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Impacts and Constraints in defining  

Inter-RAT Handovers between GERAN and E-UTRAN
During the LTE GSM workshop in January 2007 it has been agreed [LGW-070038] that there are three main inter-RAT handover scenarios to be considered: handover of voice (VoIP and CS call), handover of packet data services and their combination. The handover of voice services the inter-RAT handover from LTE to GERAN has higher priority.  
Further an extensive set of scenarios has been identified based on the combination of GERAN features. These scenarios are to be used for mapping of the technical solutions in order to easily identify the impacts of the chosen solution on the GERAN. 

In this document challenges and impacts on GERAN of the inter-RAT handovers to/from LTE has been considered. Challenges arise mainly for the handover of voice services due to the missing CS domain in LTE. Further there are constraints arising from different level of specifications of GERAN and E-UTRAN as well as from the limitations of the deployed GERAN networks. In order to estimate the impacts of inter RAT handovers to/from E-UTRAN in GERAN an exercise is shown  presenting at high level concept solutions for a set of GERAN deployment scenarios. 

1. Challenges of GERAN and E-UTRAN INTER-RAT HANDOVER
When defining GERAN – E-UTRAN – GERAN three major challenges arise:

· domain change primarily from PS to CS needed for the handover of voice services; 

· specification constraints;

· limitations imposed by GERAN deployed networks;

1.1 Voice Handover 
Considering that in LTE there is no CS domain the handover of the voice services from GERAN to LTE and vice versa is a challenge due to the domain change needed between CS and PS. 
The concept of the domain change between CS and PS for voice services known as voice call continuity (VCC) between CS and PS is already specified for 3GPP Rel7 [TR23.206]. The Rel7 VCC supports handovers between WLAN VoIP and CS call and it is referred as “dual radio VCC”. 
When considering that GERAN and LTE are two cellular accesses then there can only be a single radio active at a time. This type of the VCC application is referred as a “single radio VCC (SR VCC)”. SR VCC is part of Rel8 features and focuses on the cellular VoIP and CS call handovers with the most important case between LTE VoIP call and GSM CS call. In [TR23.882] several alternatives have been identified on the service continuity between IMS over SAE/LTE access and CS domain. However these alternatives are at very initial state and the actual solutions need to be done still.  
The domain change procedures have quite a broad impact and may have impact on GERAN as well. These impacts need to be evaluated in TSG GERAN once these solutions are decided in 3GPP SA2. 
1.2 Specifications Constraints 
The specification constraints arise mainly between the level of the specifications in E-UTRAN and GERAN. E-UTRAN specifications are at early stage with many open issues still to be solved while on the other side GERAN is an established system evolving with additional features important for E-UTRAN interworking such as support for PS conversational services. 
1.3 Limitations in the deployed GERAN networks 
The impact on the GERAN legacy procedures due to inter-RAT to/from E-UTRAN is highly undesirable. However a distinction should be made when discussing the impacts on the features supported by the deployed GERAN networks and the features already specified in GERAN standards but not available in GERAN deployed networks. The GERAN features which are quite important for the GERAN / E-UTRAN interworking and enable rather straightforward solutions such as PS HO and DTM are not deployed in networks currently. 
[LGW-070038] presents an extensive list of different combinations of GERAN supported features relevant for the inter-RAT handovers between GERAN and E-UTRAN.

2. Handover Mechanisms
In [LGW -070038] three main handover scenarios are identified depending on the service to handover: 
· Handover of voice services (CS voice and VoIP);
· Handover of packet data services: real-time (other then VoIP) and best effort services;
· Handover of voice and packet data services.
Possible mechanisms to facilitate GERAN to E-UTRAN handovers and vice versa are in GERAN side: 
· CS handover over the A interface in GERAN;
· PS handover over PS domain in GERAN;
· relocation/handover mechanisms in E-UTRAN through the PS domain.
Different handover solutions are possible depending on the GERAN supported features as depicted in [LGW-070038].  The following scenarios are chosen in order to identify / evaluate the impacts imposed on GERAN:

· CS Handover supported, cell change/update for PS data (basic GPRS/EGPRS), i.e. features supported by most of the current deployed GERAN networks.
· CS Handover, PS Handover;
· CS handover and DTM with its enhancements;
· CS Handover, PS Handover, DTM with its enhancements, support for PS conversational services (VoIP).
For these scenarios in the sections below high level conceptual solutions is given as well as an estimation of their impacts on GERAN. 

