
 

 

 

 

 

 

 

  

 

doi:10.12720/jcm.11.11.1005-1011

 

Journal of Communications Vol. 11, No. 11, November 2016

©2016 Journal of Communications 1005

Channel Estimation Based on Linear Filtering Least Square 

in OFDM Systems 
 

Xiao Zhou, Zhun Ye, Xiaoxiao Liu, and Chengyou Wang 
School of Mechanical, Electrical and Information Engineering, Shandong University, Weihai 264209, China 

Email: {zhouxiao, zhunye, wangchengyou}@sdu.edu.cn; sdulxx@163.com 

 

 
Abstract—Orthogonal Frequency Division Multiplexing 

(OFDM) has been a popular scheme for digital communication 

systems, which is widely used in digital television and audio 

broadcasting, wireless networks, powerline networks, and the 

Fourth Generation (4G) mobile communications. In OFDM 

scheme, channel estimation is a necessary technique for 

improving the system’s performance. Linear Least Square (LLS) 

and Linear Filtering LS (LFLS) channel estimation methods are 

proposed in this paper. The LLS channel estimation method can 

improve the accuracy of channel estimation based on time-

domain threshold. The LFLS channel estimation method can 

effectively suppress the Additive White Gaussian Noise 

(AWGN) by the linear filter. Simulation results are shown to 

verify the effectiveness of the proposed LFLS channel 

estimation method. Compared with LS and LLS channel 

estimation methods in CP-OFDM system, the LFLS channel 

estimation method can suppress the noise effectively through 

the appropriate linear filter in time domain and provide superior 

system performance over multipath channel conditions. 
 
Index Terms—Channel estimation, Orthogonal Frequency 

Division Multiplexing (OFDM), Least Square (LS), Linear LS 

(LLS), Linear Filtering LS (LFLS) 

 

I. INTRODUCTION 

In wireless transmission systems, multipath 

propagation usually degrades the receiver’s performance 

severely. In the process of wireless communication, the 

signal transmission model is not ideal. It will produce 

various kinds of interference signal, which has a higher 

requirement for the channel estimation technology. 

Therefore, channel estimation plays an important role in 

Orthogonal Frequency Division Multiplexing (OFDM) 

systems to improve the Signal-to-Noise Ratio (SNR) 

performance. The Additive White Gaussian Noise 

(AWGN) is an important factor that will cause the error 

in channel estimation. The data-aided channel estimation 

can achieve a more reliable estimation result than the 

blind estimation. Channel estimation in OFDM systems is 

often performed in frequency domain using pilots. 
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The channel estimation with a Time Division 

Multiplexing (TDM) type pilot arrangement consists of 

three consecutive procedures. Firstly, the pilot signals are 

extracted from the received signal. Secondly, the channel 

coefficients at the pilot subcarriers are estimated based on 

channel estimation methods, such as Least Square (LS) 

method [1]-[3], threshold method [4], Minimum Mean 

Square Error (MMSE) method [5], [6], and so on. Thirdly, 

the coefficients of the data subcarriers are interpolated by 

using the neighboring channel responses of the pilot 

subcarriers. When the duration of the channel impulse 

response is shorter than the Cyclic Prefix (CP), there is 

no Inter-Symbol Interference (ISI) between two 

consecutive OFDM symbols. 

Least square channel estimation has been applied in 

the receiver of OFDM system for many years. The 

Channel Frequency Response (CFR) could be calculated 

through LS criterion after Fast Fourier Transform (FFT) 

block in the OFDM receiver. LS channel estimation is 

widely used for the advantage of low complexity and 

easy implementation. However, the LS method can not 

suppress the AWGN effectively in the estimation of 

Channel Impulse Response (CIR) [1]-[3]. In [4], a 

channel estimation method based on a time-domain 

threshold which is a standard deviation of noise obtained 

by wavelet decomposition was proposed. The 

disadvantage of the method is that the standard deviation 

of the estimated channel coefficients in frequency domain 

is not accurate. 

