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Abstract: Aggregating a lot of subcarriers will generate high peak-to-average power ratio (PAPR) which makes the overall
system performance degradation. Among the existing PAPR reduction methods for orthogonal frequency-division multiplexing
(OFDM)-based systems, iterative clipping and filtering (ICF) may be easy to implement, but ICF may cause signal distortion, so
that the system cannot approximate the processed signals to the original signals which degrades error rates at receivers. Here,
the authors proposed a new method based on ICF with smoothed clipping signals, and find the optimised filter to achieve the
minimum error vector magnitude and efficiently reduce PAPR. Owing to the lack of a wide range of continuous bandwidth, the
Third Generation Partnership Project proposed carrier aggregation (CA) technology in LTE-advanced systems. CA can
aggregate many contiguous or non-contiguous fragment spectrums for supporting larger bandwidth and higher peak data rate.
Here, the authors also evaluate the developed PAPR reduction scheme for the use in CA scenarios. The efficacy of the

proposed scheme is demonstrated in the simulation results.

1 Introduction

In order to meet the demand of high date rate requirements, the
Third Generation Partnership Project (3GPP) has proposed long-
term evolution-advanced (LTE-A) which supports peak data rates
of 1 Gbps in the downlink and 500 Mbps in the uplink [1].
However, rare network operators can get a large continuous
bandwidth to fulfil the LTE-A system standard. Carrier aggregation
(CA) is a key technology of LTE-A through aggregating two or
more contiguous or non-contiguous component carriers (CCs) in
different operating bands for supporting large bandwidth and high
peak data rate while preserving backward compatibility to Release
8 and 9 LTE systems [2].

A practical problem of CA is the significant increase in the
peak-to-average power ratio (PAPR) in the time-domain signals [3,
4]. Higher PAPR may be created when more CCs are aggregated.
For mobile users, PAPR is one of the major problems to affect
system performance in the CA technology. High PAPR results in
significant non-linear distortion where the signal is operated at a
non-linear region of power amplifier (PA). It degrades the bit-error-
rate (BER) performance. If we reduce the PAPR of the multicarrier
signals in the baseband, the impact of the abovementioned would
be mitigated. Many approaches have been proposed to reduce the
PAPR of orthogonal frequency-division multiplexing (OFDM)-
based signals at the expense of transmit signal power increase, data
rate loss, computational complexity increase, BER increase, or
code rate loss [5, 6].

These varied methods basically can be divided into three major
categories: clipping, coding, and scrambling techniques. The
clipping techniques, including amplitude clipping and clipping
along with filtering, clip the OFDM signals to a predefined
threshold to reduce PAPR effect [7-10]. These techniques are easy
to implement, but they may cause in-band distortion and out-of-
band radiation, which would increase BER and adjacent channel
interferences. The coding technique uses exhaustive search to find
the codeword with the minimum PAPR for transmission. This
technique suffers from bandwidth efficiency loss as the code rate is
reduced and it may need to store large lookup tables for encoding
and decoding processes [11-13]. The scrambling techniques,
including tone reservation (TR) [14, 15], tone injection (TI) [16],
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interleaving, selected mapping (SLM) [17-19], and partial transmit
sequence (PTS) [20-22], scramble the OFDM symbols by adding
signals or multiplying a set of phases to find the minimum PAPR
and transmit the associated signal. The scrambling and the coding
techniques are appropriate to a small number of subcarriers
because their complexities increase accordingly when the number
of subcarriers increases. Therefore, to avoid bandwidth efficiency
loss and too much extra storage usage, in this paper, we focus on
the clipping-based techniques to reduce PAPR. Recently, some
other types of PAPR reduction algorithms are proposed. In [23], the
authors proposed a PAPR reduction method by randomly signal
constellation mapping. Then the candidate symbol with the lowest
PAPR is sent out along with its candidacy number. Thus, the
scheme requires additional bandwidth. In [24], it proposed a hybrid
scheme to reduce PAPR for filter bank multicarrier (FBMC)
system by using the combination of a discrete sine transform
precoding technique and an A-Law non-linear companding
technique. In [25], alternatively, a novel processing scheme
performed at the receiver is proposed where the proposed clipping
noise cancellation scheme is to recreate the clipping process at the
receiver using detected symbols, then estimate and cancel the
frequency-domain clipping noise caused by it.

