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***** Next change *****
10.4.7
SCC AS for call termination over CS

If the SCC AS receives:

-
an initial SIP INVITE request due to the initial filter criteria;

-
a 488 (Not acceptable Here) response from the UE: 

i.
not including any SDP body; 

ii.
including an SDP body: 

a)
without a media description ("m=") indicating "audio";

b)
with a media description ("m=") only indicating "audio" with the <proto> subfield set to "PSTN" and with a connection data line ("c=") with <nettype> set to "PSTN"; 
-
a18x response from the UE including an SDP answer with a media description ("m=") set to "audio" and port portion set to "0"; or
-
a 500 (Server Internal Error) response from the P-CSCF after sending the SIP INVITE request;
then the SCC AS may select to breakout to the CS domain.

If the SCC AS selects to breakout to the CS domain, the SCC AS retrieves via procedures as defined in subclause 6.4 the correlation MSISDN associated with the private user identity associated with the public user identity which is the served party of the session. The SCC AS shall, based on the correlation MSISDN, fetch a CSRN for routing the call to the CS domain. To perform CS breakout, the SCC AS shall act as B2BUA and shall create the SIP INVITE request in accordance to the procedures in 3GPP TS 24.229 [11] with the header fields as follows;

1)
set the Request-URI of the outgoing SIP INVITE request to the CSRN;

2)
set the To header field of the outgoing SIP INVITE request to the CSRN; and

NOTE 1:
How the CSRN gets selected by the SCC AS is out of the scope of this specification.

3)
if according to operator policy, include a Feature-Caps header field according to IETF RFC 6809 [48] with a "+g.3gpp.ics" header field parameter as described in clause B.4.

If required and the SCC AS has the network provided location information available, insert the P-Access-Network-Info header field in the SIP response to the initial SIP INVITE request as specified in 3GPP TS 24.229 [11]. The P-Access-Network-Info header field shall contain:

a)
an access-type field set to "3GPP-GERAN", "3GPP-UTRAN-FDD", "3GPP-UTRAN-TDD", or an access-class field set to "3GPP-GERAN", "3GPP-UTRAN";
b)
a "cgi-3gpp" or "utran-sai-3gpp" parameter;

c)
if available a "local-time-zone" parameter;

d)
if available a "daylight-saving-time" parameter; and

e)
a "network-provided" parameter.

NOTE 2:
The method for determining User Location Information (e.g. CGI or SAI) and/or UE Time Zone Information at the SCC AS is implementation dependant.
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