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Abstract—This paper proposes a low-complexity compressed
sensing (CS)-based time domain channel estimation with virtual
oversampling for OFDM-based DTTB system. CS technique is
first applied to sparse channel estimation in integrated services
digital broadcasting-terrestrial (ISDB-T) system. Unfortunately,
the CS-based time-domain channel estimation suffers from a per-
formance degradation under the existence of fractional delay.
Fractional delay is a common issue in time domain-based chan-
nel estimation due to sampling imperfection of channel delay
time. Therefore, we propose virtual oversampling to deal with
the fractional delay without increasing the signal bandwidth.
Furthermore, exploiting the fact that the rate of change of
path delay is slower than the path gain, a modified orthogo-
nal matching pursuit is also proposed to reduce computational
complexity. Numerical analyses of bit error rate and computa-
tional complexity are given to verify effectiveness of the proposed
scheme.

Index Terms—Compressed sensing, fractional delay, virtual
oversampling, low-complexity, orthogonal matching pursuit,
ISDB-T.

I. INTRODUCTION

INTEGRATED Services Digital Broadcasting-Terrestrial
(ISDB-T) is a Japanese digital television system which

is capable of offering different services such as television,
mobile TV, emergency notification for earthquake, tsunami,
etc. [1]. ISDB-T employs the Orthogonal Frequency Division
Multiplexing (OFDM) which is a broadband modulation
scheme transmitting a high rate stream using multiple subcarri-
ers with low symbol rate [2]. In such transmission system, each
subcarrier experiences a random flat fading while the whole
signal spectrum experiences frequency selective fading. Thus,
reliable estimation for channel frequency response (CFR) is
necessary for accurate signal detection.

Channel estimation (CE) is typically performed with the
assistance of training method wherein pilots are inserted in
some subcarriers of OFDM symbol [3]. The receiver can esti-
mate the CFR from the received pilots based on particular
criterion, e.g., Least Square (LS) or Minimum Mean Square
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Error (MMSE) [4]. CE is inevitably erroneous due to ther-
mal noise induced in the receiver circuit. In order to mitigate
the impact of noise, time domain CE has been extensively
studied to exploit the sparse feature of channel impulse
response (CIR) [5]. It has been known that a part of CIR
which is beyond the guard interval is zero; thus, time domain
CE algorithms estimate only CIR part that is within the guard
interval to avoid noise induction in the remaining part [5]. For
the ISDB-T system, because the CIR is sparse even within the
guard interval where there are only few paths having dominant
power, compressed sensing (CS)-based CE can be applied for
further accuracy improvement [6].

In CS-based CE [7]–[13], the received pilot signal is trans-
formed to time domain to receive an observation vector
from which, an iterative recovery algorithm e.g., Orthogonal
Matching Pursuit (OMP) [14], [15], is carried out to recon-
struct the unknown CIR. It is shown in [6] that successful
reconstruction of the unknown CIR using OMP can be guar-
anteed if mutual coherence [16] of the measurement matrix is
less than or equal to 1/(2η − 1), where η is the number of
nonzeros in the unknown CIR vector. However, under exis-
tence of fractional delay wherein the delay time of each path
cannot be perfectly sampled by the symbol rate, the number
of nonzero elements of the CIR observation vector increases
which includes some frabricated paths, making the recovery
algorithm less likely to converge. Fractional delay in ISDB-T
is a sampling time error of the channel delay. Fractional delay
exists in a system that uses time domain based channel esti-
mation. In an ISDB-T system, channel is a sparse wherein
channel consists of multiple paths but few paths have higher
power. Due to the existence of fractional delay, the CIR vector
in time domain will include large number of fabricated paths
which make the CS-based algorithms be difficult to detect the
real paths of CIR since the observation vector is no longer
sparse. In order to remove the impact of the fractional delay,
recently, we have proposed the time-domain oversampling in
the previous papers [17] and [18] but time domain oversam-
pling [19]–[21] will increase the transmission bandwidth since
oversampling is performed in the transmitter side.

Thus, our goal in this paper is to deal with fractional
delay in ISDB-T system while keeping the signal bandwidth
unchanged. Our contributions are twofold.

