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Abstract—High peak-to-average-power ratio (PAPR) is a partic-
ular disadvantage of orthogonal frequency-division multiplexing
(OFDM) systems and can significantly degrade the power effi-
ciency at the transmitter. The aim of this paper is to propose
a post-inverse fast Fourier transform (IFFT) PAPR reduction
method based on intelligent linear symbol combining with the
objective to minimize the PAPR at the transmitter. Unlike the
methods so far reported in the literature, the proposed method
has a relatively low complexity and does not require external
randomization sequences. This paper will also investigate the
impact of the proposed method on the system’s bit error rate
(BER) performance and provide a closed-form analytical ex-
pression that takes into account the BER dependency on the side
information bits and multiblock combination. It will be shown that
the proposed technique can provide significant PAPR reductions
at manageable levels of signal processing requirements while the
BER degradation is relatively small.

Index Terms—Orthogonal frequency-division multiplexing
(OFDM), peak-to-average-power ratio (PAPR) reduction, time-
domain processing.

I. INTRODUCTION

O RTHOGONAL frequency-division multiplexing
(OFDM) is expected to be the transmission scheme

of choice for a number of future wireless networks after it was
successfully adopted for several current high-speed wireless
data transmission systems [1]–[3]. However, such a trans-
mission technique has a major drawback related to its high
peak-to-average-power ratio (PAPR) that is caused by the large
envelope fluctuations of the time-domain signal. High PAPR
values can lead to serious problems such as severe power
penalty at the transmitter, which is not affordable in portable
wireless systems where terminals are powered by battery
[4], [5].

Several PAPR reduction techniques have been proposed in the
literature including amplitude clipping (AC), sequence coding
(SC), tone reservation (TR), and multiple signal representation

Manuscript received May 3, 2007; revised May 22, 2008. First published
July 9, 2008; current version published September 17, 2008. The associate ed-
itor coordinating the review of this paper and approving it for publication was
Dr. Erchin Serpedin.

The authors are with the School of Electrical and Electronic Engi-
neering, University of Manchester, Manchester, M60 1QD, U.K. (e-mail:
e.alsusa@manchester.ac.uk; L.yang@ieee.org).

Color versions of one or more of the figures in this paper are available online
at http://ieeexplore.ieee.org.

Digital Object Identifier 10.1109/TSP.2008.928161

(MSR) techniques such as the selected mapping (SLM) and par-
tial transmit sequence (PTS) techniques [6]. The simplest of
these is the AC technique, but it is found to cause both in-band
and out-of-band distortion. On the other hand, while the SC
technique could offer excellent performance on PAPR reduc-
tion, the cost in complexity and data rate loss make it unpop-
ular. The TR technique has been popular in wired systems due
to its low computational complexity, but the increase in the
transmit signal power and associated degradation in bandwidth
efficiency, although only a few percent, have so far deemed it
undesirable in wireless systems [7]. In the case of the SLM tech-
nique, it was shown that while this technique can achieve excel-
lent PAPR reduction, it has a high signal processing complexity
due to the use of multiple inverse fast Fourier transform (IFFT)
operations per OFDM block [8], [9]. Similar to the SLM tech-
nique, the PTS technique [10] requires several IFFT operations
per OFDM symbol and while it can produce superior PAPR per-
formance to the SLM technique it also has a higher complexity
requirement and may require more side information (SI) bits.
Both the SLM and PTS techniques have been of intense interest
to many researchers who have proposed modifications with the
aim to reduce the complexity and improve the performance of
these techniques [10]–[14].

To optimize both complexity and PAPR reduction ability,
we provide a novel PAPR reduction technique that operates
on multiple time-domain OFDM symbols. Similar to the PTS
technique, the principal idea of the proposed time-domain
symbol combining (TDSC) technique is to create several dif-
ferent time-domain representations for each OFDM symbol and
transmit the one(s) with the lowest PAPR. However, unlike the
PTS technique in which the OFDM symbol is partitioned into
several subsets and then each subset is individually IFFT-pro-
cessed before performing the combinations in the time domain
to form multiple time-domain representations, the TDSC tech-
nique creates various representations by intelligently forming
linear combinations among consecutive time-domain OFDM
symbols. Thus, the TDSC technique does not require more than
one IFFT process per OFDM symbol while the PTS technique
requires IFFT operations per OFDM symbol, where is the
number of subsets used per OFDM block.

