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1. Introduction

Several results of Rel’8 mobility performance have been shown in RAN1 recently (e.g. Nokia/NSN’s earlier results [1,2]), analysing the performance of mobility under very challenging environments. In this paper, we continue the analysis of VoIP mobility performance in Manhattan scenario, especially related to concerns that TTT = 0 ms is not really a reasonable parameter value in practice.Also, these results consider the combined UL+DL case, whereas the earlier results were for DL only.
2. System level simulations in Manhattan scenario
Similarly to results in [1, 2], these simulations were run in a Manhattan scenario presented in Figure 1 with a fully dynamic time driven simulator that simulates UL and DL directions simultaneously with a symbol resolution. General simulation assumptions are summarised in Annex A. The scenario consists of 11 columns and 12 rows of 200m x 200m buildings separated by 30m wide roads. Users move along the roads and never enter the buildings. To avoid the border effects, user movement was also restricted to the middle light blue area of the scenario, and blue/black circles represent the eNode-Bs where users were allowed to connect, and the statistics were collected from the blue eNode-Bs. The green outermost base stations were used as interferers, again to decrease the border effects: The load in interfering sites is mirrored from centre sites, resulting in uniform interference conditions over whole area.
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Figure 1 Manhattan scenario
Users move within the allowed area with constant velocity and the turn probability in the crossings is 0.5. The traffic model used Voice-over-IP traffic with AMR 12.2 kbps packet size, with VoIP capacity being defined according to assumptions in [5]. Both UL and DL were scheduled with a dynamic PDCCH model, where each UE could use a different aggregation level depending on its channel conditions and PDCCH allocations could get lost if the channel conditions were bad. Handover commands and UE measurement reports were sent as control PDUs over the air and retransmitted normally with HARQ and ARQ if necessary. Dynamic scheduling algorithms were used for both UL and DL, i.e. semi-persistent scheduling was not used in these simulations.
2.1 VoIP Capacity in Manhattan Scenario
The VoIP capacity is calculated according to combined UL+DL capacity: The call is successful if both of its directions are satisfied. The satisfaction criteria is the same as used in [2] (i.e. a user is satisfied is 98% of the VoIP packets are received with less than 50 ms delay in both UL and DL directions, and system capacity is reached when 95% of users are satisfied.).
Table 1 – Combined UL+DL VoIP Capacity in Manhattan Environment
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Figure 2 – PedA channel, 3 km/h
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Figure 3 – PedA Channel, 30 km/h


Table 1 shows the combined capacity for 3 and 30 km/h cases for cases with 

1) No L3 filtering (200 ms sliding window) and for L3 filtering over one L1 filtering period (400 ms sliding window) 

2) TTT = 0 ms (shortest possible value) and TTT = 64 ms (second-smallest non-zero value in 36.331 [3]). 

3) HO Margin = 3 dB and HO Margin  = 6 dB

The results indicate that TTT = 0 is not required to achieve good VoIP capacity: TTT = 64 ms gives almost as good VoIP capacity,.and having L3 filtering does not make a big impact on the combined VoIP capacity. The more HO delay (either with increased HO margin or with L3 filtering) is introduced, the more the overall capacity drops, but the decreases remain moderate in all the cases. Finally, increasing HO margin seems preferable to increasing L3 filtering.
SINR Figures
Table 2 shows the figures of UL/DL SINRs for 3/30 km/h simulation cases: It is seen that the actual experienced SINRs do not really change even when the parameters are changed, which is also evidenced by the capacity figures which show close capacities for all cases.

Table 2. SINR Curves for the simulated cases
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Figure 4 – UL SINR, 3 km/h
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Figure 5 – DL SINR, 3 km/h
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Figure 6 – UL SINR, 30 km/h
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Figure 7 – DL SINR, 30 km/h


2.1 Handover & RLF Performance with VoIP
In this section, we analyse the handover/ping-pong and RLF frequency in the simulation cases.  REF _Ref228603425 \h 
 Table 3 shows the handover distances (equivalent to HO frequency) and ping-pong frequency (i.e. how many of the handovers are ping-pongs) and Table 4 shows the RLF detection and recovery rates.
Table 3. Distance between handovers and ping-pong rate for 3 and 30 km/h
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Figure 8 –Distance between Handovers, 3 km/h
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Figure 9 – Distance between Handovers, 30 km/h 
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Figure 10 –Ping-pong rate, 3 km/h
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Figure 11 –Ping-pong rate, 30 km/h


