
6.3
Service Continuity Model: IMS Controlled Alternative

6.3.1
General Description














6.3.1.1
Techniques for enabling static anchoring for CS calls and IMS sessions at CCCF
CCCF controls the bearer path for all CS calls and IMS sessions of CS-IMS users that are subscribed to the CS-IMS Voice Continuity service. All CS calls and IMS sessions of such users may be anchored at CIVCS to facilitate control of the bearer path upon call continuity in the initial phase of migration from CS to IMS. 

As the population of CS-IMS users grows, some additional criteria may be used to refine the subscription based anchoring selection criterion. The use of location based criteria such as Global Cell Identifiers and user's current geographical coordinates is for further study.
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6.3.4 Origination


CCCF is realized by using IETF Third Party Call Control (3pcc) function which controls the bearer path for all CS and IMS originations from CS-IMS users that are subscribed to the CS-IMS Voice Continuity service. All CS and IMS originations of such users may be anchored at CCCF to facilitate control of the bearer path upon VCC in the initial phase of migration from CS to IMS. 

As the population of CS-IMS users grows, some additional criteria may be used to refine the subscription based anchoring selection criterion. The use of location based criteria such as Global Cell Identifiers and user’s current geographical coordinates is for further study.




















































6.3.5 Termination

CCCF is realized by using IETF Third Party Call Control (3pcc) function which controls the bearer path for all CS and IMS terminations of CS-IMS users that are subscribed to the CS-IMS Voice Continuity service. All CS and IMS terminations of such users may be anchored at CCCF to facilitate control of the bearer path upon Handover in the initial phase of migration from CS to IMS. 
As the population of CS-IMS users grows, some additional criteria may be used to refine the subscription based anchoring selection criterion. The use of location based criteria such as Global Cell Identifiers and user’s current geographical coordinates is for further study.

















6.3.6
Call Continuity Scenarios

6.3.6.1
General 

VCC is a service in a CS-IMS user’s home IMS network that anchors user’s active CS calls and IMS sessions to enable active mode roaming across CS Domain and IM Subsystem.

Note: This is a change from 3GPP Handover procedures defined for active mode roaming within GSM/UMTS CS, wherein, calls are anchored at the system used for initial call setup, with the Handover Target node relaying the Call Control messages between the Anchor node and the UE post Handover. Although SIP extensions can be suggested for encapsulation of 24.008 call control protocols in SIP for VCC transitions from GSM/UMTS CS to IMS over I-WLAN, significant changes to GSM/UMTS CS protocols are required for SIP encapsulation in BSSAP for VCC transitions from IMS to GSM CS, and SIP encapsulation in RANAP for VCC transitions from IMS to UMTS CS; it is therefore not feasible to maintain the same anchor control model with active mode roaming across CS and IMS.
CCCF provides functions for CS-IMS Voice Call Continuity. All VCC transitions (i.e. initial and subsequent) associated with a particular user session are executed and controlled by CCCF upon UE’s request.

Since VCC transitions are executed across CS Domain and IM Subsystem with different call control protocols, 24.008 call control protocol is used in CS Domain whereas SIP is used in IMS for call control procedures; the VCC procedure is executed at the call control level. The call control Protocol State Machine is released in the handing-out domain and re-established in the handing-in domain. 

CCCF provides cohesive billing with a complete VCC transition history for the duration of a voice session. Details of accounting and charging implications are for further study, however, it should be noted that the call/session established to enable VCC transitions are captured as call continuity legs of the call/session being transferred and therefore do not impact the direction initially used to establish the call/session for the purpose of charging.

CCCF is globally routable using Public Service Identities, a service DN is used for routing within CS Domain and PSTN networks and a SIP URI is used for routing within IMS network. CCCF PSI associated with a CS-IMS user is dynamically assigned and communicated to the UE upon registration with IMS.

Simultaneous CS Domain and IM Subsystem registration is not required at the time of CS call or IMS session establishment; the user is required only to be registered in the domain from which it is currently receiving services. Simultaneous registration is required for initiation of the CS-IMS VCC procedures.
6.3.6.1
Procedures for CS to IMS Voice Call Continuity

Figure 6.3.6.2.1-1 describes how signalling and bearer paths are established for execution of CS to IMS VCC procedures. IMS termination is assumed in this walk-through, whereas an MGCF function is involved in the control path for the termination in case of CS and PSTN terminations.