1) To alleviate the impact of fractional delay which is
largely related to the sampling interval, we propose a
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Fig. 1. System block diagram.

virtual oversampling using oversized Discrete Fourier
Transform (DFT) matrix in the OMP processing. Due to
virtual oversampling, the number of nonzero elements
of the unknown CIR vector decreases resulting in an
increase of probability of successful reconstruction. The
proposed virtual oversampling does not increase system
bandwidth because it is carried in the OMP process-
ing at the receiver. We also perform analysis to provide
theoretical basis of the proposed virtual oversampling.

2) We modify the OMP to reduce the computational com-
plexity. The Modified Orthogonal Matching Pursuit
(MOMP) can reduce the computational cost by exploit-
ing the fact that for the wireless channel of ISDB-T
system, the rate of change of path delay is slower than
the path gain [22].

The rest of this paper is organized as follows: Section II
introduces the system model considered in this paper,
Section III discusses the proposed CS-based CE with vir-
tual oversampling followed by the MOMP algorithm given
in Section IV. Section V shows numerical results. Lastly
Section VI concludes the remarks.

II. SYSTEM MODEL AND PROBLEM STATEMENT

A. Signal Model

Fig. 1 shows the system block diagram. At the transmitter,
(K − M) data symbols and M pilot symbols are frequency
multiplexed to form a payload vector u. The arrangement
of the pilots and data subcarriers are shown in Fig. 2.

Fig. 2. Subcarrier arrangement for pilot and data symbol.

The u is defined as,

u = [
u0 u1 · · · uK−1

]T
, (1)

where [ · ]T is transpose of a vector. Each entry of the payload
vector u is

uCm+i =
{

pm; (i = 0)

dCm+i; (0 < i < C).
(2)

The pm is the m-th pilot symbol where m ∈ {0, . . . , M − 1}
and dCm+i is the (Cm + i)-th data symbol. The C = K/M
represents the number of data subacarriers inserted between
the two pilots.

The payload u is multiplied with the reordering matrix Q
and the inverse of the DFT matrix F. The matrix Q has a
size N by K and is given by

Q =
⎡

⎣
0(K/2)×(K/2) IK/2
0(N−K)×(K/2) 0(N−K)×(K/2)

IK/2 0(K/2)×(K/2)

⎤

⎦. (3)

The reordering matrix is composed of identity matrix IK

of size K and zero matrix 0K×N of size K by N. Basically
the reordering matrix is used to arrange the positive side and
negative side frequency of active subcarriers. The matrix Q
is to suppress the unused subcarriers before transmission. The
DFT matrix F has a size N by N and is defined as

F = 1√
N

[
exp

(
−j

2πkn

N

)]

0≤k<(N−1)
0≤n<(N−1)

. (4)

With the inverse discrete Fourier transform (IDFT) matrix
and reordering matrix, the OFDM symbol s can be repre-
sented as

s = F−1Qu. (5)

After cyclic prefix (CP) is added to s, the signal is applied
to the digital-to-analog converter (DAC) to generate the base-
band transmit signal s(t). Bandwidth of the DAC is fs = 1/Ts

where Ts is symbol interval, meaning that oversampling is not
employed in transmitter side. The OFDM symbol s is then
up-converted and transmitted. The transmitted signal is then
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propagated through the multipath channel, and then added with
additive white Gaussian noise present in the receiver.

At the receiver, the received signal is firstly frequency down-
converted to equivalent low pass form. The received signal
after frequency down conversion is then given by

r(t) = g(t)⊗ s(t)+ z(t), (6)

where g(t), z(t) are the channel impulse response (CIR) and
AWGN, respectively. The operation ⊗ denotes convolution.
The CIR is expressed as

g(t) =
L−1∑

l=0

hlδ(t − τl) (7)

where hl is complex-valued gain and τl is the delay for the
l-th propagation path of the L multipath channel.

The received signal, r(t), is applied to LPF, whose cut-off
frequency is 1/(2Ts), followed by the analog-to-digital (ADC)
converter with sampling frequency fs = 1/Ts. The CP is then
removed from the analog-to-digital converted signal.

The received signal r after CP removal is then given by

r = Gs+ z, (8)

where G and z represent the channel matrix in time domain
and the noise vector, respectively.

