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1. Introduction
The subclause in 3GPP TS 29.292 for the interworking of a mobile terminating call from SIP to NAS signalling is currently empty.
2. Reason for Change

To add content for the aforementioned subclause.
3. Conclusions

N/A
4. Proposal

It is proposed to agree to the following changes:
*** 1st change ***

2
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The following documents contain provisions which, through reference in this text, constitute provisions of the present document.
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*** 2nd change ***

5.4
Interworking of mobile terminating call from SIP to NAS signalling

Editor’s Note: This section will describe the interworking required for a call termination received via the I2 reference point for a UE attached to CS domain access.
5.4.1
General

The IM CN susbsystem terminating session shall be established in accordance with 3GPP TS 24.292 [c] and 3GPP TS 24.229 [2].  The mobile terminating call shall be established at the visited MSC Server in accordance with 3GPP TS 23.108 [a] and 3GPP TS 24.008 [3].  The following subclauses describe the additional requirements for interworking between SIP and NAS signalling.

5.4.a
Receipt of initial INVITE
Upon receipt of an initial INVITE request, the MSC Server shall validate the INVITE request and SDP offer as described in 3GPP TS 24.292 [c].

Editor’s Note: These procedures must be added to 3GPP TS 24.292.  This would include validations such as the SDP offer containing at least one audio media description, etc.

After validating the INVITE request, the terminating party shall be validated as follows:

-
the MSC Server shall retrieve the MSISDN of the terminating subscriber from the user portion of the SIP URI contained in the Request-URI and use this to retrieve the VLR;

Editor’s Note: This requires that the MSC Server include the MSISDN in the user portion of the SIP URI used in the Contact header of the IMS registration.  This editor’s note will be removed, or this section will be updated, once the registration subclause of 3GPP TS 24.292 is agreed.

-
if the VLR cannot be retrieved, the MSC Server shall send a 404 Not Found response to the INVITE request;

-
if the VLR can be retrieved, the following checks shall be performed:

-
if the IMSI is detached, the MSC Server shall send a 404 Not Found response to the INVITE request;

NOTE:
IMSI detached status could be the result of a race condition with CS domain access signalling which has not yet  removed the IMS registration binding for this contact address.

Upon successful validation of the terminating party, the MSC Server shall initiate the establishment of a MM connection as specified in 3GPP TS 24.008 [3].  If a MM connection cannot be established (e.g. no PAGE RESPONSE message is received), the MSC Server shall send a 408 Request Timeout response to the INVITE request.

5.4.b
Sending of SETUP
After successful MM connection establishment, the MSC Server shall send a SETUP message as described in 3GPP TS 24.008 [3] with the following INVITE request interworking applied:

-
the MSC Server may include a bearer capability 1 information element set to indicate teleservice 11 as described in 3GPP TS 22.002 [b];

-
do not include a bearer capacility 2 information element; 

-
if one or more P-Asserted-Identity headers containing a tel URI or a SIP URI with "user=phone" is present, the MSC Server shall used the first such header to build a calling party BCD number information element as follows:

-
if the tel URI or number within the SIP URI is in international format,  set the type of number to "international number", otherwise set the type of number to "national number"; and

-
set the number plan identification to "ISDN/telephony numbering plan"; and

-
set the presentation indicator to "presentation allowed"; and

- 
set the screening indicator to "network provided"; and

-
set the number digits fields to the telephone number contained in the tel URI or SIP URI;

NOTE 1:
The number mapping does not include any digits contained in the phone-context parameter.

-
if one or more P-Asserted-Identity headers are present but none contain a tel URI or a SIP URI with "user=phone", the MSC Server shall:

-
if a display name is present in one or more P-Asserted-Identity headers, the MSC Server supports the network option of mapping display name to calling name identity, the MSC Server may use the first such header to build a facility information element with a nameindicator parameter set to the display name.

NOTE 2:
Interworking of display name received in conjunction with a tel URI or SIP URI to calling name presentation using CNAP is subject to local regulatory requirements on calling line identity and whether the originating network of the call is trusted to provide an authentic identity.

-
if no display name is present in any P-Asserted-Identity header or the MSC Server does not support the network option of mapping a display name to calling name identity, build a calling party BCD number information element as follows:

-
set the type of number to "unknown"; and

-
set the number plan identification to "unknown"; and

-
set the presentation indicator to "number not available due to interworking"; and

- 
set the screening indicator to "network provided"; and

-
do not include any number digits fields;

-
if no P-Asserted-Identity headers are present but a Privacy header with priv-value set to "id" is present, the MSC Server shall build a calling party BCD number information element as follows:

-
set the type of number to "unknown"; and

-
set the number plan identification to "unknown"; and

-
set the presentation indicator to "presentation restricted"; and

- 
set the screening indicator to "network provided"; and

-
do not include any number digits fields;

-
if neither P-Asserted-Identity headers nor a Privacy header field with a priv-value set to "id" are present, then no calling party BCD number information element shall be included. 

5.4.c
Receipt of CALL CONFIRMED

Upon receipt of a CALL CONFIRMED message, the MSC Server do the following:

-
if a bearer capabilities 1 information element is present and indicates a teleservice other than 11 as desribed in 3GPP TS 22.003 [b], the MSC Server shall initiate call clearing procedures using a cause value of 58 (bearer capability not presently available);

Editor’s Note: Actions to take when the bearer capability 1 information slement includes a CTM text telephony indication set to "CTM text telephony is supported" is for further study. 

5.4.d
Bearer establishment
5.4.d.1
Network side bearer establishment

If codec negotiation is used, the MSC Server shall terminate the SDP offer and use information received from the UE in the CALL CONFIRMED message to build a codec list in the SDP answer as specified in 3GPP TS 23.153 [e].

If codec negotiation is not used, the MSC Server shall include in the SDP answer the codec it wants to use for the call.

NOTE:
The codec chosen when codec negotiation is not used is based on local policy.

The MSC Server shall remove all non-audio media descriptions from the SDP offer prior to sending the SDP answer.

The SDP answer shall be returned in a 183 Session Progress response.

5.4.d.2
Access bearer assignment

The MSC Server shall initiate access bearer assignment only after the following conditions are satisfied:

-
the incoming side RTP connection point has been successfully reserved and configured in the CS-MGW; and

-
either:

-
preconditions were not included in the initial INVITE request; or

- 
SDP offer has been received indicating that remote preconditions have been met.

For UTRAN and GERAN Iu-mode, the NAS Synchronisation Indicator information element shall be used to inform the UE of the selected codec as specified in 3GPP TS 24.008 [3].

5.4.e
Receipt of ALERTING

Upon receipt of the ALERTING message from the UE, the MSC Server shall send a 180 Ringing response.
5.4.f
Call rejection or abandonment

5.4.g
Receipt of CONNECT
Upon receipt of the CONNECT message from the UE, the MSC Server shall send a 200 OK response to the initial INVITE.

Interworking applied for the TIR services is described in subclause 5.5.2.x.

5.4.h
Call failure procedures
*** 3rd change ***

5.5.1
Originating identification presentation/restriction (OIP/OIR)
The interworking required for OIP is defined in subclause 5.4.b.

*** End of all changes ***
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