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요 약

DFT (discrete Forurier fransform) 기반 채널 추정은 낮은 계산 복잡도와 우수한 성능 때문에 파일럿 기반 시스템에서 널리 사용되
고 있다. DFT 기반 채널 추정은 채널 임펄스 응답 (channel impulse response: CIR)에서 windowing을 통해 잡음의 영향을 줄임으로
써 성능을 향상시킨다. 기존 DFT 기반 채널 추정은 windowing을 위해 고정된 파라미터를 사용한다. 그러나, 채널 환경은 바뀔 수 있
기 때문에, 고정된 파라미터는 채널 추정 성능 저하를 야기할 수 있다. 그러므로, 채널 환경의 변화에 대응하기 위해 적응형
windowing 기법이 필요하다. 본 논문에서는 채널 변화에 따라 윈도우 크기를 적응적으로 조절할 수 있는 DFT 기반 채널 추정을 위
한 적응형 windowing 기법을 제안한다. 전산 실험은 한국에서 방송 시스템 표준으로 채택된 ATSC (Advanced Television Systems 
Committee) 3.0 표준 기반의 다양한 채널 환경에서 수행되었고, 전산 실험 결과를 통해 제안하는 기법이 기존 기법보다 성능이 우수
함을 확인할 수 있다.

Abstract

The discrete Fourier transform (DFT)-based channel estimation is widely used in pilot-aided systems, due to its low complexity 
and good performance. It enhances performance by reducing the impact of noise through windowing in the channel impulse 
response (CIR). The conventional DFT-based channel estimation uses fixed parameters for windowing. However, since the channel 
environment can be varied, fixed parameters may lead to degradation in channel estimation performance. Therefore, an adaptive 
windowing scheme is needed to accommodate variations in channel conditions. In this paper, we propose an adaptive windowing 
scheme for DFT-based channel estimation that can adaptively adjust the window size to channel variations. Simulations are 
performed under various channel environments based on Advanced Television Systems Committee (ATSC) 3.0 standard adopted in 
Korean broadcasting system, and the results show that the proposed scheme outperforms the conventional schemes.
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Ⅰ. Introduction

In wireless communications, transmitted signals are dis-
torted by fading due to channel effects such as path loss, 
reflection, refraction, and delay spread in multipath chan-
nels[1]. Signal distortion due to fading makes demodulation 
difficult, which leads to performance degradation. Therefore, 
accurate channel estimation is crucial for achieving optimal 
performance. Channel estimation can be conducted through 
blind channel estimation, which utilizes the statistical char-
acteristics of the transmitted signal, or pilot-based channel 
estimation[2][3]. Recently, many wireless communication sys-
tems have been designed based on orthogonal frequency di-
vision multiplexing (OFDM), and channel estimation has 
been performed using pilot symbols.

Most wireless communication systems, including 
fifth-generation new radio (5G NR) and Advanced 
Television Systems Committee (ATSC) 3.0, employ scat-
tered pilots for channel estimation[4][5]. Scattered pilots are 
inserted in regular patterns in the time-frequency domain, 
enabling least square (LS)-based channel estimation[6]. The 
LS is performed to calculate the channel gain through 
transmitted and received pilot symbols. LS-based channel 
estimation is straightforward to implement. While LS esti-
mation is computationally efficient, it is susceptible to er-
rors caused by additive background noise. To reduce the 
channel estimation errors, minimum mean squared error 
(MMSE) channel estimation is commonly used[7]. The 
MMSE channel estimation utilizes statistical character-
istics, such as the covariance of channel gains and the co-
variance of noise, to mitigate channel estimation errors.

After estimating the channel gains corresponding to pilot 
symbols using the least square and MMSE channel estima-
tions, the channel gain of data symbols can be obtained by 
interpolating the channel gains of the scattered pilots. The 
channel frequency response (CFR) can then be obtained 
from the channel gains of both pilot and data symbols. 
Linear interpolation is a well-known method with very low 
computational complexity, but it suffers from significant 
performance degradation[8].