[image: image11]
Figure 6.3.6.2.1-1: CS to IMS Voice Call Continuity walk-through
1. If the user is not registered with IMS at the time when the UE determines a need for VCC transition to IMS, the UE initiates Registration with IMS. It subsequently sends an INVITE including original session information to CCCF using CCCF PSI as a VCC indication requesting it to perform a VCC transition of the active CS call to IM Subsystem.

2. User’s S-CSCF routes the INVITE to CCCF application server assigned to the user upon execution of filter criteria.

3. CCCF performs the transfer of the user’s CS leg to IMS by using SIP Session Transfer procedures. It is an implementation option as to how the SIP Session Transfer is executed. Use of an UPDATE consisting of the SDP of the IMS leg is illustrated here; however, other options such as a ReINVITE can also be used to implement Session Transfer. Minor bearer path interruption, estimated to be about 100-200 milliseconds, is expected due to the switchover. 
4. The CS bearer and signalling legs are released upon successful execution of SIP Transfer. 

Note: CCCF initiates the release of signalling and bearer in the handing-out domain as release from the UE cannot always be guaranteed due to possibility of loss of coverage in the handing-out domain during the VCC procedure. The UE may also initiate the release of the bearer and signalling in the handing-out domain, in which case, CCCF processes the release appropriately.
6.3.6.2
Subsequent VCC Transition Back to CS

Figure 6.3.6.2.2-1 describes how signalling and bearer paths are established for execution of subsequent VCC transition to CS Domain.
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Figure 6.3.6.2.2-1: Subsequent VCC transition to CS walk-through

5. The UE registers with the Visited MSC when it determines a need for VCC transitions to CS. It subsequently initiates a CS call to CCCF using CCCF PSI requesting it to perform VCC transition of the active CS call to CS Domain. The CS call is routed via the MGCF and I/S-CSCF to CCCF application server.

Note: The MGCF generates ACM on receipt of 200 OK for ETSI interworking.
6. CCCF performs the transfer of the user’s IMS leg to the CS Domain by using SIP Session Transfer procedures as described in the CS to IMS Voice Call Continuity walk-through. 

7. The IMS bearer and signalling legs are released upon successful execution of SIP Transfer. 
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6.3.6.3
Procedures for IMS to CS call continuity




T
he call continuity procedures are the same as the call continuity procedures shown in subclause 6.3.6.2 as the procedures between CS Domain and IMS are agnostic of the previous call continuity history.















6.3.7
Impact on Supplementary Services

CCCF does not influence supplementary service execution in the serving network node prior to or post VCC. User receives services from the domain it is active in a voice call, that is, CS Supplementary services are available to the user when it is in the CS Domain, whereas, richer IMS service set is made available to user as it moves into IMS coverage, within the context of the same call/session.
6.3.7.1
Voice Call Continuity for Multi-Session calls

CCCF uses the Mobility Event package to communicate with the UE, session specific information that is required to perform VCC of a CS-IMS user when the user is involved in multiple sessions. 

All CS calls and IMS sessions for a CS-IMS user are anchored at CCCF via 3pcc Routing B2BUA function using static anchoring technique discussed in Sections 6.2a. Upon successful allocation of a B2BUA function for a particular user session, CCCF assigns it a unique identifier along with and a SIP URI that is used to uniquely identify the session when requesting its VCC to IMS or a unique CS VCC ID that can be used to uniquely identify the session when requesting its VCC to CS. Notify’s with Mobility Event package are used to communicate this information to the UE upon session anchoring. 

In the event that the CS IMS user is not registered with IMS when making a CS call, the session identifiers cannot be communicated to the UE upon CS call anchoring at CCCF. Connected party address is used to enable VCC for such calls. It should be noted that CLIP Override and COLP override subscription is required to ensure that the connected party address is available at the UE to enable VCC in these conditions.

The fundamental principle of transferring the call control protocol state machine from the source (“handing-out”) domain to the target (“handing-in”) domain discussed for single sessions Section 6.3.6 is applied to transfer multiple session between CS and IMS to provide Voice Continuity across CS and IMS with multiple sessions.

6.3.7.1.1 Anchoring of IMS Held and Active sessions at CCCF

Figures 6.3.7.1-1 and 6.3.7.1-2 below provides a walkthrough of a scenario in which CS IMS originates an IMS session to the other end A, holds the session toward other end A, and originates a session toward the other end B.
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Figure 6.3.7.1-1: IMS session toward other end – A
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Figure 6.3.7.1-2: Hold A and originate an IMS session toward other end - B

1.
As part of IMS registration, CCCF and the UE subscribe to each other for the Mobility Event package. The UE subsequently initiates an IMS session.