II. SYSTEM DESCRIPTION

In this section, a brief description of the OFDM scheme as
well as a definition of the PAPR problem are presented. At the
OFDM transmitter, the information bit stream is first mapped
to the symbols according to a certain modulation constellation,
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such as -ary phase-shift keying ( -PSK) or -ary quadra-
ture amplitude modulation ( -QAM), to create a vector of

complex-valued symbols, . Each
complex symbol then modulates one orthogonal subcarrier and
an OFDM signal is formed by summing all the -modulated
independent subcarriers that are of equal bandwidth and have a
fixed frequency separation of , where denotes
the useful data block period. The mathematical representation
of an OFDM time-domain signal, assuming a rectangular
time-domain window [6], is given as

(1)

where . In the rest of this paper, a discrete-
time representation of the OFDM signal will be used, which is
expressed as

(2)
where is the oversampling factor [15]. Therefore, the corre-
sponding PAPR computed using the times oversampled time-
domain signal samples is given by

(3)

where is the average power of the samples long
time-domain OFDM symbol .

III. PAPR REDUCTION

In this paper, we will compare the PAPR and complexity per-
formance of the TDSC technique with the well-known SLM,
PTS, and TR techniques due to the similarities shared between
these three techniques and the TDSC. For example, the TDSC
technique is similar in principle to the SLM and PTS techniques
in the sense that it produces multiple time-domain signal repre-
sentations per OFDM symbol, and also similar to the TR tech-
nique in the sense that both are time-domain-based techniques.
Therefore, for the sake of completeness, a brief description of
the SLM, PTS, and TR techniques will be provided first, fol-
lowed by a description of the TDSC technique.

A. The SLM, PTS, and TR Techniques

The SLM technique belongs to the family of MSR PAPR
reduction techniques and is based on a probabilistic approach
for reducing the PAPR. Fig. 1 shows the system diagram of
the ordinary SLM technique that uses -independent vectors

each containing random phase symbols. Each of the ran-
domizing vectors is used to modify the phases of the vector
of complex baseband information symbols, which make up
the frequency-domain OFDM symbol, in order to randomize
their phases around the unit circle with the aim to produce a
time-domain representation, after the IFFT operation, with a
lower PAPR. Therefore, this process produces new sets of
phase-modified symbol vectors,

for each vector of data symbols. After passing each
of the phase-modified vectors through the IFFT process, the

Fig. 1. Transmitter structure with the SLM technique.

vector with the best PAPR performance (i.e., a low-PAPR rep-
resentative of the original symbol vector) will then be selected
for transmission.

In the case of the PTS technique, which also belongs to the
same family of MSR techniques as the SLM technique, instead
of randomizing the individual data symbols, each -symbol
vector is partitioned into subsets, which are zero-padded to
length and then individually IFFT processed as shown in
Fig. 2. By combining these subsets at the output of the IFFT
processes using different bipolar or complex-number vectors,
various representations for the original vector can be generated,
from which the representation with the smallest PAPR is se-
lected for transmission. It may already have become clear that
this technique shares the same disadvantage of having to com-
pute IFFT operations per data vector, which significantly in-
creases the system’s complexity and hence the power consump-
tion and time latency at the transmitter. In addition to the IFFT
operations, there is also the combining process of the subsets
in the time domain, which makes the PTS technique even more
complex than SLM.

As for the TR technique, a subset of subcarriers is reserved at
the transmitter for utilization in minimizing the PAPR of each
OFDM symbol. That is, the subcarriers are divided into two dis-
joint frequency subspaces, one for the data and one for PAPR
reduction tones , where , , and

, , as shown in Fig. 3. Because
the subcarriers are orthogonal, the peak reduction carriers
(PRCs) cause no distortion on the data bearing subcarriers and
can simply be ignored at the receiver. In order for this technique
to achieve a good PAPR reduction, it is vital that the PRCs are
modulated with a suitable set of symbols. Therefore, the objec-
tive is to find the time-domain signal to be added
to the original time-domain signal , such that the PAPR of the
transmitted signal meets the re-
quired target. The values of the PRCs modulating symbols are
estimated by solving a convex optimization problem. To solve
such a problem, several methods with various degrees of com-
plexity and performance were proposed in the literature, e.g.,
[7], [15], and [16].

While this technique provides excellent performance and has
found applications in wired systems, its main disadvantage is
the resulting reduction in bandwidth efficiency in the form of
the redundant PRCs. Although such bandwidth reduction is not
critical in wired systems, because there are typically unused sub-
carriers with signal-to-noise ratios (SNRs) too low for sending
any information, and therefore, could be used for the PRCs, it
was found that the best performance of this technique can only
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Fig. 2. Transmitter structure with the PTS technique.