Discrete Fourier transform (DFT)-based channel estima-
tion can be used to reduce channel estimation errors[9]. 
Using the channel gains of pilot symbols, a channel im-
pulse response (CIR) can be obtained through inverse dis-
crete Fourier transform (IDFT). Then, unwanted compo-
nents in the CIR caused by noise are suppressed with a 
windowing filter, and the filtered CIR is transformed into 
the CFR through DFT operation. The performance of the 
DFT-based channel estimation depends on how effectively 
unwanted components in the CIR are filtered, and many 
studies have been conducted to improve performance[10-18]. 
However, in previous studies, filtering was performed us-
ing fixed values of design parameters, such as window size 
and threshold, leading to performance deterioration when 
the channel environment varied. Therefore, adaptive filter-
ing is required to cope with various channel conditions. 

In this paper, we propose an adaptive windowing scheme 
for DFT-based channel estimation in scattered pilot 
systems. In the proposed scheme, a given number of sam-
ples with the longest delays in the CIR are considered un-
wanted components caused by noise. The power of the un-
desirable components in the CIR is calculated and sub-
tracted from the total power of the CIR. The remaining 
power can then be considered a multipath component, and 
windowing is performed based on the ratio of multipath 
components in the total CIR. Therefore, the window size 
is set adaptively depending on the channel condition.

The simulations are performed to evaluate the perform-
ance of the proposed scheme. In this paper, the Rayleigh 
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20-path (RL20) and the Typical Urban 6-path (TU-6) chan-
nels are considered as fixed and mobile reception environ-
ments[22][23]. These channel models have been widely em-
ployed in studies that measured and analyzed reception per-
formance in the ATSC 3.0-based Korean broadcasting sys-
tem[27][28]. In addition, a single frequency network (SFN) 
channel model built on measurements obtained from the 
operating network in the Seoul Metropolitan area is also 
considered[29].

This paper consists of the following sections. In section 
2, the system model of the received signal is briefly 
described. Section 3 introduces conventional DFT-based 
channel estimation schemes, and the proposed windowing 
scheme for DFT-based channel estimation is described in 
section 4. In section 5, simulation results compare the per-
formance of the conventional and proposed schemes under 
varying channel conditions. Finally, this paper is concluded 
in section 6. 

Ⅱ. System Model

In this section, the frame structure of a scattered pilot 
system and the received signal model are described. In this 
paper, the frame structure of the ATSC 3.0 standard is as-
sumed as a scattered pilot system[24-26].

1. Frame Structure of ATSC 3.0

The physical layer frame of ATSC 3.0 includes various 
pilots, such as preamble pilot, edge pilot, subframe boun-
dary pilot, common continuous pilot, additional continuous 
pilot, and scattered pilot (SP). They are inserted into the 
frame according to the given rules and serve the purpose 
of channel estimation. Fig. 1 shows an example of the 
frame structure of ATSC 3.0 with pilots. Especially, the 
SPs are distributed across the time-frequency domain of the 
frame in a regular pattern. The configuration of SPs varies 

그림 1. 파일럿이 포함된 ATSC 3.0 프레임 구조
Fig. 1. Frame Structure of ATSC 3.0 with pilots

depending on the guard interval (GI) and fast Fourier trans-

form (FFT) size and are denoted as . Here,  and 

 represent the number of subcarriers between adjacent 
SPs in the frequency domain and the number of OFDM 
symbols forming one SP sequence, respectively. Channel 
estimation is performed by obtaining the channel gains of 
SPs and interpolating them to derive the channel gains of 
data symbols. However, the channel gains of data sub-
carriers at the edges of the time or frequency domain can-
not be obtained solely through the interpolation of scattered 
pilots. To address this problem, the edge pilot and sub-
frame boundary pilot are inserted to perform frequency and 
time interpolation at the edges.

2. Signal Model of Received Signal

The frequency domain data  is transformed into a 
time domain transmission signal through the inverse fast 
Fourier transform (IFFT) where  and  denote the OFDM 
symbol and the subcarrier indices, respectively. The trans-
mission signal is represented as 

(1)

where  denotes the transmission signal for -th 
OFDM sample of -th OFDM symbol and  is the IFFT 
size. The transmitted signal passes through the channel and 
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is received. The received signal for -th sample of -th 

OFDM symbol, , is represented as

(2)

where  and  denote the CIR in the time domain 
and additive white Gaussian noise (AWGN) for -th sam-
ple of -th OFDM symbol, respectively. The CIR refers to 
the response at the output when a unit impulse signal is 
applied to the channel and is represented as

(3)

where , , and  denote the number of multipaths in 
the channel, the channel gain of each path, and the time 
delay of each path, respectively. 