2.
Upon successful execution of a Routing B2BUA function for IMS session to the other end A at CCCF, CCCF assigns a unique call reference identifier to the session for identification of the session between the UE and CCCF in subsequent dialogues. It also assigns a unique identifier which can be used for VCC of this session to CS Domain. The CS VCC identifier can be created by either assigning a unique routing number for the session or assigning a string of digits that can be appended to CCCF DN when requesting VCC, the latter is recommended due to the operational overhead associated with assignment of unique routing numbers for each active session. These new identifiers are communicated to the UE via a Notify with Mobility Event package.

3.
The user puts session toward the other end A on hold and originates a new session towards the other end B. 

4.
Upon successful execution of a Routing B2BUA function for IMS session to the other end B at CCCF, CCCF assigns a unique call reference identifier to the session for identification of the session between the UE and CCCF in subsequent dialogue. It also assigns a unique identifier which can be used for VCC of this session to CS Domain.  These new identifiers are communicated to the UE via a Notify with Mobility Event package.

6.3.7.1.2
IMS to CS VCC of IMS Held and Active sessions

Figure 6.3.7.1-3 below provides a walkthrough of VCC of IMS Held and Active sessions established as described in previous section.
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Figure 6.3.7.1-3: VCC of IMS Held and Active sessions

1.
Upon detection of border conditions, the UE updates CCCF with the current session state information to be used during the VCC procedure. Session Hold, Active states are passed to CCCF in a Notify with Mobility Event package. The UE uses the session call reference identifiers exchanged during anchoring of IMS sessions to identify individual IMS sessions to CCCF.

2.
It should be noted that this message exchange can be avoided if CCCF maintains the session states for the all anchored sessions as it acts a B2BUA agent. This will also eliminate certain race conditions associated with information transfer via additional messaging.

3.
The UE performs VCC of the held IMS leg to CS using IMS to CS VCC procedures described in previous sections. CCCF ensures that the held status is maintained at the other end A when transferring the CS IMS user from IMS to CS.

4.
The UE holds the CS leg for A’s session at the MSC to re-establish the protocol state machine at the MSC. The UE sends a Notify to CCCF informing it of the execution of Hold service in CS Domain so that the media for the other end A can be resumed in IMS. It should be noted that the WLAN coverage may drop anytime after invocation of VCC procedures. CCCF ensures that the other end A’s held status is resumed after release of associated IMS leg for the “handing-out” user in the event of a timer expiry for the Notify indicating CS Hold.

5.
The UE subsequently performs VCC of the Active session to the other B to CS using IMS to CS VCC procedures described in previous sections. 

The bearer path interruption caused by transfer of Held/Active sessions is the same as the bearer path interruption of transfer of a single session as the media path is affected only when transferring the Active session.

The order of Held and Active sessions needs to be maintained when transitioning between domains to ensure replication of the original service state machine in the target (“handing-in”) domain.

6.3.7.1.3
Anchoring of CS Held and Active sessions at CCCF with active IMS Registration

Figure 6.3.7.1-4 below provides a walkthrough of a scenario in which CS IMS originates an IMS session to the other end A, holds the session toward other end A, and originates a session toward the other end B. It is assumed that the CS-IMS user has active IMS Registration at the time it establishes the CS calls for this walkthrough.
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Figure 6.3.7.1-4: Anchoring of CS Held and Active sessions at CCCF

1.
As part of IMS registration, CCCF and the UE subscribe to each other for the Mobility Event package. The UE subsequently initiates a CS session.

2.
Upon successful execution of a Routing B2BUA function for CS session to the other end A at CCCF, CCCF assigns a unique call reference identifier to the session for identification of the session between the UE and CCCF in subsequent dialogue. It also assigns a SIP URI which can be used for VCC of this session to IMS. These new identifiers are communicated to the UE via a Notify with Mobility Event package.

3.
The UE puts session toward the other end A on hold and originates a new CS session towards the other end B. 

4.
Upon successful execution of a Routing B2BUA function for session to the other end B at CCCF, CCCF assigns a unique call reference identifier to the session for identification of the session between the UE and CCCF in subsequent dialogue. It also assigns a SIP URI which can be used for VCC of this session to CS Domain.  These new identifiers are communicated to the UE via a Notify with Mobility Event package.