Fig. 3. Transmitter structure with the TR technique.

be achieved if the PRCs subcarriers are randomly selected per
OFDM symbol and that if these subcarriers are selected to be in
a continuous-block or nonuniform manner per OFDM block, the
PAPR reduction capability of this technique will diminish [7].
In addition, in wireless systems, there is typically no fast reli-
able channel state feedback to dictate whether some subcarriers
could be sacrificed for the PRCs, and therefore, a set of subcar-
riers must be reserved regardless of received SNRs, resulting in
a costly bandwidth sacrifice.

B. The TDSC Technique

Similar to the SLM and PTS techniques, the TDSC technique
[17] is also based on a probabilistic approach, and therefore,
generates different representations for each OFDM symbol and
transmits the one with the least PAPR. Unlike the PTS and
SLM techniques, however, the TDSC technique only requires
one IFFT operation per OFDM block. To generate different
representations for each OFDM symbol, the TDSC technique
exploits the variations between different time-domain OFDM
symbols. This is achieved by linearly combining two or more
different time-domain symbols together using various math-
ematical operations, which include addition, subtraction, and
complex-conjugate operations. The combining process can be
summarized using

(4)

where is the th new combination, is
the power normalizing factor, is the total number of sym-
bols in the group, , ,

, and are the th time-domain OFDM symbol and its

complex conjugate, and is the total number of combinations.
Throughout the rest of this paper, the index in parentheses im-
plies an array index as opposed to a sample index, which is sig-
nified by a lower index (subscript), and the combination is per-
formed on a point-by-point basis. Additionally, data symbols
represented by small letters indicate time domain while those
represented by capital letters indicate frequency domain.

The basic operational mode of the TDSC technique is to com-
bine two or more adjacent time-domain OFDM symbols for
generating the various linear combinations. This mode of op-
eration will be termed the adjacent symbol combining (ASC)
mode in the rest of this paper. A special mode of operation of
the TDSC technique is concerned with splitting the incoming
time-domain symbols into groups of an even number of sym-
bols, greater than two symbols per group, and dynamically com-
bining these symbols in pairs. This approach is termed the dy-
namic symbol pairing (DSP) approach as no combination is
made using more than two symbols. The difference between
these two modes is that the ASC combines two or more adjacent
symbols together while the DSP combines only two symbols to-
gether that may be adjacent or nonadjacent but must belong to
the same group of symbols. Each of these modes produces dif-
ferent PAPR performance and is associated with different levels
of complexity, memory usage, and latency. Both approaches
will be described in detail below.

1) The ASC Mode: The ASC mode works on a group
of adjacent time-domain OFDM symbols and their complex
conjugates. To clarify the operation of this approach, let us
suppose that the group consists of two time-domain OFDM
symbols and , i.e., . Considering the symbols
and their complex conjugates, one can define two parent sets
of symbols and . Each parent set has four members
(symbols or combination of symbols) as shown in Table I.
Any two members, the ones which have the lowest PAPR, and
are separable at the receiver, can be selected for transmission.
It is noteworthy to mention that the parent sets consisting of

and are not taken into consid-
eration because their members would have the same PAPR as
those in and ,
respectively. Similarly, not all possible members need to be
included in the parent sets when they have the same PAPR as
other members already present in the parent set. For example,
the members and
do not need to be included in the parent set as they
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TABLE I
PARENT SETS AND CORRESPONDING MEMBER COMBINATIONS WITHD = 2

Fig. 4. Normalized power distribution of two time-domain OFDM symbols and
two of their possible combinations, N = 256 subcarriers, L = 1.

have the same PAPR values as and
, respectively.

For illustration purposes, consider Fig. 4 , which
shows the PAPR for the members of . It is clear from this
figure that the PAPR value can be reduced from 11 dB to around
7 dB by selecting the two members with the lowest PAPR. Note
that this result is only valid for this particular example, which
is just provided to give an insight into the operation of the ASC
mode. Accurate results on the PAPR performance of this tech-
nique are presented in terms of the complementary cumulative
distribution function (CCDF) in the results section.

The selection of the best members for transmission must be
subject to the condition that these members are resolvable at
the receiver. Therefore, even if the members and

have the lowest PAPRs, they may not be selected
for transmission if and cannot be deduced from the se-
lected members at the receiver and hence a different pair, which
may have a higher PAPR collectively, must be selected. The cri-
terion used for ensuring that the selected members are resolvable
will be discussed later in this paper.