3. Concept solutions for Inter-RAT Handover from GERAN to E-UTRAN and vice versa 
In the Table below several concept solutions are shown for inter-RAT handover from GERAN to E-UTRAN. The purpose of these solutions is to give an indication of the possible mechanisms to facilitate detailed complete technical solutions and to estimate the impacts on the GERAN and 2G CN.
Table 1. Concept solutions for GERAN to E-UTRAN handover
	GERAN

Features
	Scenarios 

	CS HO
	Scenario 1: Partial Handover via Gs interface (BSS, MSC => SGSN =>E-UTRAN)

1. BSS prepares the request for radio resource needed in E-UTRAN for the ongoing CS call

2. BSS initiates CS handover to the MSC with an indicator that this is a handover to E-UTRAN

3. MSC performs signaling to the  SGSN through the Gs interface

4. 2G SGSN performs “handover” - resource allocation request towards the MME/UPE 

5. VoIP procedures are initiated in E-UTRAN

6. The allocated resources are propagated back to MS via SGSN, BSS

7. MS receives the allocated resources as part of HANDOVER COMMAND 

8. MS moves to E-UTRAN on the allocated channel and continues with VoIP

9. MSC releases the CS call

	
	Scenario 2: E-UTRAN Resource Allocation Request via Gb Interface (BSS, SGSN => E-UTRAN) 

1. BSS prepares the request for radio resource needed in E-UTRAN for the ongoing CS call

2. BSS utilizes the BSSGP signaling (or new signaling could be defined) to indicate that there is a need to prepare the resource allocation for the ongoing CS call in E-UTRAN

3. 2G SGSN performs “handover” - resource allocation request towards the MME/UPE 

4. VoIP procedures are initiated in E-UTRAN

5. The allocated resources are propagated back to MS via SGSN

6. MS receives the allocated resources as part of HANDOVER COMMAND 

7. MS moves to E-UTRAN on the allocated channel and continues with VoIP

8. MSC releases the CS call

	CS HO, DTM
	Same as above. In addition to the above PS resources of the ongoing data session can be indicated as well and the MS can be in dual transfer mode

	CS HO, PS HO 
	Scenario 3: PS handover 

For CS voice:

4. BSS prepares the request for radio resources needed in E-UTRAN for the ongoing CS call

5. CS call could be indicated prior to handover to E-UTRAN such that the signaling path is setup in E-UTRAN prior to handover. 

6. BSS (e.g. based on the measurement report) initiates inter-RAT PS handover request to E-UTRAN

7. eNodeB prepares the PS Handover Command upon successful call setup

8. PS Handover Command is sent to MS through the E-UTRAN RAN and CN nodes and SGSN 
9. MS will move to E-UTRAN and be able to switch to the PS domain on the allocated physical channel and continues with the VoIP voice call
10. BSS  terminates the CS call in GERAN 

For PS Services:

E-UTRAN inter-RAT PS handover procedures from GERAN (to be defined) 

	CS HO, DTM, DTM Enhancements 

PS HO  

VoIP 
	Scenario 4:  DTM Call and PS handover

For CS voice

For each E-UTRAN capable mobile utilizing DTM call establishment an MS or network will, in GERAN:

Establish the CS call; 

For the same CS call initiate “VoIP standby” call using the DTM principles for PS call establishment.

       Note: “VoIP standby” is a virtual call with no physical radio resources allocated, but where the signaling path is established end-to-end and is ready to use.  This VoIP call does not have to be activated in GERAN unless there is a need for it and if the radio resources and mechanisms are available. During handover to non E-UTRAN cells, e.g. GERAN A/Gb mode for this call the network will always perform DTM handover CS+PS such that the signaling path for “VoIP standby” is preserved when moving to a new cell.

