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6.2.5.3
Service continuity when transferring from PS access to CS access
When an ICS UE, that has previously used the Gm reference point to establish a SIP dialog that is using only the PS bearers, i.e. there are no CS bearers controlled by this SIP dialog (e.g. the ICS UE is not attached to the CS domain), determines that one of its PS bearers that is used for voice media or voice and video media cannot be used anymore, the ICS UE may maintain the service continuity by transferring the media from the respective PS bearer to a CS bearer. The ICS UE may also decide to switch the service control for the CS bearer from the original SIP dialog over the Gm reference point on the Source Access Leg to an I1session on the Target Access Leg, rather then keeping the control of the CS bearer on the original SIP dialog over the Gm reference point on the Source Access Leg. 
The I1 protocol shall be used to transfer only a single PS bearer that carries voice media or a voice and video media to a single CS bearer. If there are more then one active PS bearers that carries voice media or voice and video media associated with the original SIP dialog over the Gm reference point on the Source Access Leg, then the last-established active PS bearer will be transferred from the PS domain to the CS domain. If there are only inactive PS bearer that carries voice media or voice and video media associated with the original SIP dialog over the Gm reference point on the Source Access Leg, then the last-established inactive PS bearer that carries voice media or voice and video media will be transferred from the PS domain to the CS domain..

If the transferred PS bearer was active prior to the transfer, it shall stay active upon the completion of the transfer procedure. Likewise, if the transferred PS bearer was inactive prior to the transfer, it shall stay inactive upon the completion of the transfer procedure.
6.2.5.3.1
Detailed behaviour of ICS UE
When the ICS UE, that has previously used the Gm reference point to establish a SIP dialog that is currently using only the PS bearers, i.e. no CS bearers controlled by this SIP dialog, originates a service control transfers for one of its PS bearers PS bearer that carries voice media or a voice and video media to a single CS bearer, and transfer the service control signalling for the respective CS bearer from the original SIP dialog over the Gm reference point on the Source Access Leg to an I1session on the Target Access Leg, the ICS UE shall send an I1 Invite message toward the SCC AS, and populate the I1 Invite message as specified in subclause 6.2.1.2.1.2 with the following additions:
1)
include a Replaces information element in the I1 Invite message that contains the STI. The STI identifies the original SIP dialog that was previously established over the Gm reference point on the Source Access Leg and controls the PS bearer (that is used for voice media or voice and video media), and whose control will be transferred to the I1 session on the Target Access Leg.
NOTE 1:
In this case, some I1 information elements (e.g. To-id, From-id, Privacy) can be omitted from the I1 Invite message, since this information is already known to the SCC AS from the ongoing SIP dialog that was previously established over the Gm reference point on the Source Access Leg. For example, the inclusion of SIP URI into the To-id and From-id information elements is not needed since these information elements may be omitted from the I1 Invite message.

NOTE 2:
It is assumed that when the SIP dialog was established over the Gm reference point, the respective STI was used to identify this SIP dialog.
2)
send the I1 Invite message to the SCC AS over the I1 interface.
When the ICS UE receives an I1 Progress message from the SCC AS that contains an allocated STI (included in the Session-identifier information element) and a SCC AS PSI DN (included in the SCC-AS-id information element), the ICS UE shall store the STI and initiates a call over the CS domain using the received SCC AS PSI DN, as specified in subclause 6.2.1.2.1. 
When the ICS UE receives an I1 Success message from the SCC AS, the ICS UE shall consider the PS bearer that carries voice media or a voice and video media as being transferred to the CS bearer, and the service control signalling for the CS bearer as being transferred from the original SIP dialog over the Gm reference point on the Source Access Leg to the I1 session over the Target Access Leg (i.e. the I1 protocol is now controlling the transferred CS bearer).
If the Gm reference point is not retained, the ICS UE shall consider the original SIP dialog over the Gm reference point on the Source Access Leg as terminated.