By analogy, the same procedure can be extended for the case
when there are more than two OFDM symbols per parent set
(i.e., ). The generalized number of parent sets and
number of members per group are given as

(5)

For instance, indicates a total of parent
sets and each of them has members in its group.

Fig. 5. Transmitter block diagram with the ASC technique.

The number of possible combinations from each parent set, as-
suming all combinations of members are resolvable at the re-
ceiver, is a binomial number , which in this case gives

, and the corresponding total number of possible combina-
tions from all parent sets is 35. . It will be shown later,
however, that not all combinations of members will enable us
to reproduce the symbols at the receiver, and hence, the total
number of possible combinations that can be used is usually
less than . Due to the combination process, the resulting
members will have a range of different PAPR values with the
likelihood of including some members with lower PAPR than
the original symbols. In this particular case, because the group
consist of three time-domain symbols, three combinations must
be selected for transmission.

It can be seen that as is increased to 4 or more, the number
of possibilities increases exponentially making it more likely
to find members with very low PAPR. The penalties associated
with increasing , however, include the complexity of the se-
lection from a large number of possibilities, some latency, in-
creased number of side information bits as well as some BER
performance degradation as will be discussed later in this paper.

Transmitter Structure: Fig. 5 shows a block diagram for the
ASC-based OFDM system. The members of each parent set can
be viewed as simultaneous equations that can be resolved at the
receiver using the substitution or elimination methods. How-
ever, a more common technique is to use a matrix representation
for the combining process. In this case, the combinations can be
produced using a matrix multiplication between each parent set
and a set of combining matrices. Such a way of producing the
linear combinations can make it easier to both encode the side
information bits associated with the combinations, which are
necessary at the receiver to recover the original symbols, and
perform the reverse combining process at the receiver. For ex-
ample, for the above case in which the members
and are selected, the generation of these members can be
represented using

(6)

where the combining matrix .

Similarly, each possible set of combinations can be repre-
sented in the form of a matrix multiplication. Each matrix is
associated with a unique combination that is represented by the
side information bits. It is essential to ensure that only combina-
tions which have an invertible combining matrix are considered
in the search for the best PAPR signal representations to enable
the receiver to reverse the combining process. It must be ac-
knowledged that while these constraints may reduce the PAPR
reduction ability of the proposed technique, it is a necessity for

Authorized licensed use limited to: The University of Manchester. Downloaded on October 8, 2009 at 11:36 from IEEE Xplore.  Restrictions apply. 



4848 IEEE TRANSACTIONS ON SIGNAL PROCESSING, VOL. 56, NO. 10, OCTOBER 2008

Fig. 6. Receiver block diagram with the ASC technique.

a proper operation of the TDSC technique. Through an exhaus-
tive search which considered all the possible combinations for

, and , it was found that the total number of resolv-
able combinations is 12, 116, and 2560, respectively. That is, in
the case of , all the possible combinations have invertible
matrices, while in the case of and , only 83%
and 64%, respectively, of the total possible combinations have
invertible matrices. It was also found that in all cases when the
matrices are invertible, the smallest nonzero value the combing
matrix’s determinant can take is , , and for

, and , respectively. The impact of this on the PAPR
performance will be assessed in the results section.

If all possible invertible matrices are known at the receiver
then reversing the combining process will be straightforward
once the side information bits are correctly detected. The
number of SI bits is determined by the number of invertible
combining matrices used at the transmitter. For example, for
the case of , because there are a total of 12 combinations
from both parent sets, this means a minimum of
bits of side information is required every two OFDM symbols.

Receiver Structure: A simplified block diagram for the re-
ceiver of the ASC approach is shown in Fig. 6. In the case when
the selected members belong to parent-sets which contain com-
plex-conjugated OFDM symbols it is necessary to perform the
reverse-combining process in the time-domain, but after channel
equalization which is usually implemented in the frequency do-
main. Therefore, after equalizing the received symbols, these
symbols should be transformed back into time domain in order
to recover the original OFDM symbols using the inverse of the
same combining matrix applied at the transmitter as identified
by the SI bits. The resolved signals are then transformed back
to the frequency domain to complete the detection. Continuing
with the previous example with and the case of transmit-
ting the members and , assuming that
the received symbols are equalized successfully, these symbols

can be expressed as

(7)

where represents the additive channel noise. An estimate of
the transmitted symbols can be obtained using

(8)

where .

