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Utilization of Compressed Sampling for PAPR
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Abstract—Being spectrally efficient, easily implemented, and
highly immune to selective channel imperfections and multipath
fading, the Orthogonal Frequency Division Multiplexing (OFDM)
can provide a sufficiently robust and high data rate modulation
technique for emerging wired and wireless telecommunication
applications. However, a major drawback of OFDM that is
represented by its high Peak-to-Average Power Ratio (PAPR) of
the transmitted signal, which leads to degrade the system’s
transmission accuracy. In this paper, a Compressed Sampling
(CS) based approach is considered for reducing the PAPR without
lowering its transmission capacity or affecting its Bit Error Rate
(BER) performance. The proposed scheme adds a sampling stage
after the IFFT block in the transmitter side, that is compressively
represents the transmitted signal by fewer symbols that is
transmitted instead of the original signal. At the receiver side, the
received compressively sampled signal is then recovered before the
FFT block by following the Basis Pursuit (£1-norm) algorithm.
The proposed scheme shows an enhanced PAPR and BER
performances while preserving the rest of the system performance
aspects.

Index Terms— OFDM, Compressed Sampling, PAPR, Basis
Pursuit.

I. INTRODUCTION

Due to its high immunity to selective fading channels during
the high data transmission, the Orthogonal Frequency Division
Multiplexing (OFDM) represents a promising approach for
Multiple-Input Multiple-Output (MIMO) systems [1]. Under
the same bandwidth, the MIMO-OFDM scheme can achieve
both, a high performance and an efficient spectrum utilization
[2], which make it possible for IEEE 802.11a, IEEE 802.16e,
and 4G-LTE wireless networks to be implemented.

In the other side, the large value of the Peak-to-Average
Power Ratio (PAPR) is a major drawback of MIMO-OFDM
system. For some data constellations, the High-Power
Amplifier (HPA) is forced to work in its characteristic’s non-
linear region, which is distorting the OFDM signal, and resulted
in an additional interference and a high Bit Error Rate (BER)
degradations at the reception side [3].
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Consequently, numerous PAPR reduction schemes have
been proposed in the last decades [4]-[18]. In [4] Wang, S. H.
et al. proposed a pre-coded OFDM scheme based on a perfect
Gaussian integer sequence transform matrix that is both unitary
and circulant which reduced complexity and PAPR artifacts
with a less dynamic range compared to T-OFDM and typical
OFDM. In [5], a hybrid companding technique based on
precoding matrix and Mu-law is proposed and resulted in BER
performance and PAPR reduction trade-off. Coding techniques,
like Arithmetic code and Reed-Solomon code, are utilized and
compared for PAPR reduction in OFDM and F-OFDM
modulation techniques in [6].

Based on Selected Mapping (SLM) strategy, Wang L. and
Liu J. proposed in [7] a partial phase weighting SLM algorithm
for PAPR reduction that reducing the complexity of the
conventional SLM technique, which required a large number of
IFFT stages and sending a Side Information (SI) to the receiver.
In [8], a modified Hadamard-based SLM algorithm is proposed
to overcome the transmitting of Sl requirement in typical
Hadamard-based PTS technique; which reduces the bandwidth
efficiency. B. Lekouaghet et al. in [9] applied normalized
Riemann matrix (RM) rows and a modified RM diagonal
elements, along with rows of the symmetric Toeplitz matrix, as
phase sequences for SLM strategy to reduce the PAPR in
OFMD system.

Partial Transmit Sequence (PTS) is another effective scheme
for PAPR reduction hat is partially transmitting the OFDM
symbols as clusters with different phase rotations. T. Mata et al.
in [10] proposed reducing the PTS complexity by utilizing the
Artificial Bee Colony (ABC) algorithm. PTS is also modified
in [11] by pre-combining the approximate gradient project for
further PAPR reduction, with maintaining a high BER
performance. A joint pre-distortion and PTS technique in [12]
is proposed to extend the linear region of the HPA to maintain
the BER performance. PTS and precoding techniques are
combined in a hybrid scheme in [13] to reduce the number of
candidate clusters and system calculations.

Duanmu, C. and Chen H. in [14] integrated SLM and PTS to
utilize advantages of both techniques. The proposed hybrid
SLM-PTS algorithm enhanced the PAPR and BER
performances, and reducing the system complexity when
compared with applying SLM or PTS separately.

A modified tone-reservation (TR) schemes based on signal-
to-clipping noise ratio (SCR) are proposed in [15]. Scaling SCR
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and Multiple Scaling SCR proposed techniques reduced the
computational complexity and PAPR and improved the BER
performance.

