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Abstract of the contribution: This contribution expands Alternative F (“Inter-MSC Handover”) in the TR 23.882 with use of PCC and IMS Centralised Services (ICS) to provide a complete end-to-end session transfer procedure with full service control capability post handovers using concepts be defined as part of ICS.
NOTE: For the sake of brevity, we refer to “the eNodeB/BSC/RNC function associated with the PCHCF” described in the present paper as “PCHCF-eNodeB/BSC/RNC”, and “the MSC-S function associated with the PCHCF” as “PCHCF-MSC-S”, and “the MME function associated with the PCHCF” as “PCHCF-MME”, and “the SIP User Agent function associated with the PCHCF” as “PCHCF-SIP UA”.
1. The discussion for alternative F
Based on the conclusion in S2-072570, continue to analysis the voice bearer and its related call control signalling before and after HO deeply. The following figure illustrates the call control signalling and voice bearer path in the alternative F.
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Figure 1: call control signalling and voice bearer pathing for alternative F
As shown in Figure 1, during the procedure of handover, we can see:
(1) Before handover, as shown in the deep blue real line between UE and SAE GW, the dedicated EPS bearer is used to transport the voice, which is composed of radio bearer and S1 bearer and S5/S8 bearer, and its related SIP session control path is composed of two separate pure SIP sessions (one part is as shown in the blue hyphen line between UE and ICCF/DTF, and another part is as shown in the deep yellow hyphen line, between ICCF/DTF and remote UE, respectively), which are connected at the ICCF/DTF.

(2)During the procedure of VCC Domain Transfer, the PCHCF-MSC-S establishes a CS bearer as shown in light blue real line between the UE and the MGW by imitating the inter-MSC handover, and the PCHCF-SIP UA also triggers the VCC Domain Procedure to establish IP bearer between the MGW and remote UE by sending invite message. 
Upon the completion of handover, we can see:

(1) The newly established voice bearer as shown in the light blue real line is composed of two parts, one parts is the CS bearer between the UE and the MGW and another part is the IP bearer between the MGW and remote UE, and its related session control path is composed of the original SIP session as shown in the deep yellow hyphen line between ICCF/DTF and remote UE, and a new SIP session as shown in the light green hyphen line between PCHCF-SIP UA and ICCF/DTF (newly created during the procedure of VCC Domain Transfer), as specified in the current ICS work item, after receiving the real call control from the UE using ICCP over ICCC, the PCHCF-SIP UA acts a User Agent to initial SIP session signalling to the ICCF/DTF.
(2) The original old SIP session between ICCF/DTF and UE as shown in the blue hyphen line will not be used anymore after LTE->CS handover, and its related dedicated EPS voice bearer as shown in the deep blue real line between the UE and SAE GW will not be used  any more neither.
According to the discussion above, before LTE->CS Handover, the voice bearer is composed of radio bearer and S1 bearer, and S5/S8 bearer, and after LTE->CS Handover, a new bearer for voice is established by PCHCF-MSC-S and PCHCF-SIP UA, which is composed of CS bearer (between UE and MGW via the target MSC in CS domain) and IP bearer (between MGW and remote UE via transit network), and the original IMS signalling bearer will be redirected from eNodeB to PCHCF-SIP UA by sending Update Bearer Request towards SAE GW, and this signalling bearer will be used to transport IMS signalling packets between PCHCF-SIP UA and remote UE, and ICCC is also established between UE and PCHCF-SIP UA, which is used to maintain the SIP session communication between the PCHCF-SIP UA and the UE. 