6.3.7.1.4
CS to IMS VCC of CS Held and Active sessions; IMS active at the time of CS Anchoring

Figure 6.3.7.1-5 below provides a walkthrough of VCC of CS Held and Active sessions established as described in previous section.
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Figure 6.3.7.1-5: CS to IMS VCC of Held and Active sessions; IMS active at CS anchoring

1.
Upon detection of border conditions, the UE updates CCCF with the current session state information to be used during the VCC procedure. Session Hold, Active states are passed to CCCF in a Notify with Mobility Event package. The UE uses the session call reference identifiers exchanged during anchoring of CS sessions to identify individual CS sessions to CCCF.

2.
The UE performs VCC of the held CS leg to IMS using CS to IMS VCC procedures described in earlier sections. CCCF ensures that the held status is maintained at the other end A when transferring the CS IMS user from IMS to CS.

3.
The UE subsequently performs VCC of the Active session to the other party B to IMS using CS to IMS VCC procedures described in earlier sections. 

The bearer path interruption caused by transfer of Held/Active sessions is the same as the bearer path interruption of transfer of a single session as the media path is affected only when transferring the Active session.

The order of Held and Active session needs to be maintained when transitioning between domains to ensure replication of the original service state machine in the target (“handing-in”) domain.

6.3.7.1.5
Anchoring of CS Held and Active sessions at CCCF without IMS Registration

Figure 6.3.7.1-6 below provides a walkthrough of a scenario in which CS IMS originates an IMS session to the other end A, holds the session toward other end A, and originates a session toward the other end B. It’s assumed that the CS-IMS user is not registered in IMS at the time it establishes the CS calls.

.
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Figure 6.3.7.1-6: Anchoring of CS Held and Active sessions at CCCF

Since the user is not registered in IMS, exchange of session identifier is not possible with the UE. However, CCCF assigns and maintains these session identifiers for communication to the UE upon subsequent IMS Registration.

The rest of the procedure is similar to the procedure described for CS session anchoring with IMS Registration.

6.3.7.1.6
CS to IMS VCC of CS Held and Active sessions; IMS not active at the time of CS Anchoring

Figure 6.3.7.1-7 below provides a walkthrough of VCC of CS Held and Active sessions established as described in previous section.
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Figure 6.3.7.1-7: CS to IMS VCC of Held and Active sessions; IMS not active at CS anchoring

1.
Upon detection of border conditions, the UE performs IMS Registration and updates CCCF with the current session state information to be used during the VCC procedure. Session Hold, Active states are passed to CCCF in a Notify with Mobility Event package. Since the session anchor reference could not be communicated to the UE upon CS anchoring as the IMS Registration was not active at the time of anchoring of CS sessions, the UE uses the connected party addresses to identify individual CS sessions to CCCF.

2.
CCCF communicates SIP URIs to be used for VCC to IMS for individual sessions using connected address to identify individual CS sessions to the UE.

The rest of the procedure is same as described in CS to IMS VCC of Held/Active sessions with IMS Registration.

6.3.7.2
Voice Call Continuity for MPTY service

A MPTY service can be transferred across domains to maintain Voice Call Continuity using the same principles as applied to Held/Active sessions in previous sections. The UE establishes all the sessions in the target (“handing-in”) domain, followed by establishment of the conference bridge in the target domain, subsequently followed by release of the conference bridge and associated legs in the source (“handing-out”) domain. 

The bearer path interruption for the transfer of MPTY service could be larger than the bearer path interruption caused by transferring Held/Active sessions. Therefore, it’s recommended that the UE informs the user via the MMI procedures that VCC of MPTY service is in progress. 

It is possible to lose coverage in the source domain in case of VCC from WLAN to CS. However, loss of coverage in the source domain before completion of the VCC procedure is not a concern as the VCC procedure in the target domain continues without assistance from the source domain once the first set of Notify’s has been exchanged between the UE and CCCF for exchange of information required to successfully perform VCC.

6.3.7.3
Supplementary Service Implementation Options in the IMS Domain

In the IMS domain, the UE may control the invocation of supplementary services directly.  Alternatively, services may be managed by a Services Application Server (AS).  The discussion of the VCC procedures discussed in previous sections show the expected type of interactions needed when the UE controls services directly. When services are managed by a Services AS, the interactions are the same in principle in that the UE participates in the VCC procedure.  In addition, the UE may need to inform the Services AS of the procedure.  

Conferencing is an example service that may be managed by a Services AS that controls multi-port conference bridges.  In the case of a session between the UE and the conference bridge controlled by the Services AS, the VCC procedure will control the transition between the CS and IMS domains.  The Services AS may not need to be informed of the VCC.














