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Abstract: The fourth generation (4G) wireless products 
are expected to be based on worldwide interoperability 
for microwave access (WiMAX) systems. In this paper, 
the issue of channel estimation in  the mobile WiMAX 
systems (IEEE 802.16e-2005) is analyzed. We study by 
simulation the use of the least square channel 
estimation algorithm combining with several 
modulation schemes and interpolation algorithms. The 
aim is to choose the most feasible interpolation 
algorithms for each modulation scheme of mobile 
WiMAX. The results show that the linear and the 
cubic sub-division interpolations perform the best and 
they are proposed to be used in modulation schemes. 

Keywords: WiMAX, estimation channel, interpolation 
algorithms. 

I. INTRODUCTION 

In the last few years, mobile communication in 

Vietnam has shown a dramatically fast growth and it 

becomes one of the mostly used communication 

method between people. The biggest Vietnam mobile 

operators such as Mobifone, Vinaphone and Viettel 

are now exploiting 3G technologies while 4G are 

being tested and investigated for future deployment. 

One of the popular 4G technologies is mobile 

WiMAX, which is based on IEEE 802.16e standard.  

WiMAX is a new technology in the wireless 

community. It enables operators to offer diverse 

wireless services to fixed and mobile users. 

Orthogonal Frequency Division Multiplexing 

(OFDM) is used for fixed users (IEEE-802.16d-2004) 

and Orthogonal Frequency Division Multiple Access 

(OFDMA) transmission techniques are employed for 

mobile users (IEEE-802.16e-2005) [1]. 

Mobile WiMAX integrates many modern 

technologies such as MIMO (multi input multi 

output), OFDMA (multi-user Orthogonal Frequency 

Division Multiplexing), AMC (Adaptive Modulation 

and Coding). 

The OFDM has been chosen to be used in WiMAX 

since it shows many advantages. OFDM is a multi-

carrier modulation scheme in which the transmission 

bandwidth is divided into several narrower bands and 

the data is transmitted in parallel on these bands. As 

the result, the symbol period is increased by the 

number of bands, decreasing the effect of inter-

symbol interference (ISI). The remaining ISI effect is 

eliminated by extending the signal cyclically. With 

these properties, OFDM can satisfy the increasing 

requirements for data in future wireless applications 

[2].  

WiMAX provides many advantages to operators as 

well as wireless users. The allocation of spectrum in 

licensed/unlicensed bands gives the operators a 

chance of service deployment worldwide.  

The receiver’s algorithms are among the main 

solutions contributing to the advantages of WiMAX 

systems. This article focuses on the channel 

estimation, one of the key blocks in the WiMAX 

receivers. The channel estimation has been studied 

extensively for OFDM based systems. The approaches 

based on least squares (LS) and minimum mean-

square error estimation (MMSE) [3] are proposed by 
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inserting the training sequences which are transmitted 

along with the data. In [4], LS algorithm with linear 

interpolation and Frequency Averaging Time 

Interpolation (FATI) is analyzed for mobile WiMAX 

channel estimation. These algorithms are low order 

interpolation and have low computational complexity. 

In addition, other algorithms such as LMMSE, 

adaptive estimation, are considered in [5]. The 

estimator, which can utilize the information from one 

dimension – either time or frequency, is referred to as 

a 1D estimator. If both time and frequency 

information are utilized the estimator is called 2D 

estimator.  

 Although many such channel estimation 

techniques are reported in the literature, for practical 

WiMAX systems, it is important to have an estimation 

technique which is specifically designed for WiMAX 

preambles or pilots, having low computational and 

hardware complexities, to be applicable in the real 

environment.  

For that reason, in this paper we select the 

estimator with the lowest computation complexity - 

the LS (least square) estimator. We simulate this 

algorithm under different modulation schemes for 

mobile WiMAX standard and under different channel 

interpolation algorithms from low order to high order. 

We have built an adaptive LS algorithm, which can 

change the interpolation algorithms and modulation 

schemes depending on the SNR condition. This paper 

analyzes interpolation algorithms under mobile 

WiMAX parameters so that we can have the best 

solutions in each modulation scheme. 

The rest of the paper is organized as follows. In 

Section II, system model is introduced and 

investigated. The channel interpolation algorithms are 

detailed in Section III. Section IV describes the 

mobile WiMAX parameters. Simulation results are 

presented in Section V. Section VI is the conclusion. 

