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1. 
Introduction

In RAN#58 plenary meeting, a new SI Proposal on RAN Enhancements for UMTS/HSPA and LTE Interworking was agreed in [1]. One of the objectives of the study item is to evaluate optimizations for the interworking between UMTS-LTE, and in [2] possible criteria for the optimization evaluation were discussed. 

In this contribution we wish to discuss how to create a reference point for the optimizations, where the reference is the performance that can be achieved with the current standardized mechanisms. We will present an initial methodology to evaluate the performance of connected mode load balancing techniques, namely 

a) call redirection, and

b) inter-RAT handover.

For simplicity and clarity, the focus lies on the evaluation metric of network efficiency [2], and we limit this proposal to the evaluation of scenario 3 of [3].  

2. 
Proposed comparison methodology

2.1
Evaluation metric and dependencies

One of the main objectives of the Study Item in [1] is to achieve fast load balancing, thus improving the end user performance. Consequently, the main metric here proposed will be the user plane throughput gain with respect to a baseline mechanism. The user plane throughput falls into the category of network efficiency as proposed in [2]. 

It is proposed that three mechanisms are compared, all of which offer possibilities to achieve load balancing:

1. Random RAT allocation at the beginning of a call. This will be used as a baseline.

2. Call Redirection at the start of the call, in order to choose the best RAT for the call. This is based on available load information and comes at the cost of some additional call setup delay.

3. Handovers during the call, when the conditions on the other RAT are more beneficial for the user. This comes with the drawback of a small gap for the end user in the data reception and transmission.
For handover, the dependency of the delay of load information and impact of the handover gap and delays on the user throughputs should be taken into account.  Similarly, for call redirection, the dependency of throughput gains from the redirection delay and the age of the load information should be also considered. See Table 1 below.
Table 1: evaluation metric and dependencies for the two load balancing techniques
	Load Balancing Technique
	Call Redirection (at call start)
	Inter-RAT Handover (during call)

	Evaluation metric
	User plane throughput gain compared to the baseline mechanism (Random RAT allocation at call start)

	Dependencies
	Redirection delay
	Handover gap and delay

	
	Age of load information


2.2
Evaluation scenario parameters

The proposed evaluation scenario may be characterized as follows:

1. Air interface modeling. The air interface in uplink and downlink can simply be modeled by taking the amount of users with data to be transmitted or received into account, like for instance depicted in the Figure 1 below, where the downlink throughput (in bps) is shown as function of the number of active users. The model does not consider the distance from the UE to the cell, as that is not believed to have a significant impact on the conclusions. The different amounts of spectrum and multi carrier configurations can simply be modeled from this. At least the configuration with one carrier for 3G and one for LTE should be considered.
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Figure 1: Example of downlink air interface modeling. User throughput expressed in bps.
2. Traffic model parameters. We propose to model the bursty traffic source with file size distribution according to [4].  In order to represent different offered loads it is proposed to use two different mean packet size values as shown in Table 1.
Table 2: Traffic Model
	Parameters (packet sizes)
	PDF

	Mean = 500 kbytes  
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	Mean about 4Mbytes 
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The file size distribution is also visualized in Figure 2. 
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Figure 2: File size distribution in Bytes.
3. Offered load per carrier. The offered system load is given then by the mean file size multiplied by the mean user inter-arrival time. It is proposed to model a Poisson interarrival process of mean interarrival time of 100 sec.
· interarrival time: Poisson process with Lambda = 1/100 per sec per UE
The model will then work as follows: Users are generated according to the arrival process. They will be allocated to a carrier according to the chosen technique. Their instantaneous transmission rate is given by the instantaneous amount of users on the carrier. Once a user has finished transmission of its file it will disappear. The resulting user TP will be a function of the allocation technique.
Further details for each considered technique are:

1. Random RAT allocation at the beginning of a call: random allocation to either RAT at the start of a call and no subsequent redirection or handover.
2. Call Redirection at the start of the call: redirect to the other RAT at the start of the call if a better user throughput can be achieved for the considered user. Different setup delays may be evaluated.

3. Handovers during the call: Handover to the carrier which has better user performance. The carrier quality is checked every x ms and a gap in the transmission is considered if the handover is made of y ms. The values x and y may be chosen according to empirical data.
3. 
Conclusions and proposals
In this discussion paper we described a potential evaluation method that can be applied to already existing load balancing mechanisms, such as inter-RAT HO and call redirection. In Section 2.1 the evaluation method was described: it consists in simulating the throughput of each mechanism and comparing it to the one of the baseline mechanism (random RAT assignment at the beginning of a call). Section 2.2 defined the setup parameters necessary for simulations.

Proposal: Use above described throughput based method to evaluate already existing load balance mechanisms as well as new proposed ones, and capture the results of the evaluation in the TR.
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5. 
Change proposal for TR 37.852
7
Enhanced Interworking: description and comparison of the different options

This chapter will identify possible improvements compared with the existing interworking and interoperation procedure, if any. Potential options list below could be beneficial to inter-RAT connected mobility, call redirection or load balancing. 

7.1
Load balancing
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7.1.3         Evaluations and comparisons
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Table 7.1.3-1: User Plane throughput gain compared to random RAT allocation
	Load balancing mechanism 
	Call redirection at call start
	Inter-RAT HO during call
	New Solution 1
	New Solution n

	Average UP throughput gain (compared to random RAT allocation at call start)
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