In this paper, as abovementioned, we consider utilising both
clipping signals and clipping noises along with a filter design. We
propose a new scheme based on iterative clipping and filtering
(ICF) [26] where we replace the classic clipping and the
rectangular window filter by a clipping noise vector-assisted signal
along with an optimal filter to make the constellation points of the
clipped signal back to ideal location approximately. The proposed
scheme has better performance in terms of reduced PAPR and BER
while being compared with the existing ICF techniques. The major
contribution of this work is to propose a novel PAPR reduction
scheme based on clipping and filtering techniques for OFDM-
based systems. The proposed iterative smoothed clipping and
optimised filtering (ISCOF)-based scheme does not require code
books, overhead, and additional bandwidths which is different from
other types of PAPR reduction schemes. The proposed scheme
provides better performance in terms of PAPR and BERs and has a
comparable complexity compared with the counterparts. The
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application of the proposed scheme is evaluated for the scenarios
of CA. The proposed scheme can also be applied in non-CA
systems and the scenarios of CA are applied and presented.

The rest of this paper is organised as follows. In Section 2, we
introduce the scenarios of CA and the architectures of transmitter
and receiver, and describe PAPR in systems. The proposed PAPR
reduction scheme is presented in Section 3 and the complexity
analysis of the proposed scheme appears in Section 4. In Section 5,
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simulation results are presented. Finally, we make a conclusion in
Section 6

2 CA and PAPR in multicarrier systems

LTE-A, which has been proposed by 3GPP in Release 10, aims to
support peak data rates of 1 Gbps on downlink and 500 Mbps on
uplink. To meet the above requirements, the transmission
bandwidth should be up to 100 MHz. However, it may not be
available to have such large contiguous spectrum in reality. LTE-A
introduces CA to extend the overall bandwidth in order to provide
the targeted data rate [27, 28]. The aggregated carrier is CC which
is backward compatible with Release 8 and 9 LTE. The CC can
have the bandwidth of 1.4, 3, 5, 10, 15, or 20 MHz and a maximum
of five CCs can be aggregated. The operators can aggregate two or
more CCs in the same or different bands to serve a mobile user. If
the traffic demand is high, the operators can dynamically allocate a
larger bandwidth to fulfil the user's requirements. There are three
different spectrum scenarios as shown in Figs. 1-3:

i.  Intra-band contiguous CA: The CCs are adjacent to each other
in the same operating band as shown in Fig. 1. The aggregated
channel can be regarded as a single enlarged channel from the
RF view point, so only one transceiver is required in the
terminal or UE. The spacing between centre frequencies of
contiguous CCs should be a multiple of 300 kHz which is
compatible with the 100 kHz frequency raster of LTE Rel-9
and preserves orthogonality of the subcarriers with 15 kHz
spacing [29].

ii. Intra-band non-contiguous CA: The CCs belong to the same
operating band, but have a gap or gaps in each CC as shown in
Fig. 2. As the contiguous spectrum resource is rarely available,
the non-continuous CA provides a practical approach to fully
utilise fragment spectrum. This scenario is more complicated
than the contiguous one. The multicarrier signal cannot be
treated as a single signal, so multiple transceivers are required.
This would increase cost to the UE.

iii. Inter-band non-contiguous CA: The CCs use different
operating bands as Fig. 3. Mobile receivers can take advantage
of different radio propagation characteristics in different bands.
For the UE, it needs to use multiple transceivers within the UE
device.

The 3GPP proposes various transmitter architectures in [30, 31]
where the CCs are combined to support the different type of CAs,
i.e. at digital baseband (option A), or in analogue waveforms
before RF mixer (option B), or after mixer but before the PA
(option C), or after the PA (option D) as shown in Figs. 4-7. The
authors in [32, 33] illustrate two receiver architectures where the
carriers are separated from each other, i.e. at a digital baseband
(option A) or at an RF chain (option B).

