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	Reason for change:
	Current descritption for HO cancel for early dialogs is incomplete.

SC UE on originating side
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SC UE is still on early dialog state on PS (but not on CS) when HO cancel happens, so it sends UPDATE. UPDATE is sent to remote UE. 

Since the call is still in alerting phase on PS, the SCC-AS should answer the call on PS leg as well to be able to continue the call, red part above. This is missing in the spec.

For terminating side, similar issue exists, i.e. currently no 200 (OK) is seen on the source access leg when HO Cancel happens while source access leg is early dialog and UE has sent CC CONNECT to MSC. So the SC UE that has to send 200 (OK) for the original INVITE if HO cancel happens and UE has send CC CONNECT to MSC already.



	
	

	Summary of change:
	See above

	
	

	Consequences if not approved:
	Transfer back of early dialogs will fail
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	12.2.4.2, 12.3.3.1A
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***** Next change *****
12.2.4.2
Early dialog

If the SC UE is engaged in a session in early dialog state and:

-
receives a SM NOTIFICATION message containing an "SRVCC handover cancelled, IMS session re-establishment required" as described in 3GPP TS 24.008 [8] or 3GPP TS 24.301 [52] depending on the access in use; or

-
does not successfully retune to the 3GPP UTRAN or 3GPP GERAN after it receives the handover command from the eNodeB (as described in 3GPP TS 36.331 [62]) or from the NodeB (as described in 3GPP TS 25.331 [61]);

then the SC UE shall: 
a)
send a SIP UPDATE request containing:

1)
an SDP offer, including the media characteristics as used in the existing dialog; and

2)
a Reason header field containing protocol "SIP" and reason parameter "cause" with value "487" as specified in IETF RFC 3326 [57], and with reason-text set to either "handover cancelled" or "failure to transition to CS domain";


by following the rules of 3GPP TS 24.229 [2] in each transferred session; and

b)
if the SC UE is a terminating side UE and has already sent a CC CONNECT on the target access leg, send a SIP 200 (OK) response to the SIP INVITE request received on the source access leg.
***** Next change *****
12.3.3.1A
PS to CS SRVCC cancelled by MME/SGSN or failure by UE to transition to CS domain for session in early dialog state

If the SCC AS applies the procedures for the PS to CS SRVCC for calls in alerting phase or the PS to CS SRVCC for originating calls in pre-alerting phase (as specified in subclause 12.3.4), then when the SCC AS receives a SIP UPDATE request containing Reason header field containing protocol "SIP" and reason parameter "cause" with value "487" on:

-
the original source access leg; or

-
the original source access leg of the additional transferred session if the SCC AS applies the MSC Server assisted mid-call feature;

after having initiated an access transfer that was triggered by:

a)
a SIP INVITE request due to STN-SR; or

b)
a SIP INVITE request due to ATU-STI for PS to CS SRVCC;

for a session which is still in early dialog state the SCC AS shall:

1)
not release the original access leg after the expiration of the timer described in subclause 12.3.8;

2)
treat the SIP UPDATE request(s) as per procedures for removing and adding media as described in subclause 13.3.1; and

When the SCC AS receives a SIP 200 (OK) response to the SIP UPDATE request, then the SCC AS shall: 
1)
if the SCC AS has already sent a SIP 200 (OK) response to a SIP INVITE request due to STN-SR or SIP INVITE request due to ATU-STI for PS to CS SRVCC then send a SIP BYE request on this dialog, and 

a)
if the SCC AS performs access transfer for an originating session which is in early dialog state , send a SIP 200 (OK) response to the SIP INVITE on the original source access leg; and

b)
if the SCC AS performs access transfer for an additional transferred originating session which is still in early dialog state, send a SIP 200 (OK) response to the INVITE on the original source access leg of the additional transferred session; and
2)
if the SCC AS has not sent a SIP 200 (OK) response to a SIP INVITE request due to STN-SR or SIP INVITE request due to ATU-STI for PS to CS SRVCC then send a SIP 480 (Temporarily Unavailable) response to reject the SIP INVITE request due to STN-SR or the SIP INVITE request due to ATU-STI for PS to CS SRVCC.
If the SCC AS has received a SIP 200 (OK) response from the SC UE prior to receiving the SIP UPDATE request from the SC UE, then on receipt of the SIP 200 (OK) response to the SIP UPDATE request sent to the remote UE, the SCC AS shall send a SIP 200 (OK) response to the remote UE. Upon receiving the SIP ACK request from the remote UE, the SCC AS shall send a SIP ACK request to the SC UE.
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