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Filtered Multi-Tone Spread Spectrum with
Overlapping Subbands

Brian Nelson, Hussein Moradi, and Behrouz Farhang-Boroujeny

Abstract—A new form of the filter bank multi-carrier spread
spectrum (FBMC-SS) waveform is presented. This new waveform
modifies the filtered multi-tone spread spectrum (FMT-SS) sys-
tem, and is intended to whiten the power spectral density (PSD)
of the transmit signal. In the conventional FMT-SS, subcarrier
bands are non-overlapping, leaving a spectral null between the
adjacent subcarrier bands. To make FMT-SS more appealing for
a broader set of applications than those studied in the past, we
propose adding additional subcarriers centered at these nulls and
thoroughly explore the impact of the added subcarriers on the
system performance. This modified form of FMT-SS is referred
to as overlapped FMT-SS (OFMT-SS). We explore the conditions
required for maximally flattening the PSD of the synthesized
OFMT-SS signal and for cancelling the interference caused by
overlapping subbands. We also explore the choices of spreading
gains that result in a low peak-to-average power ratio (PAPR)
for a number of different scenarios. Further reduction of the
PAPR of the synthesized signal through clipping methods is
also explored. Additionally, we propose methods of multi-coding
for increasing the data rate of the OFMT-SS waveform, while
minimally impacting its PAPR.
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Permission from IEEE must be obtained for all other uses, in
any current or future media, including reprinting/republishing
this material for advertising or promotional purposes, creating
new collective works, for resale or redistribution to servers or
lists, or reuse of any copyrighted component of this work in
other works.

I. INTRODUCTION

The use of filter bank multi-carrier spread spectrum (FBMC-
SS) has been reported in a number of publications, e.g.,
[1]–[6]. All these works make use of filtered multi-tone
(FMT) for signal synthesis, thus, may be referred to as FMT-
SS. As compared to the more conventional spread spectrum
techniques, such as, direct sequence spread spectrum (DS-
SS) and frequency hopping spread spectrum (FH-SS) methods,
FMT-SS is shown to be more robust to partial-band interferers,
as the filter bank structure allows straightforward removal of
interferences at a cost of reduced processing gain, [4].

Though FMT-SS has the above advantages when compared
to conventional spread spectrum techniques, it is known to
suffer from a non-flat power spectral density (PSD) which
follows since subcarrier bands, by design, are non-overlapping.
This leaves a spectral null between each pair of adjacent
subcarrier bands, i.e. a portion of the transmission band
without any transmission power. An example of such PSD
is presented in Fig. 1(a). For a given transmit power, the
presence of spectral nulls in the PSD of the synthesized signal
increases the peak(s) of the PSD, hence, results in an increased

interference to other communications over the active subcarrier
bands. In addition, the presence of these spectral nulls reveals
a transmitter’s identity and parameters to an unauthorized
observer that wishes to detect the transmitted information
and/or to intercept the communication.

For many applications, having a flat transmit PSD can
provide other benefits as well. Here, we highlight three well-
suited applications to FBMC-SS that would benefit from
a flat transmission PSD: (i) underlay communications for
network setup in a cognitive radio system, (2) skywave
high-frequency (HF) for long-haul communications, (3) ultra-
wideband (UWB) communications over short ranges.

In [4], [7], FMT-SS was suggested as an underlay commu-
nication channel to exchange spectral information among the
nodes in a cognitive radio network. To minimize interference
to other radios that may be using the same spectrum, it will
be advantageous to keep the PSD of the synthesized signal as
low as possible.

FMT-SS application for communications over skywave HF
channels (in the 3 to 30 MHz spectrum) has been explored in
the past [8], [9]. In this domain, spectral allocations are nearly
uncontrolled and thus interference among different users of the
HF spectrum are likely. Keeping the PSD of the transmitted
signals flat, hence, minimizing the peak of the PSD, here also
is of great value.

Ultra-wideband (UWB) waveforms have been proposed for
short range communications over the spectral bands that have
been licensed for a variety of applications. In order to avoid
interference with the licensed users of these spectral bands, the
Federal Communications Commission (FCC) has mandated
that the PSD of any UWB waveform remains below a spectral
mask at the transmitter antenna output [10]. The use of filter
banks for UWB communications have been recently proposed
in [11]. Making use of a form of FBMC-SS with a flat
PSD will double the transmission power compared to its
FMT-SS counterpart, hence, may significantly improve on the
transmission range.