If the Gm reference point is retained, the ICS UE shall use the standard SIP procedure to update the original SIP dialog over the Gm reference point on the Source Access Leg. The ICS UE shall: 
1)
send to the SCC AS a SIP request via the original SIP dialog over the Gm reference point on the Source Access Leg that is either:

a)
a SIP BYE request, when the ICS UE wants to release the original SIP dialog over the Gm reference point on the Source Access Leg (e.g. when there are no PS bearers associated with the original SIP dialog); or 

b)
a re-INVITE request, when the ICS UE wants to retain the original SIP dialog over the Gm reference point on the Source Access Leg (e.g. when there are PS bearers associated with the original SIP dialog). When the ICS UE sends the re-INVITE request, the ICS UE shall include the SDP payload set for all the media component(s), in accordance with the ICS UE SDP origination procedures specified in 3GPP TS 24.229 [12]. The port number for the media component that has been transferred to the CS bearer on the Target Access Leg shall be set to zero; and

2)
complete the SIP procedure pertaining to the original SIP dialog over the Gm reference point on the Source Access Leg, as per standard SIP procedures.
6.2.5.3.2
Detailed behaviour of SCC AS

If the SCC AS that supports the I1 protocol receives an initial I1 Invite message from the ICS UE that includes a Replaces information element that contains a STI, the SCC AS shall use the STI to identify an existing SIP dialog that was previously established using the Gm reference point on the Source Access Leg and is controlling the existing PS bearer (used for voice media or voice and video media) that will be replaced with the CS bearer. If a SIP dialog on the Source Access Leg is identified, the SCC AS shall behave as specified in subclause 6.2.1.3.1 with the following addition:
1)
interpret the received I1 Invite message containing the Replaces information element as request for the PS bearer (used for voice media or voice and video media) to be replaced with the CS bearer and the service control for the CS bearer to be transferred from the original SIP dialog over the Gm reference point on the Source Access Leg to the I1 session on the Target Access Leg;
2)
correlate the I1 Invite message to an existing SIP dialog over the Gm reference point on the Source Access Leg, (and is using only PS bearers), based on the STI received in the Replaces information element, and select a PS bearer that is using either a voice media or voice and video media and that will be transferred to the CS bearer; 
NOTE 1:
If there are more then one active PS bearer (used for voice media or voice and video media) associated with the original SIP dialog over the Gm reference point on the Source Access Leg, the SCC AS selects the last-established active PS bearer (using voice media or voice and video media). If there are only inactive PS bearers (using voice media or voice and video media) associated with the original SIP dialog over the Gm reference point on the Source Access Leg, then the SCC AS selects the last-established inactive PS bearer (using voice media or voice and video media). 

3)
send the I1 Progress message towards the originating ICS UE that includes the SCC-AS-id information element  that contains an allocated SCC AS PSI DN and the SCC-AS-id information element that contains an allocated STI , as specified in subclause 6.2.1.3.1; 
Upon receiving the initial SIP INVITE request from the CS domain, the SCC AS shall update the remote UE immediately by sending an SIP re-INVITE request toward the remote UE that include an SDP offer. The SDP offer included in the SIP re-INVITE request sent toward the the remote UE specifies which media is being transferred to the CS domain, and the information pertaining to the original SIP dialog over the Gm reference point on the Source Access Leg, if available. When generating the SDP offer towards the remote UE, the SCC AS shall use the information received in the SDP offer in the SIP INVITE request received from the CS domain (e.g. MGCF) and the information pertaining to the original SIP dialog over the Gm reference point on the Source Access Leg, if available .
NOTE 2:
If the SCC AS receives a SIP request (i.e. a SIP BYE or SIP a re-INVITE request with an SDP offer) from the ICS UE over the original SIP dialog over the Gm reference point on the Source Access Leg before receiving a SIP INVITE request (with an SDP offer) from the CS domain (e.g. MGCF), then when the SCC AS sends a SIP re-INVITE request (with an SDP offer) toward the remote UE. The included SDP offer will also contain the information that pertains to the original SIP dialog. However, if the information pertaining to the  is not available when sending a SIP re-INVITE request toward the remote UE, the SCC AS will subsequently update the remote UE by sending second SIP re-INVITE request toward the remote UE when the information pertaining to the original SIP dialog becomes available. This procedure is employed to reduce the service discontinuity when transferring the voice from the PS bearer to the CS bearer.
NOTE 3:
The SDP offer (i.e. the "m line") in the SIP re-INVITE request sent toward the remote UE that pertains to the CS bearer always contains the information received from the the CS domain (e.g. MGCF).
Upon receiving a SIP 200 (OK) response from the remote UE that contains an SDP answer, the SCC AS shall immediately send the SIP 200 (OK) response towards the CS domain (e.g. MGCF) that includes a SDP answer. The SDP answer sent towards the CS domain (e.g. MGCF) contains the media information that pertains to the voice media or voice and video that has been received in the SDP answer from the remote UE and is being transferred to the CS bearer.