While this method means that the receiver requires an
extra I/FFT process, it can be possible to eliminate this

requirement of extra FFT process if only parent sets that do
not contain complex-conjugated time-domain symbols are
considered, but this means that there will be fewer members
to choose from at the transmitter. To describe how the
reverse-combining process can be achieved in the frequency
domain, we will continue with the same example as above
where it is assumed that the members
and were selected for transmission from the parent set

, where and have
and as their frequency-domain representations. Using
the fact that and ,
where is an matrix representing the Fourier trans-
form, one can also see that

. Utilizing this rela-
tionship, it is easy to show that (see Appendix II) the received
first and second symbols after the FFT operation are given as

and

where and are vectors of additive white Gaussian
noise (AWGN).

Therefore, it is possible to get both and without
having to invoke an additional fast Fourier transform (FFT) op-
eration using

(9)

2) The DSP Mode: Although the DSP approach combines
only two symbols together, the number of possible combinations
is not limited to 12 as in the ASC approach when . This is
because the DSP approach can consider all the possible pairings
from a group of symbols. The total number of possible
pairings is given as

(10)

and because there are four members in each possible parent set,
each pairing produces a total of possibilities to choose
from. That is, the total number of possible combinations is equal

to , from which members, with the

best PAPR, must be selected but with each two members be-
longing to the same parent set.

The biggest advantage of this approach is that it provides a
large pool of possibilities, for instance, when the total
number of possible members is equal to , while
the receiver has to operate on separating only two symbols at a
time which results in less complexity at the receiver. The main
disadvantage, however, is the larger number of symbols to be
stored, which leads to longer latency. Nevertheless, this may not
be in an issue for systems that employ time-domain interleavers
to overcome the fading effects of the channel, and hence, have
the memory to store a number of symbols.
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The transmitter and receiver diagrams for the DSP approach
are similar to the ASC with the exception that there is a slight
difference in the process for generating the combinations at the
transmitter and reversing that process at the receiver. Similar
to the ASC approach, inverting the linear combinations at
the receiver can be performed using matrix multiplication.
However, in this case, it can either be done on every pair of
arriving symbols or on the whole group of symbols. For
instance, assuming that the receiver is to reverse the combining
process on the whole group of symbols and that ,
given that the side information bits reveal the time indices of
the members transmitted, i.e.,
and , then the
received symbols can
be expressed as

, where in this
case, it can be easily shown that

Therefore, the estimated symbols

can be obtained using
, where in this case

C. Complexity Comparison

It is well known that the minimum number of multiplica-
tions and additions required by the most common FFT technique
which uses the Cooley–Tukey algorithm [19] can be expressed
as

(11)

(12)

Because SLM requires IFFT processes, the number of mul-
tiplications and additions introduced by this tech-
nique are

(13)

(14)

Similarly, for the PTS technique, assuming subsets, the
number of multiplications and additions are given
as

(15)

Fig. 7. Comparison of number of multiplications of SLM, PTS, TR, DSP, and
ASC with different number of subcarriers.

(16)

where is the number of phase vectors of the combining vector
used. Normally, four phases are considered to be sufficient for
this in which case the value of .

In the case when the number of combinations of the PTS are
constrained to the number of subsets, is given as

(17)

As for the time-domain techniques such as the TR and the
proposed ASC and DSP approaches, their complexities depend
mainly on the linear combination process which consists of a
number of complex additions and subtractions, and therefore,
the number of multiplications for the TR , ASC ,
and DSP techniques is only what is required by the IFFT
process. That is

(18)

As for the combined number of additions and subtractions per
OFDM symbol, for the ASC , DSP , and TR
techniques, these are found to be

(19)

The visual comparison for both the multiplication and addi-
tion/subtraction operations can be viewed from Figs. 7 and 8,
respectively. As the TR, ASC, and DSP approaches require the
same number of multiplications, only one technique is shown
in Fig. 7. It can be seen from this figure that a significant com-
plexity reduction is achieved with the ASC and DSP techniques,
relative to the SLM and PTS techniques, especially as is in-
creased. In the case of the additions/subtraction comparison in
Fig. 8, it is evident that, similar to the TR technique, the ASC
and DSP can also provide substantial complexity savings with
respect to the SLM and PTS techniques.
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Fig. 8. Comparison of number of additions/subtractions of SLM, PTS, TR,
DSP, and ASC techniques with different number of subcarriers.