To remove the FMT-SS spectral profile, an alternative
approach that results in a flat spectrum was proposed in
[12]. In this work, FMT is replaced by the staggered multi-
tone (SMT) modulation, [13]. SMT uses offset quadrature
amplitude modulation (OQAM) for overlapping of adjacent
subcarrier bands, hence, leading to a near flat PSD of the
synthesized signal. However, the design presented in [12] uses
an FMT-SS preamble to perform synchronization and channel
estimation, thus maintaining the undesirable spectral profile
for a portion of the transmission.

In this paper, we introduce an alternative FBMC-SS ap-
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Fig. 1. A plot of subcarrier PSDs in (a) FMT-SS and (b) OFMT-SS. In
OFMT-SS, the additional subcarriers, indicated in orange color, are added to
fill in the null bands.

proach with a flat PSD that can be used for both the preamble
and payload portions of the packet. This approach modifies
the FMT-SS approach discussed in [4] by inserting additional
subcarriers over the null bands with the goal of flattening
the PSD of the synthesized signal. The modified waveform is
referred to as overlapped FMT-SS (OFMT-SS). An example of
the PSD of subcarriers of OFMT-SS is presented in Fig. 1(b).

Although inserting subcarriers in the FMT null bands re-
moves regular null bands from its spectral profile, overlapping
of the subcarriers may introduce other problems including
inter-carrier interference (ICI) and some other form of fluctua-
tions in the PSD of the synthesized signal. We introduce design
methods that minimize the ICI as well as PSD fluctuation
caused by overlapping of subcarriers. We also present design
approaches that keep the peak-to-average power ratio (PAPR)
of the synthesized signal at a minimum level, while increasing
data rate through a multi-coding method.

To be more specific, this paper makes the following contri-
butions.

• OFMT-SS waveform is proposed as an effective multi-
carrier spread spectrum method.

• A pulse-shape design that removes ICI among adjacent
subcarriers and leads to a perfectly flat spectrum in the
transmit signal is developed.

• A multi-code method that enables variable data rate
OFMT-SS transmissions is explored. Making use of sim-
ulated annealing, a code design method that results in a
relatively low PAPR is presented.

• Methods that limit the PAPR of OFMT-SS signals are
suggested. These methods are shown to be very effective

in this application. It is shown that the PAPR of OFMT-
SS can be reduced to as low as 4 dB (or, even lower)
with a negligible error rate performance loss.

The rest of this paper is organized as follows. Section II
presents a summary of FMT-SS. Here, the basic results of
FMT-SS that are relevant to the remaining parts of this
paper are summarized. Section III introduces the OFMT-SS
waveform and explores how its pulse shape can be con-
strained/designed to remove ICI and perfectly flatten the PSD
of the transmit signal. Section IV presents a strategy for
designing the OFMT-SS pulse shape to minimize PAPR while
the constraints outlined in Section III are imposed. A design of
multi-codes for increasing data rate, while minimizing PAPR
is also presented. In Section V, we explore the application
of clipping methods to further reduce the PAPR of OFMT-
SS. The performance of the design is confirmed through bit-
error rate (BER) and symbol-error rate (SER) simulations in
Section VI. The concluding remarks are made in Section VII.

II. FMT-SS SUMMARY

In FMT-SS, spreading chips are across a set of non-
overlapping subcarrier bands. Accordingly, the transmit pulse
shape/filter is given as

g(t) =

N−1∑
k=0

γkh(t)e
j2πfkt (1)

where N is the number of subcarriers, the coefficients γk are
a set of complex-valued and unit-amplitude spreading gains,
h(t) is the prototype filter, and fk is the center frequency of
the kth subcarrier band.

In [4], it is shown that the combined impulse response of
the transmit and receive filters, i.e., η(t) = g(t) ⋆ g∗(−t), can
be factored as

η(t) = β(t)ρ(t) (2)

where
ρ(t) = h(t) ⋆ h∗(−t) (3)

and

β(t) =

N−1∑
k=0

ej2πfkt (4)

Moreover, by design, h(t) is a real-valued and symmetric
square-root Nyquist filter. Accordingly, ρ(t) is a real-valued
and symmetric Nyquist filter.

