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****************** change 2 ******************

7.2
SC UE

The SC UE shall support origination of multimedia sessions in the IM CN subsystem as specified in 3GPP TS 24.229 [2]. If the SC UE supports the MSC server assisted mid-call feature, the SC UE shall include the media feature tag as described in annex C in the Contact header field of the SIP INVITE request.
The SCC UE shall support origination of calls in the CS domain as specified in 3GPP TS 24.008 [8].

The procedures for call origination where the SC UE is initiating calls using CS media are identical to that for ICS UE specified in 3GPP TS 24.292 [4].
When originating an IMS emergency call as specified in 3GPP TS 24.229 [2] and if the SC UE has an IMEI, then the SC UE shall include the instance-id feature tag as specified in [id-outbound] with value based on the IMEI as defined in 3GPP TS 23.003 [12] in the Contact header field of the SIP INVITE request.
****************** change 3 ******************

7.4
E-SCC AS

7.4.1
Distinction of requests sent to the E-SCC AS
The E-SCC AS needs to distinguish between the following initial SIP INVITE requests to provide specific functionality relating to call origination:

-
SIP INVITE request including a request URI that contains an emergency service URN, i.e. a service URN with a top-level service type of "sos" as specified in IETF RFC 5031 [17]. In the procedures below, such requests are known as "SIP INVITE requests due to emergency service URN". 

Other SIP initial requests for a dialog, and requests for a SIP standalone transaction can be dealt with in any manner conformant with 3GPP TS 24.229 [8].
7.4.2
Call origination procedures at the E-SCC AS

When the EATF receives a SIP INVITE requests due to emergency service URN, the EATF shall store the SIP INVITE request until the session is terminated, anchor the session and act as a routeing B2BUA as described in 3GPP TS 24.229 [2].
Editor's note: it is FFS whether EATF needs to fulfill all the functionality of the routeing B2BUA or whether a new role needs to be defined for EATF in 24.229