Once the CS call is established and there is an associated “VoIP standby” for this call the network may initiate a handover according to legacy procedures. 

During handover to E-UTRAN there will be only inter-RAT PS handover to E-UTRAN (to be defined) of the “VoIP standby” to E-UTRAN while the CS call in GERAN will be released upon successful completion of the handover.  MSC is not involved in this handover, but it will be informed about the handover procedure.

The “VoIP standby” call will be activated in E-UTRAN upon successful access in this cell.  

For PS services 

E-UTRAN inter-RAT PS handover procedures from GERAN (to be defined)


Table 2. Concept solutions for Inter-RAT Handover from E-UTRAN to GERAN
	GERAN

Features
	Scenarios 

	CS HO
	Scenario 1: Partial Handover via Gs interface (E-UTRAN => SGSN => BSS =>MSC)

1. eNodeB prepares the request for radio resource needed in GERAN for the ongoing VoIP call
2. eNodeB (e.g. based on the measurement report (GSM cell in the neighborhood)) initiates a request to MME /UPE to prepare call setup at the GSM between BSS and MSC prior to handover
3. MME/ UPE propagates this request to 2G SGSN 

4. 2G SGSN informs the MSC about the request from E-UTRAN through the Gs interface

5. MSC initiates a call setup signaling with the BSS and HLR/VLR such that it is ready for use when the MS accesses the GSM cell  

6. BSS  prepares the CS Handover Command upon successful call setup

7. CS Handover Command is sent to MS through the SGSN and E-UTRAN CN and RAN nodes

8. MS will move to GERAN and be able to switch to the CS domain on the allocated dedicated physical channel and continues with the CS voice call

9. eNodeB terminates the VoIP call in E-UTRAN

	
	Scenario 2: Resource Allocation Request via Gb Interface (E-UTRAN => SGSN => BSS =>MSC)

1. eNodeB prepares the request for radio resource needed in GERAN for the ongoing VoIP call

2. eNodeB (e.g. based on the measurement report (GSM cell in the neighborhood)) initiates a request to MME /UPE to prepare call setup at the GSM between BSS and MSC side prior to handover

3. MME/ UPE propagates this request to 2G SGSN 

4. SGSN utilizes the BSSGP signaling (or new signaling could be defined) to indicate that there is a need to prepare the CS resource allocation for the ongoing VoIP call in E-UTRAN

5. BSS initiates call setup procedures towards MSC 

6. BSS prepares the CS handover Command upon successful call setup  

7. CS Handover Command is sent to MS through the SGSN and E-UTRAN CN and RAN nodes

8. MS will move to GERAN and be able to switch to the CS domain on the allocated dedicated physical channel and continues with the CS voice call

9. eNodeB terminates the VoIP call in E-UTRAN



	CS HO, DTM
	Same as above. In addition to the above PS resources of the ongoing data session can be indicated as well and the MS can be in dual transfer mode

	CS HO, PS HO 
	Scenario 3: PS handover 

For CS voice:
1. eNodeB prepares the request for radio resource needed in GERAN for the ongoing VoIP call

a. VoIP call in E-UTRAN could be indicated prior to handover to GERAN for the “CS call standby” if this signaling takes too long such that MSC has done the necessary registrations and updates regarding this mobile

2. eNodeB (e.g. based on the measurement report (GSM cell in the neighborhood)) initiates inter-RAT handover request to GERAN

3. BSS upon PS HO Request initiates a call setup signaling with the MSC

4. BSS  prepares the CS Handover Command upon successful call setup

5. CS Handover Command is sent to MS through the SGSN and E-UTRAN CN and RAN nodes

6. MS will move to GERAN and be able to switch to the CS domain on the allocated dedicated physical channel and continues with the CS voice call

7. eNodeB terminates the VoIP call in E-UTRAN

For PS Services:

E-UTRAN inter-RAT PS handover procedures to GERAN (to be defined) 