Herein, it is obvious to see that both the original dedicated EPS voice bearer (i.e.S1 bearer and S5/S8 bearer in detail) is under the control of PCHCF-eNodeB and the newly established CS bearer is under the control of PCHCF-MSC-S, and the session control paths associated with these bearers are also under the control of PCHCF-SIP UA.
2 The enhancement on the alternative F
As shown in Figure 2, according to the discussion above, when HO from LTE to CS is triggered, PCHCF can assembly a brand new voice bearer, which is composed of the CS bearer as shown in light blue real line , and the S1 and S5/S8 bearer as shown in deep blue real line,, and PCHCF also assembles a new session control path for the new voice bearer, which is composed of the original SIP session as shown in blue hyphen line between PCHCF-SIP UA and ICCF/DTF, and the session control channel using ICCP over ICCC  as shown in deep red hyphen line between UE and PCHCF, and the original SIP session as shown in deep yellow hyphen line between ICCF/DTF and remote UE. 

For the function split of PCHCF, we prefer to replace the MME function with the eNodeB/BSC/RNC function based on the reasons listed as follows:

(1) For the original alternative F, the original SIP session between UE and ICCF/DTF is relocated between the UE and the PCHCF-SIP UA the PS HO procedure and the PCHCF-SIP UA is responsible to handle the IMS signalling bearer. 
(2) For the enhanced alternative F, the original EPS dedicated voice bearer is also redirected from the source eNodeB to PCHCF with the PS HO procedure by sending Update Bearer Request towards SAE GW and the PCHCF is responsible to handle the dedicated voice bearer (i.e. S1 bearer and S5/S8 bearer). Based on 1 and 2, PCHCF has some function of eNodeB entity by exhibiting S1-U interface toward SAE GW.
(3) For both the original alternative F and enhanced alternative F, upon the reception of Forward Relocation Request of standard PS-PS Handover, the PCHCF should have the ability to generate the related CS transparent container for target BSC/RNC, which will be included in MAP-Pre-Handover Request and be used to reserve the CS resource for voice. Since this function is located in the source RNC/BSC in standard CS-CS Handover, it is can be concluded that PCHCF has some function about the radio system.

NOTE:  It is another alternative that the source eNodeB generates the related CS transparent container, but this inevitably impacts eNodeB and introduces some new features for SRVCC, and probably has some impacts on CN too. More discussions and deeper investment are needed for further research.

NOTE:  How the eNodeB identifies the voice bearer is similar to the one with MME.
Based on the discussion above, it will be more feasible that PCHCF has some function of eNodeB entity by exhibiting S1-U and S1-MME interface toward EPS, instead of some function of MME entity.
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 Figure 2: Signalling/Bearer Architecture Post-Handover –Voice bearer anchored at SAE-GW 
As shown in the Figure 2, the more detail about the SRVCC procedure is depicted as follows:
Step 1: Based on the measurement report, the standard PS-PS Handover procedure will be triggered and the PCHCF-eNodeB/BSC/RNC receives the standard PS-PS Handover message (i.e. Handover Request), and the PCHCF-eNodeB/BSC/RNC maintains the bearer information such as all PDP contexts and the related radio parameters.
Step 2 The PCHCF-MSC-S mimics a standard inter-MSC Handover to establish the CS bearer as shown in light blue real line between the UE and MSC.
Step 3: the data forwarding process is triggered and the source eNodeB forwards the downlink data to the PCHCF-eNodeB/BSC/RNC. 

Step 4: the PCHCF-SIP UA decodes the downlink VoIP packets to get the voice media information such as IP 5 tuple and the voice codec, which will be used by the PCHCF-MSC-S to establish the bearer as shown in light blue real line between the MGW and the MSC using ISUP IAM/ACM. 

Step 5: the PCHCF-eNodeB/BSC/RNC triggers the process of redirecting the bearers from the source eNodeB to itself by sending Update Bearer Context towards SAE GW via its serving MME. Upon completion of this process, the new voice bearer as show in light blue real line between the UE and the MGW and in deep blue real line between the PCHCF-eNodeB/BSC/RNC and remote UE via SAE GW has been established or reserved successfully.
Step 6: When UE has accessed in the CS domain, the SIP session control messages are transported over ICCC using ICCP (as shown in deep red hyphen line between UE and PCHCF-SIP UA) and over the original IMS signalling bearer using SIP (as shown in blue hyphen line between PCHCF-SIP UA and ICCF), and the procedure of SRVCC is completed successfully. 