Multicarrier technologies in the form of OFDMs are being
standardised for wireless communication systems in 4G and 5G.
Although OFDM offers many advantages, there is a problem of
high PAPR which makes signals suffer from non-linear effects of
PAs.

For a discrete time signal x(#), the PAPR is defined as the ratio
of the maximum power to the average power

2 2
max, -, y [X@|" _ max,_, y [x(n)|

PAPR = - = < 5
E[lx(mr] (/N Z, x| 0
_ o I
(/N () 13
where E[lx(n)|2] is the average power of the signal, || - ||, the 2-
norm, and || - || the co-norm.

The PAPR is often described in statistics. The complementary
cumulative distribution function (CCDF) is one of the commonly
used performance measures for PAPR reduction techniques. The
CCDF of PAPR denotes the probability that the PAPR of the signal
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Fig. 8 Iterative smoothed clipping and optimal filtering scheme

exceeds a given threshold. The CCDF of x(n) with an event
regarding a specific threshold (Th) was given as

CCDF = Prob(PAPR > Th) = 1 — (1 —e”™)". 2

For a particular standard, a circular shift-based reduced PAPR
method has been applied to solve the PAPR problem [34].

3 Proposed PAPR reduction scheme

Clipping and filtering might be the simplest technique for PAPR
reduction. However, clipping may cause in-band distortion and out-
of-band radiation. Particularly, the in-band distortion degrades
BER performance of the OFDM signals. One solution is to
reconstruct the signal by the clipped samples based on the other
samples in the oversampled signals. On the other hand, the out-of-
band radiation reduces spectral efficiency. The frequency-domain
filtering after the clipping can eliminate the out-of-band radiation,
but this filtering may lead to some time-domain peaks regrowth. To
reduce those higher peaks that occurs after the filtering, an iterative
method of clipping and filtering (ICF) can be used to suppress the
peak regrowth [26, 35, 36].

In recent years, convex optimisation has been widely used in
communication signal processing. Wang and Luo [37] propose a
convex optimisation algorithm called optimised ICF (OICF) to
develop a frequency-domain optimal filter which is applied to the
clipped signals in order to minimise the number of iterations.
Another simplified optimised ICF (SICF) scheme is proposed in
[38] which concentrates the attention on manipulating the clipping
noise with a lower computational complexity and the slightly
worse performance than OICF.

In this paper, we develop an ISCOF-based PAPR reduction
algorithm by processing both the clipped signal and the clipping
noise which is different from the approaches in [37, 38]. The block
diagram of the proposed scheme is shown in Fig. 8, where

X, e c.x,, e c x, e ct, x,, € CV,

X, eCN X, € CV xyeC

and m=1, 2, ..., M denotes the number of iterations and M is the
maximum number of iterations. Referring to Fig. 8, the difference
of the process from [37] is that the proposed method utilises the
clipped noise in the optimal filtering processing.

In the following discussion, the symbols with boldface denote
the associated vector forms. In OFDM systems, orthogonal
subcarriers are used to transmit data symbols. The N data symbols
X(n),n=0, 1, ..., (N—1), which are carried by N subcarriers, form
a data block X =[X(0), X(1), ..., X(N—1)]. Then, the time-domain
OFDM symbol x(k) with L times oversampling is expressed as
N-1
n

1
®) ==
=T X

X(n)®F Nk e =0,1,..,LN-1 (3)

The frequency-domain downsampling OFDM symbol X(n) can be
obtained by

LN -1
X(n) = L Z x(kye JemNnk -y =01, . ,N=1 (4)

VLN =,
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The oversampling operation is achieved by zero-padding. For
example, we add N(L — 1) zeros to the end of X(n) to get X=[X(0),
X)), ..., X(N-1),0,0, ...,0] [38].