In [16], a PAPR and out-of-band (OOB) components
reduction strategy is proposed based on Discrete Fourier
Transform (DFT) and Windowing and Reconstruction (WR-)
OFDM system. K. Liu et al. [17] proposed receiving method
and PAPR and OOB radiations reduction algorithm based on
Nonlinear Companding Transform (NCT).

An Artificial Neural Networks (ANN-) based algorithm is
proposed in [18] to enhance BER and PAPR performances
simultaneously. The proposed algorithm incorporated a
multilayer feed forward ANN with Levenberg—Marquardt
training algorithm. However, one effective criterion of reducing
the PAPR is to ensure a high transmission (efficient bandwidth)
and to maintain the overall OFDM system performance.

In this paper, a Compressed Sampling (CS) based PAPR
reduction scheme is proposed for IEEE 802.1la standard
MIMO-OFDM system. The proposed algorithm utilizes the
property of sampling the compressible signal, and the
corresponding recovery technique provided by CS to
simultaneously reduce the PAPR and maintain the transmission
performance of the OFDM system.

This paper is organized as follows: In section I, a general
introduction to the MIMO-OFDM system and its importance is
presented, and the PAPR artifact that degrades its performance
is illustrated along with the most recent techniques to overcome
it. In section |1, the typical OFDM system block diagram and a
mathematical description of the PAPR drawback are illustrated
in detail. In section 11, the CS theory, and sufficient conditions
that make it applicable, are illustrated. In section 1V, the block
diagram of the proposed CS-based PAPR reduction algorithm
is presented. In section V, simulation results of the proposed
algorithm for 802.11a standard specifications are presented,
discussed, and compared to other PAPR reduction techniques.
Section VI, concludes the paper.

Il. OFDM SYSTEM AND PAPR

The block diagram of the typical OFDM system is shown in
Fig. 1 [19]. The binary data stream at the input side is mapped
into certain modulation scheme, and then converted to multiple
low bit-rate parallel data streams. IFFT then successively
transformed the parallel data streams to generate the orthogonal
modulated data. The transformed data then converted into serial
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Fig. 1. The block diagram of the typical OFDM transmitter and receiver.
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form to generate the time domain OFDM signal and then
transmitted through a HPA transmitter. An inverse procedure
implemented to recover the data.

A mapped data block with length N is

Xp=[Xo X Xn-1] 1)

where N is equal to the number of sub-carriers (data inputs of
IFFT) and X = (Xp)T. Each symbol X, (n =0,1,..,N — 1)
with duration T in the data block X used to modulate one sub-
carrier e/2™/nt of the IFFT. The N sub-carriers are orthogonal
according to the IFFT properties, that is f,, = nAf, where Af =
1/NT and NT is the duration of an OFDM data block. The
complex envelope of the transmitted OFDM is given by [24]

x(t) = \%Zﬁ;& X, e/t 0 <t < NT )

which is represented as N harmonically related exponentials.
For some data blocks, all these harmonics (or sub-carriers) are
added at their maximum points and hence a high PAPR is
appeared. The PAPR for the transmitted signal can be
calculated as [24]

max{|x()|?}

PAPR = = om )

where the numerator is the maximum power of the time domain
OFDM signal and the denominator is its expectation. For an
OFDM signal with N subcarriers, the maximum PAPR is

PAPR 4 = 10log,o(N) 4

I1l. COMPRESSED SAMPLING

Losing the information; according to Shannon/Nyquist’s
sampling theorem; can be avoided by capturing a signal at a
sampling rate that is at least two times faster than the sampled
signal’s bandwidth [20]. When the transmission bandwidth in
digital communication, storage capacity including video and
image capturing devices, or the analogue-to-digital conversion
speed in imaging systems such as radars and medical
instruments, represent a limitation, then the Shannon /Nyquist’s
sampling rate represents an expensive choice.

Alternatively, other sampling rate is proposed by Donoho
[21]; named compressed sampling (CS); for capturing and
representing compressible signals — which are the case of most
signals in the nature — by lower sampling rate than and by
fewer sample that are required by Shannon/Nyquist theorem.
The main idea of CS is to linearly project the signal in a space
with lower number of basis than the original signal’s space, then
incorporating optimization processes to reconstruct the original
signal [21], [22].

Considering the N x 1 column vector x € RY with elements
x[n] (n =1, 2, ..., N) as a one—dimensional discrete signal with
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finite—length N, then it is can be represented by N vector
orthonormal basis {¥;}, as

x =L s 5)

or, x=Ws, where ¥ is an N XN basis matrix (¥ =
[Yil,] ... |[py]) and s is the weighting coefficients N x 1
column vector such that

si=(xP) =Pix (6)

Obviously, the vector s is respected as the representation of
the discrete signal x in the domain that spanned by W basis.