The MMSE estimation in [5], [6] is an effective 

criterion for the cancellation of ISI. However, the 

calculation of the cross covariance matrix between the 

received signal vector and the time-domain channel 

vector is much more complex. Simplified MMSE method 

[7] can suppress the AWGN, and choosing proper 

suppress factor can help improving the channel 

estimation accuracy. The disadvantage of the method is 

that it could not completely eliminate the noise in channel 

estimation and the computational complexity is high. 

To eliminate the major drawback of MMSE method, 

the channel estimation method based on pilot design has 

been introduced for demodulating the OFDM block in the 

receiver. The pilot based channel estimation method can 

estimate the CFR at pilot frequencies and then interpolate 

the CFR values. There are three types of pilot insertion 

methods in one OFDM block: block type, comb type, and 

scatter pilots. In block type pilots insertion pattern, the 
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block type pilots are located in one whole OFDM symbol 

through all the subcarriers in accordance with fixed time 

interval [8]. In comb type pilots insertion pattern, comb 

type pilots are inserted on fixed subcarriers in frequency 

domain. Scatter pilots are always used in DVB-T 

television broadcast system [9]. In DVB-T, the scatter 

pilots are inserted in time-frequency slots firstly. 

Secondly, the estimated CFR could be calculated by the 

two-dimensional interpolation manner. 

In [10], the Multi-Scale Independent Component 

Analysis (MS-ICA) method has been proposed to 

estimate the channel characteristics. The MS-ICA method 

can effectively identify the CIR under unknown channel 

conditions, i.e., blindly. It can mitigate the ISI caused by 

the multipath fading, but the disadvantage is that the 

wavelet decomposition of data matrix of OFDM symbol 

is complex and difficult to implement in the system 

hardware. To achieve the diversity gain as well as 

improving the system performance, reference [11] 

proposed a novel channel estimation method based on the 

auto-correlation characteristic of Frequency-Shift M-

Sequence (FSMS). It has been adopted in transmit 

diversity scheme to achieve diversity gain and improve 

the system performance. The disadvantage of the FSMS 

channel estimation method is that it is performed through 

iteration which increases the computational complexity of 

the system.  

In this paper, we propose a Linear Filtering LS (LFLS) 

channel estimation based on block type pilots. It can 

reduce the AWGN on the estimated CIR and improve the 

accuray of CIR. It can improve the system performance 

and is easy to implement in the system hardware. It 

shows that the proposed LFLS method is superior to both 

of the LS and Linear LS (LLS) channel estimation 

methods in terms of Bit Error Rate (BER). 

The remainder of this paper is organized as follows. In 

Section II, the system model is presented. Section III 

illustrates LS channel estimation. Section IV describes 

LLS channel estimation. Section V presents LFLS 

channel estimation. Simulation results are given in 

Section VI. Section VII concludes the paper. 

II. SYSTEM MODEL 

A. System Model of CP-OFDM 

The system model of the Cyclic Prefix OFDM (CP-

OFDM) is presented in Fig. 1. 

At the transmitter, incoming binary information bits 

are grouped firstly and then mapped according to a pre-

specified modulation scheme [4], such as Quadrature 

Phase Shift Keying (QPSK) or 16 Quadrature Amplitude 
Modulation (QAM) scheme. After pilot insertion, the 

modulated data is converted to parallel, which is denoted 

as  
1

0
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converted into the time-domain signal  
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where 0,1,2, , 1,n N   N  is the length of IFFT and 
j2π

e N  is the twiddle factor of IFFT. Following the IFFT, 

the guard interval is inserted to prevent possible ISI in 

OFDM systems using a cyclic prefix which contains a 

copy of the last part of a corresponding OFDM symbol 

[4]. The transmitted signal passes through a multipath 

fading channel with AWGN. At the receiver, the CP is 

removed after serial to parallel conversion. The channel 

estimation is performed after FFT conversion and channel 

estimation results are used to perform OFDM symbol 

estimation. The received signal  
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where 0,1,2, , 1,n N  N  is the length of FFT and 
j2π

e N



 is the twiddle factor of FFT. 
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Fig. 1. System model of CP-OFDM system. 