First, we consider manipulating clipping noises to propose a
method for reconstructing the smoothed clipping signals. We
defined c,, as the difference between the predefined threshold (Th)
and the incoming signal at the mth iteration

(k)| < Th

Cm(k) = .
(o (k)| = Th) ™, |, (k)| > Th

®)

where k=0, 1, ..., LN—1 and 6,,(k) is the phase of x,,(k).

The clipping threshold is calculated by a parameter called
clipping ratio (CR) which is related to the desired PAPR (denoted
PAPR,.)

CR = /PAPR,, (©6)

Th = ——|| x,(k) [LLCR ™

JIN

Equation (5) is rewritten into (8) when we focus on the peaks
which exceed the threshold

enky) = (J5u(k,)| — Th) el ®

and we assume there are P peaks exceeding the threshold at
indexes k = ky, ks, ..., kp.

As similar to [18], a normalised frequency-domain basic vector
B, with N ones and N(L — 1) zeros is

1

B,=——I1,...,
5, !

1,0,...,0] ©)

where b, is the time-domain signal of the frequency-domain basic
vector [1,...,1,0,...,0] and || b, ||, denotes the largest value of b,,.

Then, by converting c,,, the vector form of (8), to the frequency-
domain yielding C,, and multiplying C,, by the basic vector B,, we

have the frequency-domain clipping noise vector C,,
Cn=C,B, (10)
Hence, the clipping operation is performed as
xA'm =Xp — IFFT(Cm) =Xp — cAm (l 1)

Fig. 9 is an illustration of a clipping noise vector ¢,,. Referring to
Fig. 9, the amplitude of each peak is the difference between the
threshold and the signal peak. As the signals at the around peaks
are decaying and fluctuating slowly, the clipped signal x,, will be a
smoother version compared with the original signal than a flat
clipped signal as shown in Fig. 10.

In order to let the constellation points of clipped signals back to
the original location approximately, an optimal filter is thus
developed to compensate the distortion of the clipped signals in the
proposed processing procedures by utilising the similar approach in
[37]. The error vector magnitude (EVM) is used to quantify the
amount of in-band distortion for the processed OFDM symbol. A
signal sent by an ideal transmitter is mapped precisely to the
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Table 1 Computational complexity comparison

Scheme Computational complexity
ICF [26] O(2MLNlog,(LN) + 4MLN)

OICF [37] OMN® + (M + 1)LNlog,(LN) + 2MLN)
SICF [38] O((M + 1)LNlog,(LN) + 4MLN)
proposed O(MN? + (2M + 1)LNlog,(LN) + 4MLN)

associated constellation points. However, various imperfect
processes cause the actual constellation points to deviate from the
ideal locations. The difference between the ideal constellation
points and the deviated points is called the error vector. For a single
OFDM symbol, the EVM is defined as the squared root of the ratio
of the mean error vector power to the mean reference power

” Xin - Xoul ”2
= 12
X, (2

N-1 2
EVM — (1/N) En:() I)[(\,l?(]n) - XO;ll(n)l
(L/N) X, 2 IXin(m)

where X;,(n) and X,,(n) denote the ideal and the deviated data
symbols. Xj, and X, are their associated vector form.

The optimal filter is proposed to dynamically modify the filter
response at each iteration and is solved by the formulation as
follows:

Xin — X’
N b P
g X T
subjectto X', = )A(’m -H
X",=0 (13a—¢)

Xm+1 = IFFT(Xm)

| %ms1 Nl
——F————— <4/PAPR,,x=CR
ANVLN)|| X1 2

where )ém = [)2/,”;)2”,,1] and X, =[X',;X",] denote the
frequency-domain symbols before and after the filtering procedure.
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H is formed by the coefficients of the filter. b 'mand X', are the in-

band (0 < k < N — 1) components. )2”,,, and X", are the out-of-
band (N <k < LN —1) components. The operator ‘-’ denotes
element-by-element product.

