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Introduction

This contribution discusses the handling of DTMF in the IM-MGW and MGCF.

It provides some suggestions how the hardware requirements for the IM-MGW could be reduced. Parts of those suggestions would have to be implemented in TS 24.229 of CN1 and TS 26.235 of SA4, but an agreement in CN3 on this issue is desirable before involving these groups.

Current Status in Standards

Transport in IMS

According to TS 24.229, DTMF shall be transported within the IMS as a user-plane media flow. The RTP payload specified in RFC 2833 shall be applied.

RFC 2833 defines two RTP payload formats:

· Mime-type “telephone-event” features a logical description (“tone x”). All implementations supporting this format shall support events 0-15 (“0”-“9”, “*”, “#”, “A”-“D”). Additional supported events may be expressed by optional parameters (that can be included in SDP in an “fmtp” line).

· Mime-type “audio” features a physical description (“frequency y”)

3GPP specifications do not specify which of these formats shall be applied.

Signalling in IMS

Before DTMF can be used, a suitable media flow must be negotiated via SIP/SDP.

According to TS 24.229, Section 6.1, bullet 7, “The UE shall include the DTMF media format at the end of the "m=" media descriptor in the SDP for audio media flows that support both audio codec and DTMF payloads in RTP packets as described in RFC 2833”.

E.g. SDP offer from UE to MGCF:

m=audio 3456 RTP/AVP 97 98

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:98 telephone-event
An MGCF supporting DTMF would send the same SDP as answer to the UE, since it is not able to determine if the UE wishes to send voice or DTMF.

m=audio 5432 RTP/AVP 97 98

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:98 telephone-event
The IM-MGW needs to be prepared to receive either AMR-encoded voice or DTMF PDUs on the same UDP port 5432. The RTP payload type distinguishes the PDUs, and DTMF and speech can be received simultaneously.

The suggested SDP negotiation is well suited to be performed at session set-up (initial INVITE), since it allows sending DTMF at any time during the call without additional signalling. Since an DTMF capable UE has no means to determine at session set-up time is DTMF will be used for a given call, it probably will always negotiate DTMF encoding together with speech encoding for a conversational audio media flow.

Transport on PSTN side

In BICC networks, DTMF is transported either out-of-band, or as tones in speech encoding (which is different to the encodings defined in RFC 2833) within the user plane. 

In ISUP networks, DTMF is transported as tones in speech encoding within the user plane. 

Thus, the IM-MGW must either provide some kind of transcoding to interwork DTMF (if DTMF is transported in-band at the PSTN side), or pass/receive DTMF to/from the MGCF.

Discussion

Reduction of payload options

It is not specified by 3GPP, which of the mime types defined in RFC 2833 (“telephone-event” or “tone”), as well as possible additional options for the media type shall be supported. Consequently, the IM-MGW may need to support both media type and all options. It is desirable to reduce the range of possibilities to simplify the implementation at the IM-MGW. 

The “telephone-event” mime type with the default events is well suited for the processing of DTMF at the IM-MGW, as it interacts well with the signalling at the Mn interface (for out-of-band DTMF in BICC networks), as well as with tone generators or detectors (for in-band signalling at the PSTN side). The “telephone-event” mime type also seems to be well suited for the handling of DTMF in the UE. For DTMF, the default events of the “telephone-event” mime type are sufficient.

It is therefore suggested to ask SA4 to recommend the usage of the “telephone-event” mime type with default events for DTMF in TS 26.235.

For mobile originating DTMF, the UE selects the media type to be applied. It is suggested to ask CN1 to recommend that the UE uses the “telephone-event” mime type with the default events.
For DTMF terminating in the IM CN subsystem, the MGCF may select the media type and options in the SDP offer. It is suggested to state in TS 29.163 that the MGCF shall use the “telephone-event” without optional parameters in an SDP offer for DTMF terminating in the IM CN subsystem.

Reduction of hardware requirements at IM-MGW

As outlined above, the current statements in TS 24.229 make it probable that an IM-MGW has to be capable to handle DTMF at any instance during a mobile terminating call for a high percentage of calls. This may require dedicated hardware to be reserved during the entire call.

Those hardware requirements could be considerably reduced, if the IM-MGW could be notified via out-of-band signalling prior to the sending of DTMF. This is possible if the UE uses a re-INVITE or UPDATE during the session to set up a DTMF media flow only when required.

A typical DTMF usage pattern does not require voice to be transmitted together with DTMF in the same direction, while voice in the opposite direction is frequently encountered (e.g. for user guidance). Assuming this usage pattern would remove the requirement to receive DTMF and voice simultaneously, possibly allowing additional hardware savings at the IM-MGW.

Assuming this usage pattern would also reduce the requirements for the UE. Although DTMF terminating in the UE is hardly to be expected (and will probably not be supported in most implementations), the SDP offer-answer exchange currently suggested by CN1 (see above) allows mobile terminating DTMF to be sent.

Suitable media flows for mobile originating DTMF may be established by the following SDP within a Re-INVITE or UPDATE:

E.g. SDP offer from UE to MGCF:

m=audio 3456 RTP/AVP 97            ! existing media flow

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=recvonly

m=audio 3458 RTP/AVP 98

a=rtpmap:98 telephone-event

a=sendonly
SDP answer MGCF to UE.

m=audio 2456 RTP/AVP 97         

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=sendonly

m=audio 2458 RTP/AVP 98

a=rtpmap:98 telephone-event

a=recvonly
If the user resumes speaking or does not enter DTMF for some time, the DTMF media flow way again be deactivated and the speech media flow be me bi-directional with another re-INVITE or UPDATE:

E.g. SDP offer from UE to MGCF:

m=audio 3456 RTP/AVP 97            ! existing media flow

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=sendrecv

m=audio 0 RTP/AVP 98

SDP answer MGCF to UE.

m=audio 2456 RTP/AVP 97         

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=sendrecv

m=audio 0 RTP/AVP 98

Summary of Suggestions

It is suggested to 

· propose to SA4 to recommend the usage of the “telephone-event” mime type with default events for DTMF in TS 26.235.

· propose to CN1 to recommend that the UE uses “telephone-event” mime type with the default events for mobile originating DTMF.

· propose to CN1 to recommend that the UE uses a re-INVITE or UPDATE to set up an DTMF media flow only when required as described above.

· send an LS to CN1 and SA4 with the present contribution attached.

· state in TS 29.163 that the MGCF shall use the “telephone-event” without optional parameters in an SDP offer for mobile terminating DTMF