In the FMT-SS design of [4], the subcarriers are spaced at
2/T Hz apart, where T is the symbol interval. This allows
a prototype filter design with maximum transition bandwidth,
thus minimizing the cost of implementing the underlying filter
bank by allowing a lower order filter for the same stopband
attenuation. In addition, the subcarrier frequencies, at the
baseband, are chosen to be

fk =
2(k −N/2) + 1

T
, for k = 0, 1, · · · , N − 1. (5)

It is also shown that with these choices, the combined response
η(t) consists of three ‘sinc’ pulses at the time positions t =
−T/2, 0, and T/2. An example of η(t) is presented in Fig. 2.
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Fig. 2. An example plot of η(t) in FMT-SS for the case where N = 16.

Using the preamble structure described in [4], these pulses
may be used for carrier acquisition and timing recovery at the
receiver.

In certain applications, it is exceedingly important to design
the FMT-SS waveform to synthesize signals with a minimum
peak-to-average power ratio (PAPR). A particular case that
FMT-SS has been applied to and requires a low PAPR is
communication over high-frequency (HF) skywave channels,
where transmit power can be many tens or, even, many
hundreds of watts. Hence, power efficiency of the transmitter
power amplifier becomes a key design factor. PAPR minimiza-
tion of FMT-SS has been explored in [14]. To this end, it has
first been noted that (1) can be rearranged as

g(t) = h(t)m(t) (6)

where

m(t) =

N−1∑
k=0

γke
j2πfkt. (7)

Next, it has been argued that to avoid large peaks in the
synthesized signal (equivalently, to minimize the PAPR), the
spreading gain factors γk have to be chosen such that the
crest-factor of m(t) is minimized. The crest-factor of a signal
is defined as its maximum amplitude over its root-mean-
square (RMS) value. Friese [15] has proposed an algorithm
for minimizing the crest-factor of m(t). This algorithm leads
to the choices of γk that results in a crest-factor of as low as
1.07 and for the synthesized FMT-SS signal a PAPR of as low
as 3.61 dB.

Even though the emphasis above and the study of reducing
PAPR of FMT-SS in [14] was motivated by its specific
application to HF communications, PAPR minimization is
of interest in all applications. By minimizing the PAPR,
transmitter power amplifiers can operate more efficiently and
device power consumption can be reduced. With this point
in mind a significant part of this paper is allocated to PAPR
reduction in OFMT-SS; see Sections IV and V.

III. OFMT-SS

While in FMT-SS the subcarrier center frequencies, at the
baseband, may be expressed as in (5), for OFMT-SS they are
chosen as

f̄k =
k −N + 1

2

T
, for k = 0, 1, · · · , L− 1 (8)

where
L = 2N. (9)

Note that if the symbol rate is kept the same in FMT-SS
and OFMT-SS, the above choices of f̄k minimally affect the
transmission bandwidth of OFMT-SS when compared to its
FMT-SS counterpart. Also, to keep the equations distinguish-
able between FMT-SS and OFMT-SS, we add an over-bar for
the variables/functions that are related to OFMT-SS and are
different from their counterpart in FMT-SS. Hence, the OFMT-
SS pulse-shaping filter is expressed as

ḡ(t) =

L−1∑
k=0

γ̄kh(t)e
j2πf̄kt. (10)

Note that both g(t) and ḡ(t) are based on the same prototype
filter h(t). However, as noted above, to keep the transmission
bandwidth the same, the number of subcarrier bands are
doubled. Reducing the spacing between subcarriers leads to
some differences in the system impulse response.

Here, the combined response of ḡ(t) and its matched version
leads to the system impulse response

η̄(t) = ḡ(t) ⋆ ḡ∗(−t)

=

(
L−1∑
k=0

γ̄kh(t)e
j2πf̄kt

)
⋆

(
L−1∑
k=0

γ̄∗
kh(t)e

j2πf̄kt

)
. (11)

Taking note that only aligned and adjacent subcarrier bands
overlap, (11) can be rearranged to

