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Abstract—In this paper, a clipping noise cancelation scheme using
compressed sensing (CS) technique is proposed for orthogonal frequency division multiplexing systems. The proposed scheme does not
need reserved tones or pilot tones, which is different from the previous
works using CS technique. Instead, observations of the clipping noise in
data tones are exploited, which leads to no loss of data rate. Also, in contrast with the previous works, the proposed scheme selectively exploits the
reliable observations of the clipping noise instead of using whole observations, which results in minimizing the bad influence of channel noise.
From the selected reliable observations, the clipping noise in time domain
is reconstructed and canceled by using CS technique. Simulation results
show that the proposed scheme performs well compared to other conventional clipping noise cancelation schemes and shows the best performance
in some cases.
Index Terms—Clipping noise, compressed sensing (CS), fast
Fourier transform (FFT), orthogonal frequency division multiplexing (OFDM), peak-to-average power ratio (PAPR).

I. I NTRODUCTION
Orthogonal frequency division multiplexing (OFDM) is known as
one of the best modulation schemes for high-rate data transmission
in wireless communications due to its robustness against multipath
fading, bandwidth efficiency, and simple implementation. However,
due to high peak-to-average power ratio (PAPR) of an OFDM signal,
OFDM systems require expensive high power amplifiers having a
large dynamic range.
Therefore, many PAPR reduction schemes for OFDM systems
have been proposed [1]–[15] and among them, clipping [8]–[15] is
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the simplest one. Clipping at the Nyquist sampling rate has been
used for low-complexity applications but suffers from peak regrowth
after digital-to-analog (D/A) conversion. It is known that clipping
an oversampled OFDM signal reduces the peak regrowth after D/A
conversion, but it causes out-of-band radiation which has to be
filtered [10]. The distortion of the OFDM signal caused by clipping
is called clipping noise which has sparsity in time domain. There are
several schemes to mitigate clipping noise [16]–[19], among which
the scheme in [17] performs iterative maximum likelihood (ML) estimation for all tones and recreates clipping procedure in order to
reconstruct clipping noise.
According to recent results in sparse signal processing, also known
as compressed sensing (CS) theory [20]–[23], a sparse signal can
be reconstructed from its compressed observations. In this context,
clipping noise can be effectively reconstructed at the receiver by CS
reconstruction algorithms. As the first work for this, a tone reservation
scheme using CS is proposed in [24] and [25], where several tones
are reserved at the transmitter before clipping, and the receiver reconstructs the clipping noise by exploiting the compressed observations
of the reserved tones. However, in this scheme, the reserved tones
induce data rate loss, and due to the vulnerability of CS reconstruction
algorithms to the channel noise the bit error rate (BER) performance
is poor. Another clipping noise cancelation scheme using CS is proposed in [26], motivated by the results in [25]. The scheme in [26]
does not induce data rate loss because the compressed observations
of the pilot tones are exploited. However, it still shows poor BER
performance due to its vulnerability to the channel noise.
In this paper, we propose a new clipping noise cancelation scheme
using CS, which selectively uses observations of data tones. That is,
reliable observations contaminated by less channel noise are selected,
and then the clipping noise is reconstructed from these compressed
observations by using a CS reconstruction algorithm. The proposed
scheme has the following three major advantages compared to the
schemes in [25] and [26].
• In contrast with the scheme in [25], the proposed scheme does
not reserve tones and instead exploits compressed observations
of the underlying clipping noise in data tones, which leads to
no data rate loss.
• In practice, some OFDM systems do not insert pilot tones into
every OFDM signal. Even in this case, the proposed scheme
works well in contrast with the scheme in [26], which exploits
pilot tones.
• The biggest difference is that the schemes in [25] and [26] use all
the compressed observations without considering the reliability
of observations, which may result in including the observations
severely contaminated by the channel noise, and thus it leads
to inaccurate reconstruction of the clipping noise. However, the
proposed scheme selects the observations less contaminated by
the channel noise in order to utilize reliable compressed observations. By doing this, we successfully overcome the vulnerability
of CS reconstruction to the channel noise. Note that the simulation results in Section IV show that the proposed scheme
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mitigates the clipping noise well over both an additive white
Gaussian noise (AWGN) channel and a Rayleigh fading channel.
Also, in [35], the authors in [25] proposed a clipping noise cancelation scheme exploiting reliable observations of data tones, which
can be viewed as a contemporary work with our work. The basic
idea of the data aided CS is common. However, the approach in [35]
is entirely different from our approach.
Firstly, to improve the performance, we exploit a statistical model
for a clipped signal derived by using the Bussgang’s theorem. But,
the scheme in [35] is based on a naive assumption on a clipped
signal. In [35], the clipping noise in frequency domain is modeled
as complex Gaussian. Secondly, we consider not only the clipping
at the Nyquist sampling rate but also the clipping and filtering at
an oversampling rate. The scheme in [35] only considers the former
case. Note that the latter has been widely studied because it mitigates
the peak regrowth after D/A conversion. Thirdly, the scheme in [35]
needs optimization of the number of compressed observations for
a given signal-to-noise ratio (SNR) point, while our scheme needs
no optimization process. Finally, the scheme in [35] only considers
the decision error probability of received symbols to measure the
reliability of observations, while we also consider a level of channel
noise. Due to these differences, our scheme shows superior BER
performance than the scheme in [35] as shown in simulation results
in Section IV.
This paper is organized as follows. OFDM, clipping, and CS are
reviewed in Section II, and a new clipping noise cancelation scheme
is proposed in Section III. Section IV presents simulation results, and
conclusion is given in Section V.

