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Introduction

It is clear from previous papers that transfer of DTMF digits must be supported by IMS. It is also clear that DTMF needs to be treated differently to the voice media stream by the access network (i.e. due to unequal error protection in the radio network). 

It has also been noted in previous papers that carrying DTMF tomes from an IMS terminal out to some other system is required, but there is no identified requirement to carry DTMF digits to an IMS terminal. 

This document discusses six options for support of DTMF in IMS, and proposes to select one of these options. The options considered are 

1. Use of SIP INFO method 

2. Use of SUBSCRIBE/NOTIFY

3. Use of implicit SUBSCRIBE

4. Use of RTP multiplexed into the same PDP context as speech

5. Use of RTP in a separate PDP context – always set up

6. Use of RTP in a separate PDP context – on demand set up

An overview of each of the possible solutions is discussed below, with advantages and disadvantages of each discussed.

1. Use Of SIP Info

This solution would utilise the SIP INFO method to transfer indications of the pressed DTMF digits. The SIP signalling path (and associated PDP context) is used to transfer these messages. This is aligned with the current GSM solution, which utilises a signalling channel to send DTMF indications across the radio interface.

The SIP INFO would need to be transported to the end point where the tones were to be generated i.e. the MGCF or SIP terminal. In a pure SIP terminal to SIP terminal call there would be an advantage that no DTMF tones would be generated in the system, it is a pure signalling message end to end.

The use of SIP INFO has been discussed in the IETF and has been rejected. There is an expired internet draft on the subject. It seems that there were two reasons for this rejection, i) DTMF was considered to be part of the media stream, and ii) there may be synchronisation problems.

The first of these is correct in as much as that DTMF is part of the media stream. However, the GSM solution utilises a signalling path to transport DTMF digits, so this separate transport does not seem to be a problem in all forum.

The synchronisation issue may be more of a problem. This relates to the fact that the SIP INFO will need to be transferred via the signalling path, through all of the proxies etc. to the end point, whereas the media may be optimally routed. 

Consequently the delays may be very different. This may cause problems in voice response systems where passwords need to be entered and a timeout is associated with the password entry.

Question : if the delay in the signalling path delay is so large compared to the media path, will call set up work ?

Assertion : If call set up works without timing out then this synchronisation issue should not be a problem.

A method that utilises the existing SIP signalling path would be independent of, and require no changes to the radio network.

This method will also require some method to signal DTMF digits from MGCF to MGW. 

Advantages :

1. No new PDP Context is required at any time during the call.

2. Signalling PDP context already has the required QoS, and reliability.

3. Access network independent

Disadvantages :

1. Synchronisation problem may make it infeasible to use in some scenarios where there is a long signalling path delay. 

2. SIP INFO must be supported in the terminal.

3. Need to determine a way to signal DTMF digits to MGW.

2. Use of SUBSCRIBE/NOTIFY 

In this proposal, entities that need to know about DTMF tone generation SUBSCRIBE to these events and receive a NOTIFY informing them when such events have occurred.

Any end point for a voice call would have to subscribe to the DTMF events in case they occurred. This would require sending a SUBSCRIBE message terminating either at the S-CSCF, or the IMS terminal. A NOTIFY being sent in the opposite direction when an event occurs.

This appears to be very similar to the SIP INFO method in terms of how it will work in practice, except for the fact that the SUBSCRIBE has to be sent in the first place. 

It seems to have the same issues as the SIP INFO proposal regarding synchronisation as the SUBSCRIBE/NOTIFY will be sent via the signalling path.

It would potentially require the terminal to support SUBSCRIBE/NOTIFY which is not the case at the moment.

It should also be noted that this requires the SUBSCRIBES to be sent on the radio interface, and will occur for every voice call.

This method will also require some method to signal DTMF digits from MGCF to MGW. 

Advantages :

1. No new PDP Context is required at any time during the call.

2. Signalling PDP context already has the required QoS, and reliability. 

3. Access network independent

Disadvantages :

1. Synchronisation problem may make it infeasible to use in some scenarios where there is a long signalling path delay.

2. Additional signalling (including on the radio interface) for all voice calls to perform the SUBSCRIBE regardless of whether it is needed.

3. IMS terminal required to support SUBSCRIBE/NOTIFY. 

4. Need to determine a way to signal DTMF digits to MGW.

3. Use of Implicit SUBSCRIBE

This is a variation on the SUBSCRIBE/NOTIFY method that eliminates the need to perform the SUBSCRIBE step. Hence a number of the issues are removed.

This allows a NOTIFY to be sent for any call-id, indicating DTMF events, and this must be supported without the need to send a SUBSCRIBE message.

This makes a solution that is very similar to the SIP INFO solution.

This method will also require some method to signal DTMF digits from MGCF to MGW. 

Advantages :

1. No new PDP Context is required at any time during the call.

2. Signalling PDP context already has the required QoS, and reliability. 

3. Access network independent

Disadvantages :

1. Synchronisation problem may make it infeasible to use in some scenarios where there is a long signalling path delay. 

2. SIP INFO must be supported in the terminal.

3. Network elements must support implicit SUBSCRIBE. 

4. Need to determine a way to signal DTMF digits to MGW.

4. Use of RTP multiplexed PDP Context

This solution would utilise the functionality of RTP to carry DTMF digits. The RTP payload header can indicate payload type and it has been shown (reference) how RTP can be used to carry DTMF digits.