Basically, the signal processing in the receiver is the oppo-
site of the transmitter and uses the same DFT matrix F
and transpose of reordering matrix Q of the transmitter. The
received signal vector v in frequency domain can be obtained
using

v = QTFr = QTHQu+ zF, (9)

where H = FGF−1 = diag(hf ) is the diagonal fre-
quency domain channel matrix. The diagonal elements
of H forms the channel frequency response hf =[
hf ,0 hf ,1 · · · hf ,(N−1)

]T , where each entry is

hf ,n =
L−1∑

l=0

hlexp

(
−j

2πnτl

NTs

)
, (0 ≤ n < (N − 1)). (10)

While the zF = QTFz is the noise spectrum.

B. Formulation of CS-Based Time Domain CE

The block diagram of the CS-based CE is shown in Fig. 3.
After obtaining the received signal v from Eq. (9), the observed
channel frequency response h̃ can be obtained by

h̃ = Ev, (11)

where E = diag(e) is a diagonal matrix. The vector e is
defined as

e = [
e0 e1 · · · eK−1

]T
, (12)

wherein each entry of e is defined as

eCm+i =
⎧
⎨

⎩

1

pm
(i = 0)

0 (0 < i < C),

(13)

Fig. 3. Block diagram of CS-based CE.

where m ∈ {0, . . . , M − 1}. Here we extract the received pilots
and compare with the known pilots.

The N-size observed impulse response vector g̃ can now be
calculated as follows

g̃ = F−1Qh̃ = [
g̃0, g̃1, . . . , g̃N−1

]T
. (14)

Theoretically, the unknown frequency response hs of the
pilots can be modeled by using an unknown CIR g =
[g0, g1, . . . , gN−1]T using

hs = QsQTF(g+ z), (15)

where z is the noise component and Qs = diag(qs), qs =[
q0 q1 · · · qK−1

]T contains the pilot pattern. Each entry
of qs is defined as

qCm+i =
{

1 (i = 0)

0 (0 < i < C)
(16)

where m ∈ {0, . . . , M − 1}. The Eq. (14) and Eq. (15) are
independent equations. The Eq. (14) is the observation part
of CS equation, while Eq. (15) is the unknown part of CS
equation.

At this point, we can substitute the unknown frequency
response hs in Eq. (15) to the observed frequency response
h̃ in Eq. (14) to obtain the CS equation defined as

g̃ = F−1QQsQTF(g+ z). (17)

We can define the measurement matrix � as

� = F−1QQsQTF (18)

which is a band matrix. Eq. (17) can now be simplified to

g̃ = �g+ zl, (19)

where

zl = �z, (20)

is the converted noise component.
It has been known that the maximum delay spread of

the channel is within the guard interval, the non-zero terms
of g̃ will be within the guard interval window. Therefore
the observed impulse response g̃ and the unknown impulse
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response g can be reduced to a vector of size equal to a guard
interval Ngi. The observed impulse response will now be

g̃ = [
g̃0, g̃1, . . . , g̃Ngi−1

]T
, (21)

and will then be used as an observation vector of CS. While
the unknown CIR is

g = [
g0, g1, . . . , gNgi−1

]T
. (22)

C. Mutual Coherence

An important property of the measurement matrix of CS
is the Restricted Isometry Property (RIP) introduced by
Candes and Tao [23]. Based on this property, CS can suc-
cessfully recover the sparse signal g if there exist a constant
(0 < ρk < 1) that satisfy the inequality

(1− ρk)‖g‖22 ≤ ‖�g‖ ≤ (1+ ρk)‖g‖22, (23)

where k is the order of RIP.
For the case of using OMP for CS which is the algorithm

of this paper, at least one of the following condition should
be satisfied to guarantee that OMP can correctly recover the
estimated impulse response [16]:

1) � should satisfy the RIP in Eq. (23), with constant

ρη+1 <
1

3
√

η
for order η + 1 ,

2) The mutual coherence of the measurement matrix �

should satisfy

μ(�) ≤ 1

2η − 1
, (24)

where η is the maximum number of nonzero elements
of the unknown CIR vector g.

This paper will only exploit the second condition about
the mutual coherence of the measurement matrix defined in
Eq. (24). The mutual coherence of the measurement matrix �

with the size n by m is defined as,

μ(�) = max
1≤i,j≤m,i �=j

∥∥φT
i φj

∥∥

‖φi‖2 ·
∥∥φj

∥∥
2

, (25)

where φi is the i-th column of the measurement matrix �.
The mutual coherence indicates the correlation between the
columns of the measurement matrix.