C. Clipping
In our proposed scheme, ordinary clipping operation followed by
filtering is performed at the transmitter [10]. Due to the filtering,
there is no out-of-band radiation.
1) Clipping at the Transmitter: Clipping is performed on the oversampled OFDM signal sequence because it mitigates peak regrowth
after D/A conversion. It is known that four-times (L = 4) oversampling is sufficient for that purpose [28]. The clipped signal x̄L (n) is
given as

xL (n),
|xL (n)| ≤ A
x̄L (n) =
(4)
A · ej∠xL (n) , |xL (n)| > A
where A is the clipping threshold. Then the clipping ratio γ is
defined as
γ =

A
.
E{|xL (n)|}

(5)

Clearly, the clipping ratio γ can take a value larger than one. In
this paper, we consider the range γ ≥ 1.3 = 2.278dB because the
proposed scheme can be effectively adopted for that range. Using the
clipping ratio in that range still can sufficiently suppress the PAPR of
OFDM signals, compared to the other PAPR reduction schemes [1].
The clipped signal x̄L (n) can be considered as the sum of xL (n)
and the clipping noise cL (n) as
x̄L (n) = xL (n) + cL (n),

0 ≤ n ≤ LN − 1.

(6)

A. Notation

Since the envelope of xL (n) is Rayleigh distributed when N is sufficiently large, it is easily shown that the average clipped output
energy is [10]


2
(7)
E ||x̄L ||22 = 1 − e−γ E ||xL ||22 .

Upper and lower case letters denote signals in frequency domain
and signals in time domain, respectively. The n-th component of a column vector x is denoted as x(n), and bold face letters denote matrices.
E{·} is the ensemble average operator. ||·||0 , ||·||1 , and ||·||2 indicate
l0 -norm (the number of nonzero elements), l1 -norm, and l2 -norm,
respectively. FFTN (·) and IFFTN (·) denote N-point fast Fourier
transform (FFT) and N-point inverse FFT (IFFT), respectively.

In order to remove the out-of-band radiation due to the clipping
operation, the clipped signal x̄L (n) in time domain is transformed to
the one in frequency domain by taking LN-point FFT. (Filtering is not
needed when L = 1, which is referred to as “clipping at the Nyquist
sampling rate”.) That is, we have X̄L = FFTLN (x̄L ). After filtering
out the out-of-band components of X̄L , we have clipped input symbol
sequence X̄(k) as

II. P RELIMINARIES

X̄(k) = X(k) + C(k),

B. OFDM and PAPR
Let X = (X(0), X(1), . . . , X(N−1))T be an input symbol sequence,
where N is the number of subcarriers. The continuous-time baseband
OFDM signal is represented as


N−1
j2π kt
1 
,
X(k) exp
x(t) = √
T
N k=0

0≤t≤T

(1)

where T is the OFDM signal duration. Let tL = T/LN be a sampling interval, where L is an oversampling rate. Then the discrete-time
OFDM signal component sampled at time ntL can be expressed as
xL (n) = x(ntL ),

n = 0, 1, . . . , LN − 1.