6.3.7.5 
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6.3.7.6
Supplementary Service Impact summary

Table 6.3.7.5-1: Supplementary Service Impact of CCCF provides preliminary impact statements for commonly used supplementary services.

	Supplementary Service
	Impact statement

	Home Network Call Forwarding  (CFU, CFNRc-HLR detached)
	CCCF prevents unnecessary anchoring of the call by examining user’s Call forwarding profile provided by the HSS.

	Visited Network Call Forwarding (CFB, CFNRy, CFNRc-VLR detached)
	Call forwarding leg may be unnecessarily anchored as CCCF is unaware of user’s availability.

	Incoming Call Barring 
	No impact. 

	Outgoing Call Barring
	VCC cannot be executed if certain flavours of outgoing call barring are enabled for the users.

	Calling Line ID Presentation (CLIP)
	CCCF ensures delivery of the originating party’s CLIP information to the CS-IMS user when CS incoming calls are anchored via CCCF. CLIP presentation for target leg to be blocked by CCCF with appropriate use of screening indicators. Interactions with CLIP Override are for further study.

	Connected Line Identity Presentation (COLP)
	CCCF ensures delivery of the actual connected party’s COLP information to the CS-IMS user when CS originating calls are anchored via CCCF . COLP presentation to the user is required to be blocked for the target leg, preferably at UE.

	Closed User Group
	CCCF PSI is required to be included in subscriber's Closed User Group profile.

	Call Hold/Retrieve
	No impact.

	Call Wait
	No impact.

	Multi-party
	Transfer of Multi-party service is possible as long as the target domain supports it. For example, it will not be possible to transfer an ad hoc IMS conference to CS with more than 6 parties.

	Explicit Call Transfer
	No impact.

	
	


Table 1: Supplementary Service Impact of CCCF

6.3.7.6
TISPAN’s recommendation for Mandatory, Recommended, and Optional Supplementary Services in the IMS Domain
TISPAN has recommended a set of basic PSTN/ISDN simulation services for Release 1 being defined in DTS TISPAN-01002-NGN. TISPAN has grouped the recommended services into three categories.

· Mandatory (regulatory requirements involved)

· Strictly recommended (should be provided)

· Optional 
TISPAN has defined the following set of features as mandatory:

· Orig ID Presentation
· Orig ID Restriction

· Term ID Presentation

· Term ID Restriction

· Malicious Call ID

· Anonymous Call Rejection
VCC has no impact upon the operation of the mandatory features in IMS.  Originating ID Restriction applies between users and does not apply between the UE and the CCCF AS.  

TISPAN has defined the following set of features as recommended:

· Communication Diversion
· Communication Waiting

· Communication Hold

· Communication Barring

· Completion of Communications to Busy Subscriber

· Follow Me

· Message Waiting Indicator
Of the recommended features, VCC impacts Communications Diversion, Communication Waiting, Communication Hold, and Communications Barring as indicated in the previous table as Call Forwarding, Call Waiting, Call Hold, and Outgoing Call Barring, respectively.

The following features are considered as optional by TISPAN:

· Conference
· AoC

· CUG

· Fixed Destination Communication

· Inhibition of Incoming Forwarded Communications

· DDI

· ECT

· Trunk Hunting
Of the optional features, VCC impacts Conference, Closed User Group, and Explicit Call Transfer as indicated in the previous table.  Fixed Destination Communication will be impacted in the same way as Closed User Group is impacted in that the CCCF PSI must be an allowed Fixed Destination.
6.3.8 Call Continuity within 3GPP radio

Table 6.3.8-1 below provides possible scenarios for call continuity within 3GPP radio and available solutions that provide service continuity in these scenarios. 

	Source >
	3G PS
	3G CS
	2G CS

	Ta rget >
	Call Continuity Solutions

	3G PS & CS available.
	Classical PS Handover
	Classical CS Handover
	Classical CS Handover

	3G PS registered; CS not available.
	Invalid scenario
	CS to PS  VCC
	Invalid scenario

	3G PS registered; CS available.
	Invalid scenario
	Classical CS Handover
	Invalid scenario

	3G PS available but not registered; CS not available.
	Classical PS Handover
	FFS (may be possible to use VCC) 
	Solutions presented in this paper

	3G CS registered;  PS not available
	PS to CS  VCC
	Invalid scenario
	Invalid scenario

	3G CS available but not registered; PS not available.
	FFS (may be possible to use VCC)
	Classical CS Handover
	Classical CS Handover

	2G CS; Voice not available on 2G PS
	Solutions presented in this paper 
	Classical CS Handover
	Classical Handover


Table 6.3.8-1: Call Continuity within 3GPP radio

Note: It is assumed that Voice service is available in 3G PS for scenarios listed in this table
Classical Handover procedures are used to transition user’s active calls when roaming within the same domain. 