The received signal in the time domain is transformed 
into the frequency domain signal through the FFT. The re-
ceived signal for -th subcarrier of -th OFDM symbol, 

, is represented as 

(4)

where , , and  denote CFR, transmitted 
signal, and AWGN for -th subcarrier of -th OFDM sym-
bol, respectively.

Ⅲ. DFT-Based Channel Estimation

In this section, DFT-based channel estimation and its 
variated algorithms are described

1. DFT-Based Channel Estimation Algorithm

Fig. 2 shows the block diagram of DFT-based channel 

그림 2. DFT 기반 채널 추정의 블록 다이어그램
Fig. 2. Block diagram of DFT-based channel estimation

estimation. First, the least square is performed to obtain the 
channel gains of pilot subcarriers. The channel gains of the 
pilot subcarriers are obtained using transmitted and re-
ceived pilots through the least square as follows 

(5)

where  denotes the channel gain of -th pilot 
subcarrier. Since it is applied identically to all OFDM sym-
bols, we omit the OFDM symbol index in the following 

formula for simplicity. To find the  that minimizes 

the equation , the partial derivative of 

the equation  is derived and repre-
sented as 

(6)

where the superscript  in the equation  
denotes the Hermitian transpose. Then the solution of equa-
tion (6) is represented as 

(7)

After obtaining channel gains for pilot subcarriers, 
zero-padding is performed for the channel gains of data 
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subcarriers, and then the IDFT is performed to obtain the 
CIR as follows

(8)

where  denotes the estimated CIR in the time 
domain. 

The CIR represents the multipath profile of the channel. 
Since unwanted components can be induced by the noise, 
the channel estimation error can be reduced by rejecting 
unwanted components caused by the noise. To suppress un-
wanted components of the CIR, a windowing scheme can 
be applied. A straightforward windowing scheme is to 
eliminate the CIR components of the delay longer than the 
possible maximum delay of the channel. The maximum de-
lay of the channel can be estimated by considering the mul-
tipath characteristics within the coverage area[19].  Also, the 
scattered pilots are positioned at regular intervals in the fre-
quency domain, exhibiting periodicity. A signal with perio-
dicity in the frequency domain appears repeatedly in the 
time domain due to the properties of the Fourier trans-
form[20]. In ATSC 3.0 system, SPs are placed with a spac-

ing of  in the time domain and  in the frequency 

domain. Therefore, the effective length of the CIR, , can 
be represented as 

(9)

Then, by taking the CIR of length , the unwanted com-
ponents caused by the noise can be eliminated, and can be 
represented as 

(10)

After the windowing, the CIR is transformed to CFR 
through DFT and represented as 

(11)

Despite the windowing, since unwanted components 
caused by the noise may still exist, the channel estimation 
performance can be further improved by removing residual 
unwanted components within the window.

2. Conventional Post-Processing for DFT-Based 
Channel Estimation 

Many studies have been conducted to eliminate un-
wanted components, and several schemes are introduced in 
this section. Fig. 3 shows the block diagram of conven-
tional post-processing to eliminate residual unwanted com-
ponents for DFT-based channel estimation. 

그림 3. 후처리 블록이 포함된 DFT 기반 채널 추정 블록 다이어그램
Fig. 3. Block diagram of DFT-based channel estimation with post-process-
ing block

2.1 Fixed Size Window Scheme
Wireless communication systems are designed to ensure 

the CIR can accommodate the maximum delay of the 
channel. Then, the maximum delay is estimated by consid-
ering the multipath characteristics within the coverage area. 
Therefore, a fixed size window can be set considering the 
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maximum delay of the channel, allowing the elimination 
of unwanted components with delays longer than the window 
size[10-13]. The fixed size window scheme can be repre-
sented as 

(12)

where  denotes CIR after post-processing. Also,  
and  denote the start and end indices of the window, 
respectively. Through the appropriate setting of a fixed-size 
window, unwanted components can be eliminated, improv-
ing channel estimation performance. However, as the actual 
multipath environment changes, there may be paths with 
longer delays than the set window. Paths with longer de-
lays than the set window are ignored, which causes degra-
dation in channel estimation performance.

