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1. Introduction

This contribution shows E-UTRA for downlink system level simulation results for VoIP data for 1.25 MHZ transmission bandwidth, 900 MHz carrier frequency and 1000 m ISD (simulation case 4). Impact of the packet bundling to the VoIP system performance is analyzed, assuming that 1.0 ms TTI is used. According to our analysis with packet bundling up to ~120 users could be supported in a sector for case 4, assuming that 7.95 kbps AMR is used with 100 ms delay bound. The results show that high VoIP capacity is possible with limited amount of signalling even without persistent allocation.
2. Simulation Assumptions 
VoIP traffic is modelled as 2-state Markov model with 50 % Voice activity. VoIP traffic related assumptions are listed in the Table 1.

	Parameter
	Value 
	Explanation

	Voice activity
	50 %
	

	Mean value of DTX on/off period length
	3.0 s
	The length of DTX on/off periods are negatively exponentially distributed random variables

	SID
	Not modelled
	During silent periods nothing is transmitted

	Voice codec
	AMR 7.95 kbps 
	

	Voice packet size
	28 bytes
	Size of the voice packet (including ALL overhead)

	Call length
	60 s
	


Table 1 VoIP traffic model related assumptions
In our simulations we have used a reduced set of three MCS levels. They are defined in the Table 2. The last column contains the number of VoIP packets that could be fitted into a TTI assuming that transmission resources are evenly divided between two users per TTI – i.e. each scheduled user gets three (3) physical resource blocks (total 36 subcarriers). Moreover, we have assumed that 4 out of 14 OFDM symbols are used for control overhead. Maximum number of bundled packets has been 3 in our study.
	MCS
	Modulation
	Code Rate
	No. of VoIP pkts in a TTI

	1
	QPSK
	0.333
	1

	2
	QPSK
	0.667
	2

	3
	16-QAM
	0.5
	3


Table 2 Used MCS levels
Assumptions related to packet scheduling are listed in the Table 3.
	Assumption
	Value
	Explanation

	Number of FD multiplexed users
	2
	

	Used PS algorithm
	1) TD PF without packet bundling
2) TD PF with CQI based packet bundling
	If packet bundling is used, up to 3 VoIP packets could be bundled together

	Delay bound
	100 ms
	VoIP packets exceeding the delay bound are discarded

	User dropping
	Enabled
	User is dropped if more than 15 % of the packets during an observation window of length 10 s are lost


Table 3 Packet scheduler related assumptions

Additional simulation parameters are provided in the Table 4, Table 5 and [1].
	Parameter
	Assumption/Value

	Cellular layout
	Hexagonal grid, 7cell sites, 3 sectors per site

	Inter-site distance (ISD)
	According to Table 5

	Distance-dependent path loss
	L = 120.9 + 37.6log10(R), R in kilometers

	Shadowing standard deviation
	8 dB

	Correlation distance of Shadowing
	50 m

	Shadowing correlation
	Between cells
	0.5

	
	Between sectors
	1.0

	Penetration loss
	According to Table 5

	Carrier frequency
	According to Table 5

	Bandwidth
	According to Table 5

	Subcarrier spacing
	15 kHz

	Sub-frame duration 
	1.0 ms

	Number of physical resource blocks
	6

	Resource block size
	180 kHz (12 subcarriers)

	Number of OFDM symbols per sub‑frame
	14 (10 for data, 4 for pilots and control)

	Channel model
	Typical Urban (TU) with 20 taps

	UE deployment
	Uniform random spatial distribution over all cells

	Hybrid ARQ scheme
	Chase combining

	Hybrid ARQ round trip delay
	3 ms

	Max number of hybrid ARQ retransmissions
	3 

	Thermal noise density
	-174 dBm/Hz

	Antenna pattern (horizontal)
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	Total BS TX power
	43 dBm 

	BS antenna gain (incl. cable loss)
	14 dBi

	BS transmitter
	1 antenna

	UE speed 
	3 km/h

	UE receiver
	2 antennas with MRC 

	UE antenna gain
	0 dBi

	UE noise figure
	9 dB

	Channel estimation
	Ideal

	CQI feedback delay
	4 sub‑frames

	CQI rate
	Once in a sub-frame

	Link to system level interface
	EESM


Table 4 General simulation assumptions
	Simulation
	CF
	ISD
	BW
	PLoss
	Speed

	Cases
	(GHz)
	(meters)
	(MHz)
	(dB)
	(km/h)

	1
	2.0
	500
	10
	20
	3

	2
	2.0
	500
	10
	10
	30

	3
	2.0
	1732
	10
	20
	3

	4
	0.9
	1000
	1.25
	10
	3

	5
	2.0
	1732
	5
	20
	3


Table 5 Simulation cases

3. Simulation results
Impact of packet bundling to the VoIP system capacity in Case 4 is presented in the Figure 1. VoIP capacity is defined as the number of users that could be supported in a sector without exceeding 5 % outage. A user is considered to be in outage, if during the call at least one short term window of length 10 seconds is regarded as a bad quality. Short term window is regarded as a bad quality if more than 5 % of the packets are lost (i.e. either erroneous or discarded). As can be seen from the figure, utilization of packet bundling provides almost 100 % improvement to VoIP capacity compared to without packet bundling case.
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Figure 1 VoIP capacity in Case 4
4. Conclusions

In this contribution we have analyzed the impact of packet bundling to the VoIP downlink system performance for E-UTRA case 4. Our results show, that by utilizing packet bundling ~ 120 VoIP users per sector can be supported. Conclusion is that packet bundling is a good way to boost VoIP capacity whilst keeping the DL control overhead at minimum.
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