As shown in Fig. 1, assuming that ( )X k  is the 

transmitted OFDM symbol on frequency domain after 

serial to parallel module, ( )Y k  is the received OFDM 

symbol after the serial to parallel module. ( )Y k  could be 

expressed as 

( ) ( ) ( ) ( )Y k H k X k W k                       (3) 

where ( )H k  is the CFR on the k-th subcarrier and it is 

also the FFT transform of ( )h n . 0 k N   is the index 

of subcarriers in frequency domain. ( )W k  is the 

Gaussian noise in frequency domain. 

B. OFDM Symbol 

Fig. 2 (a) illustrates the waveform of the OFDM 

symbol. Guard Interval (GI), which is chosen to be larger 

than the expected delay spread, is inserted to prevent ISI  
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[1]. 
cpT  is the length of cyclic prefix. This guard time 

includes the cyclically extended part of an OFDM symbol 

in order to eliminate Inter -Carrier Interference (ICI) [1]. 

CP is added after the IFFT block. 
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(b) 

Fig. 2. Waveform and the structure of a CP-OFDM symbol: (a) 

Waveform and (b) The structure. 

Fig. 2 (b) shows the structure of CP-OFDM symbol, 

and the CP-OFDM symbol is composed of one CP and 

one OFDM symbol. Assuming that 
subT  is the length of 

subcarriers, the length of CP-OFDM symbol 

sym cp subT T T  . After the parallel data streams are 

converted into serial by parallel-to-serial block, the input 

signal is transmitted through the channel. 

III. LS CHANNEL ESTIMATION 

Assuming that 
LS

ˆ ( )H k  is the estimated CFR at the k-th 

subcarrier, which is obtained by LS method, the received 

OFDM signal is denoted as 

LS
ˆ( ) ( ) ( ) ( )Y k H k X k W k                      (4) 

Then, the LS channel estimation could be expressed as 

'

LS

( ) ( )ˆ ( ) ( ) ( )
( ) ( )

Y k W k
H k H k W k

X k X k
              (5) 

where ' ( )W k  corresponds to the noise component 

existing in the estimated channel coefficients. 

The Mean Square Error (MSE) of LS channel 

estimation is 

2

2 1 1 T T

LS 2
ˆ[| | ] [| ( ) |] w

s

E E




      H H W X X W    (6) 

where 2

w  and 2

s  are the average noise power and signal 

power respectively.  

In the actual wireless transmission system, when the 

noise is relatively larger, estimation accuracy will be 

greatly reduced.  

According to the LS channel estimation method, the 

received symbol 
LS

ˆ ( )X k  can be demodulated as 

LS

LS

( )ˆ ( )
ˆ ( )

Y k
X k

H k
                             (7) 

IV. LLS CHANNEL ESTIMATION 

The so-called LLS algorithm, in fact, is a kind of time 

and frequency domain transform filtering algorithm. It 

retains the advantages of the LS algorithm, and the 

calculation complexity is lower than that of MMSE 

method since it is based on block type pilots and linear 

filtering in time domain. Therefore, it is easier to 

implement in hardware. 

The basic principle of LLS is that LS channel 

estimation is performed through the FFT firstly. Secondly, 

the linear transform filtering is performed in time domain 

through the IFFT. Then, it is performed in frequency 

domain through the FFT. 

A. Block Type Pilot Based LLS Channel Estimation 

To compensate for the vulnerability to AWGN of the 

LS estimator and the computational complexity for 

MMSE estimator, we introduce the LLS channel 

estimation approach based on known pilot symbols. 

