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1 Introduction

In the last RAN1 LTE AH meeting, discussion on the numerology and frame structure for E-UTRA took place. Among other issues, an important building block of the frame structure is the Resource Block (RB) size, which is currently defined as 375 kHz (25 subcarriers). In order to have a simple system design only a single RB size should be supported for all channels in up‑ and downlink. In this context it has been proposed and discussed to consider a smaller RB size than currently defined in TR 25.814 [1]

 REF _Ref143406876 \r \h 
[2]

 REF _Ref143406877 \r \h 
[3]. One of the arguments to decide for a smaller RB size is the concern on VoIP performance for the currently defined RB size. Therefore, in this contribution, we provide our view on the RB size from a VoIP perspective based on downlink VoIP system level performance for simulation case 4 considering RB sizes of 180 kHz, 225 kHz and 375 kHz.

2 Discussion

Assuming that a RB is the smallest resource unit that can be allocated to a user (non-fractional RB allocation), for VoIP (and other traffic with small payload sizes) small RB sizes provide the following advantages over large RB sizes:

· Better AMC granularity, since more RBs fit into a given system bandwidth

· More efficient data transmission to users at high geometries, since higher MCS levels can be supported

· More users can be multiplexed within a single sub‑frame

In contrast thereto, a small RB size generally leads to increased control signaling.

3 Simulation Methodology and Assumptions

AMC and Signaling

Tables 1-3 show the MCS levels, which are defined to fit 28 byte VoIP packets
 on an integer number of RBs for RB sizes of 375 kHz, 225 kHz, and 180 kHz (25, 15 and 12 subcarriers) assuming that 5 out of 7 OFDM symbols in a sub‑frame are used for VoIP data. The tables show that the number of available MCS levels is 3, 5, and 6 for RB sizes of 375 kHz, 225 kHz and 180 kHz respectively. Furthermore, the maximum spectral efficiency for the largest MCS scheme is 1.792, 2.988, and 3.732 info bits per modulation symbol respectively, which shows that with smaller RB sizes MCS levels with finer granularity and MCS levels with higher spectral efficiency are supported.

In order to support a large number of VoIP users simultaneously, up‑ and downlink control signaling overhead for VoIP users should be kept at a minimum. Therefore, we assume a CQI feedback of a single time‑averaged SINR value per UE every 20 sub‑frames, i.e. relatively slow MCS selection every 20 sub‑frames.

Note that differences in control signaling due to different number of MCS levels and finer RB granularity for different RB sizes are not considered in this evaluation.

Table 1 – MCS Levels (RB size = 12
 subcarriers)
	MCS
	Modulation
	Code Rate
	Spectral Efficiency [info bit / modulation symbol]
	Required RBs per VoIP packet

	1
	QPSK
	0.311
	0.622
	6

	2
	QPSK
	0.373
	0.746
	5

	3
	QPSK
	0.467
	0.934
	4

	4
	QPSK
	0. 622
	1.244
	3

	5
	16QAM
	0.467
	1.868
	2

	6
	64QAM
	0.622
	3.732
	1


Table 2 – MCS Levels (RB size = 15 subcarriers)
	MCS
	Modulation
	Code Rate
	Spectral Efficiency [info bit / modulation symbol]
	Required RBs per VoIP packet

	1
	QPSK
	0.299
	0.598
	5

	2
	QPSK
	0.373
	0.746
	4

	3
	QPSK
	0.498
	0.996
	3

	4
	16QAM
	0. 373
	1. 492
	2

	5
	16QAM
	0.747
	2.988
	1


Table 3 – MCS Levels (RB size = 25 subcarriers)
	MCS
	Modulation
	Code Rate
	Spectral Efficiency [info bit / modulation symbol]
	Required RBs per VoIP packet

	1
	QPSK
	0.299
	0.598
	3

	2
	QPSK
	0.448
	0.896
	2

	3
	16QAM
	0.448
	1.792
	1


Multiplexing and Scheduling

We assume that a single VoIP packet per user is transmitted within a 0.5 ms TTI. Moreover, the VoIP packets are mapped in a distributed fashion across the whole transmission bandwidth of 1.25 MHz, where the amount of allocated T-F resources per packet depends on the MCS level according to Tables 1‑3 and equals to an integer number of RBs.