II. SYSTEM MODEL 

OFDM converts serial data stream into parallel 

blocks of size N and modulates these blocks using 

Inverse Fast Fourier Transform (IFFT). Time domain 

samples of an OFDM symbol can be obtained from 

frequency domain data symbols. Figure 1 shows a 

typical block diagram of OFDM system with pilot 

signal assisted. The binary data are grouped and 

mapped into multi-amplitude-multi-phase signals. 
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Figure 1. OFDM system structure 

 In this paper, we consider 3 modulation schemes:  

4-QAM (QPSK), 16-QAM, 64-QAM modulation. 

After the insertion of the pilot signal, the modulated 

data {X (k)} are sent to an IDFT, transformed and 

multiplexed into {x(n)}:  

x(n) = IDFT{X(k)} ,  n = 0, 1, 2, …, N-1 
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where N  is the number of sub-carriers.  The guard 

interval is also inserted to prevent possible inter-

symbol interference in the OFDM systems, resulting: 
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where Ng is the number of samples in the guard 

interval. The transmitted signal is then sent to a 

frequency selective multi-path fading channel. The 

received signal can be represented by 

)()()()( nwnhnxny ff              (3) 

where h(n) is the impulse response of channel and 

w(n) is the additive white Gaussian noise. The channel 

impulse responding h(n) can be expressed as follow: 
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where: 
L : Channel impulse response length. 

lh  : the complex impulse response of the lth path. 

lDf : the lth-path Doppler frequency shift at the lth path 

: the delay spread index. 
T : sampling time. 
l: the lth-path delay time normalized by sampling time 
in frequency domain, i.e., 
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Suppose that the guard interval is longer than the 

length of channe1 impulse response (that is, there is 

no inter-symbol interference between OFDM 

symbols), from {Y(k)} and the channel transfer 

function {H (k)} the transmitted signal is estimated as 

below: 
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e    , k=0,1,…N-1                 (6)                                                    

where He (k) is an estimation of H(k). This estimation of 

the transmitted signal is called LS (least square). This 

algorithm does not need to know any knowledge of 

the statistics of the channels, hence it has very low 

complexity, but they suffer from a high mean-square 

error [6]. 

Based on the principle of OFDM transmission 

scheme, it is easy to assign the pilot both in time- and 

frequency domain. Several types of pilot arrangement 

have been studied. The comb-type pilot  [7] (Figure 

2b) arrangement is used in this paper. 

Figure 2 shows two major types of pilot 

arrangement. The first kind of pilot arrangement 

(Figure 2a) is referred as block-type pilot 

arrangement. The pilot signal is assigned to a 

particular OFDM block, which is sent periodically in 

time-domain. The second kind of pilot arrangement 

(Figure 2b) is called comb-type pilot arrangement. 

These pilot signals are uniformly distributed within 

each OFDM block. Assuming that the payloads of 

pilot signals of the two arrangements are the same, the 

comb-type pilot assignment has a higher re-

transmission rate. Thus, the comb-type pilot 

arrangement system provides better resistance to fast-

fading channels [8]. Since only some sub-carriers 

contain the pilot signal, the channel response of non-

pilot sub-carriers will be estimated by interpolating 

neighboring pilot sub-channels. The analysis of the 

channel interpolation algorithms are presented in the 

next section. 

  

Figure 2. Two different types of pilot sub-carrier 
arrangement 

III. CHANNEL INTERPOLATION 
ALGORITHMS 

In channel estimation, the use of effective channel 

interpolation algorithm is necessary to estimate 

channel at the sub-carrier frequency by using the 

information from comb-type pilot. This section  

analyzes several interpolation algorithms which are 

used in channel estimation. 

A. The nearest neighbor interpolation algorithm 
(NNI) 

 This method is very simple by choosing the value 

of the nearest point to be the interpolated point. The 

algorithm just calculates the distances between 

interpolated point and the surrounding points and 

selects the one with minimum distance. The algorithm 

is simple, easy to execute and it is very popular in 

image processing. This algorithm looks like order zero 

of interpolation 

Example 1: 

Given x = [0 4 8 12] and corresponding y = 
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y = [2 10 6 20]. We interpolate another points (1, 2, 3, 

5, 6, 7, …). Below is the interpolated result: 

yNNI = [2  2  10  10  10  10  6  6  6  6  20  20  20 ].  