η̄(t) = a(t) + c(t) (12)

where

a(t) =

L−1∑
k=0

γ̄kh(t)e
j2πf̄kt ⋆ γ̄∗

kh(t)e
j2πf̄kt (13)

accounts for the aligned terms, and

c(t) =

L−2∑
k=0

γ̄kh(t)e
j2πf̄kt ⋆ γ̄∗

k+1h(t)e
j2πf̄k+1t

+

L−2∑
k=0

γ̄∗
kh(t)e

j2πf̄kt ⋆ γ̄k+1h(t)e
j2πf̄k+1t (14)

accounts for the crossed terms between the adjacent subcarrier
bands. The remaining terms are ignored, as in a well-designed
prototype filter they have a negligible contribution to the result
of (11). By factoring the impulse response into these two sets
of terms, we are able to gain insight into how the reduced
subcarrier spacing impacts the shape of the PSD and the ICI.
We continue by analyzing a(t) and c(t) separately.
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Fig. 3. An example plot of a(t) in OFMT-SS for the case where L = 15.

A. Aligned Terms

Straightforward manipulations lead to

a(t) = β̄(t)ρ(t) (15)

where

β̄(t) =

L−1∑
k=0

ej2πf̄kt, (16)

ρ(t) is given by (3), and f̄k is given by (8). Here, we note that
β̄(t) has a similar form to β(t) defined in equation (4), but
with a frequency spacing of 1/T Hz between the sinusoidal
terms instead of 2/T Hz. By using 1/T Hz as the frequency
spacing of the sinusoids in (16), β̄(t) is a sinc pulse train
with a spacing of T between peaks. This leads us to conclude
that a(t) is similar to η(t) shown in Fig. 2, but with the sinc
pulses at time instants ±T/2 removed and the height of the
sinc pulse at t = 0 doubled. An example of a(t) is presented
in Fig. 3.

The above results show that a(t) is a Nyquist pulse with
regular zero crossings at the interval T/L. This implies that,
if one could force c(t) to zero, the pulse-shape ḡ(t) would be a
square-root Nyquist pulse with a bandwidth of L/T , leading to
a flat spectrum across the band of transmission. An alternative
way of looking at this result is to first recall that h(t) is chosen
so that ρ(t) is a Nyquist pulse with bandwidth 1/T and roll-
off factor α. Second, since a(t) is the sum of L copies of
ρ(t) modulated to integer multiples of 1/T , a(t) is a Nyquist
pulse with bandwidth L/T and roll-off factor α/L. Next, we
discuss the constraints that need to be imposed to force c(t)
to zero.

B. Cross Terms

To analyze c(t), we start by defining

d(t) = h(t) ⋆ h(t)ej
2π
T t. (17)

After applying some straightforward manipulations to (14),
and making use of (17), one finds that

c(t) = d(t)

L−2∑
k=0

ej2πfkt
(
γ̄∗
k γ̄k+1 + γ̄kγ̄

∗
k+1

)
. (18)

We would like to choose the spreading gains γ̄k so that

c(t) = 0. (19)

By solving this equation, we guarantee that η̄(t) = a(t), hence,
the OFMT-SS signal will have flat spectrum, i.e., a white PSD
across the band of transmission.

For (19) to be satisfied, the spreading gains should be chosen
so that

γ̄∗
k γ̄k+1 + γ̄kγ̄

∗
k+1 = 0 for k = 0, 1, . . . , L− 2. (20)

Defining the spreading gain vector as

γ̄ =
[
γ̄0 γ̄1 · · · γ̄L−1

]T
, (21)

it can be shown that the only spreading sequences that satisfy
(20) have the form:

γ̄ = ejϕb⊙ ζ (22)

where
b =

[
1 j j2 · · · jL−1

]T
, (23)

⊙ denotes an element-wise product, ϕ is an arbitrary phase,
and the elements of ζ are given by

ζk ∈ {−1,+1} , for 0 ≤ k ≤ L− 1. (24)

The result in (22) can be proved by letting γ̄k = ejϕk and
γ̄k+1 = ejϕk+1 in (21) and noting that this leads to

cos(ϕk+1 − ϕk) = 0. (25)

This result implies

ϕk+1 − ϕk = nπ ± π

2
. (26)

Letting γ̄0 = ±ejϕ and making use of (26), one can see that
(22) holds.

In the rest of this paper, for simplicity, and without any
loss of generality of the optimization methods that will be
introduced, we let γ̄0 = 1.