Comb type and scatter type estimation process are used 

for fast fading channels while block type estimation is 

normally used for slow fading channels [5]. In block type 

pilot based channel estimation, the pilot signals are 

uniformly inserted into frequency domain OFDM 

symbols, which is shown in Fig. 3 (a). In comb type pilot 

based channel estimation, the pilot signals are uniformly 

inserted into time domain OFDM symbols, which is 

shown in Fig. 3 (b). In scatter type pilot based channel 

estimation, the pilot signals are scatterly inserted into 

OFDM symbols, which is shown in Fig. 3 (c). 
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TimeTime
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(c) 

Fig. 3. Block type, comb type, and scatter type pilots in OFDM systems: 
(a) Block type pilots, (b) Comb type pilots, and (c) Scatter type pilots. 

The channel estimation at the pilot symbols is obtained 

by the LS estimation. To estimate the channel coefficients 

at data subcarriers, many interpolation methods can be 

used. In this paper, we adopt a piecewise linear 

interpolation method due to its simplicity. In the linear 

interpolation case, two consecutive pilot subcarriers are 

used to determine the channel response for data 

subcarriers. 

ˆ ( )pH k  is the estimated channel frequency response 

for the pilot on the 
pk -th sub-carrier. According to the LS 

channel estimation method, ˆ ( )pH k  is represented as 

'
( ) ( )

ˆ ( ) ( ) ( )
( ) ( )

p p

p p p

p p

Y k W k
H k H k W k

X k X k
           (8) 

where ( )pX k  and ( )pY k  are the transmitted and 

received signal on the 
pk -th pilot subcarrier, respectively. 

 (0 )p p P   is the index of pilot symbols. ' ( )pW k  

corresponds to the noise component existing at the 

estimated pilot channel coefficients. 

The frequency channel estimation ˆ ( )H k  on the data 

subcarrier can be obtained by one-dimensional linear 

interpolation of ˆ ( )pH k . 

The pilot symbols are linear interpolated with equal 

intervals. Assuming that the channel coefficient between 

ˆ ( )pH k  and 
1

ˆ ( )pH k 
 is estimated, then ˆ ( )H k  can be 

expressed as 

ˆ ˆ( ) ( ) ( )p p pH k H k k k                   (9) 
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 is the interpolation interval. 

After the linear interpolation of estimated CFR, we can 

obtain all channel coefficients [3]. 

The CFR of data symbols is extracted from ˆ ( )H k , 

which is denoted as data
ˆ ( )H k . The LLS can be calculated 

by the IFFT operation of data
ˆ ( )H k . It can be represented 

as 

'

LLS
ˆ ( ) ( ) ( )h n h n w n                        (10) 

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

' ( )w n  is noise in time domain. 
LLS

ˆ ( )h n  is the estimated 

CIR in LLS channel estimation method. The noise is also 

AWGN because IFFT is a linear transform. A large 

number of time-domain channel coefficients in 
LLS

ˆ ( )h n  

have low energy, because the length of the practical 

communication channel is shorter than that of the OFDM 

symbol. The paths with low energy in 
LLS

ˆ ( )h n  are 

considered to be noise, which could be suppressed to be 

zero. We call this method LLS channel estimation. 

B. Time-Domain Threshold Based LLS Channel 

Estimation 

In LLS channel estimation based on block-type pilots, 

the estimated CIR is not accurate, since a large number of 

time-domain channel coefficients have low energy. These 

ignorable coefficients can be considered to be noise, 

which may be removed by processing the channel 

coefficients whose energy is less than a threshold value 

[3]. Therefore, it is required to find an optimal threshold 

value for noise-robust channel estimation. 