D. Fractional Delay Issue

We consider the observed CIR g̃ from Eq. (21), where each
entries of g̃ is can be represented as

g̃k = 1

N

N−1∑

n=0

L−1∑

l=0

hlexp

(
−j

2πnτl

NTs
+ j

2πnk

N

)
, (26)

where 0 ≤ k < (Ngi − 1). Now let us define a delay τl of the
l-th path to be

τl = ζlTs +
τl (27)

where ζl, 
τl is an integer number and fractional delay of
the l−th path l ∈ {0, . . . , L− 1} , respectively. The fractional

Fig. 4. Observed channel impulse response g̃ of TU6 channel in the presence
of fractional delay using Ts = 0.12μs.

delay is assumed to be within the range of 0 ≤ 
τl < Ts.
Substituting Eq. (27) into Eq. (26) we get

g̃k = 1

N

N−1∑

n=0

L−1∑

l=0

hlexp

(
−j

2πn
τl

NTs

)
exp

(
−j

2πn

N
(ζl − k)

)
.

(28)

Considering that the fractional delay 
τl = 0, the Eq. (28)
will be

g̃k = 1

N

N−1∑

n=0

L−1∑

l=0

hlexp

(
−j

2πn

N
(ζl − k)

)

=
{

hl; (ζl = k)
0; (ζl �= k),

(29)

Here we can see that the observed CIR g̃ is sparse in the case
without fractional delay.

Now let us consider the case that the fractional delay

τl �= 0. The CIR with ζl = k will be,

g̃k = 1

N

N−1∑

n=0

L−1∑

l=0

hlexp

(
−j

2πn
τl

NTs

)
, (30)

and if ζl �= k, the CIR will be

g̃k = 1

N

N−1∑

n=0

L−1∑

l=0

hlexp

[(
−j

2πn

N

)(
ζl − k + 
τl

Ts

)]
. (31)

Here we can see that Eq. (31) is no longer zero because of the

presence of

τl

Ts
which is a fractional number. The fractional

delay will create additional impulses that would result for the
observed CIR to be non-sparse.

Fig. 4 shows a sample effect of the fractional delay to the
observed CIR g̃ in TU6 channel model using Ts = 0.12μs.
The ideal TU6 channel model has 6 paths as demonstrated in
Table II. Table II shows the corresponding power and delay of
each path of the ideal TU6 channel. Fig. 4 shows the normal-
ized amplitude of each impulses of CIR defined as |g̃|, versus
the measured delay time. The 6 paths of TU6 channel appear
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as a high normalized amplitude impulses in Fig. 4. Ideally, the
CIR should only be 6 impulses. Due to the effect of fractional
delay, a small impulses were generated as shown in Fig. 4. The
small impulses are defined in Eq. (31). The additional small
impulses will result for the observed CIR to be non-sparse and
the number of path is no longer equal to L. In addition, due
to the effect of fractional delay, the 6 paths of TU6 cannot
perfectly measure the correct delay.

III. CS-BASED CE WITH VIRTUAL OVERSAMPLING

In order to alleviate the impact of fractional delay, we
introduce the virtual oversampled unknown CIR vector gX =
[gX,0, gX,1, . . . , gX,XN−1]T . One should note that the word
“virtual” stems from the fact that the proposed oversampling is
virtually implemented only within the measurement matrix in
CS and does not increase system bandwidth of ISDB-T during
transmission. The virtual oversampling is performed to reduce
the number of nonzero elements η of the unknown CIR vector
to L so that the OMP is more likely to converge according to
the condition for successful reconstruction given in Eq. (24).