IV. OFMT-SS PAPR MINIMIZATION

PAPR minimization is desirable in all communication sys-
tems. Here, we present a design strategy that allows us to select
the elements of the vector ζ with the goal of minimizing the
PAPR of the synthesized OFMT-SS signal. In our previous
works on FMT-SS, we found that PAPR minimization of such
signals is closely related to minimization of the crest-factor
of the multi-tone signal m(t) in (7), [14]. The same is true
here, with the difference that the spreading coefficients γ̄k are
constrained to the discrete choices expressed by (22). In FMT-
SS the spreading coefficients γk can choose any unit amplitude
complex value. This allows the use of the Friese optimization
method for minimizing the crest-factor of m(t), [15].
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Unfortunately, there is no similar method to Friese opti-
mization that works well when the spreading coefficients are
allowed to select values from a finite/discrete set. Although
an approach for finding discrete spreading gain coefficients
resulting in a moderate crest-factor of approximately 2 has
been suggested in [16], it is recognized that these coefficients
are likely not optimal. It turns out that the only way of finding
the set of γ̄k that minimizes the crest-factor of

m̄(t) =

L−1∑
k=0

γ̄ke
j2πfkt (27)

is to search over all 2L choices of the vector ζ. This clearly has
a complexity that grows exponentially with L and, thus, is not
scalable as L grows. Common methods of solving this type of
problems make use of statistical search approaches, such as,
Markov chain Monte Carlo (MCMC), genetic, or simulated
annealing algorithms. Here, we have chosen to use a simulated
annealing algorithm, following [17].

Simulated annealing is a stochastic optimization algorithm
where a cost function is minimized in a manner similar to
how the molecules in materials cool to lower energy states.
In the simulated annealing algorithm, an initial state is chosen
at random and used to evaluate the cost function. At each
iteration of the algorithm, the state is perturbed, and the cost
of the new state is measured. If the cost is reduced, the
perturbed state is accepted. If the cost increases, then the new
state is accepted with some probability that depends on the
increase in cost and on the “temperature” of the algorithm.
This process of perturbation and state updates is repeated
until an “equilibrium” is reached. We follow the definition of
equilibrium used in [17] by using the standard deviation of the
cost at the current temperature to detect equilibrium. When the
algorithm converges to an equilibrium state, the temperature is
lowered and the algorithm is continued at the new temperature.
Lowering the temperature reduces the probability of accepting
a state that increases the cost. The algorithm exits once the
cost of the state vector has not changed for several steps of
the temperature. By gradually reducing the temperature, the
algorithm converges to a global optimum. Simulated annealing
was proposed in [18] and has been discussed in many pub-
lications, in particular for optimization over a discrete space.
Some examples include [17], [19], [20].

As the starting point of our simulated annealing algorithm,
we follow the approach in [17]. Here, the author has explored
using simulated annealing to design binary sequences with
good aperiodic autocorrelation and cross-correlation proper-
ties. The good autocorrelation here is quantified by the relative
size of the autocorrelation coefficients for non-zero lags when
compared to the signal power (i.e., autocorrelation with a zero
lag). The sequences with smaller non-zero lag autocorrelation
coefficients are considered as better sequences. It turns out that
sequences with small non-zero lag autocorrelation coefficients
result in a lower crest-factor when such sequences are used to
construct a multi-tone signal like m̄(t); see [15]. Because the
optimization space and criterion discussed in [17] are closely
related to ours, we follow a similar approach in designing our
simulated annealing algorithm with only a few modifications.

TABLE I
AN EXAMPLE OF PAPR RESULTS, COMPARING OFMT-SS WITH FMT-SS

Spreading Gain Set Crest Factor PAPR (dB)

FMT-SS 1.07 3.61
OFMT-SS 1.43 5.07

The first modification we make to the simulated annealing
algorithm of [17] is to increase the number of reachable
vectors in the state update step of the algorithm. This is done
by flipping the sign of up to W spreading gains in a single
iteration instead of flipping just one, as is done in [17]. At
each iteration, the number of spreading gains to change is
chosen from a uniform distribution, X ∼ U(1,W ). Then, X
randomly selected spreading gains are changed to update the
state vector. We found that a modest increase of W from 1 to
2 leads to a lower cost function, hence, a better design.