Upon receving a SIP ACK request from the CS domain (e.g. MGCF), the SCC AS shall: 
-
send a SIP ACK tovard the remote UE, 

-
send an I1 Success message toward the ICS UE over the I1 interface; and 

-
perform the standard SIP procedures toward the ICS UE over the original SIP dialog over the Gm reference point on the Source Access Leg, if any SIP request was previously received over this dialog. 
NOTE 4:
When sending the SDP answer (i.e. the "m line") in the SIP 200 (OK) response sent toward the ICS UE over the original SIP dialog over the Gm reference point on the Source Access Leg, the "m line" that pertains to the CS bearer always includes the port value set to zero.

Upon sending the I1 Success message to the ICS UE, the SCC AS shall consider the PS bearer that carries voice media or a voice and video media as being transferred to the CS bearer, and the service control signalling for the CS bearer as being transferred from the original SIP dialog over the Gm reference point on the Source Access Leg to the I1 session over the Target Access Leg (i.e. the I1 protocol is now controlling the transferred CS bearer).


If the SDP offer included in the the SIP re-INVITE request, that was previously sent to update the remote UE, included the media information that pertains to the original SIP dialog over the Gm reference point on the Source Access Leg, there is no need to update the remote UE, since the remote UE was updated already.
If the SDP offer included in the the SIP re-INVITE request, that was previously sent toward the the remote UE, did not included the media information that pertains to the original SIP dialog over the Gm reference point on the Source Access Leg, then the SCC AS shall update the SIP dialogs toward the remote UE and the CS domain (e.g. MGCF), as follows:

1)
If the Gm reference point is not retained, upon the CS bearer being transferred to the I1 session control on the Target Access Leg, (i.e. the SCC AS will not receive any SIP requests from the ICS UE over the original SIP dialog over the Gm reference point on the Source Access Leg), the SCC AS shall examine whether the original SIP dialog over the Gm reference point on the Source Access Leg has a single CS bearer (i.e. no PS bearers) associated with this SIP dialog, or there are additional PS bearers (in addition to the CS bearer) associated with this SIP dialog. 
NOTE 4A:
How long will the SCC AS wait for a SIP request on the Source Access Leg, and consequently conclude that the Gm reference point was not retained is implementation specific.
a)
if there is a single CS bearer and no PS bearers associated with this SIP dialog, the SCC AS proceeds with the step c below; or

NOTE 5:
In spite of the service control being transferred from the Gm reference point to the I1 interface, there is no need to update the remote UE by sending a new SDP offer since the CS bearer has been left intact.

