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7.3.3.1.11
Out of Band DTMF

If a SIP UA sends DTMF tones to the IM-MGW , the IM-MGW may reportthis information via the Mn interface to the MGCF. The MGCF shall send to the BICC network the APM message with the following values for the different parameters:

-
Action indicator in accordance with the requested DTMF transport function

-
Signal in accordance with which DTMF digit to send

-
Duration in accordance with the required duration of the DTMF digit.

If the BICC network sends an APM message with DTMF signal, duration and action indicator to the MGCF, the MGCF may send this information to the IM-MGW via the Mn interface.  The IM-MGW shall send the corresponding DTMF signal and duration information on the user plane of the IM CN subsystem according to RFC 4733 [ww].

The interactions with the IM-MGW are shown in clause 9.2.8.
Next modified Clause
7.3.3.2.16
Out of Band DTMF

If a SIP UA sends DTMF tones to the IM-MGW, the IM-MGW may report this information via the Mn interface to the MGCF. The MGCF shall send to the BICC network the APM message with the following values for the different parameters:
-
Action indicator in accordance with the requested DTMF transport function

-
Signal in accordance with which DTMF digit to send

-
Duration in accordance with the required duration of the DTMF digit.

If the BICC network sends an APM message with DTMF signal, duration and action indicator to the MGCF, the MGCF may send this information to the IM-MGW via the Mn interface.  The IM-MGW shall send the corresponding DTMF signal and duration information on the user plane of the IM CN subsystem according to RFC 4733 [ww].

The interaction with the IM-MGW is shown in clause 9.2.8.
Next modified Clause

8.4
Diffserv code point requirements

The IM-MGW shall perform DiffServ Code Point (DSCP) markings (see RFC 2474 [21]) on the IP packets sent towards the IM CN subsystem entity like UE or MRFP across the Mb interface to allow DiffServ compliant routers and GGSNs to schedule the traffic accordingly.

The IETF Differentiated Services architecture (see RFC 2475 [22]) shall be used to provide QoS for the external bearer service.

The DSCP shall be operator configurable.
8.5
DTMF handling
When sending DTMF inband towards the CS network, the MGW shall comply with the encoding requirements in 3GPP TS 23.014 [xx]; in particular the requirements for the minimum length of a tone and for the minimum gap between two subsequent tones shall be ensured.
When detecting DTMF digits arriving from the CS side, the MGW shall comply with TS 23.014 [xx] (by  checking that a valid digit with minimum duration and minimum gap has been received) before initiating an RTP Telephony Event to the IMS interface.
When sending DTMF towards the IMS side according to the IETF RFC 4733 [ww] RTP Payload format, the MGW shall comply with the DTMF encoding requirements of Annex G.2 of 3GPP TS 26.114 [yy], in particular the minimum duration of 65ms shall be ensured. It is optional if the RTP Telephony Event is sent as a number of "RTP Events" with interim durations (e.g. every 20ms or 40ms in line with the speech packetisation time) or as a single "RTP Event" with the at least 65ms duration.
Next modified Clause

9.2.8
Handling of RTP telephone events

DTMF digits, telephony tones and signals (telephone events) can be transferred using different mechanisms. For the IM CN Subsystem, 3GPP TS 24.229 [9] defines the usage of the RTP payload format defined for DTMF Digits, Telephony Tones and Telephony Signals in RFC 4733 [ww]. When BICC signalling is used in the CS network, telephony signals may be sent either inband or out-of-band as defined in ITU-T Recommendation Q.1902.4 [30] and in ITU-T Recommendation Q.765.5 [35]. If ISUP signalling is used the DTMF tones are sent inband. The following paragraphs describe the Mn interface procedures to transfer DTMF between RTP format defined in RFC 4733 [ww] and the CS CN.

Before the actual usage of the telephony signals can occur the sending/receiving of telephone events need to be agreed with the SDP offer-answer mechanism defined in RFC 3264 [36]. The outcome of the negotiation can be e.g. that no telephone events are sent in RTP payload, telephone events are sent only in one direction or in both directions. If the outcome of the negotiation is that RTP payload telephone-events are sent in both directions, the IM-MGW may nevertheless be configured to interwork only mobile originated telephone-events.

When the offer-answer mechanism based session parameters negotiation results in an agreement that telephone events are sent in the RTP payload and the needed preconditions are fulfilled, telephone events can be sent in RTP payload. This negotiation can be done at call control signalling phase or during an ongoing call.

If the MGCF and IM-MGW support the reception and/or transmission of the RTP MIME type "telephone event" (as defined in RFC 4733 [ww]) with the IMS, the following applies: 

-
For CS Network Originating Sessions, the MGCF shall include the MIME type "telephone events" with default events in the first SDP offer. After the usage of telephone events is agreed in the subsequent offer-answer parameter exchanges and the needed preconditions defined in RFC 3312 [37] are fulfilled, telephone events can be sent as RTP payload.

-
In case of IM CN Subsystem Originating Sessions, the MGCF shall accept the MIME type "telephone events" with default events in any SDP answer when it received such an offer.

Next modified Clauses
9.3.1.5
Detect IMS RTP Tel event

This procedure is used by the MGCF to request from the MGW the detection of telephony events signalled within RTP according to RFC 4733 [ww] and the notification of received telephony events. This procedure is the same as that is defined in the subclause "Detect DTMF" in 3GPP TS 23.205 [27].
Table 29: VOID

9.3.1.6
Notify IMS RTP Tel event

This procedure is used by the MGW to notify the MGCF about the detection of telephony events signalled within RTP according to RFC 4733 [ww]. This procedure is the same as that defined in the subclause "Report DTMF” in 3GPP TS 23.205 [27].
Table 30: VOID

Next modified Clauses
9.3.1.8
Send IMS RTP Tel event

This procedure is used by the MGCF to request from the MGW to signal a telephone event within RTP according to RFC 4733 [ww]. This procedure is the same as that defined in the subclause "Send DTMF" in 3GPP TS 23.205 [27].
9.3.1.9
Stop IMS RTP Tel event

This procedure is used by the MGW to request from the MGW to stop signalling a telephone event within RTP according to RFC 4733 [ww]. This procedure is the same as that defined in the subclause "Stop DTMF” in 3GPP TS 23.205 [27].
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