2.2 Threshold Test Scheme
Using a fixed-size window, paths with longer delays 

than the window are ignored. Therefore, a threshold test 
can be employed to include the actual multipath compo-
nents of the channel[14-16]. A sufficient signal-to-noise ratio 
(SNR) must be ensured for reliable wireless communica-
tion, and under a high SNR condition, the power of de-
sired components of the channel response will be greater 
than the unwanted components caused by the noise. 
Therefore, a threshold test can be used to consider compo-
nents with high power due to multipath and utilize them 
for channel estimation. The threshold test scheme can be 
represented as 

(13)

where  denotes the threshold value. This approach ef-
fectively filters out noise-induced components while retain-

ing significant multipath components, thereby improving 
channel estimation accuracy. However, if the SNR is not 
sufficiently ensured, the power of the desired components 
may not be guaranteed and may be ignored. Also, if the 
threshold value is too small, more unwanted components 
may be included.

2.3 Maximum Points Selection Scheme

그림 4. Leakage effect의 예시
Fig. 4. Example of leakage effect

When a sufficiently high SNR is ensured, the power of 
desired components is greater than those caused by the 
noise. Therefore, channel estimation can be performed in-
stead of a threshold test using only a given number of the 
largest components in the CIR[17]. This scheme, known as 
the maximum points selection scheme, involves sorting the 
CIR by magnitude and selecting only the pre-determined 
number of maximum points for channel estimation. Only 
multipath components can be utilized for channel estima-
tion by appropriately setting the number of maximum 
points. However, some multipath components may be ig-
nored if the number of maximum points is smaller than the 
number of multipaths. 

In OFDM systems, zeros are padded at both ends of the 
bandwidth to prevent inter-channel interference (ICI), 
which is referred to as guard band (GB). The GB serves 
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to limit bandwidth, and a bandwidth-limited signal appears 
to be spread out after IDFT due to the properties of the 
Fourier transform. The spreading of bandwidth-limited sig-
nals after IDFT is called a leakage effect. Fig. 4 illustrates 
an example of the leakage effect[21]. In the maximum points 
selection scheme, the components are selected in descend-
ing order of magnitude, which may not include the dis-
persed components. To improve channel estimation per-
formance, these dispersed components must also be in-
corporated into the channel estimation process.

2.4 Threshold-Based Window Size Setting Scheme
Windowing can be applied using a fixed window size 

to incorporate the dispersed components caused by the 
leakage effect in channel estimation. However, a fixed-size 
window may lead to performance degradation as the chan-
nel varies. Therefore, a scheme for adaptively adjusting the 
window size is needed to accommodate variations in the 
maximum delay of the channel. 

To include the maximum delay of the channel, the win-
dow size can be set based on a threshold test[18]. First, a 
threshold test is performed on the CIR to identify compo-
nents that exceed the threshold. Then, the earliest and latest 
paths among the components exceeding the threshold are 
identified and designated as the most advanced and most 
delayed paths of the channel, respectively. Finally, the win-
dow size is set based on the component designated as the 
most advanced and most delayed path, and windowing is 
performed. The threshold-based window size setting 
scheme can be represented in the same way as equation 
(12), where  and  denote the indices of the most ad-
vanced and most delayed paths, respectively. Note that if 
the threshold is not set appropriately, multipath compo-
nents may be ignored or excessive unwanted components 
may be included, potentially leading to degradation in 
channel estimation performance. 

Ⅳ. Proposed DFT-Based Channel Estimation 
Scheme

In the previous section, conventional DFT-based channel 
estimation schemes were introduced. They utilize fixed pa-
rameters such as window size and threshold to eliminate 
unwanted CIR components. However, filtering with fixed 
parameters may ignore multipath components as the chan-
nel condition changes, degrading channel estimation 
performance. Therefore, an adaptive windowing scheme is 
necessary to accommodate changes in the multipath 
environment.

그림 5. 전력 측정 기반 적응형 윈도우 방식의 DFT 기반 채널 추정
Fig. 5. DFT-Based channel estimation with adaptive window based on 
power calculation

In this section, a power calculation-based adaptive win-
dowing scheme is proposed. Fig. 5 shows an example of 
the adaptive windowing scheme based on power 
calculation. We assume that the CIR obtained from DFT 
is long enough to include the maximum delay of the 
channel. Then, a part of the samples located at the edge 
of the CIR can be considered as unwanted components 
caused by noise rather than multipath components. 
Therefore, the average power of these samples is calculated 
as the average power of the components caused by noise, 
which can be represented as 
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(14)

where  and  denote the average power of the unwanted 
components caused by noise and the number of samples 
used for calculating the average power of unwanted 
components. After calculating the average power of un-
wanted components, the average power of multipath com-
ponents can be calculated by subtracting the average power 
of unwanted components from the average power of the 
CIR. If the average power of CIR is normalized to 1, the 
average power of the multipath components becomes 