The Voice Call Continuity between CS domain and IMS provides a solution for transition of user’s services during inter-domain roaming between CS domain and IM Subsystem. The basic IMS Controlled Model based VCC solution requires simultaneous registration in the CS domain and the IMS at the time of initialization of the call continuity procedure. The basic IMS Controlled Model based VCC is recommended for scenarios wherever this is possible.

When direct application of IMS Controlled Model based VCC is not possible, Classical Handover may be used in conjunction with inter-domain transition via VCC to complete the overall voice call continuity procedure as described below:

3G PS voice to 2G CS voice:

1. UE detects a need to perform a 3G to 2G transition.

2. Before this takes place (i.e. while still in 3G coverage), it initiates VCC to 3G CS.

3. Normal 3G CS to 2G CS Handover occurs to transition to 2G CS.

2G CS voice to 3G PS voice:

1. UE waits for the network to perform the classical 2G CS to 3G CS Handover.

2. Upon completion of 2G CS to 3G CS Handover, UE initiates VCC to transition to 3G PS. 

Radio coverage may not always be available to perform Classical Handover in conjunction with VCC, e.g. the case where the 3G cell is configured as PS-only. A new service Call Reestablishment on Domain Transfer (CReDT) is introduced to address such cases.

6.3.8.1
Call Reestablishment on Domain Transfer (CReDT)

CReDT provides reestablishment of voice service upon transition between CS and PS domain when enablement of the basic IMS Controlled Model based VCC is not possible. Voice service is reestablished in the new domain after releasing user's interface in the old domain. CCCF anchors the bearer path of the remote party during the execution of CReDT. The user is notified via appropriate MMI of the ongoing CreDT procedure; and comfort tone/announcement is provided to the remote party during CReDT.

6.3.8.1.1
Triggers for CReDT

2G to 3G:

· The trigger for "CS to PS transition notification" is under study. It may be based, e.g., on a downlink radio link failure criteria, or any similar process by which the terminal would make the decision to re-establish the 2G-CS service on a 3G-PS network.  

· The time for service re-establishment is shortened if the source BSS provides the terminal with 3G cells in the neighboring cell list, so that the terminal can measure and monitor potential 3G target cells in advance, before losing 2G coverage.

· When in 2G-CS, the terminal needs to know in advance how voice service is supported in the target cell. This information needs to be provided along with the 3G neighboring cell list, so that:

· If the target 3G cell supports voice over CS, the 2G to 3G voice mobility would be handled through existing handover (over A interface) and relocation (over Iu interface) procedures, under the control of the network

· If the target 3G cell only supports voice over PS, the voice service need to be re-established as described in the document, based on a trigger implemented in the terminal.

Editor's note: It is FFS on how to notify the terminal in advance on the voice service that is supported in the target cell.

3G to 2G:

· The trigger for "Notification (PS to CS transition indication)" is under study. It may be equivalent to the criteria being used for the 2G to 3G transition.

· As for the 3G to 2G case, the time for service re-establishment is shortened if the source RNS provides the terminal with 2G cells in the neighboring cell list, so that the terminal can measure and monitor potential 2G target cells in advance, before loosing 3G coverage.

· As for the 3G to 2G case, the terminal needs to know in advance how voice service is supported in the target 2G cell, as GERAN TSGs are currently studying the possibility to support Voice over PS in GPRS/EDGE cells

6.3.8.1.2
CReDT solution options

CEDT releases the source radio prior to establishment of the target radio potentially resulting in significant procedure execution time, and potentially noticeable service interruption; two different options are presented with their benefits and liabilities to help select a solution that provides optimal procedure execution time without sacrificing user’s quality of experience. 

6.3.8.1.2.1
CReDT (option 1) – Uncontrolled Release of Source Radio by UE

This section presents a solution for CReDT that optimizes the procedure execution time, thereby minimizing the overall service interruption time. The UE releases the source radio as soon as it notifies CCCF of a need for CReDT. It then follows with establishing of the target radio. The source radio is released prior to application of announcement to the remote party, potentially resulting in a noticeable speech gap toward the remote party.