A delay-sensitive and channel‑dependent scheduling algorithm (M-LWDF) [4] incl. dropping of VoIP packets exceeding the delay bound is used. The scheduler delay bound is set to 100 ms. Apart from the restriction given by the multiplexing mentioned above, for simplicity it is assumed that the scheduler has full flexibility in terms of user allocation, i.e. UE DRX operation is not considered. Synchronous hybrid ARQ with a maximum of 8 transmissions is assumed, where the maximum hybrid ARQ delay becomes 21 ms.

Additional simulation parameters are provided in the Annex.

Simulation Results

Figure 1 shows the obtained VoIP system capacity for simulation case 4 with RB sizes of 375 kHz, 225 kHz, and 180 kHz. A user is considered to be satisfied if the Packet Loss Rate (PLR) is smaller than 2 %. 

Assuming a required satisfaction level of at least 95 %, the VoIP gains in terms of user capacity of the smaller RB sizes vs. the 375 kHz RB size are ~10 % and ~ 8 % for 225 kHz and 180 kHz, respectively. Note, that for the RB size of 180 kHz (12 subcarrier), the comparison is to some extent unfair since only 72 out of 75 subcarriers can be used compared to the 225 kHz and 375 kHz case. Carrying out a fair comparison with respect to bandwidth usage independent of the subcarrier spacing and granularity, i.e. scaling the 180 kHz results by 75 / 72 a gain of ~ 12 % over the RB size of 375 kHz is achieved.
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Figure 1 – User Satisfaction over system load

4 Summary and Conclusions
In this contribution we have analyzed the downlink VoIP performance for RB sizes of 375 kHz, 225 kHz, and 180 kHz by system level simulations. The gain for VoIP traffic in terms of user capacity for smaller RB sizes of 225 kHz and 180 kHz is considerable (about 8 – 12 %) compared to the current RB size of 375 kHz. Therefore, a RB size for VoIP traffic of around 200 kHz is preferable.
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Annex

VoIP Traffic Modeling

The VoIP traffic is modeled as follows [5]:

· 2-state Markov model with 50 % voice activity

· voice active: generation of one 28 byte voice packet (7.95 kbps AMR codec incl. overhead) every 20 ms

· voice inactive: generation of one 11 byte SID packet every 160 ms (for simplicity modeled by a 28 byte packet)
Table A1 – Simulation Parameters

	Parameter
	Assumption/Value

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

	Inter-site distance (ISD)
	1000 m

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

	Lognormal Shadowing 
	As modeled in UMTS 30.03, B 1.4.1.4

	Shadowing standard deviation
	8 dB

	Correlation distance of Shadowing
	50 m

	Shadowing correlation
	Between cells
	0.5

	
	Between sectors
	1.0

	Penetration loss
	10 dB

	Carrier frequency
	0.9 GHz

	Bandwidth
	1.25 MHz 

	Subcarrier spacing
	15 kHz

	Resource block sizes
	180 kHz, 225 kHz, 375 kHz (12, 15, 25 subcarriers)

	Cyclic Prefix overhead
	7.1 % (short CP)

	Number of OFDM symbols per sub‑frame
	7 (5 for data, 2 for pilots and control)

	Sub-frame duration
	0.5 ms

	Channel model
	Typical Urban (TU)

	UE deployment
	Uniform random spatial distribution over all cells

	Minimum distance between UE and BS
	35 m

	Frequency reuse factor
	1

	Hybrid ARQ scheme
	Chase combining

	Hybrid ARQ round trip delay
	6 sub‑frames (3 ms)

	Max number of hybrid ARQ retransmissions
	7

	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

	UE antenna gain
	0 dBi

	UE noise figure
	9 dB

	Channel estimation
	Ideal

	CQI feedback delay
	3 sub‑frames

	Link to system level interface
	EESM








� Details on the VoIP traffic model are provided in the Annex


� Note that in this case for 1.25 MHz BW only 72 out of 75 subcarriers can be used in order to fit an integer number of RBs into the spectrum mask.
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