Assuming that L  is the number of points of guard 

interval, the length of CIR should be no longer than that 

of the guard interval. To suppress the AWGN effectively, 

LLS
ˆ ( ) ( )h n n L  should be considered to be noise. After 

noise suppression, the estimated CIR 
LLS

ˆ ( )h n  can be 

expressed as 

LLS
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Suppose   is the threshold value and usually 

[0,0.3)  . Eq. (11) can be expressed as 

LLS LLS'
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ˆ ˆ( ),  ( ) , 0 ,ˆ ( )
0,                   otherwise.

h n h n n L
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         (12) 

Fig. 4 illustrates the procedure of threshold based LLS 

channel estimation. The new estimated CFR of LLS 

channel estimation LLS
ˆ ( )H n  can be obtained after the 

FFT calculation of '

LLS
ˆ ( )h n  which is denoted as 

LLS
ˆ ˆ( ) ( ) ( )H k H k W k                       (13) 

where ˆ ( )W k  represents to the noise component existing 

in the estimated CFR coefficients obtained from LLS 

channel estimation. 

N-points

IFFT

N-points

FFT





ˆ (0)H
(0)Y

(0)X

( 1)X K 



















( 1)Y K 
ˆ ( 1)H K 





 ˆ ( )pH k
( )pY k

( )pX k

Setting 0

Setting 0

'

LLS
ˆ (0)h

LLS
ˆ (0)H

'

LLS
ˆ ( 1)h L 

LLS
ˆ ( 1)H K 

T
h
resh

o
ld







LLS
ˆ (0)h

LLS
ˆ ( 1)h L 

 

Fig. 4. Block diagram of LLS channel estimation in CP-OFDM system. 
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In application of the LLS channel estimation method, 

the OFDM symbols can be demodulated at the receiver, it 

can be represented as 

LLS

LLS

( )ˆ ( )
ˆ ( )

Y k
X k

H k
                         (14) 

After QPSK or 16QAM demodulation, the received 

OFDM symbol 
LLS

ˆ ( )X k  can be demodulated into binary 

bits. 

V. LFLS CHANNEL ESTIMATION 

To improve the channel estimation accuracy, we 

propose LFLS in this section. Firstly, it utilizes block 

type pilots to obtain the CFR. Secondly, we mainly 

introduce the channel estimation method of linear 

filtering. The process of LFLS channel estimation in CP-

OFDM system is shown in Fig. 5. 
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Fig. 5. LFLS channel estimation in CP-OFDM system. 

A. LFLS Channel Estimation 

The LFLS channel estimation method can filter the 

AWGN by the wavelet filtering in time domain. The 

estimated channel estimation can be represented as 

2

LLS LLS

LFLS 2 2

LLS

ˆ ˆ( ) | ( ) |ˆ ( ) , 0
ˆ| ( ) | (1 )

h n h n
h n n L

h n A 
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where 
LLS

0

ˆmax{| ( ) |}
n L

A h n
 

  and   is the suppression 

factor of linear filter. 

The LFLS channel estimation method can filter the 

AWGN more efficiently than the LS channel estimation. 

In reference [7], (0.99,1)   is usually utilized in Time 

Domain Synchronous OFDM (TDS-OFDM) system. 

Pseudo-Noise (PN) sequence padding in front of each 

OFDM symbol is adopted in Digital television Terrestrial 

Multimedia Broadcasting (DTMB) systems  for its 

superior characteristics of synchronization and accurate 

channel estimation [11]. 

B. Comparison between LS, LLS, and LFLS Channel 

Estimation Methods 

LS channel estimation method is subject to noise 

because it does not consider any noise in its solution [3]. 

The LLS channel estimation method can suppress the 

AWGN by setting the threshold in time domain. However, 

the weakness of the LLS method is that it can not 

distinguish the main paths with large energy and the other 

paths with small energy in the estimated CIR. The 

advantage of the LFLS channel estimation method is that 

it can suppress the noise as well as paths with small 

energy. Therefore, it can eliminate the impact of fading 

channel and increase the accuracy of channel estimation 

in a large extent. 