3. Considering the subsequent Handover back from CS domain to LTE 
Currently, there is no solution for the subsequent handover back from CS to LTE for alternative F. CS ->LTE HO may be used to solve this problem, which, however may impact the existing CS domain, especially the BSS/RNS. But, for convenience of discussion here, it is assumed that the subsequent handover back from CS to LTE can be sent to the PCHCF with acceptable or no impacts on the existing CS domain.
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Figure 3: Signalling/Bearer Architecture Post-Subsequent HO –Voice bearer anchored at SAE-GW 
For the enhanced alternative F, during the LTE->CS handover procedure, all the bearer information (including all PDP contexts and the related radio parameters) will be passed to the eNodeB function associated with the PCHCF by S1-MME interface, and maintained the bearer information by the PCHCF-eNodeB/BSC/RNC. So, in the case of subsequent handover back from CS to LTE, as shown in Figure 3, the PCHCF-eNodeB/BSC/RNC can easily find out the target LTE Cell ID from the subsequent handover message, and generate the related Relocation Required message using the bearer information maintained in PCHCF-eNodeB/BSC/RNC, and then mimic an inter-eNodeB handover to the real target eNodeB by sending the Relocation Required. The following steps are similar to the standard inter-eNodeB handover. 
Based on the discussion above, we can see that, during the subsequent handover back from CS to LTE procedure, PCHCF only needs to know the target LTE Cell ID from the subsequent handover message. 
Usually, there may exist two alternatives to notify the PCHCF the occurrence of the subsequent handover back from CS to LTE:

(1) As shown in Figure 4 below, the related neighbour LTE cells are configured in BSS/RNS, which, from the BSS/RNS point of view, are regarded as pseudo-CS cells and served by the PCHCF-MSC-S. So, if the BSS/RNS receives the measurement report sent by the UE and decides to trigger the standard inter-MSC handover towards LTE cell, and the standard CS-CS handover message will be sent to the target PCHCF-MSC-S with the target LTE Cell ID to inform the PCHCF the occurrence of subsequent handover.
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Figure 4: LTE cell topology from the CS domain point of view

(2) If UE sends measurement report about LTE cell to the PCHCF-eNodeB/BSC/RNC over ICCC, the PCHCF-eNodeB/BSC/RNC makes the decision whether handover to LTE or not. At the same time, the same measurement report except the LTE information may be sent to the BSS/RNS by the UE. If the PCHCF-eNodeB/BSC/RNC decides to HO towards LTE, then the HO will be executed at once no matter what the decision the source BSS/RNS makes. 

NOTE: This procedure doesn’t impact the BSS/RNS and its related core, only has some impacts on UE.
NOTE: these two alternatives above may be the possible direction towards subsequent handover back from CS to LTE with no or acceptable impacts on CS domain. More study and research are needed.  
4. The pros and cons between the original alternative F and the enhanced alternative F 
Upon completion of handover from LTE to CS, both downlink signalling packets and VoIP packets are queued at PCHCF-SIP UA and PCHCF-eNodeB/BSC/RNC respectively, and all the downlink signalling packets will be dispatched to UE via the ICCC, and the CS bearer respectively. At the same time, both uplink signalling and voice data packets are transported to PCHCF-SIP UA and PCHCF-eNodeB/BSC/RNC, and then the PCHCF-SIP UA and PCHCF-eNodeB/BSC/RNC will dispatch them to remote UE respectively. 
After SLTE->CS handover, the new features are listed as follows compared with the original alternative F:
(1)From the SAE point of view, what has happened during the procedure of SRVCC is just kind of handover (e.g. inter eNB HO without MME relocation) and the EPS dedicated voice bearer and IMS signalling bearer are re-used to transport the voice and the SIP messages between PCHCF and SAE GW, and remote UE.