The above given condition will be used later in 

other interpolations to see difference between them. 

B. Linear interpolation algorithm (LI) 

In the linear interpolation algorithm, two 

successive pilot sub-carriers are used to determine the 

channel response for data sub-carriers that are located 

in between the pilots. For data sub-carrier k, mL < k < 

(m + l)L, the estimated channel response using linear 

interpolation method is given by: 

LllmLHkH ee  0)()(
   

)())()1(( mH
L

l
mHmH ppp 

               
(7)

 

 

Figure 3. Comparison between different interpolation 
algorithms 

This algorithm is the first order of interpolation. 

Note that the nearest neighbor interpolation and the 

linear interpolation are also known as low order 

interpolation algorithms because their simplicity. 

Applying this interpolation to the previous 

example, we have:  

yLI= [2  4  6  8 10  9  8 7  6  9.5  13  16.5  20] 

C. The second order polynomial interpolation 
algorithm (SOPI) 

The second order interpolation determines the 

interpolated point based on three successive points, 

given by 
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Theoretically, using higher-order polynomial 

interpolation will fit the channel response better than 

the linear interpolation. However, the computational 

complexity grows as the order is increased. Here we 

consider the second-order polynomial interpolation 

for its acceptable computational complexity. 

The result of this interpolation applying to the 

example is: 

ySOPI = [2.0  3.25   5.0   7.25  10.0  10.125    9.5 8.125   

6.0   7.8125   10.75  14.8125  20.0] 

D. Low pass interpolation (LPI) 

Low pass interpolation can be given as below: 

insert zero at sub carrier frequency then design a 

symmetric FIR filter with the condition that the 

original data are passed without any change and 

determine interpolated points with condition that MSE 

(mean square error) between interpolated points and 

pilot point is smallest.  

Again, with the Example 1, we have the result of 

interpolation: yLPI = [2.0  4.353 6.6013 8.5422   10.0  

9.6441   8.8017   7.5495    6.0   10.3043  14.3028      

17.6353    20.0] 

E. Spline cubic interpolation algorithm (SCI) 

This algorithm makes the interpolated points to be 

continuous and smooth with original data. The idea of 

this algorithm is to replace the n order polynomial by 
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the lower order polynomial such as order 1, 2, 3 ... on 

each range [xk xk+1], k=0….n-1 and spline cubic mean 

the polynomial used to interpolate is the third order 

With Example 1, we have: 

ySCI = [2.0   6.7656    9.375   10.2969   10.0  

8.9531     7.6250    6.4844    6.0   6.6406   8.8750    

13.1719   20.0] 

F. Cubic sub-division interpolation algorithm 
(CSDI) 

Given a control polygon P = {P0, P1, …, Pn} we 

generate a refinement of P by generating a new 

control polygon       

{E0, V0, E1, V1, E2, ..., En−2, Vn−2, En−1}       

where Ei, the edge points, lie on the edges of the 

original control polygon, and Vi, the vertex points, 

correspond to the original vertices of the control 

polygon. The new control polygon has 2n−1 control 

points (the original has n+1) – and thus each 

refinement step increases the number of points in the 

control polygon. The rules are to calculate the vertex 

and edge points from the subdivision process for a 

uniform B spline curve. In short,  

                     
2

1
 ii

i

PP
E     (10) 

and  

                  
4

2 1
 iii

i

EPE
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Figure 4 demonstrates this algorithm: from the first 

points P={P1,, P2, P3, P4, P5}, we can interpolate other 

points: E0, E1… then continue with the interpolating 

points: V0,, V1, V2,… This process is repeated. 

The result of CSDI applied for Example 1 is 

following: 

yCSDI = [2.0   2.9063   5.125  7.9063   10.0    9.2188    

7.6250    6.2422   6.0   8.8203  12.75  16.7031   20.0]. 

Figure 5 summarizes the results of the discussed 

interpolation algorithms. 

 

Figure 4. Cubic sub-division algorithm  

 

Figure 5. Comparison between different interpolation 
algorithms 

IV. MOBILE WIMAX PARAMETERS 

A. ITU-R channel model 

The channel models can be classified into two 

main categories: statistical and empirical models. 