VI. SIMULATION RESULTS 

In this section, the system performance is represented 

by the BER. Under normal fading channel circumstances, 

BER will decrease with the increase of SNR. The main 

simulation parameters based on CP-OFDM system are 

summarized in Table I: (1) One OFDM frame consists of 

one cyclic prefix with 180 subcarriers and one Frame 

Body (FB) consists of 720 subcarriers; (2) Type of pilot 

arrangement is block type; (3) One OFDM block consists 

of 10 symbols. The LS channel estimation and LLS 

channel estimation are implemented in CP-OFDM system 

utilizing the above simulation parameters in Table I. The 

China DTV Test 1st (CDT1) channel model with its 

delay profile is given in Table II. CDT1 is a typical 

multipath broadcasting channel model. 

The BER can be expressed as 

BER
E

M
                                (16) 

where E  is the number of error bits, and M  is the total 

number of input bits. 

TABLE I: SIMULATION PARAMETERS 

Parameters Specifications 

OFDM system model CP-OFDM 

Modulation mode 16QAM, QPSK 

Type of pilot arrangement Block type 

Guard interval length (subcarriers) 180 

OFDM block length (symbols) 10 

Subcarrier number 720 

Pilot interval (symbols) 2 

  0.09 

  0.998 

TABLE II: PROFILE FOR MULTIPATH CHANNEL MODEL 

Tap 
CDT1 

Delay (µs) Power (dB) 

0 0 0 

1 -1.8 -20 

2 0.15 -20 

3 1.8 -10 

4 5.7 -14 

5 18 -18 

 

The BER performance of QPSK modulated OFDM 

system and 16QAM modulated OFDM system using LS, 

LLS, and LFLS channel estimation methods are shown in 

Fig. 6 and Fig. 7, respectively. 

As can be seen from Fig. 6, the BER of all the three 

channel estimation methods decreases with the increase 

of SNR. Under the same simulation conditions, LFLS 
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channel estimation method has the lowest BER than LLS 

and LS channel estimation methods. For example, under 

QPSK scheme, the curve of LFLS channel estimation 

achieves better BER performance compared with LLS 

channel estimation. At BER of 310 , the proposed LFLS 

channel estimation method can provide about 0.2 dB and 

1.8 dB SNR gains compared with LLS and LS channel 

estimation methods, respectively. At BER of 32 10 , the 

proposed LFLS channel estimation method can provide 

about 0.2 dB and 1.5 dB SNR gains compared with LLS 

and LS channel estimation methods, respectively. 

Compared with the ideal channel estimation, the 

proposed LFLS channel estimation method only 

appearance a little worse in BER. The reason is that the 

linear filter can reduce the impact of interferences caused 

by multipath propagation and AWGN. It can get accurate 

channel estimation and improve the channel estimation 

performance largely. 
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Fig. 6. BER performance of QPSK modulated CP-OFDM system. 
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Fig. 7. BER performance of 16QAM modulated CP-OFDM system. 

As can be seen from Fig. 7, the channel estimation 

methods have the same trend in BER. With the increase 

of SNR, the simulation results show a trend of overall 

decreasing. Among the three channel estimation methods, 

the LFLS channel estimation method is the best. In Fig. 7, 

under 16QAM scheme, LFLS channel estimation method 

outperforms LLS and LS channel estimation methods 1 

dB and 3 dB SNR improvements at the BER of 210 , 

respectively. At the BER of 35 10 , the LFLS channel 

estimation method outperforms LLS and LS channel 

estimation methods 1 dB and 4 dB SNR gains, 

respectively. The proposed LFLS method can reduce the 

AWGN by linear filtering in time domain, and it obtains 

the best BER performance among the three channel 

estimation methods based on LS. The BER of LFLS 

method performs only a little worse than that of the ideal 

channel estimation in high SNR. The LFLS channel 

estimation method is a novel channel estimation method 

and it can increase the performance of CP-OFDM system. 