Note that USSD enabled CAMEL service is used as a mechanism for initiation of CS to PS CReDT in the example calls walk-throughs presented in this document. However, it should be possible to use other mechanisms for enablement of CS to PS CReDT at CCCF.

 6.3.8.1.2.1.1
2G CS to 3G PS CReDT

Figure 6.3.8.1.2.1.1-1 below provides a walk-through of a 2G CS call that has been anchored in user’s IMS network using static or dynamic anchoring techniques and undergoes CS to PS CReDT with source release initiated by the UE.
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Figure 6.3.8.1.2.1.1-1: 2G CS to 3G PS CReDT-UE initiated source release

1. The UE detects a need for CS to PS CReDT based on trigger criteria discussed in Section 6.x.x.1.1 Triggers for CReDT, and notifies CCCF via a USSD initiated CAMEL service in user’s CS home network. It also notifies the user of the CS to PS transition via proper MMI. A USSD Gateway may be used to communicate the CS to PS CReDT notification to CCCF in absence of CAMEL.

2. UE subsequently initiates release of source radio and acquires IP-CAN RAB in the target radio.

2. Upon receipt of CS to PS CReDT Notification, CCCF starts the procedure to acquire an announcement port on MRF for application of announcement toward the remote party. CCCF also sends a SIP message (for example, an UPDATE) to the MGCF hosting the user’s CS bearer to report inactivity on the user’s CS connection to prevent inactivity timer expiry resulting in premature release of the call at the IM-MGW.

3. CCCF updates the remote party with the SDP of the announcement port at the MRF to establish announcement toward the remote party.

3. The UE initiates CS to IMS transition request toward CCCF after acquiring IP-CAN bearer.

4. CCCF updates the remote party with the UE’s IMS mode information, completing the transition from 2G CS to 3G IMS.

6.3.8.1.2.1.2
3G PS to 2G CS CReDT

Figure 6.3.8.1.2.1.2-1 below provides a walk-through of an IMS session that undergoes PS to CS CReDT via CCCF with source radio release initiated by the UE.
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Figure 6.3.8.1.2.1.2-1: 3G PS to 2G CS CReDT-UE initiated source radio release

1. The UE detects a need for PS to CS CReDT based on trigger criteria discussed in Section 6.x.x.1.1 Triggers for CReDT, and notifies CCCF via a Notify with Mobility Event Package. It also notifies the user of the PS to CS transition via proper MMI.

2. UE subsequently initiates release of source radio and registers with the 2G MSC.

2. Upon receipt of a Notify indicating PS to CS CReDT Notification, CCCF starts the procedure to acquire an announcement port on MRF for application of announcement toward the remote party. CCCF also sends a SIP message (for example, an UPDATE) to the remote party to report inactivity on the user’s connection to prevent inactivity timer expiry resulting in premature release of the call by the other end.

3. CCCF updates the remote party with the SDP of the announcement port at the MRF to establish announcement toward the remote party.

3. The UE initiates IMS to CS transition request toward CCCF after registering with the 2G MSC.

4. CCCF updates the remote party with the user’s CS connection information, completing the transition from 3G IMS to 2G CS.

Benefits:

1. Shorter Reestablishment time as Registration in the target domain happens in parallel to the establishment of announcement toward the remote party.

Drawbacks:

1. Potential speech gap before the application of announcement to the remote party.

6.3.8.1.2.2 CReDT (option 2) – CCCF controlled Release of Source Radio by UE

This section presents a solution for CReDT that improves the remote party’s quality of experience such that the remote party is not subject to a potential speech gap during the CReDT of the other end. The UE in this option does not initiate the release of the source radio until it receives an indication from CCCF that the remote party has been connected to a comfort tone/announcement. Since the establishment of the target radio is not started until later in the procedure, this option incurs significantly longer overall service interruption.

6.3.8.1.2.2.1
2G CS to 3G PS CReDT

Figure 6.3.8.1.2.2.1-1 below provides a walk-through of a 2G CS call that has been anchored in user’s IMS network using static or dynamic anchoring techniques and undergoes CS to PS CReDT via CCCF when source radio release is controlled by CCCF.
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Figure 6.3.8.1.2.2.1-1: 2G CS to 3G PS CReDT-CCCF Controlled source radio release

1. The UE detects a need for CS to PS CReDT based on trigger criteria discussed in Section 6.x.x.1.1 Triggers for CReDT, and notifies CCCF via a USSD initiated CAMEL service in user’s CS home network. It also notifies the user of the CS to PS transition via proper MMI.