Empirical models are based on measurements 

performed in real environments, while the statistical 

models estimate the channel’s characteristics through 

mathematical relations. Two empirical models are 

generally used for describing a WiMAX system: the 

SUI (Stanford University Interim) channel model, 

which is used for simulating an IEEE 802.16-2004 

system (fixed WiMAX system) [9] and the ITU-R 

channel model, which was developed according to the 

ITU-R M.1225 Recommendation. This type of model 

is used for the simulation of an IEEE 80216e-2005 

system (mobile WiMAX system). 
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Initially developed for the IMT-2000 technologies, 

the ITU-R channel model is used for modeling a 

mobile WiMAX system, since mobile WiMAX was 

adopted by ITU as one of the IMT-2000 technologies 

in November 2007. The ITU wideband channel, is 

described based on a tapped delay line model, with a 

maximum number of 6 taps [10]. 

ITU’s channel model for indoor, pedestrian and 

vehicular environments is presented as following and 

empirical model (channel B) is used to describe multi-

path channel.  

Table 1. Indoor channel model 

Tap Channel A Channel  B 

Delay(ns) Power (dB) Delay (ns) Power (dB) 

1 0 0 0 0 

2 50 -3 100 -3.6 

3 110 -10 200 -7.2 

4 170 -18 300 -10.8 

5 290 -16 500 -18 

6 310 -32 700 -25.2 

 

Table.2. Pedestrian channel model 

Tap Channel  A Channel B 

Delay(ns) Power (dB) Delay(ns) Power (dB) 

1 0 0 0 0 

2 110 -9.7 200 -0.9 

3 190 -19.2 800 -4.9 

4 410 -22.8 1200 -8 

5 - - 2300 -7.8 

6 - - 3700 -23.9 

 

Table 3 Vehicular channel model 

Tap Channel A Channel B 

Delay(ns) Power (dB) Delay (ns) Power (dB) 

1 0 0 0 0 

2 0.4 -1 0.8 -1 

3 0.8 -9 1.6 -9 

4 1.2 -10 2.2 -10 

5 1.8 -15 3.6 -15 

6 2.6 -20 5.2 -20 

 

Along with the multi-path problem, the channel 

model is still effected by the Gaussian noise. Hence, 

channel interpolation is difficult without studying 

channel, this paper analyzes the channel interpolation 

algorithms that can be used in channel estimation and 

find out the best solution to interpolate the radio 

channel. 

B. Parameters used in the paper 

The paper uses parameters as below, following 

standard IEEE 802.16E to simulate mobile WiMAX 

system. 

Table 4. IEEE 802.16E parameters used in the paper 

Parameter Used Value Notes 

N 1024 FFT size 

Nu 840 Number of used subcarriers 

NCP 256 CP size 

NP 280 Number of used (pilot)  
subcarriers in the preamble 

 

We simulate the system at the 2.5 GHz with 

bandwidth 20 MHz and indoor, pedestrian and 

vehicular models use mobile speed at 1 km/h, 5 km/h  

100 km/h respectively. 

At the physical layer of standard IEEE 802.16E, 

adaptive modulation is used with modulation schemes 

such as QPSK (4-QAM), 16-QAM and 64-QAM that 

depend on environment conditions. In this paper, we 

use 3 modulation schemes that are 4-QAM, 16-QAM 

and 64-QAM to analyze channel interpolation 

algorithms.  

 The channel is effected by multi-path problem of 

Fading Rayleigh channel and Gaussian noise. The   

channel is simulated by using channel B of ITU-R 

channel. 

We transmit data at transmitter with pilot insertion. 

The pilot training has comb structure. At the receiver, 

we base on pilot information from pilot data extractor 

to use LS (least square) for estimating the channel at 

pilot sub-carriers. There are 840 data sub-carriers and 

280 pilot sub-carriers. After estimating channel at 

pilot sub-carriers, we use interpolation algorithms to 

interpolate channel at positions of data sub-carriers. In 
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next section, we simulate and analyze many 

interpolation algorithms used in channel estimation.  

 

Figure 6.  Channel estimation model  in simulation 

Figure 7 is the estimation channel model we use in 

this paper. Input file can be text, image file or any 

random data. At the transmitter, pilot and Guard 

insertion are done and the information is extracted at 

the receiver. Radio channels are effected by Gaussian 

noise and Rayleigh fading in ITU channel B model. 

