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SCC AS procedures are not complete, additional information is received in the initial SIP INVITE such as "To", "From", "Contact header & feature tags", Accept-Contact that need to be communicated to the terminating party.  They need to be stored and then sent to the B party.
Privacy requirements have not been addressed, and what happens if privacy indication is received as a result of CS set-up.  The actual procedure is a direct copy and paste from TS 24.206 that spoke about how to set privacy when 2 control streams need to be combined together.
****Change****
7.4
SCC AS

7.4.1
General

The following subclauses describe the procedures at the SCC AS for call origination. In such scenarios, the SCC AS serves the originating user. The SCC AS shall follow procedures specified in 3GPP TS 24.229 [11] with the additional procedures described in this specification in subclauses 7.4.2, 7.4.3 and 7.4.4. These subclauses describe the procedures for the SCC AS when using service control over Gm, I1 and CS, respectively. 

7.4.2
SCC AS for service control over Gm

7.4.2.1
CS bearer is requested by the ICS UE

When the SCC AS receives an initial SIP INVITE request from the ICS UE due to initial filter criteria, the SCC AS shall:

1)
store the information received in the SIP INVITE request, including the Request-URI, P-Asserted-Identity header field, Accept header field, Call-ID header field, To and From header fields including tags, Contact header including associated feature tags, Accept-Contact header and the received non-audio SDP information.
2)
check if the SDP contains a "c=" line set to "PSTN" and an "m=" line set as described in draft-garcia-mmusic-sdp-cs [36]. If present, the ICS UE is requesting that the media bearer is to be set up over the CS domain. Send a SIP 183 (Session Progress) response towards the originating ICS UE in accordance with 3GPP TS 24.229 [11] with the following additions:

i)
an SDP answer, including the SCC AS PSI DN in the "c=" line, appended to the "PSTN" network type as described in draft-garcia-mmusic-sdp-cs [36]. The SCC AS PSI DN that identifies the stored information in step 1) and associated with the SCC AS. The SCC AS PSI DN is specified as an E.164 number.
ii)
indicate local preconditions not met.

3)
Wait for an initial SIP INVITE request from the CS domain with the Request-URI set to the allocated SCC AS PSI DN.

4)
When the SCC AS receives an initial SIP INVITE request from the CS domain the SCC AS shall check that the Request URI is set to a valid  SCC AS PSI DN as allocated in the above step 2. If the SCC AS PSI DN is valid, the SCC AS shall:

i)
use the SCC AS PSI DN that was allocated in step 2 and correlate the previously stored information against this session with the incoming SIP INVITE request.

ii)
act as a routing B2BUA, and generate an initial SIP INVITE request and include the following information:

a)
a Request-URI set to the called party identity previously stored in the above step 1);

b)
a P-Asserted-Identity set to the identity previously stored in the above step 1);
c)
a To header set to the identity previously stored in the above step 1)

d)
a From header set to the identity previously stored in the above step 1)
e)
a Privacy header with the value set to either


if a Privacy header is received in the incoming SIP INVITE request in step 1), include  the Privacy header as received in the incoming INVITE request; or

-
if a value is associated to incoming SIP INVITE in step 4) and indicates that the presentation of the calling party number is restricted in the CS domain, include a Privacy header with the value set to "id".
c)
an Accept header field set to the media types received in the incoming SIP INVITE request and previously stored in the above step 1); and

d)
an SDP offer with the media that combines the stored SDP offer from the ICS UE and the SDP offer received from the CS domain in accordance with the rules of. IETF RFC 3264 [31].
Editor's note:
 The above assumes fast CS bearer setup. The scenario when CS bearer establishment is achieved after receiving an alerting message at the MSC requires further investigation on the interactions with the SIP preconditions mechanism and session setup.

Upon receiving a SIP 18x response from the terminating UE the SCC AS shall send the SIP 18x response towards the ICS UE and the CS domain. If the response includes an SDP answer, the AS shall send an SDP answer towards the ICS UE and towards the CS domain. The SDP answers shall be in accordance with rules for SDP answer as specified in IETF RFC 3264 [31].

When the SCC AS is aware of that preconditions are met on all legs the SCC AS shall send an UPDATE request towards the terminating UE indicating that local preconditions are met.

Upon receiving a SIP 200 (OK) response from the terminating UE, the SCC AS shall send the SIP 200 (OK) response towards the ICS UE and CS domain. If the response includes an SDP answer, the AS shall send an SDP answer towards the ICS UE and towards the CS domain. The SDP answers shall be in accordance with rules for SDP answer as specified in IETF RFC 3264 [31].
When the SCC AS receives a SIP ACK request originated from an MSC server enhanced for ICS or from an MGCF and the ISC UE, the SCC AS shall respond to the initial SIP INVITE request with a final 200 (OK) response.
7.4.2.2
Non CS bearer is requested by the ICS UE
When the SCC AS receives an initial SIP INVITE request due to initial filter criteria, which does not include a request for CS media, the SCC AS shall act as a routing B2BUA as described in 3GPP TS 24.229 [11].
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