(2)

An L-times oversampled OFDM signal sequence xL can also be
obtained by IFFT after padding X with (L − 1)N zeros.
The PAPR of the oversampled OFDM signal sequence xL is
defined as
PAPR =

max0≤n≤LN−1 |xL (n)|2


.
E |xL (n)|2

(3)

0≤k ≤N−1

(8)

where C(k) is the clipping noise in frequency domain, and we call
C(k) observations of the clipping noise c in this paper.
Finally, x(n) + c(n), n = 0, 1, . . . , N − 1, is transmitted, where
x = IFFTN (X) is the OFDM signal sequence and c = IFFTN (C)
is the clipping noise which has to be recovered and canceled at
the receiver. Fig. 1 summarizes the clipping procedure. With much
higher computational complexity, we can also iteratively perform the
clipping and filtering procedure. However, we do not consider such
iterative case in this paper because it makes the problem very difficult.
We leave it as a future work.
2) Statistical Model of Clipped Signals: Using the Bussgang’s theorem, it was shown that the clipped signal x̄L (n) can be statistically
decomposed into two uncorrelated parts in [10] as
x̄L (n) = αxL (n) + dL (n)

(9)

where α (≤ 1) is an attenuation factor and dL (n) is the oversampled
clipping noise uncorrelated to xL (n). The attenuation factor α is given
in [10] as
√
2
πγ
−γ
α = 1−e
+
erfc(γ ).
(10)
2
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Fig. 1.
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Example of clipping and filtering when L = 2 and N = 4.

Note that α is only dependent on γ , and thus α is known at the
receiver when γ is fixed. From the equation in (9), the clipped input
symbol sequence X̄(k) in (8) can be statistically viewed as
X̄(k) = αX(k) + D(k),

0≤k ≤N−1

(11)

where D is the FFTed and out-of-band filtered version of dL , and
clearly C = (α − 1)X + D.
D(k) can be assumed to be a complex Gaussian random variable
2
[10]. For the Nyquist sampling
with zero mean and variance 2σD(k)
rate (L = 1), its variance is easily obtained as


2
= E |X̄(k)|2 − α 2 E |X(k)|2
2σD(k)

2
(12)
= 1 − e−γ − α 2 E |X(k)|2
and then



2
E |C(k)|2 = (α − 1)2 E |X(k)|2 + 2σD(k)

2
= 2 − 2α − e−γ E |X(k)|2 .

(13)
(14)

Then, by plugging (11) into (17), we derive a maximum
likelihood (ML) estimator for X(k) as follows.
X̂(k) = arg min |α −1 H −1 (k)Y(k) − s|
s∈X

where X is a signal constellation.
D. Compressed Sensing
In a typical CS problem, the goal is to reconstruct an N × 1
K-sparse signal vector c from an M ×1 compressed observation vector Ỹ under the condition K
M < N [20]–[23]. A signal vector c
is called K-sparse when it has at most K nonzeros, i.e., ||c||0 ≤ K.
Then, c and Ỹ are linearly related to each other as
Ỹ = c + η

where v is the frequency variable, βn is a coefficient depending on
the clipper, and SxL xL (v) is the PSD of a non-clipped signal. The
exact expression of βn can be found in [9]. Likewise, the values of
2
and E{|C(k)|2 } can be calculated and stored in advance for
2σD(k)
any L. Note that, for all k’s within 0 ≤ k ≤ N − 1, the values of
2
and E{|C(k)|2 } when L > 1 are smaller than the values of
2σD(k)
those when L = 1 because, when L > 1, the clipping noise spreads
out over not only in-band but also out-of-band.
3) Conventional Receiver Without Clipping Noise Cancelation
Scheme: At the receiver, the received symbol Y(k) in frequency
domain can be expressed as
Y(k) = H(k)X̄(k) + Z(k),

0≤k ≤N−1

||c||0 ≤K

subject to

||c||1
||c − Ỹ||2 ≤ .