If the vector s has only k non-zero entries, then the signal x
is k-sparse, that is, it can be represented as a linear combination
of only k-basis in the ¥ domain. Additionally, if s has (N — k)
zero (or comparatively small) elements, then the discrete signal
x is said to be a compressible signal.

Given that x have an acceptable degree of compressibility,
its representation vector s can be directly acquired by CS
technique without performing intermediate framework such as
sample-then-compress in  Transform Coding [23]. This
acquiring process includes the computing of M x1
measurement vector y;; where M < N; by performing M linear
measurements through inner product among s and collecting
vectors as y; = (x, ;) = ¢} x, where {¢;}},. Accordingly,
the rows ¢ can be represented as M x N matrix ®, and thus
y = ®x. Equation (5) can be re-written as

y = dx = dPPs = 0Os @)

where @ isan M x N matrix and it is independent of the original
signal x.

Maintaining the information of the k-sparse signal x € RY
from damaging during the reduction of its dimensionality to y €
RM by the measurement matrix @, and its recovering from only
fewer measurements M = k, are that main two problems in CS—
based system.

These two requirements can be made available by satisfying
two important and sufficient conditions, the first is called
Restricted Isometry Property (RIP) [22], and the second is the
incoherency between @ and W. The RIP condition stated that
for any arbitrary k-sparse vector u, and for some € > 0, ® must
be satisfies the following inequality [22]

1—e<w<1+e (8)

T oludlz T

while the incoherency condition required that u(d, W) to be
relatively small where

u(®,¥) = ng?§N|(¢i,¢j)| 9)

is the correlation between & and W matrices.
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For instance, selecting the elements of the measurement
matrix & to be Gaussian identically independent distributed
(i.i.d.) with m = 0 and o? = 1/N insures a highly probable
achievement of both RIP and incoherency requirements in all
cases of the orthonormal basis matrix ¥ if the following
condition is satisfied

M= cKlog(g) &N (10)
where c is a small constant [21], [22], [24].
The reconstruction of the original signal x, or its

representative in the ¥ domain s, requires the measurement
vector y € RM and @ and W matrices, after satisfying the
aforementioned necessities. Reconstructing algorithm based on
solving the underdetermined system of linear equations in (7)
which has infinitely many solutions since M < N [25].

Solving (3) is based on finding the sparsest solution in M— or
N- dimensional space to determine s or x, respectively, with
minimum ¢p-norm that can be defined for vector u with
cardinality N as [lull, = (Z?’zlluilp)l/p.

In this paper, Basis Pursuit algorithm [26] that is based on £1—
norm minimization problem solution is used for signal
reconstruction.

IV. PROPOSED CS-BASED SYSTEM

The proposed system is shown in Fig. 2. In the transmitter
side, firstly the input bit—stream is mapped to BPSK, to fit the
OFDM 802.11a standard, then reshaped to fit the input of the
IFFT by a S/P conversion process. Rows of the matrix at the S/P
output represent the input symbols of the IFFT while its
columns represent the total transmitted symbols.

The reshaped BPSK bit-stream is then applied to the IFFT
input, and at the IFFT output, the CS block reduces the number
of transmitted symbol through compressively sampling the
resulted matrix columns by a ratio of 1-to-10 using the
mechanism of (7). It is then paralleled by a 25% cyclic prefix.
The new matrix is converted back to serial through a P/S stage,
and transmitted through a HPA to the receiving side.

BPSK cs
waper [ P 1 FT O e [

Input x
010010

Cyclic
Prefix

AWGN

SP |«— Rx |« o ey

Basis BPSK Output x”
st [ T PR D 010010

Mapper

Remove
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Fig. 2. The Proposed CS-Based OFDM 802.11a Model.

The channel is assumed to add Additive White Gaussian Noise
(AWGN) to the transmitted OFDM signal. At the receiver side;
and after its reception; the serial signal is converted to parallel
and then to a removing cyclic prefix block. The resulted
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reduced matrix is then reconstructed by following a Basis
Pursuit recovering algorithm though £1-norm minimization to
restore the compressively sampled symbols matrix to its
original size before it is inputted to an FFT stage. Finally, the
parallel BPSK data is converted to serial and de-mapped to
output the bit-stream of the transmitted signal.

The measurement matrix & and the representation basis
matrix ¥ are selected to be a Gaussian i.i.d. random matrix with
m = 0 and 62 = 1/N and a Discrete Cosine Transform (DCT)
matrix, respectively. The same matrices are stored at the
transmitter and receiver sides and hence, no side information is

required to transmit them between the transmitting and
receiving terminals.

