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Introduction

CT4 discusses DTMF handling since a couple of meetings. This contribution aims to explain some related concerns and intends to propose some principle
Outline of Scenario and problem
.
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Extra resources at G - MSC for  DTMF processing, although  DTMF will usually be discarded  in PLMN  


As shown in the picture above, in order to enable a DTMF transport within the tel-event RTP payload type, the MGW attached to the G-MSC needs to separate DTMF in the direction towards PLMN although the DTMF will usually be discarded within the network. Inband DTMF detection requires some dedicated processing power and is therefore consuming resources within the MGW. However, it is a particular concern of operators to save MGW costly MGW resources. It would be far more resource-effective if the Inband DTMF detection is only done at the device which is making use of the DTMF, as such devices are only inserted for a small raction of calls.
Possible Solutions for this problem
Inband transport of DTMF in speech codec
This proposal obviously achieves the desired optimisation.

However, it is not feasible for compressed speech codecs such as AMR, where the quality of the lower AMR modes prevents a reliable detection of DTMF. For this reason, out-of-band DTMF transport was introduced in BICC.
In contrast, DTMF transport in G.711 is very common and well-proven technology.

Concerns have been expressed if DTMF transport within G.711 is sufficiently reliable for packet transport. However, in a BICC based CS CN DTMF transport in G711 is also allowed despite packet transport. Furthermore, packet loss in an operator-controlled core network can be assumed to be small and therefore related considerations loss weight. Comparing the reliability of DTMF transport in tel-event RTP payload and in G.711 RTP payload, in may depend on the details of how tel-even is used (e.g. is a single digit encoded I multiple packets?) and the quality of the inband detector (how well is the inband detector able to cope with the loss of a single out of multiple G711 packets encoding a digit) which  transport is more reliable. 
Furthermore, desires have been expressed that only a single DTMF transport format within a SIP-I based CS CN shall be defined to ease the implementation. This would speak for the tel-event RTP payload type, as this format will be required for compressed codecs without doubt. However, for devices that make use of incoming DTMF such as answering machines, there may be a need to support both inband DTMF in G.711 and tel-event. This requirement is considered less severe for two reasons:
1. Such devices are only used for a small fraction of calls and only a limited number of devices within a PLMN is affected.

2. Existing devices that make use of DTMF have the capability for inband detection of DTMF within G.711 with high probability as this is still the usual TMF transport.
For the MGW attached to the V-MSC, no negative impacts are encountered if this MGW always generates tel-event  towards the SIP-I based CS CN (assuming hat the signalling procedures are defined in a suitable manner to allow this, see below). However, in many call scenarios such a MGW has direct interfaces to external networks and may need the capability of generating inband DTMF in speech for this reason anyway.
As a related discussion, questions have been raised if G.711 will be used in a sufficient number of calls to optimise for this scenario. While this certainly depends on opeator´s policy, it may be premature to conclude hat G.711 will no longer be important:
· TrFO is considered optional with SIP-I. If TrFO is not used, G.711 is the mandatory speech codec.

· The existing A interface towards GSM networks only supports G.711 (apart from TFO).This changes with the introduction of AoIP, but it will probably never happen that all existing A interfaces are updated.

· G.711 is predominant in existing PSTNs  and a policy to keep incoming codecs has some justification to maintain the speech quality by minimising transcoding steps.

Configure MGW to inband-detect DTMF only in directionality of call setup
This proposals avoids DTMF detection MGW resources for calls only in one direction (from PLMN to PSTN), reducing the related MGW load by the half), but has the advantage that it is applicable irrespective of the speech codecs used in the SIP-I based CS CN.
However, current H.248 Mn procedures are not sufficient to support this and updates would be required.
Furthermore, although DTMF in the direction opposite to the call setup is rare, it is legal from the standardisation perspective, and this would be prevented.

Proposed Principles for codec negotiation

1. If a compressed (non-G711) codec is offered, tel-event shall be offered as well. If only G.711 is offered as speech codec, tel-event may be offered as well.

2. If a compressed (non-G711) codec is selected in the answer, tel-event shall be contained in the answer as well. If G.711 is selected, tel-event may be contained in the answer.

3:  If any speech codec and tel-event is in the answer, DTMF shall be transported in tel-event

Summary of Proposals

In order to enable a DTMF transport within the tel-event RTP payload type, the MGW attached to the G-MSC needs to separate DTMF in the direction towards PLMN although the DTMF will usually be discarded within the network. This costly inband detection should be avoided as far as possible.

It should be allowed to transport DTMF inband within G.711 within the SIP-I based CS CN.

In combination with other selected codecs, the usage of the RTP tel-event payload type should be mandated.

Suitable principles to implement this in the codec negotiation are also proposed.

It is ffs if the possibility to configure the MGW to inband-detect DTMF only in directionality of call setup should be introduced at the Mc interface.
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