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Iterative Estimation and Cancellation of Clipping
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Abstract—Clipping is an efficient and simple method to reduce
the peak-to-average power ratio (PAPR) of orthogonal frequency
division multiplexing (OFDM) signals. However, clipping causes
distortion and out-of-band radiation. In this letter, a novel iterative
receiver is proposed to estimate and cancel the distortion caused
by clipping noise. The proposed method is applied to clipped and
filtered OFDM signals. It is shown by simulation that for an IEEE
802.11a typical scenario the system performance can be restored to
within 1 dB of the nonclipped case with only moderate complexity
increase and with no bandwidth expansion.

Index Terms—Clipping noise, iterative method, orthogonal fre-
quency division multiplexing (OFDM).

I. INTRODUCTION

ORTHOGONAL frequency-division multiplexing
(OFDM) is one of the technologies considered for

4G broadband wireless communications due to its robustness
against multipath fading and relatively simple implementation
compared to single carrier systems. One of the main drawbacks
of OFDM is its high peak-to-average power ratio (PAPR).

Deliberate digital clipping of the OFDM signal [1], [2], is a
simple and efficient way of controlling the PAPR. The clipping
process is characterized by the clipping ratio (CR), defined as
the ratio between the clipping threshold and the rms level of the
OFDM signal. Clipping is a nonlinear process that may lead to
significant distortion and performance loss. In particular, clip-
ping at the Nyquist sampling rate causes the clipping noise to
fall in-band and suffers considerable peak regrowth after digital
to analog (D/A) conversion. In [1], [2], it is shown that clip-
ping the oversampled OFDM signal reduces the peak regrowth
after D/A conversion and generates less in-band distortion. But,
it causes out-of-band noise that needs to be filtered. It is this
problem of distortion caused by intentional clipping with the
additional constraint of out-of-band noise filtering that we are
addressing in this letter.

Unlike additive white Gaussian noise (AWGN), clipping
noise is generated by a process known and that can be recreated
at the receiver, and subsequently be removed. Based on this
observation and the analysis of the clipping process, a novel
iterative clipping noise canceler is proposed for clipped and
filtered OFDM signals.
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Schemes for mitigating the effect of clipping noise were also
proposed in [3] and [4]. However, both schemes produce ac-
ceptable loss in SNR (less than 1 dB) only for . Fur-
thermore, the scheme in [3] only applies to nonfiltered signals,
and the scheme in [4] also needs significant bandwidth expan-
sion to work well. The scheme proposed in this letter, performs
well at low CR and is applicable to filtered signals (i.e., it does
not require bandwidth expansion). Another major difference is
that while [3] and [4] attempt toreconstructthe “affected” or
“lost” timedomainsignalsamples, the proposed scheme instead
regenerates andcancelsthe clipping noisesamples in thefre-
quencydomain. We will demonstrate that the reconstruction of
signals to their nonclipped form is inherently more error prone
than the estimation and cancellation of the clipping noise only.

The rest of the letter is organized as follows. Section II in-
troduces the system model. Numerical results are presented in
Section III. Section IV draws conclusions.

II. SYSTEM MODEL

The low pass equivalent of an OFDM symbol can be repre-
sented as

(1)

where is the number of subcarriers, is the subcarrier
spacing, is the symbol duration, is the complex modulated
symbol. An OFDM block consists of the sequence .
The PAPR of the transmitted OFDM symbol is defined as:

(2)

where is the average power of the transmitted symbol and
the maximum is sought over the symbol duration. Note that the
PAPR in (2) is defined for the average power measuredafter
clipping and filtering. Consider the OFDM signal of (1) sam-
pled at time intervals , where is the oversam-
pling factor. An oversampled signal can be obtained by padding

with zeros and taking the inverse discrete
Fourier transform (IDFT). The discrete-time OFDM signal sam-
pled at time instant is then expressed

(3)

Clipping and filtering are performed digitally on the OFDM
symbol at the transmitter as described in [2] . To reduce peak
power regrowth and distortion, the time domain signal is usu-
ally oversampled by a factor greater than two. Following over-
sampling, the amplitude of the time domain signal samples are
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Fig. 1. OFDM transmitter with (top) clipping and filtering and (bottom)
receiver with iterative distortion cancellation.

limited by a threshold . Let be a clipped time sample with
the phase left unchanged. Then

if
if

(4)

It was shown in [2] that the clipped signal can be
modeled as the aggregate of an attenuated signal component and
clipping noise

(5)

where the attenuation is a function of the clipping ratio ,
defined as , with the average signal power
before clipping, [2]:

(6)

To remove the out-of-band components resulting from clipping,
the time domain samples (5) are converted back to the frequency
domain by applying the discrete Fourier transform (DFT) to the
sequence to obtain the sequence (see
Fig. 1). Using (5), the terms can be expressed

(7)

where and are respectively, the DFT of
and in (5). In particular, is

the sequence representing the clipping noise in the frequency
domain. Out-of-band components are removed by processing
only the in-band-components through an N-point
IDFT (see Fig. 1). For simplicity, adding a guard interval is
ignored since it has no bearing on the analysis in this letter.

Assuming perfect synchronization and following DFT, the
signal at the receiver is

(8)

where is the complex channel gain of the-th subcarrier
assumed to be perfectly known, and is AWGN.