(2)Since the overall procedure of SRVCC is kind of handover and is fully transparent to IMS service system, IMS service system needn’t perceive the procedure of SRVCC, and the application layer VCC Domain Transfer procedure could be avoided in terms of voice bearer re-establishment, which decreases the bearer/service interruption time and provides better user experience.
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Figure 5: Signalling/Bearer Architecture Post Handover–Voice bearer anchored at SAE-GW  

The pros of the enhanced alternative F are listed as follows compared with the problems described in S2-072570 with the original alternative F:

(1) Since the application layer VCC Domain Transfer is not needed, problems about VDN allocation and the SIP invite message generation disappear, and this also decreases the whole bearer/service interruption time and increases the performance for the overall SRVCC procedure, which may be close to HO performance.
(2)Since there is no application layer VCC Domain Transfer and the original SIP session between UE and ICCF will be reused after the LTE->CS handover, there is no need to generate the new SIP session, and then there is no SIP session synchronization problem. Subsequently, the problem between the new SIP session and PCC disappears too.

(3) The original alternative F doesn’t provides subsequent HO back from CS to LTE solution, while the enhanced alternative F provides the possible solutions as described above.
Compared with the original alternative F, the enhanced alternative F’s problems are also listed as follows: 
(1)User plane discussion

As shown in Figure 6, between the UE and the remote UE, the voice barer path is shown in light blue real line for the original alternative F, while the voice bearer path is shown in deep blue real line for the enhanced alternative F. It seems that the voice bearer path for the original alternative F is shorter than the one for the enhanced alternative F. However, since the PCHCF and the MGW locates in the same VPLMN, and then in the same Security Domain, only one interface toward outside network will exists for them. Since SAE GW plays the role of Gateway by exhibiting SGi interface towards the outside network, then the MGW has not interface towards the outside network, and accesses the outside network via SAE GW. 
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Figure 6: Voice Bearer Path Comparison –Post Handover
If the eNodeB function associated with the PCHCF is moved to the MGW associated with the PCHCF, as shown in Figure 7, the two voice bearer path will be very similar. The function split for the PCHCF and the MGW is FFS.
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Figure 7: Voice Bearer Path Comparison –Post Handover
(2)Sending Measurement report using ICCP over the ICCC 

When UE sends measurement to the PCHCF-eNodeB/BSC/RNC over ICCC, the limited bandwidth and its related delay must be taken into account. However, since CS domain will probably overlap LTE and there is no worry about that CS radio coverage will be lost, the subsequent HO back from CS to LTE may not be as urgent as the HO from LTE to CS domain in terms of voice call continuity. So, UE can transport the voice via the “old” CS domain radio resource and process the procedure of SRVCC with grace, though the subsequent HO preparation phase will take a longer time. 

Also, some common problems for the original and enhanced alternative F are also listed as follows:

(1) How the SIP User Agent function associated with the PCHCF keeps the UE’s presence in IMS

Since the PCHCF-SIP UA is responsible to keep the UE’s presence in IMS after the LTE->CS handover, the PCHCF-SIP UA needs to get all the information about the UE Re-registration. (2) How to control the IMS service such as mid-call services and supplementary services 

Since the PCHCF-SIP UA is responsible to proxy the UE’s service in IMS after the LTE->CS handover, the PCHCF-SIP UA needs to get all the information about the ongoing IMS SIP session. 
NOTE: The PCHCF-SIP UA may get the information from the UE using ICCP over ICCC, and IMS core (e.g. ICCF) can provides the UE the related information. More discussion is needed for further research. 

5. Conclusion and proposal
This contribution introduces an enhanced alternative F based on the original alternative F in TR 23.882. Herein, we suggest adding the enhanced alternative F into TR 23.882 as another alternative solution in parallel with the original one.
********************* ********************* Start Proposed Text **************************************************
7.19.1.8
Alternative F – Inter-MSC Handover with IMS Centralised Services

7.19.1.8.0
General concept
This section proposes to complement Alternative D with concepts being defined as part of IMS Centralised Services (TR 23.982). Specifically, it is proposed to use the ICCC (IMS CS Control Channel) logical channel to convey service control messages after HO to the CS domain.

