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Abstract of the contribution: This contribution discusses the value of redirection, a GERAN/RAN2 mobility mechanism, as an interworking mechanism to redirect services from LTE to CS domain.
1 Introduction

Redirection during call establishment has been extensively used in legacy networks for load balancing and redirection of certain services that cannot be supported in the current network. In E-UTRAN, redirection has been identified as one important mechanism to meet the E-UTRAN mobility drivers agreed in [7] and in addition can be used for as an interworking mechanism from LTE to CS domain.
The main characteristic of redirection is its capability to redirect a terminal during idle to active transition.
An example of redirection of a mobile originated call (MOC) in UTRAN is described in Figure 1.
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Figure 1: Redirection in UTRAN

2 Redirection and Service continuation from LTE to CS domain

SA2 is currently discussing alternatives for voice continuation between LTE/SAE to the CS domain. Following the discussions it seems that no single solution is able to satisfy the different operator needs at the moment. This paper focuses on the redirection from LTE to CS domain during call establishment.
The service continuation to CS domain needs to use one of the two different paths:
 a) Via Inter-RAT PS handover (e.g. in conjunction with combinational VCC, CVCC)
b) Via Inter-RAT PS->CS handover

In our view, path a) is a the long term solution towards VoIP convergence and therefore investing in solutions based on inter-RAT PS handover such as CVCC solution is a one-time investment as the same solution will facilitate interworking with legacy GERAN/UTRAN PS domain.

However, there were concerns about the long voice breaks that the CVCC alternative will introduce in case GERAN does not support PS handover and DTM features.

Redirection of VoIP calls to CS domain in another RAT during call setup phase can be one mechanism to address the concern above and be utilized to reduce the need for VCC domain transfer during the transition phase to “all VoIP”. Redirection of VoIP to CS domain can be enabled in particular areas where LTE and GERAN interworking is required and GERAN lacks DTM/PS handover. In those areas, VoIP calls in LTE can be redirected to CS domain during the call establishment phase and once the voice call is released, the terminal may be redirected/reselected back to LTE again, if applicable.

Figure 2 shows an example to overcome long service breaks in some GERAN networks (without DTM/PS handover support). LTE areas overlapped with UTRAN (LTE1) could rely on CVCC procedures. In LTE areas that demand interworking with GERAN (LTE2), voice redirection to CS domain can be used if GERAN is not equipped with DTM and PS handover. From the end user experience perspective, on LTE side this would mean that data transfer will be interrupted upon incoming/outgoing voice calls, while in GERAN side voice and data cannot be carried out simultaneously if DTM is not supported. 
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Figure 2: Scenario with LTE interworking with UTRAN and GERAN
2.1 Signalling flow
A basic signalling flow for redirection in SAE is described below by including some redirection procedures used in legacy networks. The signalling for the mobile originated call signalling starts on step 4.
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Figure 3: Service redirection to CS domain
1) INVITE message arrives at the S-CSCF (IMS).
2) Downlink data to SAE GW

3) Paging procedures. In order for eNodeB to apply redirection for voice calls to CS domain, the paging message should include some information of the service being requested (FFS). 

4-6) Redirection procedures in the radio access network. In step4, the terminal request a connection and include the IE: establishment cause [6] which provides information about the service being requested. After the redirection decision, eNodeB should specify the domain in GERAN/UTRAN where the voice/service call will be established (in this case, CS domain).

7) Redirection procedures in the core network should be implemented in SAE so that IMS redirects the call request to the CS network. This step may be only needed for terminated calls.
8) UE abandons E-UTRAN and change to GERAN/UTRAN right after step 6.
9) CS call establishment procedures between UE, MSC and IMS.

10) Voice call proceeds in GERAN/UTRAN CS domain. IMS Media Gateway connects the media used for the IMS session.
3 Redirection to CS domain: Advantages and Disadvantages 
Advantages

1) Redirection during call establishment is a simple mechanism that can be used with any GSM/GPRS/EDGE/UMTS deployed network with minimal changes to those networks. 
2) It does not require changes to current SAE/LTE architecture and in terms of the specifications it can be standardized with minimum efforts. 
3) During the interworking to CS domain, redirection avoids service breaks in the voice call as the inter-working occurs before the voice session is established.

Disadvantages

1) While voice will certainly remain a service of primary importance in the future as well, a major drawback of this solution is that it assumes (but does not impose) that no voice calls are realized in LTE
2) Additional delay is added to the voice call establishment as the UE should first register to the CS network before the voice call is established.

3) No support for packet data transfer during an ongoing call (if DTM is not supported), the data transfer would be interrupted upon incoming and outgoing VoIP call which has impact on service provisioning. 
4) It must also be understood that such redirection could trigger a heavy load in the target system to levels that would require additional capacity investment in the target system.

5) If redirection is applied for the originating sessions, the terminal should be able to switch from VoIP call control to CS call control.

6) Redirection case indication towards IMS and its handling there should be specified.

4 Conclusion
As outlined in this paper, redirection could be used as an interworking procedure to redirect services from LTE to a CS domain at call establishment. The sourcing companies ask SA2 to consider the findings of this paper while specifying interworking between LTE and other RATs.   

In particular, the sourcing companies recommend the specification in SA2 of both: 

· Redirection as a simple viable interworking solution between LTE and GERAN/UTRAN that could apply in a number of scenarios (early LTE deployment, load balancing, etc.). However it should be noted that redirection as a systematic mechanism for early LTE deployment might require additional capacity investments in the target system. 
· Combinational VCC as a long term and the only solution for full seamless mobility for both voice and packet data services (solution relying on GERAN Scenario 11(14) [8])
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3 RRC: connection reject (terminal is commanded to another system)
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