D. BER Comparison

It may already have become obvious that the combination of
two or more symbols together implies that the success of sep-
arating these symbols relies on correct estimation of the asso-
ciated side information bits. Similarly, in the case for PTS and
SLM, correct detection of the side information is necessary to
reverse the randomization processes. However, in the case of
TDSC techniques, an additional concern is that an erroneous
detection of the side information bits will result in incorrect es-
timation of all the symbols involved in the group, and hence, the
possibility of higher system error rate due to error propagation
between the different symbols combined. In this section, we will
investigate the impact of the side information and symbols de-
pendency on the BER performance of the system.

Assuming that the channel bit error rate (BER) is given as ,
then the side information block error rate is

(20)

Given that the data BER probability independent of the side
information is , then the bit success probability of the data
taking into account the dependence on the side information
can be approximated as

incorrect SI
correct SI

(21)

where is the number of time-domain OFDM blocks included
in the combination process. The upper half of this equation im-
plies that the bit success rate in the case of the incorrect detection
of the SI bits takes into account the dependence of packets
on the SI bits. In the case when the side information is correct,
which is the lower half of the equation, the bit success rate is
only a function of the BER. Expanding (21) produces

(22)

where , and .

Fig. 9. BER performance assuming QPSK modulation for both the data and the
side information bits, N = 256, N = 4; 6; 8 for D = 2; 3; 4, respectively.

Because we are interested in the BER including the depen-
dency on the SI bits , this is given as

(23)

If both the data and side information bits go through the same
channel, and therefore, have the same BER, i.e., , then

can be written as

(24)

The above same equation, with replaced by 1, also applies
to the case of the SLM and PTS techniques. It is clear from
this that when the SLM and PTS techniques require the same
number of side information bits the BER performance for those
two techniques will be identical.

Assuming -PSK modulation, because each subcarrier is
subjected to flat-fading, the BER can be given as [18]

(25)

where

, , is
the number of symbols in the constellation, and is the average
SNR per symbol.

While modified implementations of the SLM technique in
which the side information can be avoided, e.g., [21], at the
expense of some additional receiver complexity, in the com-
parison presented here, we only consider the conventional SLM
implementation that requires side information. In Fig. 9, (24)
is plotted to examine and compare the effect of side informa-
tion bits on both the SLM and ASC techniques. In this case,
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although the PTS technique normally requires more side infor-
mation than the SLM technique, for simplicity, we will assume
that the PTS technique requires the same number of side infor-
mation bits, and therefore, its BER performance is identical to
that of the SLM. It is noteworthy to mention here that the BER
performance in the case of the DSP approach is identical to that
of the ASC approach when . In this comparison, both the
data and the side information are assumed to be QPSK-modu-
lated and are carried by subcarriers which are subjected to in-
dependent flat-fading channels. It can be seen from this figure
that when compared with the ideal case, in which the side in-
formation is always correctly detected, both techniques suffer
a loss in performance due to the reliance of the data bits on
correct detection of the side information bits. Although the TR
technique has a BER performance that is independent of any
side information, the penalty for this is the associated band-
width reduction entailed due to the redundant PRCs. The SLM
technique is slightly superior to the ASC technique as more
than one block of data is dependent on the SI bits in the case
of ASC technique. In this particular example, the number of SI
bits was chosen to be 4, 6, and 8 for , and , and for
the SLM with the number of SI bits used was 3. Ob-
viously, as increases, more SI bits are required and hence
the BER performance of the ASC degrades. To minimize the
BER performance degradation of both the SLM and ASC tech-
niques, an appropriate investment of more power in the SI bits
can prove useful. It can be seen from Fig. 10 that the differ-
ence in performance between the SLM and the ASC technique
improves radically as more power is invested in the side infor-
mation bits, which makes their detection much more reliable at
the receiver. The results shown are the BER versus the ratio of
the average power invested per SI and per data bit (SDPR). In
(23), if is virtually zero, i.e., correct detection of the SI bits,

. This would be correct if the power investment in the
SI bits was not subtracted from the data bits. Normally, how-
ever, the extra investment of power in the SI bits comes at the
expense of less power investment in the data bits, which is the
reason why the performances of the ASC and SLM techniques
never reach the performance of the ideal case in which perfect
detection of the SI bits is assumed when SDPR 0 dB. It can
also be seen from this figure that excessive investment of the
power in the SI bits (i.e., when SDPR 15 dB) can lead to
worse performance as power invested in the SI bits is power
withdrawn from the data bits. It is important to highlight here
that at , the ASC technique and hence the DSP tech-
nique have the same BER performance as the SLM technique
when SDPR 10 dB. When increases beyond 2, the dif-
ference in performance between the SLM and ASC techniques
increases, but only marginally and remains negligible when the
optimal SDPR value is chosen. Usually, in practice, however,
instead of increasing the power in the SI bits, strong forward
error correction coding is applied on the SI bits to ensure that
BER performance of these bits is radically diminished. Simi-
larly, the information symbols would also be FEC encoded in
most practical systems so that much better BER performances
can be achieved and at lower SNR values.