(20)

It is shown that if the vector c is sufficiently sparse, then the solution
ĉ in (20) is close to the true solution c within the noise level such as
||c − ĉ||2 ≤ O(1) ·

(21)

when the sensing matrix  satisfies a good restricted isometry property (RIP). In [21], a good RIP says that the matrix  acts like an
almost isometry on all K-sparse vectors c.
Including a BP algorithm given in (20), a number of CS reconstruction algorithms have been proposed [20]–[22]. In this paper,
for comparison purpose, we adopt a sparse approximation algorithm
called orthogonal matching pursuit (OMP) [27] because of its ease
of implementation and speed. Note that OMP is a greedy algorithm
which iteratively finds an index whose coefficient is thought to be
nonzero based on correlation calculation, and then those coefficients
are estimated by least squares.
III. C LIPPING N OISE C ANCELATION FOR OFDM S YSTEMS
BASED ON CS
A. Sparsity of c

(16)

where H(k) denotes the frequency domain channel response and Z(k)
denotes the AWGN with variance 2σ 2 . We assume the perfectly
known channel response and the perfect synchronization which are
widely adopted in many OFDM literatures such as [17] and [18].
After zero-forcing channel equalization, we obtain
H −1 (k)Y(k) = X̄(k) + H −1 (k)Z(k).

(19)

where  is an M × N sensing matrix and η is the M × 1 observation
noise vector with a bounded noise level ||η||2 ≤ .
To reconstruct c, the following l1 -norm minimization problem, also
known as basis pursuit (BP), to obtain ĉ is considered in [21].
arg min

2
Even if L > 1, we can still obtain the values of 2σD(k)
and
2
E{|C(k)| } for all k’s. In many literatures [9]–[11], a power spectral density (PSD) of the oversampled clipping noise dL is calculated
from its autocorrelation function in various forms. For example, the
PSD of dL is given as [9]
⎡
⎤
2n+1 convolutions
∞




βn
⎢
⎥
SdL dL (v) =
⎣SxL xL (v) ∗· · ·∗ SxL xL (v)⎦ (15)


2 2n+1
E
|X(k)|
n=1

(18)

(17)

Due to the clipping (and filtering), the clipping noise c is added to
the OFDM signal sequence x at the transmitter end. To recover and
mitigate the clipping noise c by CS technique at the receiver, c needs
to be sparse as much as possible.
1) Sparsity of c When L = 1 (Clipping at the Nyquist Sampling
2
Rate): The probability that |x1 (n)| > A is e−γ , due to the fact
that the envelope of an OFDM signal sequence is Rayleigh distributed when N is sufficiently large. Also, x1 (n) can be assumed
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to be i.i.d. random variables. Thus, the average number of nonzero
2
elements in c is N · e−γ . Unless the clipping ratio γ is too small,
the clipping noise c can be viewed as a sparse signal. For example,
2
E{||c||0 } = N · e−γ ≤ 0.184 · N when γ ≥ 1.3 = 2.278dB.
2) Sparsity of c When L > 1 (Clipping and Filtering at
Oversampling Rate): When L > 1, c is the 1/L downsampled version of the “filtered cL ” of (6) and (8). Thus if the “filtered cL ” has
sparsity, c also inherits the sparsity. On the average, the number of
nonzero elements in c is 1/L of that in cL . Thus we will investigate
the sparsity of the filtered cL denoted by cL .
It is possible that the clipping noise is characterized as a series of
parabolic pulses unless γ is too small [12]. The analysis in [12] is
based on continuous-time signals, which can be easily extended to the
discrete-time case because the oversampling factor L takes a value to
make the discrete-time signals similar to the continuous-time signals.
That is, the oversampled clipping noise cL can be represented as
cL (n) =

Np


fi (n),

0 ≤ n ≤ LN − 1

(22)

i=1

where fi (n) is the i-th clipping parabolic pulse having its maximum
amplitude at ni , and Np is the number of the parabolic pulses. The
average value of Np is given as [12]

π −γ 2
γe
E{Np } = N
(23)
3
which is usually small one compared to N. For example,
E{Np } ≤ 0.245 · N when γ ≥ 1.3 = 2.278dB.
Also, the filtered clipping noise vector cL can be represented as a
sum of Np sinc functions as
cL (n) =