The optimisation model (13) is non-convex because the
constraint function (13) is non-convex. To modify the optimisation
problem into a convex formulation, we approximate || x,,,, ||, by
I %, |l,. The non-convex constraint can be turned into a convex
constraint by (7)

1,
I %1 oo < Thasy = /71 £ ILCR (14)

Then, a matrix A4 is defined which consists of the first N columns
of LN-IFFT matrix, and a variable ¢ to replace EVM. With these
adjustments, the optimisation problem (13) is translated into a
second-order cone programming (SOCP) [39]

min t
HecVieRr
subjectto || Xin — X'y - H |l < || Xin |22 (15a—)

. 1, .
A, - D) <\ 77 # 1LCR

The convex optimisation problem can be solved by using the
public software CVX [40].

4 Complexity analysis

The Big-Oh notation is used to analyse the complexity of the
algorithms. In the proposed scheme, the complexity of computing
(5) and (7) is O(LN). FFT operation is performed to yield C,,.
However, the value of P is much less than LN, so the inputs of the
FFT used to compute C,, are sparse. Therefore, the complexity of
(10) can be reduced to O(LN) by using the wavelet transform [41].
In (11), the complexity is O(LNlog,(LN)+ LN). The cost of
solving the optimisation SOCP model is O(N*). Based on the above
analysis, the overall computational complexity of the first iteration
is O(N’ 4+ 3LNlog,(LN) + 4LN). In the subsequent iterations, the
computational complexity can be reduced to
O(N® + 2LNlog,(LN) + 4LN). Finally,  the computational
complexity of the proposed scheme with M iterations is
OMN’ + (2M + 1)LNlog,(LN) + 4MLN). The computational
complexities of ICF, OICF, SICF, and the proposed schemes in
terms of the Big-Oh notation are compared in Table 1. The scheme
[37] offered the best performance among the existing algorithms
except the proposed algorithm. Our proposed algorithm has a
comparable computational complexity and offers better
performance than that of [37].

5 Simulation results

In order to compare the performance of the existing and the
proposed schemes, this section shows the simulation results in
different scenarios. The simulations are conducted by using the
Matlab software tool in a PC-based window environment. The
matlab code may be rewritten and translated into other platforms
for real-time applications. The desired PAPR is set to 5 dB; each
CC has a bandwidth of 5 MHz, 300 subcarriers, QPSK modulation,
and the oversampling factor L is 4.

5.1 Contiguous CA

For the intra-band contiguous scenario, the transmitter architecture
of Fig. 4 is well suited to apply. There are two ways, labelled type I
and type II, regarding aggregating CCs before the PAPR reduction
procedure.

The first aggregating operation is implemented as shown in
Fig. 11 for type I. We use two contiguous CCs in our simulation.
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Table 2 Performance of type | at one and two iterations

Scheme m PAPR, dB EVM, %
ICF 1 6.6556 7.16
2 6.0747 9.20
OICF 1 5.0455 8.20
2 49613 8.55
SICF 1 5.8033 7.52
2 5.4626 8.17
proposed scheme 1 4.8334 8.35
2 44780 8.68
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Fig. 12 PAPR comparison of four schemes with two contiguous CCs (type
D

CCI1 and CC2 are put side by side in the frequency-domain to form
an aggregated signal with twice bandwidth.

Table 2 shows the performance comparison of all schemes with
one and two iterations. The desired PAPR is set to 5 dB. The PAPR
of the original signal is 8.5412 dB. The proposed scheme (ISCOF)
has a low PAPR which is smaller than the desired PAPR at the first
iteration; the others should iterate more than three times in order to
achieve the desired PAPR. The PAPR is inversely proportional to
the EVM roughly. The EVM becomes larger while increasing the
number of iterations as the clipping process would cause more
distortion. The optimal filter can mitigate the increment of the
EVM at the next iteration.

The CCDF of the PAPR reduction schemes with 1000 trials is
displayed for performance comparison as shown in Fig. 12. All
schemes can significantly reduce the PAPR of the OFDM signals.
The proposed scheme provides ~6.037 dB PAPR reduction and
OICF achieves ~5.76 dB PAPR reduction at a CCDF probability of
107 at one iteration. The additional 0.277 dB gain by using the
proposed scheme is due to the smoothed clipping which reduces
the in-band distortion and out-of-band radiation.