In this proposal the DTMF stream is multiplexed with the media stream and utilises the same PDP context. Any end point is required to understand the RTP payload header type and extract the DTMF digits appropriately.

This solution will also require the radio access network to understand and support the RTP payload types. The voice stream is not currently subjected to unequal error protection for IMS voice calls as the details of the stream are not available in the access network layer. However it is likely that unequal error protection will be introduced in future releases. 

In the case the unequal error protection is applied then transport of DTMF digits would be destroyed unless the radio access network treated the DTMF packets differently. It should be noted that the requirements for DTMF transport are very different to speech, as DTMF is used for signalling end to end and must be reliably transferred. Hence the modes for retransmission in RLC layer, protection of the data etc. would be very different to a speech packet.

It is feasible that this could be done but would add much complexity to the radio interface (i.e. to indicate the change of modes). It should also be noted that the PDP Context activation would not currently allow two different QoS to be set up for different media streams on that PDP context. A single QoS can be requested.

It would be necessary to include SDP for DTMF media in all mobile originated voice calls as it is not known in advance if DTMF is required. Otherwise a re-INVITE would be needed mid session with the corresponding radio bearer and PDP context signalling to affect the necessary changes. This re-INVITE will take time, and it may cause timers to expire e.g. for password entry, in much the same way as the synchronisation issue for SIP INFO proposal. In fact it is likely to be worse than the SIP INFO method as it requires a SIP/SDP negotiation cycle and the need to establish QoS and radio resources.

Advantages :

1. DTMF is transferred within the media stream so no synchronisation issues

2. No requirement for intervening IMS nodes to understand about DTMF

Disadvantages :

1. Significant changes required in radio interface

2. Significant changes required in PDP Context signalling

3. SDP signalling for DTMF would need to be included in every mobile originated voice call set up over the air, or mid session re-INVITE.

4. The time required to perform the re-INVITE and establish resources may impact IVR timeouts and prevent operation.

5. Use of RTP in separate PDP Context – Always Set Up

This proposal avoids some of the issues related to the previous option by utilising a separate PDP context for the DTMF stream. This avoids changes to the radio interface and PDP context signalling. A separate PDP context can be established with the appropriate QoS for DTMF.

It is assumed that every voice call will include the SDP for DTMF and will trigger the second PDP context to be established. The PDP context will be there for the duration of the call, although the CN and RAN may remove any dedicated resources and set the bit rate to zero if it is not used. The context will consume network resources for the duration of the call.

When a digit is pressed by the user the delay for this first digit will be defined by the time required to allocate radio resources and change the CN part QoS so it is no longer zero bit rate. This will require less time than the other options proposed in this paper.

Advantages :

1. DTMF is transferred within the media stream so no synchronisation issues

2. No requirement for intervening IMS nodes to understand about DTMF

3. Smaller delay for transfer of first digit.

Disadvantages :

1. SDP signalling for DTMF would need to be included in every mobile originated voice call set up over the air, or mid session re-INVITE.

2. The time required to perform the re-INVITE and establish resources may impact IVR timeouts and prevent operation.

6. Use of RTP in separate PDP Context – On Demand Set Up

This proposal avoids some of the issues related to the previous option by utilising a separate PDP context for the DTMF stream. This avoids changes to the radio interface and PDP context signalling. A separate PDP context can be established with the appropriate QoS for DTMF.

In this solution it is assumed that the UE performs a mid session re-INVITE to add the context when the first digit is pressed.

The resources for the second PDP context will be established the first time that a DTMF digit is pressed. The issue then is when to release these resources (if ever). There are time outs at the GPRS layer that will remove radio and PS domain resources if a PDP context is not used, and the re-establishment of these may cause some delays to the transfer of further digits e.g. if a caller has been transferred via an operator to another menu system. This is the same scenario as the previous solution.

The second context is also consuming resources from the time that the first digit is pressed to the end of the call – unless subsequent re-INVITEs are performed to remove and then if require re-establish the resources.

Advantages :

1. DTMF is transferred within the media stream so no synchronisation issues

2. No requirement for intervening IMS nodes to understand about DTMF

Disadvantages :

1. SDP signalling for DTMF would need to be included in every mobile originated voice call set up over the air, or mid session re-INVITE.

2. The time required to perform the re-INVITE and establish resources may impact IVR timeouts and prevent operation.

Conclusion

Based on the above discussion it is recommended that a method that utilises SIP signalling is used as this has a number of advantages in terms of network resources, and independence of changes to the radio network. 

The media stream methods do not appear to resolve the synchronisation issues related to the signalling methods, as the signalling required to establish resources has a similar problem with delay. In fact the situation appears worse as the signalling is end to end and requires also establishment of radio bearers etc.

Selection of the SIP INFO method or implicit SUBSCRIBE would satisfy the requirements.