If N is the number of bits to be transmitted, then the output
from the BPSK mapper is

Xppsk = [+1 -1 -1 +1 (11)

—1lixw

This BPSK signal is converted from serial to parallel by the
S/P converter to be reshaped as

XFreq ISR XFreq (1'%)

XFreq = (12)

XFreq (M,1) XFreq (M,%)

Mx(3)

After the IFFT transformation, xg,.q is transformed row by
row to the time-domain parallel signal x;,. that is equal to

xTime(Ll) xTime(l%)
XTime = : (13)
xTime(Mll) xTime(M%) " (N)
<N
M
The resulted time-domain signal if then reduced
compressively by CS block to x7;,. that is equal to
XTime (1,1) XTime a ﬂ,)
‘M
xTime, = : (14)

XTi ’ XTi N
Time (m',1) rime '

N
M x5

where M' < M. Xrime then transmitted serially through the
channel. The reverse sequence of processes is followed in the
receiver side and a Basis Pursuit recovering algorithm is placed
before the FFT stage based on £1-norm minimization problem
to recover the original dimension of the BPSK in (12) before it
is compressively sampled.

According to equation (4), it is clear that the maximum
PAPR is forwardly proportional to N and hence, it can be
reduced by lowering the value of N. After the IFFT stage, the
mechanism of CS reduced the number of the total transmitted
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symbols by a ratio of 1-to-10 as mentioned before, which leads
to the reduction on N prior to the transmission stage without
effecting the transmission speed. At the receiver side, the
complete output of the IFFT before sampling can be
reconstructed by the Basis Pursuit block.

The computational resource and time consumed in the
Basis Pursuit recovering algorithm is high when compared to
other PAPR reduction algorithms. However, the other PAPR
procedures, including signal scrambling, coding, clipping, ...
etc., are either required a side information or distort the signal
and lowering the BER performance.

V. SIMULATION RESULTS

The proposed system is simulated using Matlab code based
on OFDM 802.11a specifications such as FFT and IFFT
input/output size N = 64, number of subcarriers = 52, and
number of bit-per-symbol = 52, with number of symbols =
2500. The performance of the proposed model is simulated
under 0~10 bit-to-noise ratio (E,/N,) environments assuming
AWGN channel. The system performance’s is also compared
with typical OFDM, Discrete Cosine Transform (DCT) based
OFDM, and clipping based OFDM systems. The simulation
results can be extended to include OFDM signals with high-

order constellations such as QPSK-OFDM or QAM-OFDM
based OFDM systems.

In Fig.3, the PAPR reduction performance is compared for
the proposed scheme with typical, DCT-based, and Clipping-
based OFDM systems. The comparison is based on the
calculation of the Complimentary Cumulative Distribution
Function (CCDF) of the aforementioned different techniques. It
is clear that the proposed CS-OFDM has outperforms BPSK-
Based typical OFDM, OFDM-DCT, and OFDM-Clipping
Systems schemes in keeping the PAPR under a specified limit.
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Fig. 3. PAPR-CCDF for BPSK-Based OFDM, OFDM-DCT, OFDM-
Clipping, and OFDM-CS Systems.

Fig. 4 shows the symbols normalized power for OFDM,
OFDM-DCT, OFDM-Clipping, and OFDM-CS Systems. A
comparison of number of peaks and their heights among the
different systems shows a better (lower) variance for CS-
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OFDM system than other systems, since the peaks are clearly
having a close value to the average value of the symbols
normalized power. The last result comes as a result of random
sampling of the original data matrix which is resulted in signal
scrambling.

Finally, the BER performance is calculated and compared for
theoretical, typical OFDM, OFDM-DCT, OFDM-Clipping, and
OFDM-CS techniques as shown in Fig. 5. This performance is
calculated for a range of bit-to-noise ratio (E;, /N, ) of 0~10 with
AWGN channel. The simulation results clear that the CS-
OFDM scheme has a betted BER rate performance than the
other systems for (E,/N,) values of 0~7.5 and then CS-OFDM
start performing the same way of the other systems.

OFDM

OFDM-DCT

OFDM-Clipping

OFDM-CS

OFDM-CS Symbals

(d)
Fig. 4. Normalized Power for (a) OFDM, (b) OFDM-DCT, (c) OFDM-
Clipping, and (d) OFDM-CS Systems.
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Fig. 5. BER with BPSK for Theoretical, Typical OFDM, OFDM-DCT,
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OFDM-Clipping, and OFDM-CS Techniques.

VI. CONCLUDING REMARKS

A CS-Based algorithm has been proposed to reduce the value
of PAPR in OFDM system. The proposed system considered a
compressive sampling of the original data matrix in the
transmitter side before the IFFT stage, as well as recovering the
original data by Basis Pursuit based algorithm stage in the
receiver side after the FFT block. The proposed system
enhanced the PAPR performance compared with typical, DCT-
, and Clipping-based OFDM schemes. The PAPR reduction is
achieved without lowering the capacity of transmission or
affecting its Bit Error Rate (BER).
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