Estimation process is done at the receiver. After 

extracting pilot data, channel is estimated at pilot 

frequencies. Then, we use interpolation algorithms to 

interpolate data at sub-carrier frequencies. 

V. SIMULATIONS AND RESULTS: 

A. No channel estimation: 

To see what is effected by Gaussian noise and 

fading, we transmit an image file at transmitter. Then 

the data is effected by Gaussian noise and Rayleigh 

fading. At the receiver, demodulation process is run to 

extract original data. Many cases are analyzed to 

compare between eachother with or without 

estimation channel. 

Firstly, one of channel effects we can see easily is 

power of the receiver. With higher power receiver, we 

have a stronger signal and there are less error bits at 

the receiver.  

In the following simulations, 4-QAM modulation 

is used, we can see Gaussian noise does not impact on 

data with SNR=20dB and there are no error bit at the 

receiver with SNR=20dB. However, with SNR=5 dB, 

there are a lot of error bits. 

 

Figure 7. Simulation without channel estimation, 
SNR=5 dB, 4-QAM with only Gaussian noise impact 

Secondly, another impact we should know is the 

order of modulation scheme. With higher order 

simulation scheme, we have a better performance. 

However, the distance between two symbols with 

higher order simulation, is closer. Hence, noise makes 

impact on the channel easier and there will be error 

bits. We can find in the following simulation, with the 

same data at Figure there are error bits when 64-QAM 

modulation is used while in Figure 9 see any error bit. 

 

Figure 8. Simulation without channel estimation, 
SNR=20 dB, 4-QAM with only Gaussian noise impact 

 

Figure 9. Simulation without channel estimation, 
SNR=20 dB, 64-QAM with only Gaussian noise impact 

However, the most impact on channel is the fading 

problem. With the impact of Gaussian noise and   

multi-path fading, there are many error bits at receiver 
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and we can not recognize original data anymore. 

Without channel estimation, noise and fading make 

many error bits at receiver when compared with 

original data. That is why channel estimation is very 

important in mobile communication. 

B. Channel estimation with comb-type pilot training 
structure and interpolation algorithms:  

 

Figure 10. Simulation without channel estimation, 
SNR=20 dB, 4-QAM with impact of Gaussian noise and 

Rayleigh fading (indoor enviroment-velocity 1 km/h) 

 

Figure 11. Simulation without channel estimation, 
SNR=20 dB, 4-QAM with impact of Gaussian noise and 

Rayleigh fading (vehicular model -velocity 100 km/h) 

In the above simulations, we proved that channel 

estimation is necessary in mobile communication and 

in this part we will prove how channel estimation 

rejects noise and fading. In channel estimation with 

comb-type pilot training structure, we need to use an 

interpolation algorithm to interpolate data at sub-

carrier frequencies. In the following simulation, we 

can see the results with channel estimation using 

linear interpolation and cubic spline interpolation. The 

modulation scheme is 4-QAM, the channel is 

impacted by Gaussian noise and Rayleigh fading with 

pedestrian enviroment, velocity of 5 km/h 

C. BER simulation of interpolation algorithms  in 
mobile WiMAX standard. 

We simulate in three modulation schemes in 

mobile WiMAX standard: 4-QAM (QPSK), 16-QAM 

and 64-QAM.  We transmit an image file (271440 

bits) five times. The result is the average of 

transmission for five times and the numbers of bits is 

long enough to run simulations. This helps us to have 

correct BER simulation and to limit wrong 

conclusion. 

 

Figure 12. Comparison between receiving data with 
channel estimation and without channel estimation 

1) 4-QAM modulation: 

The simulation results show that the linear 

interpolation has the lowest SNR for all 3 

environments (indoor, pedestrian and vehicular). 

4-QAM modulation is used whenever receivers 

have low SNR and low power e.g. when they are far 

away from transmitters. Among 3 modulation 

schemes (4-QAM, 16-QAM, 64-QAM), this 

modulation shows the lowest perfomance (2 

bit/symbol) but has the least level of noise and multi-
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path problem impacts. That nearest neighbor 

interpolation which has still accepted results and 

better results than spline cubic (Figure 13) proved 

Gaussian noise and the multi-path fading impact the 

system complicatedly with this modulation. As the 

result, the channel response estimation of radio 

channels with linear interpolation proved the best 

results in simulation. Linear interpolation with very 

low complexity is suggested to be used in this 

modulation. 

