3GPP TSG-CN1 Meeting #22
Tdoc N1-020289

Sophia Antipolis, France, 28. January - 1. February 2002
Source:
Ericsson

Title:
DTMF tones in IMS

Agenda item:
8.8 IMS Call initiation

Document for:
Approval

Introduction

DTMF tones are used as a signalling means, particularly with legacy systems, such as interactive systems in the PSTN. It is known that the default audio codecs used in IMS (e.g., AMR) and other audio codecs don't let DTMF tones pass through. This contribution discusses the problems and proposes a solution.

Discussion

DTMF tones are in used as the means to provide a one-way signalling channel between a user (typically a human) and a legacy system in the PSTN (typically a computer), such as an airline reservation system or a voice mail system. It is envisioned that in pure IMS scenarios, other means to signal between IMS devices, such as the HTTP protocol, will take over DTMF signalling. However, in order to provide compatibility between the IMS and the legacy systems in the PSTN, a solution is needed to convey DTMF tones.

DTMF tones don't pass through some of the audio codecs. Particularly, DTMF tones don't pass through the AMR audio codec (at least all the modes), which is the default audio codec in IMS. As such, there is a need for a solution to transport the key dialled in a keypad by a user to a remote system.

It is envisioned as well that not all the sessions will need to activate DTMF tones. Only a few percentages of the sessions (let's say, 5% or less) are assumed to make use of DTMF tones. The proposed solution takes into account this fact, in order to not create a penalty to the majority of the calls that will not use DTMF at all.

The first main decision that is needed to take is whether to transport DTMF tones over the SIP signalling path (e.g., SIP INFO method as per RFC 2976) or the user plane (e.g., RTP with DTMF tones payload, as per RFC 2833). The following table shows an analysis of the pros and cons of all the solutions.

	SIP INFO method (RFC 2976)
	DTMF payload for RTP (RFC 2833)

	In favour
	Against
	In favour
	Against

	No need to establish a separate PDP context
	As the PDP context is re-used, the receiver may be an MGCF. Therefore, there is a need to transport the DTMF tone to the MGW through the H.248 protocol. The MGW generates the tone.
	Not clear at this stage if a new PDP context is needed or not. As DTMF tones are basically signalling, strong error protection is required. As such, if any of the available PDP contexts (e.g., audio) is set up with Unequal or weak error protection, a new PDP context may be needed.
	

	
	Synchronisation problems with voice announcements, particularly in roaming scenarios, as the control path and user plane path  will typically traverse different paths. 
	No synchronisation problems with voice announcements. The DTMF tone will follow the user plane path (e.g., shortest path between end users).
	

	
	The solution is not accepted by the IETF community.
	This is the solution accepted and developed by the IETF community.
	

	The SIP INFO method specifies a framework. There is a need for further extensions on how to actually transport the DTMF tones in the body of the INFO method. This effort has been previously blocked by the IETF (as another solution based in RTP exists).
	
	No further standardization is needed.
	

	If an INFO message transports a DTMF tone, the amount of data sent is quite big (a complete SIP message plus the body)
	
	The amount of data transported is minimum (8 bytes excluding the RTP header).
	It may require a re-INVITE, depending on whether an existing PDP context for audio can be used or not.

	
	Retransmission by SIP, when UDP is used, is handled at  the application layer, and it is based on       exponential back-off, with delays of a few seconds after several consecutive losses. If a human generates the touch tone commands, it is possible that such long retransmission delays will cause the user to press the

button again, resulting in duplicate digits.
	RFC 2833 uses "forward error correction", retransmitting DTMF digits periodically. Thus, unless there are Extremely long bursts of packet errors, digits are transmitted reliably.
	


Taking the above table into account, it seems more natural to investigate the applicability of the DTMF payload for RTP (RFC 2833) solutions.  The rest of the document focuses entirely in the DTMF payload for RTP.

Perhaps the main problem that the DTMF payload for RTP has to solve is whether there is a need to activate a new PDP context or not, and in case it is needed, how and when is that done.

If a new PDP context needs to be created, then the session description should not announce systematically for every session the support for an additional audio media stream with the DTMF payload for RTP coded. The reason is that this announcement will trigger the creation of a new PDP context for DTMF tones that in most of the cases (e.g. 95% of the sessions) will not be used. In this situation, it seems more natural to create the PDP context just when there is a need for that. This can be easily done through a re-INVITE process.

If one of the existing PDP contexts used for an audio stream can be reused, then 3GPP should change the rules that at the end of the SDP negotiation there is only one codec allowed. At least, two codecs should be allowed in this case, one for the normal audio (e.g., AMR) and another for the DTMF tones.

Proposal

It is proposed to get an agreement on how to transport DTMF tones in IMS based on the following points:

1. A UE initiating or terminating a session will not know, in advance, if DMTF is required or not. Therefore, it does not publish the support for DTMF payload in RTP in the SDP.

2. When the user receives the announcement to play audio tones, the user must press a key in the UE to allow the UE to send DTMF tones. This key triggers a re-INVITE that adds a new audio media stream that includes the support for DTMF payload in RTP codec. Note: this changes the user experience with respect the use of DTMF tones today in UEs. However, this is aligned with the behaviour of certain PBXs that requires the user to press a predetermined key in order to send DTMF tones.

3. The re-INVITE establishes a new media stream for sending DTMF tones between the two endpoints. This media stream may require the establishment of an additional PDP context, depending on the characteristics of the existing PDP contexts used for audio.

4. Optionally, when the DTMF interaction is finished, the user may press a pre-determined key that will trigger a new re-INVITE to remove the extra media stream for the DTMF tones.

Further more, it is proposed to add a new section in the Annex of 24.229 to detail the behaviour of the UE when DTMF tones are required

************************* First proposed change **************************
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Annex A.x Handling of DTMF tones at the UE

This section describes how to handle DTMF tones at the UE.

When a user has already established a session and wants to send DTMF tones, the user instructs the UE on the required capability (it may be done, e.g., by pressing a key in the UE dial pad). The UE re-INVITEs the remote party. The SDP in the re-INVITE contains a new media stream with support for DTMF tones RTP payload according to [15]. The re-INVITE follows the regular procedures for re-INVITEs.
Editor's Note: Support for DTMF tones needs to be expressed as a separate media stream that contains the RTP payload for DTMF tones coded. An optimisation is to re-use one of the existing audio media streams to multiplex a new codec. The use of such an optimisation is FFS.

When the UE gets the new media stream for DTMF accepted, it establishes a separate PDP context.
Editor's Note: An optimisation is to re-use one of the already established PDP context for audio. This optimisation may be done in connection with the optimisation expressed in the previous Editor's Note. The use of such an optimisation is FFS.
When the user is ready to stop sending DTMF tones, he/she may instruct the UE to dismiss the DTMF capability (it may be done, e.g., by pressing a key in the UE dial pad). The UE may re-INVITE the remote party. The DTMF tones media stream is set to inactive with the regular procedures to set inactive a media stream. The PDP context already allocated for the DTMF media stream is removed.






