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1
Introduction

In RAN #39 new work item for HS-DSCH serving cell change enhancements was agreed with the objective to specify necessary enhancements to the HS-DSCH serving cell change procedure. [1] Work item was started since the preceding study item had come to conclusion that performance of serving cell change could be improved in some challenging environments.
Nokia and NSN proposal for enhancement was presented in [2] and compromise proposal in [3]. Purpose of this document is to discuss some issues related to performance of proposed schemes. 
2
Results
Simulation environment used to derive results presented in this contribution was similar to the one used for Manhattan results presented in [4]. Simulation parameters are presented in detail in Annex A.
There have been several proposed procedures in work item so far. All of them can be divided into two categories, one where time of serving cell change is determined based on physical layer handshake procedure from the target cell and one where time is signalled by the UE, which calculated time instant based on preconfigured delay. Question has been raised that delay performance of latter would suffer since preconfigured time delay would have to be dimensioned very conservatively. However preconfigured delay in latter procedure should be set to sum of delay in uplink transmission of measurement report and network reconfiguration time. Purpose of serving cell change enhancement is to enhance performance in difficult scenarios where source cell quality is degrading rapidly. Hence it is beneficial to set the preconfigured delay in a bit more dynamic fashion so that in case of worst case delay UE has to wait for a while for the reconfiguration of target node B after UE has moved to target cell. This way UE can start receiving data from the target cell where signal quality is better as soon as possible and not waste time in receiving data from poor quality source cell. This principle is depicted in Figure 1 where A is preconfigured delay and B is voice interruption time due to UE waiting in target cell. 
It is notable that if handshake from target cell is used then there is a voice interruption due to reconfiguration of the UE HS-DSCH receiver and user plane in network during the time when target node B has already been reconfigured.
Some simulation results of effect of voice interruption to VoIP capacity are shown in Figure 2. In these simulations total time to target cell A+B is assumed to be 150ms. Voice interruption time B is varied and for each curve shown by the legend. Negative value means that voice interruption occurs after target node B reconfiguration as is the case when physical layer handshake procedure is assumed to be used. Results show that differences in VoIP capacity are negligible in all cases and thus usage of more aggressive setting for preconfigured delay parameter is possible. These results should be seen as worst case for procedure using preconfigured delay since interruption in that case does not occur always as is the case in simulations.
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Figure 1 Timing of serving cell change
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Figure 2 Capacity of VoIP assuming different SCC timings
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Conclusion
Simulation results of VoIP capacity have been presented assuming different voice interruptions during serving cell change. It has been shown that short interruption in voice data when UE is still receiving source cell has negligible impact to capacity and hence aggressive parameterization of preconfigured time delay in serving cell change is possible.
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Annex A

Table 4 General parameters for VoIP simulations in macro scenarios
	Parameter
	Value(s)
	Explanation

	Channel model
	Vehicular A
	

	Cell size
	933 [m]
	

	Site to site distance
	2800 [m]
	

	Cellular layout
	Wrap-around macro cell
	

	Number of cells
	21
	

	User velocity
	3 km/h
	

	Time to trigger
	100 [ms]
	Time after serving HSDPA cell change is triggered after initial measurement if it is still better than current serving cell

	Guard Period
	500 [ms]
	Time how long user is prohibited to make another handover after completing one

	Power resources HSDPA
	15 [W]
	

	Power resources HS-DSCH
	10 [W]
	

	Power resources HS-SCCH
	1.25 [W]
	Per multiplexed user

	Code resources HS-DSCH
	10 [multicode]
	

	Packet scheduling algorithm
	VoIP optimized Proportional Fair with dynamic resource allocation
	

	Number of HS-SCCH
	4
	

	Maximum number of transmissions
	4
	

	RLC PDU size
	320 [bits]
	

	Number of SAW channels
	6
	

	Average call length
	40 [s]
	

	Minimum call length
	20 [s]
	

	Maximum call length
	60 [s]
	

	Average activity period
	3 [s]
	

	Average silence period
	3 [s]
	

	Probability to start in silence
	0.5
	

	Packet inter arrival time
	20 [ms]
	Assuming robust header compression, corresponds to 15.2 kbps

	Packet size
	38 [bytes]
	

	VoIP packet delay budget
	80 [ms]
	

	Call drop threshold
	15 [%]
	The call is dropped if more than the threshold percentage of VoIP packets are not received correctly within delay budget, when measured over the observation window length

	Drop observation window length
	5 [s]
	

	Call outage threshold
	5 [%]
	The call is counted to be in outage if more than the threshold percentage of VoIP packets are not received correctly within delay budget, when measured over the observation window length






