Fig. 10. BER performance assuming QPSK modulation for both the data
and the side information bits over various side information to data symbols
power ratio (SDPR), N = 256, N = 4; 6; 8 for D = 2; 3; 4, respectively.

IV. NUMERICAL RESULTS

In this section, we will report on several simulation results
to evaluate the PAPR performance of the proposed TDSC tech-
nique. The complementary cumulative density function of the
PAPR is used to measure the performance. The CCDF of the
PAPR is defined as

(26)

where is a certain threshold value that is usually given in deci-
bels relative to the root mean square (RMS) value.

The simulations below are performed for the OFDM system
with a 256-point and 1024-point Fourier transform under the
condition of an oversampling factor . Both QPSK and
16-QAM modulation techniques are examined here. The results
shown below are based on the averaging of 100 000 OFDM per
measured PAPR point. For all the ASC and DSP results shown in
this section, except for Fig. 15, only the member combinations
that have invertible matrices are used. That is, for and

, the number of combinations used were 12, 116, and 2560,
respectively.

The CCDFs of the PAPR for 256 subcarriers with QPSK
modulation and different number of combinations are shown in
Fig. 11. These results also include performances of the SLM and
PTS techniques with eight randomizing sequences and the TR
technique with 5% PRCs. It is clear that for less than 0.001% of
the data blocks, the unmodified OFDM signal has a PAPR over
12 dB and the SLM, PTS, and TR techniques can reduce it to
8.9, 9, and 8.7 dB, respectively. On the other hand, the 0.001%
PAPR of the proposed ASC technique is 8.7, 9.3, and 10.2 dB,
for , , and , respectively. Although the per-
formance with is close to the SLM and PTS techniques,
it is clear that the performance gets better when is increased
to 4. It can be seen that the proposed ASC can provide excellent
PAPR reduction performance and with significantly less com-
plexity than both the SLM and PTS techniques. This compar-
ison was repeated for the case of 16-QAM and and
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Fig. 11. CCDF of ASC-modified OFDM signals with different buffer sizes
using QPSK with N = 256.

Fig. 12. CCDF of ASC-modified OFDM signals with different buffer sizes
using 16-QAM with N = 1024.

the results are shown in Fig. 12. It is evident from this figure that
similar conclusions as before can be deduced.

For clarity, the results for the DSP mode are shown separately
in Figs. 13 and 14, which are again showing the CCDF of the
PAPR for 256 subcarriers with QPSK modulation and 1024 sub-
carriers with 16-QAM modulation, respectively. Similar to the
results of the ASC mode, for comparison purposes, these figures
also include performances of the SLM, the PTS with for
both techniques, and the TR technique with 5% PRCs. It is clear
that the DSP technique outperforms the reference techniques in
99.9% transmitted symbols; only less than 0.01% symbols have
a performance loss within 0.5 dB.

By comparing the results in Figs. 11 and 13, it is obvious
that both the ASC and DSP modes achieve similar PAPR perfor-
mances as the SLM, PTS, and TR techniques for , ,
and . Both the ASC and DSP techniques have much
lower complexity than the SLM and PTS for these parameters

Fig. 13. CCDF of DSP-modified OFDM signals with different buffer sizes with
QPSK and N = 256.

Fig. 14. CCDF of DSP-modified OFDM signals with different buffer sizes with
16-QAM and N = 1024.

and cause less degradation in bandwidth efficiency than the TR
technique. On the other hand, for both the ASC and DSP modes,
the BER performance is slightly worse than that of the SLM and
TR. This BER degradation, however, can be minimized signifi-
cantly by ensuring that the SI bits are better protected by either
investing more power in the SI bits, or using strong forward error
correction coding for these bits. This will improve the SI bits de-
tection reliability at the receiver, and consequently, improve the
system’s BER performance significantly.