2. Upon receipt of CS to PS CReDT Notification, CCCF acquires an announcement port on MRF for application of announcement toward the remote party. 

3. CCCF updates the remote party with the SDP of the announcement port at the MRF to establish announcement toward the remote party.

4. CCCF sends a CS to PS Transition Prep Complete Notification to the UE via a CAMEL service initiated USSD message. 

5. UE initiates release of source radio upon receipt of CS to PS Transition Prep Complete Notification from CCCF and acquires IP-CAN RAB in the target radio.

6. The UE initiates CS to IMS transition request toward CCCF after acquiring IP-CAN bearer.

7. CCCF updates the remote party with the UE’s IMS mode information, completing the transition from 2G CS to 3G IMS.

6.3.8.1.2.2.2
3G PS to 2G CS CReDT

Figure 6.3.8.1.2.2.2-1 below provides a walk-through of an IMS session that undergoes PS to CS CReDT via CCCF with source radio release controlled by CCCF.
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Figure 6.3.8.1.2.2.2-1: 3G PS to 2G CS CReDT-CCCF Controlled source radio release

1. The UE detects a need for PS to CS CReDT based on trigger criteria discussed in Section 6.x.x.1.1 Triggers for CReDT, and notifies CCCF via a Notify with Mobility Event Package. It also notifies the user of the PS to CS transition via proper MMI.

2. Upon receipt of a Notify indicating PS to CS CReDT Notification, CCCF starts the procedure to acquire an announcement port on MRF for application of announcement toward the remote party. CCCF also sends a SIP message (potentially an UPDATE) to the remote party to report inactivity on the user’s connection to prevent inactivity timer expiry resulting in premature release of the call by the other end.

3. CCCF updates the remote party with the SDP of the announcement port at the MRF to establish announcement toward the remote party.

4. CCCF sends a Notify to the UE to indicate PS to CS Transition Prep completion.

5. UE initiates release of source radio upon receipt of Notify with PS to CS Transition Prep completion and registers with the 2G MSC.

6. The UE initiates IMS to CS transition request toward CCCF after registering with the 2G MSC.

7. CCCF updates the remote party with the user’s CS connection information, completing the transition from 3G IMS to 2G CS.

Benefits:

1. Better quality of experience for the remote party.

Drawbacks:

2. Longer Reestablishment time, hence longer overall service interruption time as Registration in the target domain happens after the establishment of announcement toward the remote party.

NOTE: Re-establishment time may be equal to the redial of a new call set up time.

Editor Note: Clarify the impact of supplementary services and regulatory services (e.g. emergency call)

6.3.8a
Security Impact of Handovers Between the CS Domain and the IMS Domain for IMS Controlled Method

Before a UE operating in the CS Domain can obtain service from IMS Domain, the UE must register with the IMS domain.  For the IMS control method, the handover begins with a new session establishment originated by the dual mode UE to the CCCF/NeDS.  Since the keys are established during IMS registration, the new session will be established securely.

Before a UE operating in the IMS Domain can obtain service from CS Domain, the UE must have performed a location update with the CS domain.  For the IMS control method, the handover begins with a new call originated by the dual mode UE to the CCCF/NeDS. The new call will be established securely using the standard authentication procedure.
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Intermediate SIP message exchange and resource reservation as normal - skipped for brevity.
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Intermediate SIP message exchange and resource reservation as normal - skipped for brevity.
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Intermediate SIP message exchange and resource reservation as normal - skipped for brevity.
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Intermediate SIP message exchange and resource reservation as normal - skipped for brevity.
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Intermediate SIP message exchange and resource reservation as normal - skipped for brevity.
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Intermediate SIP message exchange and resource reservation as normal - skipped for brevity.
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Intermediate SIP messages exchange and resource reservation as normal - skipped for brevity.
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shown in the message flow; they are assumed to be present.
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MS replies with SDPc' in SIP 200 OK which

places the call connection in Active state


MS-C (WLAN mode)


P-CSCF

34. CAP: InitiateCallAttemptResponse


TDM Bearer (1)


TDM Bearer (3)


46. SIP: 200 OK (Call-ID=b, SDPc')
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UAS in the CCCF. Only key call setup messages
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shown in the message flow; they are assumed to be present.
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CCCF receives Mobile Event Package from UE indicating
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For simplicity, the provisional responses and answer messages are not

shown in the message flow; they are assumed to be present.
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