The parameter X is introduced to represent how many times
the unknown vector is virtually oversampled. Let us define the
X times oversized DFT and reorder matrices as,

FX = 1√
XN

[
exp

(
−j

2πkn

XN

)]

0≤k<(XN−1)
0≤n<(XN−1)

, (32)

and

QX =
⎡

⎣
0(K/2)×(K/2) IK/2

0(XN−K)×(K/2) 0(XN−K)×(K/2)

IK/2 0(K/2)×(K/2)

⎤

⎦. (33)

The unknown frequency response hX of Eq. (15) with virtual
oversample can be now calculated using the unknown CIR
gX = [gX,0, gX,1, . . . , gX,XN−1]T with vector size of XN using

hX = QsQT
XFX(gX + zX), (34)

The unknown frequency response hX with virtual oversam-
pling is then subtitute to the observed frequency response h̃
in Eq. (14) to obtain the CS equation defined as

g̃ = F−1QQsQT
XFX(gX + zX). (35)

Finally we can define the measurement matrix �X with
virtual oversampling as

�X = F−1QQsQT
XFX, (36)

which is a band matrix with a size of N by XN. Eq. (35) can
now be simplified to

g̃ = �XgX + zXl, (37)

where

zXl = �zX, (38)

is the converted noise component.
Since we reduced the size of the observed impulse response

g̃ to a size equal to a guard interval Ngi as mentioned in
Section II-B, we also need to reduce the size of the unknown

CIR gX and measurement matrix �X for consistency. This size
reduction is based on the assumption that the maximum delay
spread of the channel is within the size of the guard inter-
val Ngi. The reduced virtually oversampled impulse response
vector now becomes

gX =
[
gX,0 gX,1 · · · gX,XNgi−1

]T
, (39)

and the corresponding measurement matrix becomes

�X =
[
�i,n

]
0≤i<(Ngi−1)

0≤n<(XNgi−1)

, (40)

The new size of the measurement matrix �X is now Ngi

by XNgi where Ngi is the size of the guard interval and X is
the oversample factor that determines how many times the
signal was oversampled. Note that the n-th column vector
of �X corresponds to the finger-print of the band limited
impulse response of the fractional delayed path. This size
reduction of the measurement matrix and the observation vec-
tor of CS is advantageous because it will result to a reduction
in computational complexity.

Now let us verify whether the given measurement matrix
with virtual oversampling can guarantee a recovery of the
CIR by performing at least one of the conditions given in
Section II-C.

Here we consider the second condition stated in Eq.( 24).
For the worst case scenario, let us consider the mutual coher-

ence to be μ(�X) = 1

2η − 1
. Let us also consider a parameters

based on ISDB-T One-Seg given in Table I and a virtual over-
sampling factor X = 4. Computing the mutual coherence using
Eq.( 25) will result to μ(�4) = 0.0174, which leads to a value
η ≈ 29. η ≈ 29 means the proposed measurement matrix can
estimate up to 29 number of channel paths. A limitation of 29
paths is enough since the channel model of ISDB-T is only
composed of 6 paths such as TU6 and hilly terrain model.

IV. MODIFIED ORTHOGONAL MATCHING PURSUIT

The Modified Orthogonal Matching Pursuit (MOMP) will
be the algorithm for Compressed Sensing. The algorithm
is composed of two parts namely the Orthogonal Matching
Pursuit (OMP) [14], and the Least Square (LS). In the
paper [22], it discussed that the rate of change of the delay of
l-path is slower compared to the amplitude response hl where
l ∈ {0, . . . , L− 1}. We can exploit this assumption in order to
reduce the complexity in CIR estimation.

Doing this, the CIR estimation has two parts wherein the
first part will use the OMP to estimate the both gain and delay
path of the first symbol arrival. And then for the second part,
since the delay path is slowly changing compared to the ampli-
tude response, the rest of the symbol will only estimate the
gain using LS with the supports of the computed OMP at
first part.

Fig. 5 shows the flow chart of the MOMP. The OMP will
be used first for the 1st symbol arrival to estimate the delay
and gain of the multipath channel. The delay information is
on the search boundary selector Yη which will then be used
for the next symbol arrival. For the succeeding symbol arrival,
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Fig. 5. System flow chart of MOMP.

the LS will be used to estimate only the gain of the channel
using the Yη of OMP.

A. OMP Based Gain and Delay Estimator

Orthogonal Matching Pursuit (OMP) is a greedy algorithm
that aims stagewise minimization of the approximation error
to the observed signal [14]. The OMP is an iterative algorithm
where the number of iteration used is equal to η, the number
of nonzero elements of gX . OMP will be used only for the first
symbol arrival to estimate both the delay and gain paths of the
channel. The Algorithm 1 shows the detailed steps of the OMP
algorithm [14] for obtaining the search boundary selector Yη

and solving the impulse response gX of the Eq. (37).
In the OMP algorithm, the λi = arg maxk |rH

i−1φk| of
Algorithm 1 detects accurately the channel delay and elim-
inates the smaller impulses generated by fractional delay as
discussed in Section II-D. Due to virtual oversampling, the
columns of the measurement matrix represented by φk were
increased and will result to a high resolution testing. In the end,
the OMP can effectively detect the channel delay by finding
the maximum inner product λi.