VII. CONCLUSION 

This paper proposes LLS and LFLS channel estimation 

methods which can suppress the noise impact and 

improve the accuracy of the estimated CIR. Therefore, 

they can improve the performance of CP-OFDM system. 

Based on the principle of the LS algorithm, the LLS 

algorithm retains the advantages of low complexity, 

easiness for implementation, and better channel 

estimation performance compared to the LS algorithm. 

The proposed LFLS channel estimation method 

utilizes time-domain wavelet filtering to suppress the 

AWGN. It can keep the energy of the main paths and 

remove the effect of AWGN noise in the estimated CIR. 

The system performance of LFLS channel estimation 

method is superior to that of LS and LLS channel 

estimation methods. Therefore, the LFLS channel 

estimation method increases the accuracy of channel 

estimation. The proposed LFLS channel estimation 

method could provide significant SNR improvements 

when it is adopted in OFDM systems. 

ACKNOWLEDGMENT 

This work was supported by the Fundamental Research 

Funds of Shandong University (Grant No. 

2014ZQXM008, 2015ZQXM008), the Natural Science 

Foundation of Shandong Province (Grant No. 

ZR2015PF004), the Research Fund of Shandong 

University (Weihai), and the Development Program for 

Outstanding Young Teachers in School of Mechanical, 

Electrical and Information Engineering, Shandong 

University (Weihai), China. The authors thank Rongyang 

Shan, Yunpeng Zhang, and Heng Zhang for their kind 

help and valuable suggestions in revising this paper. The 

authors also thank the anonymous reviewers and the 

editor for their valuable comments to improve the 

presentation of the paper. 

REFERENCES 

[1] S. Coleri, M. Ergen, A. Puri, and A. Bahai, “A study of 

channel estimation in OFDM systems,” in Proc. 56th IEEE 

Vehicular Technology Conference, Vancouver, Canada, 

Sept. 24-28, 2002, vol. 2, pp. 894-898. 



 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Journal of Communications Vol. 11, No. 11, November 2016

©2016 Journal of Communications 1011

  

 

 

 
    

 

   

  

    

 

      

 

 

  

 

 
   

 

  

   

  

 

   

 

    

  

 

 

 

  

 

 

 

 

 

 

 

 

 

 

 

 

 

  

 

 

 

 

 

 

 

 

[2] Y. Zhang, X. Zhang, and D. C. Yang, “A robust least 

square channel estimation algorithm for OFDM systems 

under interferences,” in Proc. IEEE Wireless 

Communications and Networking Conference, Shanghai, 

China, Apr. 7-10, 2013, pp. 3122-3127. 
[3] K. M. Manu and K. J. Nelson, “OFDM channel estimation 

using total variation minimization in compressed sensing,” 

in Proc. Int. Conf. on Contemporary Computing and 

Informatics, Mysuru, India, Nov. 27-29, 2014, pp. 1231-

1234. 

[4] Y. S. Lee, H. C. Shin, and H. N. Kim, “Channel estimation 

based on a time-domain threshold for OFDM systems,” 

IEEE Trans. on Broadcasting, vol. 55, no. 3, pp. 656-662, 

Sept. 2009. 

[5] K. W. Liu and K. Xing, “Research of MMSE and LS 

channel estimation in OFDM systems,” in Proc. 2nd Int. 

Conf. on Information Science and Engineering, Hangzhou, 

China, Dec. 4-6, 2010, pp. 2308-2311. 

[6] L. U. Khan, M. I. Babar, and Z. Sabir, “Robust modified 

MMSE estimator for comb-type channel estimation in 

OFDM systems,” in Proc. 15th Int. Conf. on Advanced 

Communication Technology: Smart Services with Internet 

of Things, PyeongChang, Korea, Jan. 27-30, 2013, pp. 924-

928. 