 

Figure 13. Indoor model with mobile speed of 1 km/h, 
4-QAM modulation 

 

Figure 14. Pedestrian model with mobile speed of 5 
km/h, 4-QAM modulation 

2) 16-QAM modulation:  

The simulation results show that linear 

interpolation has the best results at all simulation 

environments. The second algorithm has the good 

result is cubic sub-division. 

 

Figure 15. Vehicular model with mobile speed of  
100 km/h, - 4 - QAM modulation 

 

Figure 16. Indoor model with mobile speed of 1 km/h,                   
16-QAM modulation 

 

Figure 17. Pedestrian model with mobile speed of  
5 km/h, 16-QAM modulation 
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Figure 18. Vehicular model with mobile speed of  
100 km/h, 16 -QAM modulation 

The system uses this modulation when receivers 

have good SNR and good environment condition. 

Compared with 4-QAM, this modulation show better 

throughput (4 bits/symbol) but the BER performance 

is worse than 4-QAM modulation. This means 

Gaussian noise and Rayleigh fading make impact 

much on radio channels and the channels change 

complicatedly. Bit errors are more than 4-QAM 

scheme. Linear interpolation still works the best cubic 

sub-division is the second one. 

3) 64-QAM modulation: 

The simulation results show that linear 

interpolation works the best in indoor and pedestrian 

model, cubic subdivision has the best performance in 

vehicular environment. 

 

Figure 19. Indoor model with mobile speed of 1 km/h, 
64-QAM modulation 

 

Figure 20. Pedestrian model with mobile speed of  
5 km/h, 64- QAM modulation 

 

Figure 21. Vehicular model with mobile speed of 
100km/h, 64-QAM modulation 

 

Figure 22. Vehicular model with mobile speed of 
80 km/h, 64-QAM modulation 

We continue simulation with 64-QAM scheme for 

vehicular environment to show that cubic sub-division 

is better choice than linear in this case. The below 



Bả
n q

uy
ền

 th
uộ

c  

Tạ
p c

hí 
CNTT&TT Volume E-1, No.3(7) 

 - 54 -

results prove that cubic sub-division is the best one is 

this model. With speed of 60 km/h and 80 km/h, cubic 

sub-division has the best performance in simulation. 

The system uses 64-QAM modulation when 

receivers have very good SNR , for instance, MS is 

very near transmitters with very high power. This 

modulation gives the best throughput (6 bits/symbol) 

but noise and multi path fading make the system have 

the most error bits among 3 simulation schemes. 

Simple and low order interpolation algorithms such as 

nearest neighbor and linear interpolation can not have 

better results than higher order interpolation in fast 

fading channel environment with high velocity. With 

heavily impacts of Gaussian noise and fading, high 

order interpolations are feasible in this case and cubic 

subdivision is proved to be the best choice in 

simulations. 

 

Figure 23.  Vehicular model with mobile speed of  
60 km/h, 64-QAM modulation 

VI. CONCLUSION 

The paper analyzed channel interpolation 

algorithms in the LS estimation algorithm, the pilot is 

comb-type ,the parameters used in the paper are 

simulated with standard IEEE 802.16E. The paper 

also analyzed the relation between impacts of Noise 

and fading and interpolation algorithms. We simulated 

mobile WiMAX system at frequency 2.5 GHz and 

bandwidth 20 MHz. The simulation results proved 

that in 4-QAM and 16-QAM modulation, the linear 

interpolation has the best results in 3 models: indoor, 

pedestrian and vehicular. In 64-QAM modulation, 

cubic sub-division interpolation has the best results in 

vehicular model. 

The WiMAX system has low order modulations 

such as 4-QAM whenever receivers have low SNR 

and linear interpolation is recommended to for the 

estimation channel system with comb-type pilot 

because this interpolation show the best results . 

When receivers have good SNR, the WiMAX system 

has higher order modulation such as 16-QAM and 64-

QAM. In 64-QAM scheme, cubic sub-division 

interpolation, which show good results in vehicular 

model, is suggested to be used in fast fading channel 

model for vehicular model. 

For future researches, we will pay attention to 

some other algorithms and improve the potential 

algorithms to have better performance. 
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