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1. Introduction
In this document, we present E-UTRA DL VoIP capacity results. The simulations are carried out for case 4 i.e. the system BW is 1.25 MHz at the carrier frequency of 900 MHz. Furthermore, HARQ with IR and proportional fair scheduling are used.
2. Simulation assumptions and methodology
The VoIP traffic was modeled as a 2-state Markov process with 50% voice activity, and the AMR 7.95 speech codec without packet bundling was used. In this case a VoIP user generates:

· a voice frame of 224 bits every 20 ms during voice spurts [1],
· a SID frame of 88 bits every 160 ms during speech gaps [1].

As described in [2] the maximum delay bound before deleting a voice packet was set to 40 ms. Further simulation  assumptions are given in Table 1.
Table 1 Simulation assumption
	Parameter
	Assumption/Value

	Cellular layout
	Hexagonal grid, 19 sites, 3 sectors per site

	ISD
	1000 m

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

	Shadowing 
	Lognormal, 8 dB standard deviation

	Correlation distance of Shadowing
	50 m

	Shadowing correlation
	Between cells
	0.5

	
	Between sectors
	1.0

	Penetration loss
	10 dB

	Carrier frequency / System Bandwidth
	900 MHz / 1.25 MHz

	Resource block size
	375 kHz (25 subcarriers)

	Total overhead
	2/7

	TTI
	0.5 ms

	Channel model
	6-ray TU, 3 km/h

	Total BS TX power
	43 dBm

	Antenna pattern 
	As per Table A.2.1.1-3 in [2]

	UE parameters
	As per Table A.2.1.6-1 in [2]

	HARQ
	IR

	Number of retransmissions
	Maximum 3

	Scheduler
	PF 

	Antenna configuration
	1x2

	Channel estimation and CQI reporting
	Ideal

	MCS
	Modulation: QPSK, 16-QAM, 64-QAM; 

Coding Rates: 1/3 to 9/10

	Link to system level interface
	MIESM


3. Simulation results
Figure 1 shows the percentage of satisfied VoIP users vs. the number of users per cell under the assumption that a user with a packet loss rate less than 2 % is satisfied. 
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Figure 1 Percentage of satisfied users vs. number of VoIP users per cell
Assuming a required satisfaction level of 95 % up to 48 users per sector can be served with a conventional proportional fair scheduler and no packet bundling.
4. Conclusion
In this contribution we evaluated the DL E-UTRA VoIP capacity with a plain PF scheduler. Assuming a delay bound of maximum 40 ms the presented results show that for simulation case 4 about 48 AMR 7.95 VoIP users per 1.25 MHz cell can be served. The intention of the investigation is to present a lower bound in case that no VoIP specific optimizations are applied. However, more optimistic scores can be obtained in case when the system is VoIP optimized [3]. Then depending on the modeling of MCS selection/scheduling, channel estimation and CQI feedback delay about 70 to 90 users per cell can be served.
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