Fig. 13 shows the BER curves of the original signals and the
modified signals with the existing and the proposed schemes in an
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additive white Gaussian noise channel at one iteration. All BER
curves of the modified signals are located at the right side of the
original signal's curve because the related clipping procedures
causes signal distortion. The BER performance of the proposed
scheme is better than those of the other existing schemes. By
taking an example, at a BER level of 107, OICF yields ~0.0858
dB worse than the proposed scheme, and SICF results in 0.1135 dB
worse than the proposed scheme. It demonstrates that the proposed
smoothed clipping method has less distortion than the other
schemes.

The other aggregating operation is implemented as shown in
Fig. 14 for type II. We multiply CC2 with a complex number !/’
to change the centre frequency of CC2. Adding CC1 and CC2
forms an aggregated signal. The aggregated signal is transmitted by
the oversampling with LN points and the downsampling operation
is performed at the receiver end.

Table 3 compares the performance of all schemes with one and
two iterations and the desired PAPR is set to 5 dB. The PAPR of
the original signal is 8.6903 dB. The performance trend is quite
similar to that of type .

Figs. 15 and 16 show the performance of type II at one
iteration. The performance trend is similar to that of type I. The
proposed scheme has better performance.

5.2 Non-contiguous CA

In the non-contiguous scenario, each CC in the baseband is
processed individually and aggregated before or after the PA as
shown in Figs. 5-7. It is processed in the same as the method of
type I, but it may not be feasible with type II. For example, if CC1
is located in 1 GHz and CC2 in 2 GHz, the bandwidth of 1 GHz
would be required for using type II to aggregate them. As each CC

IET Commun., 2019, Vol. 13 Iss. 6, pp. 802-808
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Table 3 Performance of type Il at one and two iterations

Scheme m PAPR, dB EVM, %
ICF 1 6.5498 4.69
2 5.9020 6.71
OICF 1 5.7363 4.93
2 5.6560 5.18
SICF 1 6.4621 4.68
2 5.5282 6.30
ISCOF 1 5.5358 5.56
2 5.4559 5.84
10°

D.
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E}
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PAPR (dB)

Fig. 15 PAPR comparison of four schemes with two contiguous CCs (type
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Fig. 16 BER performance of four schemes with two contiguous CCs (type

1)

Table 4 Performance of NC CA at one and two iterations

Scheme m PAPR, dB EVM, %
ICF 1 6.4742 15.41
2 5.9496 17.61
OICF 1 5.0785 7.89
2 4.9612 8.02
SICF 1 5.6614 10.81
2 5.3693 11.63
ISCOF 1 4.8731 7.07
2 4.8436 7.53
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D

is processed individually, the number of CCs does not have impact
on the performance.

Table 4 compares the performance of all schemes with one and
two iterations and the desired PAPR is set to 5 dB. The PAPR of
the original signal is 7.9344 dB. Figs. 17 and 18 show the
performance of PAPR and BER at one iteration. The proposed
scheme still has better performance than the others.

6 Conclusion

The CA technology can aggregate many contiguous or non-
contiguous bands to form a wide bandwidth, but the PAPR problem
would become more serious. In this paper, we propose an ISCOF
to efficiently reduce the PAPR with less distortion, minimum
EVM, and offer better BER performance. The procedure of the
smoothed clipping reduces the in-band distortion along with out-
of-band radiation and it offers better BER performance. The
optimal filter dynamically adjusts the filter response at each
iteration under the constraints of the minimum EVM and the
desired PAPR.

The simulation results compare the proposed scheme with the
classic, the optimised, and the simplified ICF schemes. The
proposed scheme has better performance in terms of PAPR
reduction, BER, and EVM. With the help of the proposed scheme,
the number of iterations required to achieve a given PAPR is
significantly reduced. It almost requires only one iteration to reach
the desired value in most cases. The scheme [37] offered the best
performance among the existing algorithms except the proposed
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algorithm.  Our

proposed algorithm has a comparable

computational complexity and offers better performance than that
of [37].
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