they do not support or do not require it.

2. It is possible that the called party could indicate in the response (200 OK) SDP description a media type and codecs etc. for support of DTMF. It is not clear that SIP allows a called party to add an SDP description not included in the original INVITE. This would not work for a PSTN terminated call.

3. An in call re-INVITE would be use when e.g. the user hits the numeric keys. It is possible that this may be too slow compared to today’s user experience ? Further re-INVITES would be needed to remove and or re-start DTMF signalling ?

.

The development of a solution for support of DTMF is a basic telephony requirement and is a fundamental requirement for IMS. Further solutions should be identified if they exist and the identified solution should be documented in 24.229 and a call utilising DTMF signalling included in a 24.228 example call flow.