Np

i=1

π
αi · sinc
(n − ni ) ,
L

0 ≤ n ≤ LN − 1 (24)

where αi is a coefficient depending on the shape of fi (n) and
sinc(x) = sin(x)/x.
Unfortunately, cL is not an exactly sparse signal, but most of its
elements may be close to zero because the sinc function is a sine
wave that decays in amplitude. The peak of the first sidelobe is only
21.22% of the peak of the mainlobe and the duration of the mainlobe
is only 2L. After downsampling cL to obtain c that we are interested in, the duration of the mainlobe of c is reduced to 2L/L = 2.
Such signals having mostly very small nonzero elements are called
compressible, approximately sparse, or relatively sparse in various
contexts [21], [31]. For approximately sparse case, it is known that
CS techniques can be used to recover c, which will be shown from
the simulation results in Section IV.
B. Reconstruction of the Clipping Noise c by CS
In a matrix form, (17) can be rewritten as
H−1 Y = X̄ + H−1 Z

(25)

where H = diag(H), and Y, X̄, and Z are N × 1 column vectors. If
we subtract X̂ in (18) from (25), we have
H−1 Y − X̂ =

C

noiseless observation vector

+

X − X̂ + H−1 Z




(26)

observation noise vector

which is the sum of the noiseless observation vector and the
observation noise vector.
It is obvious that if the whole observations (or whole tones) are
used, reconstruction of the clipping noise c may be inaccurate due
to the fact that some observations are severely contaminated by the
observation noise. Therefore, our suggestion here is to select a reliable

subset of the whole observations H−1 Y − X̂, namely M out of N
components, and then we can obtain an M×1 compressed observation
vector Ỹ. This process can be done by multiplying an M ×N selection
matrix S consisting of some M rows of N × N identity matrix IN .
Such selection strategy will be described in the next subsection. Let
C = Fc, where F is an N×N unitary discrete Fourier transform (DFT)
matrix. Then we have
Ỹ = SH−1 Y − SX̂ = SFc + S(X − X̂) + SH−1 Z
= c + S(X − X̂) + SH−1 Z




observation noise vector

= c + η

(27)

where the matrix  = SF can be considered as the M × N sensing
matrix from the view of CS. As one can see from [21], a sensing
matrix for CS can be constructed by using a subset of rows in a
DFT matrix, which shows a good RIP. Then (27) can be considered
as a CS problem given in (19), where Ỹ is the M × 1 compressed
observation vector, the clipping noise c is the N × 1 sparse signal
vector, and η = S(X − X̂) + SH−1 Z is the M × 1 observation noise
vector.
By using a CS recovery algorithm such as OMP, we can recover
c denoted as ĉ from the compressed observation vector Ỹ in (27).
Then Ĉ = FFTN (ĉ) is subtracted from the equalized received symbol
sequence H−1 Y, and then the final decision X̂final is made as
X̂final (k) = arg min |H −1 (k)Y(k) − Ĉ(k) − s|.

(28)

s∈X

Fig. 2 pictorially summarizes the proposed scheme, where y is the
received OFDM signal sequence.
C. Construction of the Compressed Observation Vector Ỹ
As we already mentioned, the compressed observation vector can
be obtained by selecting some reliable components of the whole
observations H−1 Y − X̂ whose k-th component is given as
H −1 (k)Y(k)− X̂(k) =

C(k)

noiseless observation
+ H −1 (k)Z(k) + X(k) − X̂(k) .







(29)

observation noise

1) Which Observations Should be Selected?: The observations less
contaminated by observation noise should be selected. For convenience, we will use θ(k) to denote the observation noise in (29) as
θ(k) = H −1 (k)Z(k) + X(k) − X̂(k).

(30)

That is, we have to select reliable observations which contain
small |θ(k)|.
2) Estimation of θ(k) Based on H −1 (k)Y(k): In this subsubsection, we will derive the minimum mean square error (MMSE)
estimator of θ(k), θ̂(k). For convenience, we separate θ (k) into two
parts, θ0 (k) and θ1 (k), as
θ(k) = H −1 (k)Z(k) + X(k) − X̂(k) .

 



θ0 (k)

(31)

θ1 (k)

Also, we treat the equalized received symbol H −1 (k)Y(k) as observation o(k) as
o(k) = H −1 (k)Y(k).