. Using the average power of unwanted compo-
nents, a threshold test is performed and can be represented 
as 

(15)

where  denotes CIR after threshold test. Compo- 

nents smaller than the threshold can be considered un-
wanted and eliminated through a threshold test. Subse- 
quently, the remaining components undergo windowing. 
The window size for this process can be determined 
based on the power of the multipath components. The 
proposed scheme accumulates the power from the com-
ponents with shorter delays and identifies the index at 
which the total accumulated power equals the calculated 
average power of the multipath components. Then, the 
identified index is set as the boundary of the window, 
and the windowing is then performed based on this 
boundary. The proposed scheme determines the window 
size by calculating the power of unwanted components, 
enabling adaptive windowing even when the multipath 
environment changes.

Ⅴ. Simulation Results

In this section, the performance of conventional and pro-
posed DFT-based channel estimations is provided. Com- 
puter simulations were conducted using TU-6, RL20, and 
Seoul SFN 1 channels to evaluate the performance of both 
conventional and proposed schemes under varying multi-
path environments[22][23][29]. The system parameters for 
computer simulations are described in Table 1.

Parameter Value

Center Frequency 500 MHz

System Bandwidth 6 MHz

Pilot Pattern SP4_2

Modulation Order 16 QAM

FFT Size 8192

Channel Model TU-6[22], RL20[23], Seoul SFN 1[29]

표 1. 전산 실험을 위한 시스템 파라미터
Table 1. System Parameters for computer simulations

The simulations assume perfect synchronization between 
the transmitter and receiver. The center frequency was set 
to 500 MHz within the ultra-high frequency (UHF) band 
used for terrestrial broadcasting in South Korea. The sys-
tem bandwidth is set to 6 MHz, the service bandwidth used 
in terrestrial broadcasting. The pilot pattern was set with 

 and . The FFT size is set to 8192, and the 
interval of scattered pilots in the frequency domain is 8. 
Therefore, the effective length of the CIR is 1024. 

First, computer simulations are conducted on the TU-6 
channel to determine the optimal parameters for conven-
tional schemes. Fig. 6 shows the block error rate (BLER) 
performance according to the window size for the fixed size 
window scheme in the TU-6 channel. The maximum delay 
of the TU-6 channel is , corresponding to 35 samples 
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그림 6. TU-6 채널에서고정크기윈도우기법의윈도우크기에따른 BLER 
성능
Fig. 6. BLER performance according to the window size for the fixed 
size window scheme in TU-6 channel

그림 7. TU-6 채널에서 임계값 기법의 임계값에 따른 BLER 성능
Fig. 7. BLER performance according to the threshold for the threshold 
test scheme in TU-6 channel

in the simulation. The BLER performance degrades as the 
window size increases, with a window size of 50 out-
performing the maximum delay of 35. This is due to the 
leakage effect, which disperses the multipath components 
into surrounding paths. Therefore, a margin was added be-
yond the maximum delay, and a window size of 50 was 
set as the optimal parameter. 

그림 8. TU-6 채널에서 최대점 선택 기법의 최대점 수에 따른 BLER 성능
Fig. 8. BLER performance according to the number of maximum points 
for the maximum points selection scheme in TU-6 channel

그림 9. TU-6 채널에서임계값기반윈도우크기설정기법의임계값에따른
BLER 성능
Fig. 9. BLER performance according to the threshold for thresh-
old-based window size setting scheme in TU-6 channel

Fig. 7 shows the BLER performance according to a 
threshold for the threshold test scheme in the TU-6 
channel. In Fig. 7, the threshold value of 0.1 shows the 
best performance. Higher threshold values lead to more 
multipath components being ignored, while lower val-
uesresult in the inclusion of more unwanted components, 
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그림 10. TU-6 채널에서 DFT 기반 채널 추정 기법들의 BLER 성능
Fig. 10. BLER performance of DFT-based channel estimation schemes 
in TU-6 channel

both resulting in performance degradation. Therefore, the 
threshold value of 0.1 was selected as the optimal 
threshold.

Fig. 8 shows the BLER performance according to the 
number of maximum points for the maximum points se-
lection scheme in the TU-6 channel. In Fig. 8, selecting 
16 maximum points shows the best performance. 
Increasing the number of maximum points leads to the in-
clusion of more unwanted components, while decreasing 
maximum points results in ignored multipath components, 
both resulting in performance degradation. Therefore, 16 
was set as the optimal number of maximum points.