B. LS Based Gain Estimator

The LS will be used as a gain estimator of each path after
OMP. According to [22], the delay of the channel is changing
slower compared to the gain. In this case, estimating the delay
is not necessary because the delay estimation has completed
at the first part using OMP. Therefore, only gain is required
to estimate for the next symbol arrival.

Algorithm 1 Orthogonal Matching Pursuit (OMP)

Require: g̃ ∈ C
Ngi 
 observed vector

Ensure: gX ∈ C
XNgi 
 estimated sparse vector

ri ← g̃
�X =

[
φ0 φ1 · · · φXNgi−1

]

�i ← [ ]
Yi ← [ ]
i← 1
while i ≤ η do

λi = arg maxk |rH
i−1φk|

�i = �i−1 ∪ {λi}
Yi = [Yi−1, φλi ]
wi = arg minw ||Yiw− g̃||22
ri = g̃− Yiwi

i = i+ 1
end while
return gX = wη

The LS [22] will be used to estimate the path gains of the
channel. The estimated impulse response gX ∈ C

XNgi will be
estimated using

gX =
(

YH
η Yη

)−1
YH

η g̃. (41)

Using the support of the measurement matrix Yη in OMP in
Algorithm 1, we can reduce the complexity of LS because the
column size of the matrix Yη is only equal to η. The support
of the OMP Yη will be the search boundary selector since
it searches the columns of the measurement matrix that will
be used in LS estimator. With this improvement, the iteration
will be reduced into a single iteration instead of using multiple
iteration of OMP employed from the previous papers [6], [24].

The search boundary selector Yη is a submatrix of the mea-
surement matrix �X . With Yη, the MOMP can detect the
actual channel delay and eliminate the effect of fractional
delay. Each entries of the estimated CIR gX will be defined as

gX,k = 1

N

XN−1∑

n=0

L−1∑

l=0

hlexp

[(
−j

2πn

N

)(
ζl − k

X
+ 
τl

Ts

)]
(42)

where (0 ≤ k < XNgi − 1). Here we observed that we
increased the size of the estimated CIR gX to XNgi using vir-
tual oversampling which is part of the measurement matrix
being used.

In the case of the presence of fractional delay where


τl �= 0, the term
(ζl − k

X
+ 
τl

Ts

)
in Eq. (42) is now an inte-

ger number that will result for gX,k to be equal to zero in the
case of ζl �= k. And the estimated CIR with virtual oversample
gX will be simplify to

gX,k = 1

N

XN−1∑

n=0

L−1∑

l=0

hlexp

(
−j

2πn
τl

NTs

)
(43)

for ζl = k, and

gX,k = 0 (44)
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for ζl �= k. With the presence of fractional delay, here we can
observe that the estimated CIR gX is already a sparse again
where the number of nonzeros of gX was reduced to L.

C. Complexity Analysis

So far, the computational cost of MOMP was reduced as
follows.

1) In Section II-B, the vector size of the observed impulse
response was reduced from size N to size Ngi depend-
ing on the size of the guard interval. For example, if the
guard interval is 1

4 , then the vector size will be reduced
to 25 percent. In addition, the matrix size of the mea-
surement matrix was also reduced from N by XN to Ngi

by XNgi.
2) According to Section III that discusses about com-

pressed sensing, the measurement matrix of the proposed
system was a band matrix wherein almost all of the
entries of the matrix are zeros. This will reduce the
computational cost in OMP in algorithm 1 since OMP
uses inner products of the columns of the measurement
matrix. Using band measurement matrix will reduce the
number of products since most of the entries of the
column vector of the measurement matrix are zeros.

3) Lastly, the algorithm that was used for compressed sens-
ing is the MOMP which was discussed in Section IV.
MOMP is a low computational cost algorithm that uses
only single iteration using LS with the support of OMP
in the 1st symbol calculation.