(32)

Then θ̂(k) can be separately obtained by
θ̂(k) = E{θ(k) | o(k)} = E{θ0 (k) | o(k)} + E{θ1 (k) | o(k)}. (33)
For simplicity, we drop the subcarrier index k in the following
derivation.
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Block diagram of the proposed clipping noise cancelation scheme.

First, from (11) and (17), θ0 is linearly related to observation o as
o = θ0 + αX + D

(34)

and

Finally, combining (40) and (41), the MMSE estimator of θ is



|H −1 |2 σ 2
p(o | X)
θ̂ =
.
(o − αX) + (X − X̂) · 
−1 |2 σ 2 + σ 2
|H
X ∈X p(o | X )
D
X∈X

θ0 ∼ CN (0, 2|H −1 |2 σ 2 )

(42)

D ∼ CN (0, 2σD2 )
1
X = Xi with probability
|X |

(35)

where Xi denotes the i-th constellation point of signal constellation
X , and |X | denotes signal constellation size. We assume that each
constellation point can be transmitted with equal probability.
Then, E{θ0 | o} can be expressed as

E{θ0 | X, o} · p(X | o)
(36)
E{θ0 | o} =
X∈X

where p(·) and p(·|·) denote probability density function (PDF) and
conditional PDF, respectively.
It is widely known that E{θ0 | X, o} in (36) is [33]
|H −1 |2 σ 2

E{θ0 | X, o} =

|H −1 |2 σ 2 + σD2

(o − αX)

(37)

and the conditional PDF p(X | o) in (36) is
p(o | X)p(X)
p(o)
= const · p(o | X)
p(o | X)
= 
X ∈X p(o | X )

p(X | o) =

(38)

where
p(o | X) =

1
2π |H −1 |2 σ 2 + σD2

⎤

⎡

· exp ⎣−

1
2 |H −1 |2 σ 2 + σD2

| o − αX |2 ⎦. (39)

After plugging (37) and (38) into (36), we have
E{θ0 | o} =



|H −1 |2 σ 2

|H −1 |2 σ 2 + σD2
X∈X

(o − αX) · 

p(o | X)
. (40)
X ∈X p(o | X )

Second, E{θ1 | o} is expressed as
E{θ1 | o} = E{θ1 | o, X̂}

=
(X − X̂) · p(X | o)
X∈X

=



X∈X

p(o | X)
.
X ∈X p(o | X )

(X − X̂) · 

For systems in which high computational complexity is not
allowed, it is too complicated to use the estimator in (42). Thus,
we propose the low-complexity version of the MMSE estimator of θ
by using the following approximation;

p(o | X)
X· 
X̂.
(43)
X ∈X p(o | X )
X∈X

By plugging (43) into (42), the MMSE estimator θ̂ is approximated as
θ̂

|H −1 |2 σ 2
|H −1 |2 σ 2 + σD2

(o − α X̂).

In simulations, the above estimator is used for ease of
implementation.
3) Selection Criterion of Observations: As we mentioned, based
on the estimate of θ(k), we can select reliable observations which will
be used to recover the clipping noise c. Furthermore, we use a selection criterion which selects the observations whose observation noise
level is lower than the average noiseless observation power. That is,
the following selection criterion is used in the proposed scheme;


(45)
K = k : |θ̂(k)|2 < E |C(k)|2 .
If the cardinality of K is M, an M × N selection matrix S in (27) is
constructed by selecting the corresponding M rows from IN .
In some cases, the cardinality of the set K is too small to recover
the clipping noise stably. In other words, there are insufficient reliable observations. In this case, it is better to use the conventional
receiver without any CS recovery. Thus, we introduce some threshold Mmin . For stability, the proposed algorithm only works when
|K| = M > Mmin .
Kunis and Rauhut have studied the performance of OMP for signal recovery from random frequency measurements [37]. Their work
suggests that O(K · ln(N)) measurements are sufficient for OMP to
recover an K-sparse signal. Unfortunately, their work may be not
suitable for very large K case, and thus we adopted Mmin = 0.8N
in this case, which is empirically obtained. To sum it up, we set the
threshold
Mmin = min (C · E{K} ln(N), 0.8N)

(41)

(44)

(46)

where our massive simulation gives that the constant C = 0.8 is
suitable for our situation. E{K} = E{||c||0 } for L = 1 and E{K} =
E{Np } for L = 4.
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Fig. 3. BER performance of the proposed scheme for various clipping ratios
γ over an AWGN channel when L = 1, N = 128, and 16-QAM are used.

