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This document discusses the possible alternatives to enable PS-PS session continuity in SIP level. 
Introduction

The present document discusses the transfer of  UE’s SIP session to another access with another IMS registration. At SA2 #53 the S2-062213 proposed a solution for the use case of session continuity using IMS procedures without requiring the support of MIP. SA2#55 approved the feature of multiple simultaneous registrations from a single UE (S2-063934) which provides a basis for session mobility on SIP level. 
Discussion

In S2-062213 the UE-a (which performs the access change) sends a new INVITE including the Replaces header indicating that the new session/dialog should replace the existing session, the INVITE is sent towards the contact address of UE-b (if the contact is a GRUU, otherwise the Public User Identity is used) retrieved from the existing session/dialog, the SDP indicates the new IP address used by UE-a. Replaces header is used in S2-062213 to achieve more seamless media continuity than with a regular new INVITE that is treated a new session.
There are a few issues with this solution, though. The user B may have registered to IMS with multiple UEs, in which case the UE-b should support GRUU in order to prevent forking to all UEs of user B. Another problem is that UE-b should support Replaces header, otherwise the UE-b treats the INVITE as a new request and may e.g. alert the user, in which case access transfer is not seamless from the user A or B point of view, but behaves like with any session request initiation.  Replaces header is optional part of R6, but is not mandated for the UEs to be supported. GRUU will be part of R7, but it’s optional as well. It does not seem feasible to set requirements to the other party UE, for access change performed by UE-a. Third problem is that the UE-a may not be aware of the routable address of the UE-b, in case when the original dialog was initiated by UE-b and privacy was requested. In this case the UE-a is not able to send the INVITE at all. Fourth problem is charging, the UE-b may have initiated the original session between UE-a and UE-b, but after the access transfer the session continues with a session from UE-a to UE-b. 
VCC (TS 23.206) provides a solution for session continuity between CS and PS accesses. It is based on a logic residing in an application server (VCC AS) that maintains the original SIP dialog, and modifies the dialog towards the other party UE (UE-b) when the UE-a initiates the domain transfer by sending an INVITE to the VCC AS. In practice when the UE is moving between accesses like WLAN and UTRAN/GERAN, the system should be able to perform VCC and PS-PS continuity at the same time, if it is wished  to continue seamlessly both voice and other media. 
The biggest problem with the solution in S2-062213 is that it cannot be easily combined with VCC procedures. Let’s consider a scenario where the UE-a which has an ongoing SIP dialog (including voice and other media) with UE-b moves from WLAN to UTRAN/GERAN.  This is illustrated in the figure below.
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According to VCC procedures the UE-a must send a CS SETUP to VDN. On reception of the INVITE generated by MGCF, the VCC AS generates a re-INVITE towards the UE-b. This re-INVITE removes the other media from the SIP dialog, since the MGCF did not offer other media than voice. On the other hand, according to S2-062213, the UE-a should generate an INVITE with Replaces header to UE-b. Note that this INVITE passes also the VCC AS, because the AS is in the path for all SIP dialogs of UE-a, but the VCC AS should only pass it through (after modifying the dialog identifiers) towards the UE-b. If the AS supports the Replaces header, it is assumed it passes the header after modifying it to refer to the dialog towards the UE-b. On reception of the INVITE with Replaces header (assuming that UE-b supports Replaces header), the UE-b replaces the ongoing SIP dialog with the new one, and releases the previous dialog. Depending on whether the UE-a included both voice and other media or only other than voice media to the SDP offer, the result is a SIP dialog over UTRAN/GERAN with voice only or with voice and other media. It may be that the voice session is completely lost, or the voice is carried as VoIP over UTRAN/GERAN, which was not the original intention of UE-a.

Depending on signal order, UE-b may also receive the new INVITE first before the re-INVITE from VCC AS. In that case the INVITE with Replaces transfers the media to UTRAN/GERAN. UE-b that accepts the INVITE with Replaces header generates a BYE for the previous dialog and at this point the original media flow over WLAN is dropped. UE-a receives a BYE in middle of the domain transfer, and it is not able to continue with VCC. As with previous example, the result is that voice is dropped and other media were transferred to UTRAN/GERAN, or also voice is carried as VoIP over UTRAN/GERAN, depending on whether the UE-a included only other media or voice and other media to the SDP offer.

It might be also that the VCC AS does not support Replaces header (this is not defined in TS 23.206, thus depends on implementation), in that case the VCC AS may ignore the Replaces and sends the INVITE without Replaces towards UE-b, or the AS copies the Replaces unchanged to the outgoing INVITE in which case the call-id is not correct from UE-b point of view. In these cases the INVITE is treated as any new session at UE-b.

These examples show that it is not possible to use the solution in S2-062213 together with VCC for multimedia sessions. The UE-a could always perform only the VCC for voice media, which results to lost of other media, and then initiate a new INVITE without a Replaces header for the other media. However, this kind of re-dialling solution does not offer seamless continuity for the media, but is treated as a new session from UE-b point of view.  

As an alternative to S2-062213, the same principles as in VCC can be used also as a solution for PS-PS session continuity. 
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In the figure above, when the UE-a performs access transfer from WLAN to UTRAN/GERAN, it sends an INVITE to the PSI pointing to the AS. The AS then generates a re-INVITE towards the UE-B, this re-INVITE modifies the IP address of the UE-a. The INVITE sent by UE-a may include a Replaces header in order to tie the INVITE in the AS to certain existing SIP dialog. The re-INVITE sent by AS does not include Replaces header. UE-b does not need to support GRUU either, because the INVITE is sent to the existing dialog. Also the same charging factors can be used as with the original session because the existing SIP dialog is used towards the UE-b.
It is very easy to combine this solution with the VCC procedure, due to similarities. See the following example in the figure.
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The UE-a which moves to UTRAN/GERAN, generates an INVITE with Replaces header towards the VDI for other media, and CS SETUP towards VDN for VCC. On reception of the INVITE for VCC, the VCC AS generates a re-INVITE for voice, and for INVITE with other media, the VCC AS generates a corresponding re-INVITE for other media. It is also possible for the VCC AS to combine these two actions into single re-INVITE, in which case the disruption in the media flow is minimal (comparable to disruption in the current VCC).       

The transfer towards the other direction (UTRAN/GERAN to WLAN) would work in a quite similar way.
This function can be specified either as part of VCC Application or separate from it. In any case the interworking with VCC and transfer order of the different media components should be specified in order to attain a working solution for multimedia session handling.
Conclusion
It is concluded that the solution in S2-062213 does not work with VCC procedures. It is also concluded that the solution sets requirements to UE-b which cannot be guaranteed to be supported by every UE. 

It is proposed to discuss and decide if the solution presented here is feasible and desirable from the SA2 perspective. If agreed, Nokia is willing to contribute the corresponding CR to TS 23.228.
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