Additionally, it defines a stand-alone interworking function referred to as PS-CS Handover Control Function (PCHCF) which presents PS HO and CS HO behaviour towards the SAE/LTE Evolved Packet Core and the CS core, respectively.
There are two different solutions following with this concept, one called alternative F-1, which is described in the section 7.19.1.8.1, and another one is called alternative F-2, which is described in the 7.19.1.8.2.
7.19.1.8.1
Alternative F-1
7.19.1.8.1.1
Description
PCHCF contains MME function and anchor MSC server function. It also contains an adaptation function for the service control signalling between CS domain and IMS. This function converts the service control signalling information received from the UE over CS access signalling and uses this information for initiation and control of SIP sessions via a SIP User Agent function towards the ICCF function in the IMS.

Alternative F-1 works for voice calls which have been initiated in IMS/LTE and allows for subsequent transitions from 2G CS domain back to IMS/LTE. It is FFS whether Alternative F-2 can be used for calls initiated in the CS domain.

Being based on CS and PS handovers, this solution allows for full network control of RAT/domain selection/change. In roaming scenarios the Visited PLMN controls the RAT/domain selection/change, while signalling to the HPLMN is minimised (i.e. one SIP invite message sent across the roaming boundary).
The following principles are used in defining the architecture for enablement of SAE-CS service continuity using new CS-PS handover procedures which are a combination of PS-PS and Inter MSC Handover procedures; combined with VCC Domain Transfers for application level session transfer and IMS Centralised Services for continuity of service control post Handovers.

1. All services are centralised in IMS
2. SIP session runs in the UE when using LTE access
3. When using CS access, SIP session runs in the UE with PCHCF presenting it to IMS [SIP templates embedded in CS signalling for transport b/w UE and  PCHCF]; SDP is generated by PCHCF
4. For Handovers:

[a] New transport layer PS<->CS Handover procedures utilised to switch the radio

[b] Bearer anchor moved to MGW upon Handover to CS; bearer anchoring at SAE-GW is not necessary as Application Layer transfer is required to update the other end with the new SIP session; see the following for details
[c] SIP session is relocated between the UE and the PCHCF with the PS HO procedure

[i] Application layer VCC Domain Transfer procedure is required for media transfer from one transport address to another; requires a 3pcc function in IMS to perform the transfer [not possible by simply switching the transport]
[ii] Bearer interruption incurred by the sequential nature of the two can be minimised by executing some of the procedures in parallel and employing other techniques such as downlink bi-cast as suggested later in this paper.

7.19.1.8.1.2
SAE/LTE => CS handovers with non optimised bearer preparation 

In this mode of bearer preparation, the bearer preparation performed prior to the RAT change is limited to setting up of bearer path between the MGW associated with the PCHCF and the target GERAN / UTRAN; the end-to-end uplink and downlink bearer between the UE and the other end is switched after the UE has retuned to the target radio. 

The signalling/ bearer architecture for this mode is illustrated in figure 7.19.1.8.1-1 below.
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Figure 7.19.1.8.1-1: Signalling/Bearer Architecture – non optimised bearer preparation

The PCHCF provides CS interworking required for presentation of CS Inter MSC Handover procedures toward the target MSC involved in the SAE-CS handovers; it uses a standard MGW for establishment and control of circuit connection toward the MSC involved in the SAE-CS handovers. The SIP User Agent function associated with the PCHCF converts the service control signalling information received from the UE over CS access signalling post handover to CS and uses this information for initiation and control of SIP sessions towards the ICCF function in the IMS. The DTF provides VCC Domain Transfer functions for relocation of SIP session between the UE and the UE upon handover, whereas, the ICCF in home IMS network provides service state synchronisation as needed for session control pre and post handover.

