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1. Overall Description:

CN1 thanks SA4 for the reply on the Liaison statement on DTMF.

CN1 would like to state that the scenario described in the SA4 liaison seems to be correct: DTMF tones are to be used primarily in PSTN interworking scenarios. However, there might be other scenarios where DTMF could potentially be used as well, such as a user dialing in into a conference service provided by an MRF. In this case the user could provide an access code or PIN to select the proper conference thorough DTMF. However CN1 expects in the long term that IMS services will transition away from the legacy widespread use of DTMF for accessing interactive menus etc to interactive web based access systems.

CN1 answers to SA4 questions are described below:

· SA4: Is multiplexing of the DTMF done onto the speech RTP stream or onto a separate RTP stream ?

CN1: CN1's decision on using DTMF tones is based on the solution described in RFC 2833. The option in RFC 2833 that CN1 believes should be used is where the DTMF tone audio frames arenot actually sent by the UE, but instead just event representations of the tones as part of the RTP stream. CN1's assumption is that the DTMF representation is a considered an additional "pseudo-codec" added to the list of codecs used in the audio RTP stream. The RTP payload type assigned to the DTMF tones is different than the speech payload type(e.g. AMR).

· SA4: Impact on the Gateway: the gateway detects DTMF packets and reconstructs the DTMF tones that will replace the speech signal, regardless whether speech packets were received or not. 
CN1: the assumption is correct: the DTMF tones events are sent in the RTP stream instead of the audio speech RTP stream. The gateway has the proper information in the RTP header (such as timestamps and sequence numbers) to reproduce the DTMF tones.

· SA4: Impacts on DTMF transparency: RAN2 indicates in their response (R2-020795) that the RNC will not be able to discriminate speech and DTMF on the radio and consequently, QoS level will be identical for speech and DTMF. One solution for better QoS for DTMF is to use Channel coding in the DTMF payload as well as repetition of the RTP packets to account for IP and UDP header errors.

CN1: It is CN1's understanding that the QoS applied to the DTMF tones representation will be the same as for the speech. In order to prevent packet loss, the DTMF tones representation can use the reliability mechanisms described in RFC 2833 (based on forward error correction). Since the DTMF tone event packets are not just a single packet but are generated continuously, several DTMF tone events will be generated for an individual DTMF digit. Based on this, RFC 2833 provides mechanisms to recover the duration of the DTMF tone at the receiving end when several packets are lost. Therefore, CN1 believes that the radio bearer for the RTP-speech should be sufficient as well for RTP-DTMF. The view of CN1 is that use of DTMF tones during IMS sessions will likely not be as widespread as in the CS domain and PSTN as IMS terminals and IMS services will increasingly be able to use other mechanisms such as web based and speech enabled IVR servers etc, therefore, it is desirable to make an efficient usage of the radio resources for DTMF, and consequently, it is desirable to reuse the existing radio resources and not reserve resources for a feature that will not be used in every session.

· SA4: Impacts on SA4 specifications: a new DTMF payload has to be introduced in 3GPP specifications. A generic solution is preferred to a solution for each speech codec (i.e. no changes to TS 26.101).

CN1:  CN1 believes that there are no changes needed in the 3GPP specifications for Release 5. In Release 6, there will only be a change needed to TS 26.101 if optimised voice mode with zero byte header compression and unequal error protection is used. In this case the RTP headers including the payload type are removed before transmission over the air interface. In this case a new mode bit would likely be needed for the DTMF events and that the DTMF event payload would need to be transmitted in the A bits in order to ensure maximum error protection for the payload. This only applies for the AMR codec (or other codecs) in the optimised voice scenario and is not necessary for other codecs when sent over non-optimised packet RABs. 

2. Actions:

CN1 requests SA4 to take account of these responses and to keep CN1 informed of any issues in release 6 regarding support of DTMF events with optimised voice mode.
3. Date of Next TSG-CN1 Meetings:

CN1_27
11th – 15th November 2002
Bangkok, Thailand

CN1_28
10th  – 14th February 2003
Dublin, Ireland
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