For the 1st part of channel estimation using OMP, each
iteration has an inner product between the residual r and
the measurement matrix �X which has a complexity of
O(X(Ngi)

2). And also, OMP has a LS that has a complexity
of O(η2Ngi) where η is the iteration. Summing up together,
the total complexity of OMP is

O
(
ηNgi

(
XNgi + η2

))
. (45)

For the 2nd part of the channel estimation using LS [22],
the complexity is,

O
(
ηNgi

)
. (46)

The total complexity of the MOMP is equivalent to

O
(
ηNgi

(
XNgi + η2 + 1

))
. (47)

In order to fully understand the computational complex-
ity, an example will be given where the η = 6, Ngi = 128
and X = 2 for 12 symbol arrival. Here we compare with
the system wherein a conventional OMP will be used for all
symbol arrival. For the case of OMP, the number of floating-
point operations per second (FLOPS) using Eq. (45) will be
12× (6× 128× (2× 128+ 62)) = 2, 691, 072.

For the case of MOMP, the FLOPS counts using Eq. (45)
will be use only once such as 6 × 128 × (2 × 128 + 62)) =
224, 256, while the remaining symbols will use the Eq. (46)
which is 11×6×128 = 8, 448. Then the overall FLOPS count
for MOMP will be 224256 + 8448 = 232, 704. Comparing
both method, the percentage complexity savings of MOMP in
reference to full OMP will be 91.35%.

TABLE I
SIMULATION PARAMETERS

TABLE II
TU6 DELAY PROFILE

TABLE III
HILLY TERRAIN DELAY PROFILE

V. NUMERICAL RESULT

The simulation result was obtained using C++ program-
ming with IT++ library for communication systems [25]. The
proposed method was evaluated in terms of normalized mean
square error (NMSE) and bit-error-rate (BER) performance.
For simplicity reason, we consider ISDB-T One-Seg as a sim-
ulation parameters. Table I shows the simulation parameters
wherein the ISDB-T One-Seg configuration was considered.
The number of MOMP iteration η for both hilly terrain and
TU6 is 6 since both channels have 6 paths. While for 2 path
Rayleigh channel, η = 2 because it has only 2 paths. The
tables II and III show the delay profile of the channel model
that were used in simulation.

A. NMSE Performance

Fig. 6 shows the normalized mean square error (NMSE) of
the estimated channel in typical urban channel. While Fig. 7
shows the NMSE of the estimated channel in hilly terrain
environment. The NMSE is defined as,

NMSE =
∑K−1

k=0

∣
∣∣h′k − h′X,k

∣
∣∣
2

∑K−1
k=0

∣∣h′k
∣∣2

, (48)
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Fig. 6. NMSE performance in TU6 channel.

where h′ = QTh is the actual channel frequency response and
h′X = QT

XFXgX is the estimated channel frequency response.
In addition, we also compare the proposed method to

the theoretical lower bound of CS called oracle estima-
tor [26], [27]. The oracle estimator is composed of submatrix
of the measurement matrix �X . The columns of submatrix
Yη′ of the oracle estimator are composed of correct test vec-
tors that determine the correct time delay of the channel. We
can define the theoretical bound of the oracle estimator as

horacle = QT
XFX

(
YH

η′Yη′
)−1

YH
η′ g̃ (49)

where Yη′ is the submatrix of the measurement matrix �X ,
and η′ are the indices that determine the correct test vectors
of �X .

Fig. 6 shows a high NMSE of about 0.2 from Eb/No=10
dB to Eb/No=25 dB in a system without virtual oversampling
that is, X = 1. The fact that NMSE is not improved in X = 1
even when Eb/No is increased implies that the channel esti-
mation error is dominated by the impact of fractional delay
as mentioned in Section II-D. In order to detect the fractional
delay, virtual oversampling X = 4 in the receiver side was
done which results to a better NMSE performance as shown
in Fig. 6. Virtual oversampling X = 4 indicates a successful
construction of the CIR by mitigating the effect of fractional
delay, which results in a significant improvement in NMSE as
Eb/No is increased.

In the other hand, NMSE performance in hilly terrain shown
in Fig. 7 shows almost the same results compared to Fig. 6.
In the hilly terrain, we increase the guard interval to 1

2 . The
increase of guard interval for hilly terrain is necessary because
the delay spread of hilly terrain is wider compared to a TU6
channel. As shown in Fig. 7, the NMSE without virtual over-
sampling X = 1 has higher error because of the presence of
fractional delay. In the case of virtual oversampling X = 4, the
NMSE improves because it was able to detect the fractional
delay.