Fig. 4. BER performance of the proposed scheme for various N over an
AWGN channel when L = 4 and 16-QAM are used.

D. Computational Complexity
In terms of computational complexity, the CS reconstruction algorithm part of the proposed scheme is a dominant factor, and each
iteration of the OMP algorithm approximately requires the complexity of one N-point FFT because the sensing matrix in (27) is an M×N
partial Fourier matrix [27].
For ease of implementation, in the proposed scheme, the number of iterations of the OMP algorithm is a half of the number
of average dominant pulses of the clipping noise c (0.5 · E{||c||0 }
for L = 1 and 0.5 · E{Np } for L = 4), based on the discussion
2
in Section III-A. That
run the OMP algorithm 0.5N · e−γ
 is, we
2
π
times and 0.5N · 3 γ e−γ times for L = 1 and L = 4, respectively. Although this number of iterations seems to be insufficient to
recover the whole pulses of the clipping noise, it still shows good
performance as shown in Section IV. This is because, in practice, the
number of dominant pulses in the clipping noise are usually less than
the number that we inferred in Section III-A, owing to the fact that
an OFDM signal sequence is under the total energy constraint by the
Parseval’s theorem.

IV. S IMULATION R ESULTS
In this section, we evaluate the BER performance of the proposed
clipping noise cancelation scheme for uncoded OFDM systems similarly as other works [18], [25]. Here, the SNR means the ratio of
bit energy to the variance of AWGN. We simulate both the case of
clipping at the Nyquist sampling rate (L = 1) and the case of clipping
and filtering at an oversampling rate (L = 4) over an AWGN channel and a Rayleigh fading channel. To confirm the validity of the
proposed scheme, we compare the proposed scheme with existing
clipping noise cancelation schemes over a Rayleigh fading channel.
A. AWGN Channel
Fig. 3 shows the BER performance of the proposed scheme over
an AWGN channel when the clipping at the Nyquist sampling rate is
used. Also, 16-quadrature amplitude modulation (16-QAM) is used.
As we mentioned, the proposed scheme can be effectively adopted for
not too small clipping ratio, and thus various clipping ratios are used
for simulations. Although the proposed scheme shows performance
degradation in low SNR region, it clearly shows that the proposed
scheme performs well for various clipping ratios in moderate SNR
region that we are interested in.

Fig. 5. BER comparison of the proposed scheme and the existing clipping
noise cancelation schemes (IEC [17], DAR [18], and TR-CS [25]) over a
frequency-selective fading channel when L = 1, N = 128, and 16-QAM are
used.

Fig. 4 shows the BER performance of the proposed scheme over
an AWGN channel when the clipping and filtering at four-times oversampling rate is used. Clipping ratio γ is fixed to 1.5 = 3.52dB. In
this case, the proposed scheme also performs well in moderate SNR
region, even though the clipping noise c is not an exactly sparse signal when oversampling is used. Also, the proposed schemes performs
well regardless of the number of subcarriers N.
B. Rayleigh Fading Channel
In this subsection, we compare the proposed scheme with other
clipping noise cancelation schemes over a fading channel. The length
of the channel is assumed to be four and the channel taps are assumed
to be complex Gaussian distributed with zero-mean and variance 1/4,
i.e., frequency-selective fading channel where coefficients of taps
are Rayleigh distributed. More precisely, the N × 1 channel impulse
response h is modeled as
h = (h(0), h(1), h(2), h(3), 0, · · · , 0)T

(47)

where h(0), h(1), h(2), h(3) ∼ CN (0, 1/4) and H = FFTN (h) shows
a frequency-selective fading channel. We assume the perfect knowledge of the channel frequency response at the receiver as other
works [17], [18].
Figs. 5–7 compare the BER performance of the proposed scheme,
IEC [17], DAR [18], and TR-CS [25] for two sampling rates and
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Fig. 6. BER comparison of the proposed scheme and the existing clipping
noise cancelation schemes (IEC [17], DAR [18], and TR-CS [25]) over a
frequency-selective fading channel when L = 1, N = 128, and QPSK are
used.