[7] X. Zhou, F. Yang, and J. Song, “A novel noise suppression 

method in channel estimation,” IEICE Trans. on 

Fundamentals of Electronics, Communications and 

Computer Sciences, vol. E94-A, no. 10, pp. 2027-2030, 

Oct. 2011. 

[8] J. I. Montojo and L. B. Milstein, “Channel estimation for 

non-ideal OFDM systems,” IEEE Trans. on 

Communications, vol. 58, no. 1, pp. 146-156, Jan. 2010. 

[9] M. Gay, A. Lampe, and M. Breiling, “Sparse OFDM 

channel estimation based on regular pilot grids,” in Proc. 

9th Int. ITG Conf. on Systems, Communication and Coding, 

Munich, Germany, Jan. 21-24, 2013, pp. 1-6. 

[10] E. H. Krishna, K. Sivani, and K. A. Reddy, “OFDM 

channel estimation and equalization using multi-scale 

independent component analysis,” in Proc. IEEE Int. Conf. 

on Signal Processing, Informatics, Communication and 

Energy Systems, Calicut, India, Feb. 19-21, 2015, pp. 1-5. 

[11] X. Zhou, F. Yang, and J. Song, “Novel transmit diversity 

scheme for TDS-OFDM system with frequency-shift m-

sequence pandding,” IEEE Trans. on Broadcasting, vol. 58, 

no. 2, pp. 317-324, Jun. 2012. 

 

Xiao Zhou was born in Shandong 

province, China, in 1982. She received 

her B.E. degree in automation from 

Nanjing University of Posts and 

Telecommunications, China, in 2003; 

her M.E. degree in information and 

communication engineering from Inha 

University, Korea, in 2005; and her Ph.D. 

degree in information and communication engineering from 

Tsinghua University, China, in 2013. She is currently a lecturer 

and supervisor of postgraduate students with Shandong 

University, Weihai, China. Her current research interests 

include wireless communication technology, digital image 

processing, and computer vision. 

 

Zhun Ye was born in Heilongjiang 

province, China, in 1981. He received 

his B.E. degree in communication 

engineering from Harbin Institute of 

Technology, China, in 2004, and his 

M.E. and Ph.D. degrees in information 

and communication engineering from 

Harbin Institute of Technology, China, 

in 2006 and 2013, respectively. He is currently a lecturer with 

Shandong University, Weihai, China. His current research 

interests include broadband wireless communications, Multiple-

Input Multiple -Output (MIMO) technology, and Cloud Radio 

Access Networks (Cloud RAN). 

 

 

Xiaoxiao Liu was born in Shandong 

province, China, in 1993. She received 

her B.E. degree in electronic information 

science and technology from Nanjing 

Agricultural University, China, in 2016. 

She is currently pursuing her M.E. 

degree in information and 

communication engineering at Shandong 

University, China. Her current research interests include 

wireless communication technology, digital image processing, 

and computer vision. 

 

Chengyou Wang was born in Shandong 

province, China, in 1979. He received 

his B.E. degree in electronic information 

science and technology from Yantai 

University, China, in 2004, and his M.E. 

and Ph.D. degrees in signal and 

information processing from Tianjin 

University, China, in 2007 and 2010, 

respectively. He is currently an associate professor and 

supervisor of postgraduate students with Shandong University, 

Weihai, China. His current research interests include digital 

image processing and analysis, computer vision, and machine 

learning. 

 

 

 

 

 

 

-

http://202.194.40.72:8080/rwt/GM4DE9DIPS4HA634F6YYP75YF3TX635JN3TXK6UJN3UYM4LMNSRXP3JPMNYXN/search/submit.url?CID=quickSearchCitationFormat&origin=results&category=authorsearch&searchtype=Quick&searchWord1=%7bMilstein%2C+Laurence+B.%7d&section1=AU&database=1&yearselect=yearrange&sort=yr



