SA WG2 Temporary Document

Page 5
-


3GPP TSG SA WG2 Architecture — S2#58
S2-072570
25 - 29 June 2007

Orlando, FL, USA

Source:
Huawei
Title:
the discussion about the alternative F
Document for:
Discussion
Agenda Item:
8.7
Work Item / Release:
SAE / REL-8
Abstract of the contribution: This contribution discusses the Alternative F (“Inter-MSC Handover”) in the TR 23.882 and proposes some possible problems with the solution. The present contribution is not affecting or criticizing the general concepts presented in alternative F and is rather seen as further work to make the alternative solution more perfect and practical.
1. Discussion

Alternative F is based on the inter-MSC Handover and PS-PS procedure. The SAE/LTE Evolved Packet Core (EPC) emulates”anchor MSC" functionality and exhibits the “E” interface to the neighbouring MSCs. 
As described in TR 23.882, PS HO of the signalling bearer to relocate the SIP session between the UE and the SIP User Agent function associated with the PCHCF. Downlink signalling packets are queued at PCHCF, to be dispatched to UE via the ICCC logical channel upon completion of Handover.

CS HO (i.e. inter-MSC Handover) is used to set up of CS bearer between UE and MGW in the target CS domain, and the SIP User Agent function initiates a VCC Domain Transfer procedure to redirect VoIP traffic from SAE GW to MGW. Voice bearer anchor is moved to MGW upon Handover to CS and application Layer transfer is required to update the other end with the new SIP session.
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Figure 1: Signalling/Bearer Architecture for Alternative F– non optimised bearer preparation
Upon the completion of HO from to CS, from the EPS point of view, as shown in Figure 1:
(1)The UE is still keep attached in LTE, named pseudo-LTE attached, since the procedure of the SRVCC is just a kind of standard PS-PS Handover for LTE.

(2)The IMS signalling bearer is redirected from eNodeB to PCHCF by sending Update Bearer Request towards SAE GW with the PS HO procedure, which will be used to transport IMS signalling packets if needed, and downlink and uplink signalling packets will terminate and originate at PCHCF.

(3) The new voice bearer anchor is moved from SAE GW to MGW using application layer VCC Domain Transfer procedure, and the new voice bearer is composed of CS bearer (between UE and MGW) and IP bearer (between MGW and remote UE). However, the handling of the S1 bearer and S5/S8 bearer of the IMS voice dedicated bearer is not yet clarified, and more discussion comes next in this paper. 

Upon the completion of HO from to CS, from the IMS point of view:

(1)The HO has no impact on IMS in terms of registration, for the SIP User Agent function associated with the PCHCF will act as SIP proxy to keep the IMS UE’s presence in IMS with the originally registered IP address allocated by EPS and the related UDP port, named pseudo-IMS registered. 

(2)The SIP session between UE and ICCF/DTF is relocated between the UE and the PCHCF with the PS HO procedure and the SIP User Agent function is responsible to handle the IMS signalling packets.
(3)During the application layer VCC Domain Transfer procedure, the original SIP session between UE and ICCF/DTF is replaced by the new SIP session between the SIP User Agent function and ICCF/DTF, and the communication between UE and the SIP User Agent function is achieved by utilizing ICCP over ICCC.
2. The possible problems for alternative F needed to be clarified or solved

(1) How PCHCF gets VDN for the application layer VCC Domain Transfer procedure
Before application layer VCC Domain Transfer procedure, the SIP User Agent function associated with the PCHCF must get the VDN for the UE. As depicted in TS 23.206 and S2-063596, The VDN is configured into the UE during initial provisioning, and that subsequently, VDN be subject to network operator control via OMA Device Management. However, VDN will only be changed infrequently, i.e. on a time scale of hours, days, or weeks – not seconds and minutes. 

However, when PCHCF receives the HO request from LTE, it doesn't have VDN for the UE for the VDN is configured into the UE. So, the PCHCF should acquire the VDN dynamically, which probably increases the overall HO procedure time and requires the network to support the dynamic VDN allocation.
Moreover, as depicted in TS 23.206, the VDN is originally used by the UE to request the ICCF/DTF to perform Domain Transfer to the CS domain from the IMS, but in the alternative F case, the VDN is used by the PCHCF to request the ICCF/DTF to perform the Transfer to a new SIP session from the original old SIP session. This inevitably introduces some new features to the ICCF/DTF.
(2) How the SIP User Agent function generates the invite message for VCC Domain Transfer procedure
In order to generate the invite message, the SIP User Agent function associated with the PCHCF should at least get to know the following information such as the caller SIP URI and the callee URI, and the registered IP address and related UDP port for the UE in IMS. Unfortunately, this related information is stored in the UE and the IMS core. So, during the Handover procedure, it is not easy for the SIP User Agent function to get this related information. Even if the PCHCF can get the related information via some special means, it inevitably increases the overall HO procedure time and leads to a long time bearer/service interruption. 
(3) The problem between the new SIP session and PCC
Even if the PCHCF could get all the related information to generate the invite message, the new SIP session invoked by the invite message will encounter some problems if PCC exists in SAE/LTE. 
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 Figure 2: IMS Voice Bearer Architecture for SRVCC
As shown in figure 2, Voice bearer anchor is moved to MGW upon Handover to CS and application Layer transfer is required to update the other end with the new SIP session. Based on the discussion above, the SIP User Agent function acts as the SIP and keep the IMS UE’s presence in IMS with the originally registered IP address allocated by EPS and the related UDP port, and the IP address and the related UDP port for the voice associated with the new SIP session are allocated by the MGW associated with the PCHCF. Obviously, the two IP addresses and their related UPD port are different. 
However, from the EPS point of view, the UE is still keep attached in EPS (though pseudo-LTE attached). So, during the new SIP session setup procedure, the AF (i.e. P-CSCF) will being trigger the dedicated bearer for the voice media with the IP address allocated by the MGW, which is different from the registered IMS address allocated by EPS. The PCRF will encounter the problem similar to local breakout with dual IP addresses allocated by two different PDN Gateways. Moreover, in this case, it will be more complex since the IP address for voice is allocated by MGW instead of PDN Gateway.
(4) The synchronisation between the original SIP session in UE and the new SIP session in PCHCF
As shown in Figure 3, three SIP sessions related with the procedure of SRVCC are depicted as follows:

1) The original SIP session between ICCF/DTF and remote UE is established during IMS voice call setup initiated in LTE, and will be maintained and kept unchanged unless the IMS voice session is terminated. 
2) The original SIP session between UE and ICCF/DTF is established during IMS voice call setup    initiated in LTE, and will be replaced by the new SIP session between PCHCF and ICCF/DTF, which is invoked by the SIP User Agent function during the procedure of VCC Domain Transfer. 
3) The new SIP session between PCHCF and ICCF/DTF is invoked by the SIP User Agent function during the procedure of VCC Domain Transfer, and replaces the original SIP session between UE and ICCF/DTF.
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 Figure 3: SIP Session Signalling Architecture for SRVCC

As shown in Figure 4, for the current VCC, upon completion of the VCC Domain Transfer, the original old SIP session between UE and ICCF/DTF is replaced by the new SIP session invoked by the VCC Domain Transfer. Since the VCC Domain Transfer procedure is initiated by the UE not the SIP User Agent function, the new SIP session is also located in the UE. So, there is no SIP session synchronisation problem at all.
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Figure 4: SIP session Signalling Architecture for Current VCC with dual radio
However, for Single Radio VCC, as shown in Figure 3, we can see that the new SIP session doesn’t involve the UE at all, and is located between the SIP User Agent function and ICCF/DTF. So, the UE doesn’t have any information about the new SIP session. Then, there comes the synchronization problem between the old and new SIP sessions. 
ICCP over ICCC may be used to synchronize the new SIP session between the UE and the PCHCF. Even so, another problem will arise when subsequent HO back from CS to LTE is considered, which will be depicted in next section.
(5)  Last but not least, the subsequent HO back from CS to LTE
Currently, there is no depiction about the subsequent HO back from CS to LTE for alternative F in TR 23.882. CS to LTE HO may be used, while it may impact the existing CS domain, especially the BSS/RNS. For the convenience of discussion, it is assumed the subsequent HO back from CS to LTE can be triggered with acceptable impacts on the existing CS domain. So, under the assumption above, when PCHCF receives the subsequent HO back from CS to LTE, there are two alternatives to re-establish the dedicated EPS bearer for the voice carrying over CS: to create a new EPS dedicated voice bearer or restore the originally established EPS dedicated voice bearer. 
As depicted for alternative F in TR 23.882, during the HO from LTE to CS procedure, the application layer VCC Domain transfer will be triggered and the new SIP session will be created between PCHCF and ICCF/DTF. So, In the case of subsequent HO back from CS to LTE, a new EPS dedicated voice bearer must be re-created for the new SIP session by sending re-invite towards AF (i.e. P-CSCF). 
However, as depicted in TS 23.401, during the EPS dedicated bearer establishment procedure, the related information such as Radio Bearer QoS and UL TFT will be signalled to the UE by the EPS through the existing signalling radio connection between the UE and eNodeB. However, unfortunately, in the single radio case, during Handover preparation phase, the signalling radio connection between UE and the eNodeB of the target network can’t exist. So, to re-create a new EPS dedicated voice bearer for the new SIP session is not feasible and may be ruled out.

Based on the discussion above, the only left alternative is to restore an established EPS dedicated voice bearer. Obviously, before the HO from LTE to CS, the established EPS dedicated voice bearer has been established during the procedure of the IMS voice call setup initiated in LTE, and the related information (e.g. Radio Bearer QoS and UL TFT) has also been signalled to the UE by EPS. However, based on the depiction in TR 23.882 for alternative F, when the HO from LTE to CS is completed, the handling for the original SIP session between PCHCF and ICCF/DTF and its related EPS dedicated bearer for Voice is not clarified. If the VDN concept for current VCC in TS 23.206 is reused, we can conclude that the original SIP session will be released upon the completion of VCC Domain Transfer. 
But if we intend to restore the EPS dedicated voice bearer in the case of subsequent HO back from LTE to CS domain, then the original SIP session between UE and ICCF/DTF and its related EPS dedicated voice bearer (i.e.S1 bearer and S5/S8 bearer in the case) should be maintained, even though the UE has roamed to CS domain. The more discussion will be depicted in S2-072571.
3. Conclusion
This contribution discusses the alternative F based in TR 23.882 and in the TR 23.882 and also proposes some possible problems with the solution. Herein, the present contribution is not affecting or criticizing the general concepts presented in alternative F and is rather seen as further work to make the alternative solution more perfect and practical.
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