In Fig. 15, we present results for the ASC technique to illus-
trate the impact of varying the number of used member com-
binations on the PAPR reduction ability of this technique. In
this figure, 100% corresponds to all the possible combinations
that include the combinations with noninvertible combining ma-
trices. It is shown in this figure that the majority of the PAPR
is achieved within the first 50% of the total number of combi-
nations for both when and . It is also evident
from both curves that discarding the percentage of possibilities,
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Fig. 15. PAPR performance as a function of varying the number of combina-
tions used. The x-axis is in percentage relative to the maximum number of all
possible combinations.

which have noninvertible matrices, causes a marginal degrada-
tion of the achievable PAPR.

V. CONCLUSION

The time-domain symbol combining PAPR reduction tech-
nique proposed in this paper was shown to provide excellent
PAPR reductions and at lower complexities, especially in terms
of the number of multiplications, when compared to the pow-
erful SLM, PTS, and TR techniques. As in most if not all signal
processing techniques, the proposed technique has some draw-
backs. For example, similar to the conventional SLM and PTS
techniques, the correct detection of the received data blocks is
dependent on correctly estimating the side information bits nec-
essary for reversing the randomization process. This drawback,
however, can be overcome by protecting the side information
bits further through the use of FEC coding such that the BER
of these bits is extremely small. Also, similar to the SLM and
PTS techniques, the TDSC technique requires processing at the
receiver side. While the SLM and PTS techniques require to re-
verse the randomization process that takes place at the trans-
mitter the TDSC technique may require an extra I/FFT process
to reverse the combing process. Finally, unlike the SLM, PTS,
and TR techniques, the TDSC technique entails some latency at
the receiver due to requiring the availability of all symbols in-
volved to reverse the combining process. Such latency, however,
may not be a problem for communication systems, which use
interleaving. The results provided by the complexity, BER, and
PAPR figures can be used collectively as a guide to provide the
best operational parameters for both the ASC and DSP modes
of operation depending on the application under consideration.

APPENDIX I

To evaluate the probability that an OFDM symbol exhibits a
peak whose absolute value exceeds a certain threshold

, or equivalently, the probability that the normalized power

exceeds the value , one uses the cumu-
lative distribution function (CDF) for the PAPR of an OFDM
signal, which is defined as

(27)

Assuming that the absolute values of the time-domain
OFDM signal samples are distributed according to the Rayleigh
function

(28)

where . To evaluate which is the prob-
ability that an OFDM symbol exhibits a peak whose absolute
value exceeds a certain value , or equivalently, the prob-
ability that the normalized power exceeds the value

, the CDF for the PAR of an OFDM signal is defined
as

(29)

Integrating 28, we obtain

(30)

Due to the independence of the samples, the CDF of the
PAPR of a data block with Nyquist rate sampling is derived as

(31)

and the CCDF can be expressed

(32)

Because the selection process of ASC can be regarded as a bino-
mial distribution within each parent group, the probability of at
least symbols having PAPR values larger than the threshold

, , can be expressed as

(33)

where is the event when there are symbols with values
larger than . Therefore, the CDF within each parent
group is

(34)
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TABLE II
CCDF OF ANALYTICAL AND SIMULATION RESULTS FOR ASC WITHD = 3, AND UNMODIFIED OFDM SYMBOLS, USING N = 256

Because the total number of parent groups is , the proba-
bility of having at least one group with can
be obtained by using binomial distribution again as

(35)

A comparison between results obtained by the above expres-
sions and the simulation results are presented in Table II. The
analytical results are shown to be reasonably close to the simu-
lation results, especially in the unmodified case. It is also evident
from this table that the analytical results for the ASC technique
deviate from the simulation results as increases beyond
8 dB. The reason for this could be due to the relaxed assump-
tion that all the signal representation members are independent
when in fact some of these members, especially the combina-
tional ones, may not be independent.

APPENDIX II

The received first symbol is equivalent to the transmitted
symbol convolved with the channel impulse response and cor-
rupted by AWGN. That is

(36)

where the symbol implies convolution, is the channel
impulse response, and is AWGN. After the FFT process is
invoked, the frequency-domain first symbol is given as

(37)
Assuming that a cyclic prefix of equal length to the channel
maximum delay spread is appended at the beginning of every
transmitted symbol [1], (37) can be simplified to

(38)

where is the channel frequency response and
. Assuming that the receiver is able to estimate

the channel frequency response, the equalized received signal is

(39)

where and the division operation is per-
formed on a point-by-point basis.

Similarly, for the second received symbol, we get

(40)

and

(41)
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