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1. Introduction

This paper has discussion on support of DTMF in SIP-I based CS network.
2. Discussion

DTMF can be transported within the RTP telephone-event IETF RFC 4733 if the RTP telephony event payload type is negotiated between the peer SIP-I entities. If it is not negotiated to transport the DTMF using the RTP telephone-event IETF RFC 4733 because one of the peers does not support it, it is proposed in TR 29.802 to transport the DTMF in-band ("within the codec") when the selected codec allows transparent DTMF transport. Even though AMR in the rate of 10.2 and 12.2k can support transport of DTMF according to the analysis in 3GPP TR 26.975, no mechanism to guarantee that it always works in the rate of 10.2 and/or 12.2k when AMR is negotiated. Thus, the available in-band codec enabling DTMF transport will be only PCM.

PCM is required much bandwidth (64kbps) than any other codec, e.g. AMR. It is proposed to support mandate the RTP telephone-event in the SIP-I based CS network for saving the bandwidth. In case of RTP telephone-event can not be supported when interworking with external network, it is proposed to interwork the DTMF in the edge of the 3GPP CS network, e.g. MSC/IWF when interworking with fixed network.

In a mobile to mobile call, if the RTP telephony event payload type is not mandated and is not negotiated, PCM will be negotiated to enable the DTMF transport and transcoding will be required in both originating MSC and terminating MSC side between PCM and the codec UE supports.

Therefore, it is proposed to mandate to transport of DTMF by the RTP telephone-event as defined in IETF RFC 4733.

3. Proposal

It is proposed to mandate to transport of DTMF by the RTP telephone-event as defined in IETF RFC 4733.