An example information flow for SAE to CS handover (CS over GERAN) using this architecture is provided in figure 7.19.1.8.1-2 below.
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Figure 7.19.1.8.1-2: SAE to CS Handover information flow – non optimised bearer preparation
1. Target measurements and handover trigger detection at the source eNB and the UE for initiation of handover to CS.

2. Handover Required message sent by the source eNB to source MME containing required information such as source to target information.

3. Standard PS-PS handover procedure at the source MME for initiation of Forward Relocation Request toward PCHCF.

4. PS handover request interworked with CS Inter MSC handover request to the target MSC at PCHCF associated with the MME for initiation of Prepare Handover Request toward target MSC. It’s assumed that the CS Security context is available at the PCHCF; mechanisms for the discovery/retrieval of the CS security context at the PCHCF are FFS.
5. Target GERAN preparation via the target MSC.

6. Handover Number returned in Prepare Handover Response by the target MSC for establishment of circuit connection between the target MSC and the MGW associated with the PCHCF. 

7. Establishment of circuit connection between the target MSC and the MGW associated with the PCHCF initiated by the PCHCF using ISUP IAM and ACM. Completion of this step leads to the following subsequent steps:

a. PS HO of the signalling bearer to relocate the SIP session from the UE to the SIP User Agent function associated with the PCHCF.  Downlink signalling packets are queued at PCHCF, to be dispatched upon completion of Handover. 
NOTE:
it is FFS how the MME can identify the VoIP bearer.

NOTE:
it is FFS how to support continuity of any non-voice IMS bearers.
8. Forward Relocation Response generated toward source MME with the required information such as target to source BSS information as indication of network bearer preparation and to instruct the UE to retune.

9. Handover Required Ack toward the source eNB to instruct the UE to retune to the target radio.

10. Handover Command sent by the source eNB for the UE to retune to the target radio.

11. Handover Detection at the target GERAN.

12. Handover Detect sent by the target GERAN to the MSC. Completion of this step leads to the following subsequent steps:

a. PAS Handover Detect sent to the PCHCF.

b. The SIP User Agent function associated with the PCHCF initiates a VCC Domain Transfer procedure to redirect VoIP traffic from SAE GW to MGW.

c. Standard VCC Domain Transfer procedure at the DTF for generation of Re-Invite toward the other end to perform session transfer.

13. Handover Complete sent by the target GERAN to the MSC. Completion of this step leads to the following subsequent steps:

a. SES Handover Complete sent to the PCHCF.

b. ISUP Answer message sent to the PCHCF to complete the bearer path between the MSC and the MGW associated with the PCHCF.

7.19.1.8.1.3
SAE/LTE => CS handovers with optimised bearer preparation 

In this mode of bearer preparation, downlink bi-cast is employed at a MRF associated with the DTF to prepare downlink bearer toward the target GERAN prior to instructing the UE to retune to the target radio. The first uplink packet from the UE after the radio switch results in switching at the MRF of the uplink bearer from the UE. 

The signalling/ bearer architecture for this mode is illustrated in figure 7.19.1.8.1-3 below.
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Figure 7.19.1.8.1-3: Signalling/Bearer Architecture – optimised bearer preparation

The functions of the PCHCF and the ICCF are the same as in the previous option. REL-7 VCC is enhanced for this option to utilise a MRF for enablement of downlink bi-cast upon handover initiation. The MRF may be inserted in the bearer path of IMS sessions established over LTE access upon session anchoring at the DTF as shown in the example information flow in this paper or alternatively be inserted upon handover initiation which would be preferred for optimised resource utilisation.

An example information flow for SAE to CS handover using this architecture is provided in figure 7.19.1.8.1-4 below.
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Figure 7.19.1.8.1-4: SAE to CS Handover information flow – optimised bearer preparation

1. Target measurements and handover trigger detection at the source eNB and the UE for initiation of handover to CS.

2. Handover Required message sent by the source eNB to source MME containing required information such as source to target information.

