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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 timedomain 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 MSequence (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.
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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
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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

II. SYSTEM MODEL

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

A. System Model of CP-OFDM
The system model of the Cyclic Prefix OFDM (CPOFDM) is presented in Fig. 1.
At the transmitter, incoming binary information bits
are grouped firstly and then mapped according to a prespecified 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

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

as

 X (k )k 0

N 1

 X (k )k 0 is
N 1
x(n)n0 by the

. The modulated symbol

converted into the time-domain signal
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N 1

(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]. Tcp 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.
Cyclic Prefix

Amplitude

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 Xˆ LS (k ) can be demodulated as

Y (k )
Xˆ LS (k ) 
ˆ
H LS (k )

(7)

IV. LLS CHANNEL ESTIMATION

0

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.

Real Part of  x(n)n  0

N 1

Tsym

Tcp

0

t

Guard Interval
OFDM Symbol

(a)
Copy
Copy

CP

OFDM
OFDM Symbol
Symbol

Tcp

Tsub

Tsym

(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 Tsub is the length of
subcarriers, the length of CP-OFDM symbol
Tsym  Tcp  Tsub . 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 Hˆ LS (k ) is the estimated CFR at the k-th
subcarrier, which is obtained by LS method, the received
OFDM signal is denoted as

Y (k )  Hˆ LS (k )  X (k )  W (k )

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).
Frequency
Frequency
Pilot
Pilot

(4)

Data
Data

Then, the LS channel estimation could be expressed as

Y (k ) W (k )
Hˆ LS (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

E[| Hˆ LS  H |2 ]  E[| W  X 1  ( X 1 )T W T |] 

 w2
 s2

Frequency
Frequency
Pilot
Pilot
Data
Data

(6)

where  w2 and  s2 are the average noise power and signal
power respectively.
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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.
Hˆ (k ) is the estimated channel frequency response
p

for the pilot on the k p -th sub-carrier. According to the LS
channel estimation method, Hˆ (k p ) is represented as

Hˆ (k p ) 

Y (k p )
X (k p )



W (k p )
X (k p )

 H (k p )  W ' (k p )

(8)

w' (n) is noise in time domain. hˆLLS (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 hˆLLS (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 hˆLLS (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,
hˆLLS (n) (n  L) should be considered to be noise. After
noise suppression, the estimated CIR hˆ (n) can be
LLS

where X (k p ) and Y (k p ) are the transmitted and

expressed as

hˆ (n), 0  n  L,
(11)
hˆLLS (n)   LLS
n  L.

0,
Suppose  is the threshold value and usually
  [0,0.3) . Eq. (11) can be expressed as

received signal on the k p -th pilot subcarrier, respectively.

p (0  p  P) is the index of pilot symbols. W ' (k p )
corresponds to the noise component existing at the
estimated pilot channel coefficients.
The frequency channel estimation Hˆ (k ) on the data
subcarrier can be obtained by one-dimensional linear
interpolation of Hˆ (k p ) .
The pilot symbols are linear interpolated with equal
intervals. Assuming that the channel coefficient between
Hˆ (k ) and Hˆ (k ) is estimated, then Hˆ (k ) can be
p

p 1

(12)

Fig. 4 illustrates the procedure of threshold based LLS
channel estimation. The new estimated CFR of LLS
channel estimation Hˆ LLS (n) can be obtained after the
FFT calculation of hˆ' (n) which is denoted as
LLS

expressed as

Hˆ (k )  Hˆ (k p )   p  (k  k p )
where  p 


hˆ (n), hˆLLS (n)   , 0  n  L,
'
hˆLLS
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is the interpolation interval.

where Wˆ (k ) represents to the noise component existing
in the estimated CFR coefficients obtained from LLS
channel estimation.
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which is denoted as Hˆ data (k ) . The LLS can be calculated
by the IFFT operation of Hˆ (k ) . It can be represented

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

hˆLLS (0)

X (0)

Threshold

After the linear interpolation of estimated CFR, we can
obtain all channel coefficients [3].
The CFR of data symbols is extracted from Hˆ (k ) ,

hˆLLS (n)  h(n)  w' (n)

(13)




Setting 0





Hˆ LLS ( K  1)

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

Y (k )
Xˆ LLS (k ) 
ˆ
H LLS (k )

(14)

After QPSK or 16QAM demodulation, the received
OFDM symbol Xˆ LLS (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 CPOFDM system is shown in Fig. 5.
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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
E
(16)
BER 
M
where E is the number of error bits, and M is the total
number of input bits.

Fig. 5. LFLS channel estimation in CP-OFDM system.
TABLE I: SIMULATION PARAMETERS
Parameters
OFDM system model
Modulation mode

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

hˆLFLS (n) 

hˆLLS (n) | hˆLLS (n) |2
, 0  n  L (15)
  | hˆ (n) |2 (1   )  A2
LLS

where A  max{| hˆLLS (n) |} and  is the suppression

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

0 n  L

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].
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

Specifications
CP-OFDM
16QAM, QPSK

TABLE II: PROFILE FOR MULTIPATH CHANNEL MODEL
Tap

CDT1

0
1
2

Delay (µs)
0
-1.8
0.15

Power (dB)
0
-20
-20

3

1.8

-10

4
5

5.7
18

-14
-18

B.
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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 103 , 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 2 103 , 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.
0

10

LS channel estimation
LLS channel estimation
LFLS channel estimation
Ideal channel estimation

-1

BER

10

-2

10

-3

10

-4

10

0

2

4

6
8
SNR (dB)

10

12

14

Fig. 6. BER performance of QPSK modulated CP-OFDM system.

outperforms LLS and LS channel estimation methods 1
dB and 3 dB SNR improvements at the BER of 102 ,
respectively. At the BER of 5 103 , 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.
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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
©2016 Journal of Communications
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