modulations. In Fig. 7, only the BER performance of the IEC scheme
and the proposed scheme are given because the others do not work
when clipping and filtering at an oversampling rate is used. Also,
in TR-CS, the OMP algorithm is used for CS reconstruction for a
fair comparison. In Fig. 6, quadrature phase shift keying (QPSK) and
severe clipping (γ = 1.0) are used in order to show the performance
gap clearly. Although the nonzero components of the clipping noise
c becomes too large to keep the sparsity of c, the proposed scheme
works well because the dominant pulses of the clipping noise are
recovered by CS technique.
Firstly, the tone reservation by CS (TR-CS) scheme in [25] shows
poor BER performance due to the weakness of CS reconstruction to
the channel noise, although it uses 41 reserved tones out of 128 tones,
which seems to be sufficient. Meanwhile, the scheme in [26] uses
compressed observations of pilot tones. Thus, from the result, one
can expect that the scheme in [26] also shows poor BER performance
unless the number of pilot tones is larger than 41, which becomes
unpractical. As we discussed, the absence of the selecting process of
reliable observations seems to result in poor BER performance of the
previous works [25], [26] using CS.
Secondly, the DAR scheme in [18] is the most frequently cited
scheme among the clipping noise cancelation schemes outside CS
regime. The DAR scheme shows good BER performance, but it works
only for the case when clipping at the Nyquist sampling rate is used.
This limitation is a major drawback of the DAR scheme in a practical
sense.
Thirdly, the BER performance of the IEC scheme in [17] is also
given. The scheme in [17] is based on iterative estimation and cancelation of the clipping noise. In Figs. 5–7, the IEC scheme works
well for two sampling rates similarly as the proposed scheme. But,
in Fig. 6, the proposed scheme shows better BER performance than
the IEC scheme. This is because of hard clipping with 0dB. The
fundamental of IEC scheme is to recreate the clipping process at
the receiver. The IEC scheme has no process to select low noise or
reliable observations. Then severely contaminated received symbols
due to hard clipping usually induce error propagation in the recreated
clipping process at the receiver. However, our scheme exploits only
low noise observations by selecting reliable tones.
In terms of computational complexity, the IEC scheme requires two
LN-point FFT / IFFT pairs to recreate the clipping process regardless
of the clipping ratio. Thus, the proposed scheme has a computational
benefit over the IEC scheme for a large clipping ratio and small N
as described in Section III-D.
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Fig. 7. BER comparison of the proposed scheme and the IEC scheme [17]
over a frequency-selective fading channel when L = 4, N = 128, and 16-QAM
are used.

Fig. 8. BER comparison of the proposed scheme and the PR-CS scheme [35]
over a frequency-selective fading channel when L = 1, N = 128, and 16-QAM
are used.

In Fig. 6, the proposed scheme shows the best BER performance
compared to the other schemes. Moreover, it is worth noting that
the proposed scheme shows better BER performance than the no
clipping case. This is because the clipping procedure can reduce
the average transmission power compared to the no clipping case,
and this results in BER performance gain, which is called the
shaping gain.
Fig. 8 compares the BER performance of the proposed scheme and
the PR-CS scheme in [35]. In Fig. 8, clipping at the Nyquist sampling is used and γ = 1.3 is used. In PR-CS scheme [35], the number
of compressed observations M needs to be optimized. Thus, BER at
SNR=35dB is plotted versus the number of compressed observations
of PR-CS [35]. Note that our scheme adaptively sets the number of
compressed observations according to (45), which is more intelligent than the PR-CS scheme. In PR-CS, the OMP algorithm is used
for CS reconstruction for a fair comparison. Clearly, the proposed
scheme shows superior BER performance compared to the PR-CS
scheme [35].
V. C ONCLUSION
In this paper, a new clipping noise cancelation scheme using CS
for OFDM systems is proposed. To reconstruct the clipping noise,
the proposed scheme exploits its compressed observations underlying
in the data tones less contaminated by channel noise. To do this, an
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observation noise level in each data tone is estimated by exploiting the
statistical model of a clipped signal. The proposed clipping noise cancelation scheme cancels out the clipping noise well over an AWGN
channel and a frequency-selective fading channel, which is verified
through simulations. Compared with the previous schemes, the proposed scheme substantially improves the reconstruction performance
by adopting the selection of reliable observations.
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