3. Standard PS-PS handover procedure at the source eNB for initiation of Forward Relocation Request toward PCHCF.

4. PS handover request interworked with CS Inter MSC handover request to the target MSC at PCHCF associated with the target MME for initiation of Prepare Handover Request toward target MSC. It’s assumed that the CS Security context is available at the PCHCF; mechanisms for the discovery/retrieval of the CS security context at the PCHCF are FFS.
5. Target GERAN preparation via the target MSC.

6. Handover Number returned in Prepare Handover Response by the target MSC for establishment of circuit connection between the target MSC and the MGW associated with the PCHCF. 

7. Establishment of circuit connection between the target MSC and the MGW associated with the PCHCF initiated by the PCHCF using ISUP IAM and ACM. Completion of this step leads to the following subsequent steps:

a. Update of Signalling Context to relocate the signalling context from the UE to the SIP User Agent associated with the PCHCF.  Downlink signalling packets are queued at PCHCF, to be dispatched upon completion of Handover. 
b. The SIP User Agent function associated with the PCHCF initiates an enhanced VCC Domain Transfer procedure to perform bearer preparation. This establishes a downlink bi-cast from the MRF associated with the DTF toward the bearer termination at the MGW associated with the PCHCF. The first uplink packet from the MGW associated with the PCHCF results in switch of the uplink media at the MRF.

8. Forward Relocation Response generated toward source MME with the required information such as target to source BSS information as indication of network bearer preparation and to instruct the UE to retune.

9. Handover Required Ack toward the source eNB to instruct the UE to retune to the target radio.

10. Handover Command sent by the source eNB for the UE to retune to the target radio.

11. Handover Detection at the target GERAN.

12. Handover Complete sent by the target GERAN to the MSC. Completion of this step leads to the following subsequent steps:

a. SES Handover Complete sent to the PCHCF.

b. ISUP Answer message sent to the PCHCF to complete the bearer path between the MSC and the MGW associated with the PCHCF.

7.19.1.8.2
Alternative F-2
7.19.1.8.2.1
Description
PCHCF contains eNodeB/RNC/BSC function and anchor MSC server function. 
The alternative F-2 works for the voice calls which have been initiated in the IMS/LTE to be transferred tot he 2G/3G CS and allows for subsequent transition from 2G/3G CS back to the IMS/LTE. It is FFS how the Alternative F-2 can be used for calls initiated in the CS domain.

Comprising with the alternative F-1, the difference of the alternative F-2 is that, the SAE GW acts as the media plan anchor point that all bearers of the UE will be transferred from the e-NodeB to the eNodeB/RNC/BSC associated with the PCHCF by performing a inter e-NodeB handover. So that there is no need of sending re-invited to the remote UE to update the IP address the since the SAE GW is still kept in the call path.

Editor’s note: it is FFS how to handle the non-voice related bearer in the SAE GW when the voice handover is occurred.

7.19.1.8.2.2
SAE/LTE => CS handovers
The signalling/ bearer architecture for the LTE-2G/3G CS Handover is illustrated in figure 7.19.1.8,2-1 below.
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 7.19.1.8.2-1: Signalling/Bearer Architecture for the LTE-2G/3G CS Handover –Voice bearer anchored at SAE-GW 

NOTE1: after handover, the signalling control plan will be transferred from the SAE GW (SIP signalling bearer) to ICCC signalling via the target MSC, how the ICCC signalling can be routed to the ICCF located in the home IMS network will follow the decision taken by the ICS work item.
For the sake of brevity, “the eNodeB/BSC/RNC function associated with the PCHCF” is abbreviated as “PCHCF-eNodeB/BSC/RNC”, and “the MSC-S function associated with the PCHCF” is abbreviated as “PCHCF-MSC-S”, and “the SIP User Agent function associated with the PCHCF” is abbreviated as “PCHCF-SIP UA”.