The handover and ping-pong results of 3 and 30 km/h show quite expected behavior: TTT = 0 ms results in quite a lot of handovers and ping-pongs with 3 dB margin, but either increasing the margin or using L3 filtering helps in reducing the amount of handovers. Further, there is almost no discernable difference when comparing the results between TTT = 0 ms and TTT = 64 ms, indicating that the small TTT can perform more or less equally well as TTT = 0 ms in the Manhattan scenario.
Table 4. RLF detection and recovery rates/call for Manhattan cases
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Figure 12. RLF detections/call, 3 kmh
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Figure 13. RLF detections/call, 30 km/h 
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Figure 12. RLF recoveries, 3 kmh
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Figure 13. RLF recoveries, 30 km/h


With 3 km/h, very few RLFs happen, but with 30 km/h, around 5% of calls can experience RLF, and also around 5% of the detected RLFs end up being recovered (i.e. UE doesn’t move to RRC_IDLE). Since typically the most difficult handover situation happens when UE turns a corner and a new strong eNB appears, it is essential that measurement reports are sent with as little delay as possible, However, since L3 filtering always increases the reporting delay, but increasing the margin does not necessarily do that (because the transition from NLOS to LOS propagation can change the pathloss to a eNB by a large amount very quickly), L3 filtering causes more RLFs than increasing the margin (see Figure 12 and Figure 13). However, cross-correlating these to the capacity numbers in Figure 2 and Figure 3 , we see that the higher amount of RLFs does not necessarily convert to lower capacity: For example, 30 km/h withTTT = 0 ms and TTT = 64 ms result in 4% and 6% of RLFs, but the VoIP capacity is the same for both cases.
3. Conclusion

The results show that VoIP performance for a combined UL+DL works well even with mobility. While TTT = 0 ms gives the best capacity numbers, it also results in a heavy handover load and large amount of ping-pongs, and a small TTT like 64 ms reduces the ping-pongs greatly while retaining almost as good VoIP capacity. It is also shown that the amount of RLFs can be reduced by increasing the HO margin or using L3 filtering while keeping the TTT small. Overall, the results suggest that mobility works also with VoIP in Manhattan scenario: Even though certain settings give better capacity than others, the overall capacity is good for all cases. Thus from VoIP service point of view, Rel’8 mobility works.
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Annex A. System simulation assumptions

Table 5. Key simulation parameters

	Feature/Parameter
	
	Value/Description

	Operation Bandwidth
	
	5 MHz

	IFFT/FFT length
	
	512

	Duplexing
	
	FDD

	Number of sub-carriers
	
	300

	NW synchronicity
	
	Asynchronous NW

	Sub-carrier spacing
	
	15 kHz

	Resource block bandwidth
	
	 180 kHz

	Sub-frame length
	
	1 ms

	Reuse factor
	
	1

	Number of symbols per TTI
	
	14

	Number of data symbols per TTI
	
	11

	Number of control symbols per TTI
	
	3

	Manhattan scenario
	Cell layout
	60 omni-sites


	
	Building size
	200m x 200m

	
	Road width
	30 m

	
	Number of UEs per sector
	20

	
	Antenna pattern
	Omni

	Distance-dependent path loss
	
	According to UMTS 30.03 Manhattan pathloss [4]

	Shadowing standard deviation
	
	6 dB

	Shadowing correlation distance
	
	10 m

	Shadowing correlation between cells
	
	0.5

	Multipath delay profile
	
	Pedestrian A

	UE Speed
	
	3km/h and 30km/h

	Handover parameters
	Time-To-Trigger
	0, 64, 128 and 256 ms

	
	Handover Margin
	3 and 6 dB

	
	Handover Execution (i.e. RACH) Delay
	20ms

	
	Handover Preparation Delay
	50 ms

	
	Handover Command Message Size
	300 bits

	
	Measurement Report Size
	200 bits

	
	Measurement report/Handover command message MCS
	QPSK 1/6

	
	
	

	Receiver
	
	2RX MRC

	DRX
	
	Disabled

	Ping-pong HO time interval
	Assume UE is connected to eNB1and first makes HO to eNB2 and then back to eNB1. If the second HO happens within the ping-pong HO interval, the handover is a ping-pong HO
	5 seconds

	RSRP Measurement
	Measurement Bandwidth
	6 PRB

	
	Measurement Interval
	50 ms

	
	Measurement Period
	200, 400 and 600 ms

	
	Relative measurement error
	0 dB

	Radio link failure detection parameters
	Qout
	-8

	
	Qin
	-6

	
	N310
	1

	
	N311
	1

	VoIP parameters
	Call length
	Truncated Negexp, mean 20 s. minimum length 5 s, maximum length 60 s

	
	AMR Codec

	12.2 kbps AMR (38 bytes VoIP packet @ 20 ms intervals when active, 14 bytes SID packet @ 160 ms intervals during DTX), Voice activity 0.5

	
	Delay bound
	50 ms
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