The NMSE results for both Fig. 6 and Fig. 7 also show
that the performance between the full OMP and MOMP are
almost equal quality. The MOMP achieves the same accuracy

Fig. 7. NMSE performance in hilly terrain.

with the full OMP for estimating the delay and gain of the
channel. The MOMP exploits the slow change of the delay
path to reduce the complexity in estimating the channel.

For comparing the proposed MOMP to the theoretical bound
in TU6 channel, the proposed MOMP is close to the theoreti-
cal bound especially in the higher Eb/No of 15dB to 25dB as
shown in Fig. 6. The gap between the proposed MOMP and
theoretical bound is only less than 2dB in lower Eb/No region
in TU6 channel shown in Fig. 6. For the hilly terrain as shown
in Fig. 7, the proposed MOMP method is only less than 2dB
difference compared to the theoretical bound in higher Eb/No
region. The MOMP and theoretical bound converge each other
in higher Eb/No region both for hilly terrain and TU6 channel.
The NMSE gap between the proposed MOMP and theoretical
bound is higher in hilly terrain channel compared to TU6 chan-
nel because hilly terrain has higher delay spread of channel
paths than TU6 channel. Higher delay spread of the channel
would result to higher probability of not getting the correct
delay time of the channel.

B. BER Performance

The BER performance was obtained using computer simu-
lation. The channel that was used during the simulation is the
TU6 channel which has low delay spread, and the hilly terrain
which has high delay spread. In addition, the modulation type
that was used is QPSK with different virtual oversampling
factor X = 1, 2 and 4.

Fig. 8 shows the BER performance for 2 path Rayleigh
channel with different delay time. Delay time was set to a
multiple of sampling interval Ts = 0.08μs. In Fig. 8, the
performance was compared among X = 1 (no virtual over-
sampling), X = 2, and X = 4. Here, we could observe that
MOMP with X = 2, and 4 can improve the BER perfor-
mance. MOMP with X = 1 achieves low bit error only in a
limited cases of delay time 0.08μs and 0.16μs. The fractional
delay drastically deteriorates the BER performance most of
the delay time in case of X = 1. While for the case of virtual
oversampling X = 2 and 4, the error were properly reduced.
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Fig. 8. BER performance in 2 path Rayleigh channel, Eb/No=25dB.

Fig. 9. BER performance in TU6 channel.

For the BER performance of TU6 channel shown in Fig. 9,
without virtual oversampling of X = 1 has higher error
because of the presence of fractional delay. Increasing the
value of virtual oversampling into X = 2 and X = 4 improves
the BER performance. Here, we compare the performance
between OMP and MOMP with X = 4. It is found that there
is no critical degradation in proposed MOMP-based CE com-
pared to conventional OMP. The MOMP has less complexity
without sacrificing the BER performance.

The simulation results have the same expectation in the case
of hilly terrain environment in Fig. 10. The simulation param-
eters were the same case with the TU6 channel except that the
guard interval was increased. The BER performance in hilly
terrain shows that the virtual oversampling factor of X = 2
and X = 4 has less error compared to X = 1.

VI. CONCLUSION

This paper proposed CS-based accurate channel estimation
employing MOMP for ISDB-T system. The proposed CS is a
time domain based channel estimation. We discuss a fractional
delay issue that exist in time domain based channel estima-
tion. We introduced virtual oversampling at the receiver in

Fig. 10. BER performance in hilly terrain.

order to guarantee successful reconstruction of the unknown
CIR under the impact of fractional delay. Furthermore, we also
proposed MOMP, which is a modification of OMP to reduce
the computational complexity caused by the virtual oversam-
pling. Since the virtual oversampling carries out at the receiver
side, the system can avoid the increase of bandwidth during
transmission.

The NMSE and BER performance verified that a system
with virtual oversampling has better performance compared to
a system without virtual oversampling. In addition, the com-
putational cost was also reduced using the proposed MOMP
compared to the conventional OMP.

A hardware implementation can be considered as a future
work of this paper. Since the proposed system is a less com-
plexity channel estimation, the hardware resources will be
reduced while maintaining a good overall performance.
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