Based on the Figure 7.19.1.8.2-1, the more detail about the process is depicted as follows:
Step 1: Based on the measurement report, the standard PS-PS Handover procedure will be triggered and the PCHCF-eNodeB/BSC/RNC receives the standard PS-PS Handover message (i.e. Handover Request), and the PCHCF-eNodeB/BSC/RNC maintains the bearer information such as all PDP contexts and the related radio parameters.

Step 2 The PCHCF-MSC-S mimics a standard inter-MSC Handover to establish the CS bearer as shown in light blue real line between the UE and MSC.
Step 3: the data forwarding process is triggered and the source eNodeB forwards the downlink data to the PCHCF-eNodeB/BSC/RNC. 

Step 4: the PCHCF-SIP UA decodes the downlink VoIP packets to get the voice media information such as IP 5 tuple and the voice codec, which will be used by the PCHCF-MSC-S to establish the bearer as shown in light blue real line between the MGW and the MSC using ISUP IAM/ACM. 

Step 5: the PCHCF-eNodeB/BSC/RNC triggers the process of redirecting the bearers from the source eNodeB to itself by sending Update Bearer Context towards SAE GW via its serving MME. Upon completion of this process, the new voice bearer as show in light blue real line between the UE and the MGW and in deep blue real line between the PCHCF-eNodeB/BSC/RNC and remote UE via SAE GW has been established or reserved successfully.
Step 6: When UE has accessed in the CS domain, the SIP session control messages are transported over ICCC, which defined in the current ICS work item.
7.19.1.8.2.3 Subsequent handovers from CS => SAE/LTE 
The signalling/ bearer architecture for the subsequent 2G/3G CS to SAE/LTE Handover is illustrated in figure 7.19.1.8.2-2 below.
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Figure 7.19.1.8.2-2: Signalling/Bearer Architecture for the Subsequent HO –Voice bearer anchored at SAE-GW 

NOTE1: after the subsequent handover, the signalling control plan will be transferred from the ICCC signalling to SAE GW (SIP signalling bearer), how the original ICCC signalling can be routed to the ICCF located in the home IMS network will follow the decision taken by the ICS work item.
During the subsequent handover back from CS to LTE procedure, PCHCF only needs to get the target LTE Cell ID from the subsequent handover message as the related bearer information about inter-eNodeB handover has been stored and maintained by the PCHCF-eNodeB/BSC/RNC. 

When the subsequent CS to LTE handover is occurred, the related neighbour LTE cells are configured in BSS/RNS, which, from the BSS/RNS point of view, are regarded as pseudo-CS cells and served by the PCHCF-MSC-S. So, if the BSS/RNS receives the measurement report sent by the UE and decides to trigger the standard inter-MSC handover towards LTE cell, and the standard CS-CS handover message will be sent to the target PCHCF-MSC-S with the target LTE Cell ID to inform the PCHCF the occurrence of subsequent handover.

After that, the PCHCF-eNodeB/BSC/RNC finds out the target LTE Cell ID from the subsequent handover message, and generates the related Relocation Required message using the bearer information maintained in PCHCF-eNodeB/BSC/RNC, and then mimics an inter-eNodeB handover to the real target eNodeB by sending the Relocation Required. The following steps are similar to the standard inter-eNodeB handover. 

7.19.1.8.3
Impact on the baseline CN Architecture

This solution requires new core network functionality (PCHCF). The alternative with optimised bearer preparation requires an enhancement to REL-7 DTF allowing for insertion of MRF in the bearer path of IMS sessions anchored at the DTF.

7.19.1.8.4
Impact on the baseline RAN Architecture

This solution does not require any of the following GERAN features: DTM, EGPRS (EDGE), PS handover, DTM enhancements or VoIP optimisations.
7.19.1.8.5
Impact on terminals used in the existing architecture
****************************************** End Proposed Text *********************************************************
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