b)
if, in addition to a CS bearer, there are additional PS bearers associated with this SIP dialog, the SCC AS shall proceed as follows: 

i)
send a SIP re-INVITE request toward the CS domain (e.g. MGCF) that does not contain an SDP offer;

ii)
upon receiving an SDP offer from the CS domain (in the response to the SIP re-INVITE request), the SCC AS update the remote UE by sending a SIP re-INVITE request toward the the remote UE. The SDP offer included in the SIP re-INVITE request sent toward the the remote UE contains the information received in the SDP offer from the CS domain and terminates all the PS bearers, as per standard SIP procedures;

iii)
upon receiving the SDP answer in the response to the SIP re-INVITE request from the remote UE, the SCC AS sends an SIP ACK toward the CS domain (e.g. MGCF) that contains an SDP anwer. The SDP answer contains the information obtained from the SDP answer conveyed in the response to the SIP re-INVITE request received from the remote UE. In addition, the SCC AS sends a SIP ACK toward the remote UE; and

c)
release the original SIP dialog over the Gm reference point on the Source Access Leg by sending a SIP BYE request via this SIP dialog , if this SIP dialog is still active; and

NOTE 6:
The ongoing SIP dialog that was previously established over the Gm reference point on the Source Access Leg may have been released by the IMS core network as specified in 3GPP TS 24.229 [12], subclause 5.2.8.1.2.

NOTE 5:
If the ICS UE is incapable of simultaneously communicating over the Gm reference point on the Source Access Leg and the I1 interface over the Target Access Leg, the SCC AS will not receive a 200 (OK) response to a SIP BYE request.

NOTE 6:
Irrespective whether the SCC AS receives a 200 (OK) response to the SIP BYE request over the Gm reference point on the Source Access Leg or not, the SCC AS will consider the dialog on the Source Access Leg and all remaining PS media associated with this dialog (i.e. the PS media that were not transferred), if any, as terminated. 

2)
If the Gm reference point is retained, the SCC AS will receive a SIP request from the ICS UE over the original SIP dialog over the Gm reference point on the Source Access Leg. If the received SIP request is:

a)
a SIP BYE request, the SCC AS shall respond with a SIP ACK response, and if in addition to a CS bearer there are PS bearers associated with the original SIP dialog that was previously established over the Gm reference point on the Source Access Leg, the SCC AS shall perform the following additional steps:

i)
send a SIP re-INVITE request toward the CS domain (e.g. MGCF) that does not contain an SDP offer;

ii)
upon receiving an SDP offer from the CS domain (e.g. MGCF) (in the response to the SIP re-INVITE request), the SCC AS update the remote UE by sending a SIP re-INVITE request toward the the remote UE. The SDP offer included in the SIP re-INVITE request sent toward the the remote UE contains the information received in the SDP offer from the CS domain (e.g. MGCF) and terminates all the PS bearers (sets the port number to zero), as per standard SIP procedures; 
iii)

upon receiving the SDP answer in the response to the SIP re-INVITE request from the remote UE, the SCC AS sends an SIP ACK toward the CS domain (e.g. MGCF) that contains an SDP anwer. The SDP answer contains the information obtained from the SDP answer conveyed in the response to the SIP re-INVITE request received from the remote UE. In addition, the SCC AS sends a SIP ACK toward the remote UE; or 

b)
a SIP re-INVITE request, the SCC AS shall: 

i)
send a SIP re-INVITE request toward the CS domain (e.g. MGCF) that does not contain an SDP offer;

ii)
upon receiving an SDP offer from the CS domain (e.g. MGCF) (in the response to the SIP re-INVITE request), the SCC AS update the remote UE by sending a SIP re-INVITE request toward the the remote UE. The SDP offer included in the SIP re-INVITE request sent toward the the remote UE contains the information received in the SDP offer from the CS domain (e.g. MGCF) and the SDP offer included in the SIP re-INVITE request received from the ICS UE over the Gm reference point on the Source Access Leg;  

iii) upon receiving the SDP answer in the response to the SIP re-INVITE request from the remote UE, the SCC AS sends an SIP ACK toward the CS domain (e.g. MGCF) that contains an SDP anwer. The SDP answer contains the information obtained from the SDP answer conveyed in the response to the SIP re-INVITE request received from the remote UE. In addition, the SCC AS sends a SIP ACK toward the remote UE; and

iv)
perform the standard SIP procedures toward the ICS UE over the original SIP dialog over the Gm reference point on the Source Access Leg, if any SIP request was previously received over this dialog. 
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