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5.6
Access Transfer Control Function (ATCF)
To be compliant with access transfer in this document, the ATCF shall:

1)
provide the proxy role as defined in 3GPP TS 24.229 [2], with the exceptions and additional capabilities as described for the ATCF in subclause 6.5, subclause 6A.3, subclause 7.5, subclause 8.4, and subclause 12.7.2.4;

2)
provide the B2BUA functionality with the exceptions and additional capabilities as described for the ATCF in subclause 12.7.2. When providing the B2BUA functionality, the ATCF shall provide the UA role as defined in 3GPP TS 24.229 [2] and additionally shall:

a.
internally map the message header fields from a SIP message received in one dialog to related SIP message sent in the correlated dialog managed by ATCF;

b.
transparently pass supported and unsupported signalling elements (e.g. SIP headers, SIP messages bodies); and

c.
transparently forward received Contact header field, P-Asserted-Identity header field and, if available, the Privacy header field.

The following procedures apply to all procedures at the ATCF:

1)
if it has been decided to anchor the media in ATGW according to operator policy, and a SIP message including an SDP offer or answer is received:

NOTE:
At this point, ATCF interacts with ATGW to provide information needed in the procedures below, and to request the ATGW to start forwarding the media(s) from the remote UE to the local UE. The details of interaction between ATCF and ATGW are out of scope of this document.

a.
upon the received message with an SDP offer or answer included is sent by the served UE within the dialog, replace the SDP in the received SIP message with updated SDP provided by ATGW, which contains the ATGW IP addresses and ports; and

b.
upon the received message with an SDP offer or answer included is sent by the remote UE within the dialog, replace the SDP in the received SIP message with updated SDP provided by ATGW, which contains the ATGW IP addresses and ports; and

2)
the ATCF also handles SDP media description conflicts according to subclause 6A.5.

The ATCF may also indicate the traffic leg according to subclause 6A.6.
The ATCF shall log all SIP requests and responses that contain a "logme" header field parameter, as defined in IETF RFC 8497 [94], in the SIP Session-ID header field if required by local policy.
When initiating a failure response to any received request, depending on operator policy, the ATCF may insert a Response-Source header field with an "fe" header field parameter constructed with the URN namespace "urn:3gpp:fe", the fe-id part of the URN set to "atcf" and optionally an appropriate fe-param part of the URN set in accordance with subclause 7.2.17 of 3GPP TS 24.229 [2].