The main idea of the proposed clipping noise cancellation
scheme is to recreate the clipping process at the receiver using
detected symbols, then estimate and cancel the frequency do-
main clipping noise caused by it. The receiver works in an iter-
ative fashion as described below with reference to Fig. 1.

a) Channel observations are decoded and detected.
Let decisions of the transmitted sequence be denoted

.
b) The sequence is then processed through

two branches. One branch regenerates the attenuated

frequency domain samples of the nonclipped signals
. The other branch regenerates the clipped

signals at the receiver by passing through the
same clipping and filtering process as at the transmitter.
Denote regenerated clipped samples by .
Similar to (7), these clipped signals can be represented
as the sum of an attenuated nonclipped signal and
the clipping noise

(9)

Since and are observable and can be computed
from (6), the clipping noise can be estimated as

(10)

c) The estimated clipping noise terms are subtracted
from the current channel observation to obtain the refined
channel observation for the next iteration

(11)

where is the residual clipping noise.
d) Go back to step (a) and replace with .
The whole loop (a)–(d) continues for a few iterations. As the

iteration proceeds, the estimation of the clipping noise compo-
nents is found to become increasingly accurate and
the receiver performance is improved.

From Fig. 1 and the discussion above, each iteration for clip-
ping noise estimation and cancellation requires a single pair of
IFFT/FFT operations. In the numerical results provided in Sec-
tion III it is shown that no more than two of these iterations are
required, implying that the proposed method incurs only a mod-
erate increase in the complexity of the receiver.

The scheme described above estimates and cancels the clip-
ping noise. An alternative signal reconstruction approach, which
attempts to restore the clipped signal to its nonclipped form, is
more sensitive to decision errors. Indeed, using earlier notation,
define the estimated difference between the frequency domain
samples of the nonclipped and clipped signals
The reconstructed frequency-domain samples are by definition

(12)

Substituting and from (9), and applying
the first relation in (11), we obtain

(13)

The contrast between the two approaches that mitigate clipping
effects are evident: , the reconstructed observation with
the signal restored to its nonclipped form, has an extra term

compared to the corrected observation with
the clipping noise removed. Note that is the decision at the
previous iteration and should not be directly passed to the next
iteration as part of the refined channel observation. Hence, (12)
contains an additional term, which will propagate decision er-
rors. Only for large clipping ratios , this error term is
negligible.
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Fig. 2. BER performance of the proposed receiver over AWGN channel and
comparison with “signal reconstruction” approach.

III. N UMERICAL RESULTS AND DISCUSSION

Numerical results are presented for the proposed clipping
noise estimation and cancellation scheme over both AWGN and
fading channels. Transmitted signals are clipped to a clipping
ratio of and filtered. The simulation model was de-
signed to match IEEE Std. 802.11a. The convolutional encoder
used was a rate 1/2 with generator polynomials and

. The number of subcarriers was and the
modulation was 16-QAM. Decoding was carried out using a soft
Viterbi algorithm. In the figures, is measured after signal
clipping and filtering.

Fig. 2 shows the bit error rate (BER) performance of the pro-
posed receiver over the AWGN channel, with comparison to
that of a receiver without clipping noise cancellation and to a
receiver with signal reconstruction as discussed in Section II.
It is observed that for the proposed scheme, an improvement of
about 2.5 dB relative to the case without cancellation is obtained
after only one iteration at , which is only about
1-dB loss compared to the nonclipped case. Signal reconstruc-
tion performs worse by about 1.2 dB than the proposed method.

Fig. 3 shows the BER performance of the proposed receiver
over a Rayleigh fading channel with an exponentially decaying
power delay profile, with normalized delay spread equal to 2
[5] . It can be observed that after one iteration, the performance
of the clipped and filtered signals can be restored to within 1
dB of the nonclipped case at . This represents
an improvement of about 3 dB compared to the case without
processing for the mitigation of clipping effects. In this case,
signal reconstruction performs worse by about 2 dB than the
proposed method.

These simulations demonstrate that the proposed clipping
noise cancellation scheme can significantly restore the system
performance. Incremental gains diminish after the first itera-
tion. This can be explained by the reasoning that some OFDM
blocks are too badly damaged by clipping for the iterative
process to converge and more iterations will not help.

Fig. 3. BER performance of the proposed receiver over Rayleigh fading
channel and comparison with “signal reconstruction” approach.

In the simulation for the fading channel case, we assumed
the channel gain perfectly known at the receiver. That is a rea-
sonable assumption since with IEEE 802.11a, the PAPR of the
training symbols is designed to be only 3 dB and clipping is not
required. It follows that clipping has no impact on channel esti-
mation. Pilots inserted in the data symbols for phase tracking are
distorted by clipping noise. In our scheme, however, the clipping
noise is estimated and these pilots can be restored before being
processed. Algorithms for iterative channel estimation, which
can be combined with the proposed algorithm, are found in [6]
and [7], etc.

IV. CONCLUSION

In this letter, we propose a novel iterative distortion cancella-
tion receiver for clipped and filtered OFDM signals. It is shown
the performance of a clipped and filtered OFDM system can
be significantly improved with only moderate complexity in-
crease at the receiver. This receiver is especially suitable for
IEEE 802.11a wireless LAN, since it allows signals to be sig-
nificantly clipped with only slight performance degradation.
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