	CS HO, DTM, DTM Enhancements 

PS HO  

VoIP 
	Scenario 4:  DTM  and PS handover

1. eNode B initiates PS handover to GERAN for all services

2. BSS prepares the PS HO command for PS services 

3. Inter-RAT PS handover to GERAN (to be defined)
4. MS moves directly to GERAN and continues with the same services


5. Impacts on GERAN 
In the tables below an estimation of the impacts of each of the scenarios described above (Table 1 and Table 2) on GERAN and 2G CN are given:
Table 3. Impacts of the different GERAN to E-UTRAN handover concept solutions on GERAN and 2G CN
	Scenarios
	Impacts

	Scenario 1: 

Partial Handover via Gs interface (BSS, MSC => SGSN =>E-UTRAN)
	MS:  support for protocol stack switch between CS and PS domains

BSS: handling of failure cases, additions to handover signaling with MSC

MSC, SGSN: handling of failure cases, additions to signaling 

Gs interface: New signaling procedures over the GS interface for handover support 

	Scenario 2: 

Resource Allocation Request via Gb Interface (BSS, SGSN => E-UTRAN) 
	MS:  support for protocol stack switch between CS and PS domains

BSS: Handling of failure cases, additions to call setup and handover signaling with MSC
Gb interface: New procedures over the Gb interface 

	Scenario 1 and Scenario 2 are applicable
	Same as above

	Scenario 3:

PS handover 
	MS:  support for protocol stack switch between CS and PS domains 

BSS: Handling of failure cases

	Scenario 4:  DTM Call and PS handover
	MS:  support for protocol stack switch between CS and PS      domains only needed if CS call is ongoing in GERAN

Signaling: Few additions to the DTM signaling and  CS signaling for indicating the “VoIP Standby”


Table 4. Impacts of the different E-UTRAN to GERAN handover concept solutions on GERAN and 2G CN
	Scenarios
	Impacts

	Scenario 1: 

Partial Handover via Gs interface 

(E-UTRAN => SGSN => MSC => BSS)
	MS:  support for protocol stack switch between CS and PS domains

MSC, SGSN: handling of failure cases, additions to signaling 

Gs interface: New signaling procedures over the GS interface for handover support

	Scenario 2: 

Resource Allocation Request via Gb Interface 

(E-UTRAN => SGSN => BSS =>MSC)
	MS:  support for protocol stack switch between CS and PS domains

BSS: handling of failure cases, additions to signaling with MSC

Gb interface: New procedures over the Gb interface

	Scenario 1 and Scenario 2 are applicable
	Same as above

	Scenario 3:

PS handover 
	MS:  support for protocol stack switch between CS and PS domains 

BSS: handling of failure cases

A interface: Indicators/new signaling with the MSC for call setup prior to handover  

BBSGP: new indicators in PS HO signaling for VoIP

Note: If E-UTRAN terminal has VoIP and other data sessions ongoing in E-UTRAN without the DTM in GERAN only VoIP can continue while the rest of the services have to be terminated

	Scenario 4:  DTM Call and PS handover
	  None

  Note: if VoIP is to be continued as CS call MS needs to support protocol stack switch between CS and PS domains only.


6. Conclusions

The preference on supporting inter-RAT handovers between GERAN and E-UTRAN without any investments in GERAN networks cannot be fulfilled because as shown in this document the changes to legacy procedures in the deployed networks are inevitable. 
Further solutions utilizing only currently deployed network mechanisms i.e. CS handover are complex, costly and it is questionable whether the inter-RAT handover requirements will be met. 
From the impacts of each of the scenarios on GERAN and 2G CN it can be concluded that the more specified features are supported in GERAN deployed networks the more feasible it will be to provide inter-RAT handover from E-UTRAN to GERAN and vice versa. Specifically:
· PS handover should be the handover mechanism for inter-RAT GERAN to/from E-UTRAN handovers;

· DTM and its enhancements would bring support for full inter-system handover where all the ongoing packet data services could continue in GERAN;

· VoIP support in GERAN would enable seamless inter-RAT handover with minimum changes in GERAN and 2G CN  
It is likely that any performance analysis will show that Scenario 4 where GERAN is equipped with PS HO, DTM and VoIP is the best performing in terms of service interruption times set by 3GPP for inter-RAT handover to/from E-UTRAN.
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