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Introduction

Define SDP procedures in 3GPP TS 24.229 for providing DTMF via RTP payload transport as referenced in N1-020499.

An alternative description for using the SIP INFO signalling method is also shown at the end.

Proposal

Add the text indicated below to the clauses of [3G TS 24.229]. 
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Application usage of SDP

6.1
Procedures at the UE

Usage of SDP by the UE:

1.
An INVITE request generated by a UE may contain SDP payload. In case preconditions will be used for session setup then SDP payload shall be present. The SDP payload shall reflect the UE#1’s terminal capabilities and user preferences for the session.
Editor's Note: The requirements for SDP payload in the case of Optimised Voice Mode are FFS.
2.
The first 183 provisional response sent out shall contain SDP information. The SDP payload shall reflect UE#2's terminal capabilities and user preferences. 

Editor's Note: The case/action_needed when a UE generates a 183 response without SDP payload is FFS.
3.
When UE sends out an 183 with SDP payload, it shall indicate the support for preconditions and in addition request confirmation for the result of the resource reservation at the originating end point.

4.
UE shall include SDP in PRACK for 183 if the codec negotiation during INVITE and 183 resulted in more than one codec per media line. It is recommended not to include any SDP payload if the SDP payload in 183 contains only one codec information for each media line.
5.
After the initial SDP has been sent the subsequent SDPs sent by the UE shall only contain a subset of the media descriptions of the initial SDP. In order to modify the media descriptors a Re-INVITE shall be used.

6.
If Resource Reservation has been finished before sending the 200 OK for INVITE, then it shall contain the SDP payload that reflects the reserved resources on the radio interface.

7.
During session establishment procedure, SIP messages shall only contain SDP payload if that is intended to modify the session description. 
8.
The UE shall specify the proposed bandwidth for each media stream utilizing the "b=" media descriptor in the SDP.
9.
The UE shall include the DTMF media format at the end of the “m=” media descriptor in the SDP for audio media flows that support both audio codec and DTMF payloads in RTP packets as described in RFC2833 [27]. 
6.2
Procedures at the P-CSCF

When the P-CSCF receives an INVITE or reINVITE, the P-CSCF shall examine the media parameters in the received SDP, and remove those which are not allowed on the network by local policy. The P-CSCF will also remove those codecs from the approved media streams which are not allowed by local policy. If the P-CSCF modifies the SDP, it shall also revise the SDP to reflect the modified bandwidth requirements. For the rejected media streams, the P-CSCF should ignore the b= lines.
6.3
Procedures at the S-CSCF

When the S-CSCF receives an INVITE or reINVITE, the S-CSCF shall examine the media parameters in the received SDP, and remove those media streams which are not allowed based on the subscription. The S-CSCF will also remove those codecs from the approved media streams which are not allowed by the subscription.  If the S-CSCF modifies the SDP, it shall also revise the SDP to reflect the modified bandwidth requirements. For the rejected media streams, the S-CSCF should ignore the b= lines.

6.4
Procedures at the MGCF

The usage of SDP by the MGCF is the same as its usage by the UE, as defined in the Clause 6.1.

6.4.1
Circuit-switched network-originating case

When the MGCF generates and sends an INVITE request for a circuit-switched network-originating call, the MGCF shall: 

-
populate the SDP with the codecs supported by the associated MGW (see 3GPP TS 26.235 [24] for the supported codecs);

-
set the ‘t’ field with the <stop time> set to zero, which indicates an unbounded session;

-
set the “a:qos” attribute with the values of  “mandatory” and “sendrecv”.

When the MGCF receives 183 Session Progress message, the MGCF shall:

-
check that a supported codec has been indicated in the SDP.

Editor’s note: the current 3GPP TS 24.228 call flow in 7.2.4.1 shows the use of Final SDP in the PRACK.  Should that example be changed to align with the offer/answer model that does not include SDP in the PRACK?  Will there be a requirement for the UE to only select one codec? Or, should the MGCF procedures allow for the possibility that the UE sends multiple codecs and that the MGCF selects the codec and includes the result in the SDP in the PRACK?

6.4.2
Circuit-switched network-terminating case

When the MGCF receives an initial INVITE request, the MGCF shall:

-
check for a codec that matches the requested SDP, which may  include DTMF support
When the MGCF generates and sends a 183 Session Progress in response to an initial INVITE request, the MGCF shall:

-
set SDP indicating the selected codec, which may include DTMF support 
-
set the ‘t’ field with the <stop time> set to zero, which indicates an unbounded session 

-
set the “a:qos” attribute with the values of  “mandatory”, “sendrecv” and “confirm”

Editor’s note: the current 3GPP TS 24.228 call flow in 7.4.4.1 shows the use of Final SDP in the PRACK.  Should that example be changed to align with the offer/answer model that does not include SDP in the PRACK?

Alternative for INFO signalling method

5.1.6.2
INFO

When the UE determines a need to send DTMF signalling, the UE shall:

· send INFO request with a message body indicating the DTMF digit(s) to generate
Editor’s note: it is FFS how to identify the DTMF signalling in the message body

5.5.5.3
INFO

When the MGCF receives an INFO request with an indicator for DTMF signalling in the message body, the MGCF shall:

· Direct the MGW to provide the indicated DTMF 

· send 200 OK response 

Editor’s note: it is FFS how to identify the DTMF signalling in the message body