Fig. 9 shows the BLER performance according to thresh-
old-based window size for the threshold test scheme in the 
TU-6 channel. In Fig. 9, a threshold value of 0.2 shows 
a slight performance gain over 0.1 and 0.3. Similar to the 
threshold test, extreme threshold values may result in per-
formance degradation. Therefore, 0.2 was set as the optimal 
threshold value. 

The optimal parameters of conventional schemes in the 
TU-6 channel are obtained through simulations. Fig. 10 
shows the performance comparison of the DFT-based chan-

그림 11. RL20 채널에서 DFT 기반 채널 추정 기법들의 BLER 성능
Fig. 11. BLER performance of DFT-based channel estimations in RL20 
channel

nel estimation schemes under the TU-6 channel. ‘Ideal’ 
represents the performance when all subcarriers within an 
OFDM symbol are used as pilots. The ‘No filtering’ repre-
sents windowing using the effective length of the CIR. The 
conventional schemes utilize pre-determined optimal pa-
rameters obtained through simulations. The ‘Proposed 
scheme’ represents the power calculation-based scheme 
that operates adaptively to channel variations. The ideal 
scheme shows the best performance, while no filtering 
shows the worst. The window size, threshold test, max-
imum points selection, threshold-based window size, and 
the proposed schemes show almost the same performance. 
This is because the conventional schemes use parameters 
optimized for the TU-6 channel, achieving the best 
performance.

To evaluate the performance of each scheme under var-
ied multipath environments, the same pre-determined pa-
rameters are applied to the RL20 channel. Fig. 11 shows 
the performance comparison of various DFT-based channel 
estimation schemes under the RL20 channel. When the de-
termined optimal parameters for the TU-6 channel are ap-
plied to the RL20 channel, the performance in order from  
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그림 12. Seoul SFN 1 채널에서 DFT 기반채널추정기법들의 BLER 성능
Fig. 12. BLER performance of DFT-based channel estimations in Seoul 
SFN 1 channel

best to worst is ‘Ideal’, ‘Proposed scheme’, ‘Threshold- 
based window size’, ‘Window size’, ‘Threshold test’, 
‘Maximum points selection’, and ‘No filtering’, from best 
to worst. This is because conventional schemes use fixed 
pre-determined parameter values regardless of the multi-
path environment. However, the proposed scheme adap-
tively performs windowing according to the channel envi-
ronment, demonstrating superior performance in varying 
channel conditions. 

In addition, the performance of each scheme was eval-
uated in the Seoul SFN 1 channel environment using the 
same pre-determined parameters. Fig. 12 shows the per-
formance comparison of various DFT-based channel esti-
mation schemes under the Seoul SFN 1 channel. When the 
determined optimal parameters for the TU-6 channel are 
applied to the Seoul SFN 1 channel, the performance in 
order from best to worst is ‘Ideal’, ‘Proposed scheme’, 
‘Threshold-based window size’, ‘Maximum points se-
lection’, ‘Threshold test’, and ‘No filtering’, from best to 
worst. The ‘window size’ could not demodulate the signal. 
This is because it was configured to accommodate the short 
delays of the TU-6 channel and therefore could not include 

the longer delays in the Seoul SFN 1 channel. As in the 
case of the RL20 channel, the conventional schemes use 
fixed, pre-determined parameter values regardless of the 
multipath environment. Therefore, the proposed method 
demonstrates superior performance because it performs 
windowing adaptively according to the channel conditions.

Ⅵ. Conclusion

In this paper, an adaptive windowing scheme for 
DFT-based channel estimation in scattered pilot was 
proposed. The proposed adaptive windowing scheme for 
DFT-based channel estimation can adaptively adjust the 
window size to channel variations. Simulations are per-
formed under various channel environments based on the 
ATSC 3.0 standard adopted in the Korean broadcasting 
system. The simulation results show that the proposed 
scheme outperforms conventional schemes even in a multi-
path environment. Since conventional DFT-based channel 
estimation schemes use fixed pre-determined parameters 
regardless of the channel environment, the performance de-
teriorates when the channel condition varies. However, 
since the proposed scheme can adaptively adjust the win-
dow size according to the channel conditions, it can effec-
tively adapt to channel variations. 
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