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Redirection of VoIP Calls From E-UTRAN to GERAN Upon Call Setup
1. Introduction

Redirection as a concept is well known in 3GPP. It is used in GPRS to redirect a video call to UMTS or in UMTS to redirect a voice call to GSM to enable more resources for demanding connections. It is also used as a solution in I-HSPA system which redirects UE to traditional WCDMA or 2G when UE requests CS services, which require CS RABs. 

Redirection mechanism will be used between E-UTRAN and GERAN at least for load balancing[2] in the same manner as between UTRAN and GERAN.  The redirection may be used also in case a dual mode (GERAN/E-UTRAN) would initiate a high data rate service available only in E-UTRAN in which case the redirection would be performed from GERAN to E-UTRAN.
This document describes a specific solution for redirection of the E-UTRAN VoIP calls to GERAN CS domain upon call setup. This mechanism described in this paper complements mechanisms such as cell reselection and handover. However the redirection mechanism has a much broader scope and can be used for different purposes between E-UTRAN and GERAN.
This paper focuses only on the redirection of E-UTRAN VoIP calls to GERAN CS domain upon call establishment. It must be noted that this concept has been presented in GERAN#34 [4].
2. Principles  

The redirection of E-UTRAN VoIP calls to GERAN CS call presented in this paper assumes a GERAN network without DTM and its enhancements and PS handover. It is based on the following principles:

1. redirection is supported for both mobile originated and mobile terminated calls (see Figure 1, Figure 2);

2. redirection from E-UTRAN to GERAN is performed during the call setup;

3. redirection to GERAN is performed only for VoIP calls;  

4. in GERAN the CS voice call is established following common CS call establishment procedures described in TS23.003;

5. for the duration of the call the terminal remains in GERAN;

6. upon call termination the terminal may be redirected back to E-UTRAN provided that the E-UTRAN is available;

7. the support for PS data in GERAN during the ongoing call depends on the availability of DTM on GERAN;

The basics of the redirection mechanism between E-UTRAN and GERAN is depicted in Figure 1 and Figure 2 below.
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Figure 1. Redirection of E-UTRAN VoIP call (MS/UE originated)to CS domain in GERAN
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Figure 2. Redirection of E-UTRAN VoIP call (MS/UE terminated) to CS domain in GERAN

Redirection of *all* voice calls to GERAN would also solve the problem of providing voice service continuity across areas where E-UTRAN coverage is not assured: by transferring a voice call to the GERAN CS domain during call setup, there is no need for a seamless E-UTRAN PS to GERAN CS (or vice versa) handover mechanism, since all voice calls would remain in GERAN CS domain for the duration of the call.
3. Signaling Flows for Redirection of VoIP Calls 

In the sections below in Figure 3, Figure 4 respectively the detailed signaling flows for the redirection are given for both mobile originated (MOC) and mobile terminated (MTC) call.

In both cases what is needed is that the eNodeB is aware of the VoIP session. For the MOC an indicator is needed in the RRC Connection Request as shown in Figure (3), while for the MTC an indicator is needed as part of the paging as shown in Figure (4).

Signaling procedures with the CN on handling of the redirection need to be specified as well in SAE / LTE [3].

3.1 Redirection of terminal originated E-UTRAN VoIP Calls to GERAN CS domain
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Figure 3. Signaling flow for the redirection of the MOC voice call

3.2 Redirection of terminal originated E-UTRAN VoIP Calls to GERAN CS domain
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 Figure 4. Signaling flow for the redirection of MTC voice call 

4. Advantages and Disadvantages 

The biggest advantage of the redirection of the voice calls from E-UTRAN to GERAN as presented in this paper is that it is a very simple solution that can be used with any GSM/GPRS/EDGE/UMTS deployed  network without any changes to those networks (e.g. does not require DTM, PS Handover etc.).
If this mechanism were used for *all* voice calls, then the problem of providing seamless handover of voice calls from the early E-UTRAN deployment between E-UTRAN and GERAN does not arise. However a major drawback is that this solution imposes that no voice calls are realised in E-UTRAN, while the target systems (GERAN) would become very heavily loaded, leading to an inefficient use of spectrum. However it is a viable solution for the early deployment phases of E-UTRAN in particular for those operators that are not willing to invest in their GERAN networks in order to support seamless mobility from the early deployment. 
Furthermore there is no support for packet data transfer during an ongoing call, and any ongoing data transfer will be terminated upon call initiation. However, it should be pointed out that a similar problem exists for SR VCC solutions relying on GERAN networks with only CS handover support (and where no data continuity in GERAN is supported). The difference between the two being that data transfer in those cases will be terminated upon each handover to GERAN due to missing PS handover and DTM in GERAN, while with the redirection as proposed in this paper the data transfer will be terminated upon voice call establishment. Whether this comparission holds depends on the frequency of handovers to GERAN and frequency of voice calls in E-UTRAN. In the early phase of deployment of E-UTRAN it may be that they would be equal. From this perspective the redirection is equal to any SR VCC solution relying on basic GERAN networks (Scenario 1 [1]) that support CS handover only. 
5. Conclusion 

Redirection as an interworking mechanism will be used between GERAN and E-UTRAN at least for load balancing. The specific redirection mechanism as presented in this paper provides a simple solution for interworking between E-UTRAN and GERAN for voice services without impacts to existing deployed networks viable only as a short term solution for the early deployment of E-UTRAN. However it should be noted that redirection as a systematic mechanism for early E-UTRAN deployment might not be possible without investments in the target system. Compared to current SR VCC solutions in 3GPP targeting voice services only based on GERAN Scenario 1 [1] considering the complexity in core network, standardization efforts and the cost of implementation, for the early phase of E-UTRAN deployment, redirection as presented in this paper is more advantageous for those operators that require no investment in GERAN networks and require no seamless mobility from the early E-UTRAN deployment.  With respect to PS data continuity  this proposal is equal to any solution based on GERAN Scenario 1 [1] as no PS data transfer is possible during an ongoing call without DTM in GERAN.
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