The second modification we propose is the use of different
cost functions than the aperiodic autocorrelation used in [17].
Through experimental studies, we have realized that the choice
of a good cost function depends on the system implementation.
Here, we are interested in two implementations of OFMT-SS
system. The first implementation emphasizes on keeping the
transmit power at a minimum value. For this case, a single
spreading code should be used, allowing transmission of a
single bit (using a binary shift keying (BPSK) data symbol)
or a pair of bits (using a quadrature phase shift keying (QPSK)
data symbol) per code interval. For the second implementation,
the spreading gains γ̄ are chosen in each code interval from
a set of M multi-codes. This, as discussed below, allows
transmission of more information bits per code interval. These
two implementations and the relevant cost functions/code
designs are discussed in the sequel.

A. Design for single codes

When designing a spreading coefficient vector for use with a
single transmission code, we choose the crest-factor as the cost
function for the simulated annealing algorithm. We found that
directly minimizing the crest-factor leads to a lower PAPR than
what we would obtain using the aperiodic autocorrelation cost
function proposed in [17]. The PAPR performance of the codes
generated with this method are summarized in Table I and
compared with the PAPR performance of an FMT-SS operat-
ing with optimized spreading gains designed using the method
discussed in [14]. For the cases presented here, the number
of subcarriers in FMT-SS is set to N = 64 and for OFMT-
SS, we let L = 2N = 128. As seen, despite the constraints
on the permissible choices of the coefficients γ̄k, the PAPR
loss remains relatively low; only 5.07− 3.61 = 1.46 dB. We
can also see that our simulated annealing approach generates
spreading gain sets with a crest-factor significantly lower than
2, reported in [16].

B. Design for multi-codes

Application of multi-codes to FMT-SS is presented in [9].
Here a trivial method of finding a set of orthogonal codes that
minimally affect the PAPR of the optimized design for a single
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code was proposed. In this work, biorthogonal signaling was
used to increase the data rate—i.e. spreading gain vectors were
selected from a set of vectors Γ = {±γ0,±γ1, . . . ,±γM−1}
where γT

i γj = 0 for i ̸= j. Because positive and negative
versions of each spreading gain vector are included in Γ, it has
a cardinality of 2M vectors, and, thus, B = log2(M)+ 1 bits
are transmitted per code interval, if all the codes are deployed.
Noting that the number of code vectors can be as large as the
code length, OFMT-SS allows doubling the number of code
vectors when compared to FMT-SS.

For FMT-SS, a set of orthogonal multi-code vectors can
be generated from an optimized spreading gain vector γ0 by
point-wise multiplying γ0 by the columns of the DFT matrix
of the same size [9]. In this case each multi-code vector has
the same crest-factor as the original optimized vector. Point-
wise multiplying by the columns of the DFT matrix modulates
the spreading gain vector with complex sinusoids of different
frequencies, which is a linear phase shift of the coefficients.
The crest-factor remains unchanged because the spreading gain
coefficients are the discrete Fourier series (DFS) coefficients
of the time domain signal m(t) and applying a linear phase
shift to the coefficients results in a time shift of m(t). This
clearly does not change the crest-factor of m(t), hence, has
little effect on the PAPR [9].

Unfortunately, the method proposed in [9] cannot be applied
to OFMT-SS. As noted before, while in FMT-SS the spreading
coefficients belong to a continuous set, in OFMT-SS we are
limited to a discrete set, which cannot be generated by point-
wise multiplying by the columns of the DFT matrix. Instead
of using the DFT matrix, an alternative approach is to point-
wise multiply ζ0 by the columns of a Hadamard matrix. This
generates an orthogonal set of multi-code vectors based on an
optimized spreading gain vector. Unfortunately, only the first
two columns of the Hadamard transform introduce a linear
phase shift to ζ0. These two columns result in a good PAPR
performance, but the other multi-code vectors result in much
higher PAPR. This can be seen in the first row of Table II.
When 1 or 2 multi-code vectors are used, the PAPR of the
Hadamard multi-coded waveform remains low, but as the num-
ber of multi-codes increases, the PAPR increases dramatically.
For this reason, we propose an alternative approach for the
cases where a larger number of multi-codes should be used.

To come up with a manageable design, we start with a
proper choice of the vector ζ, say, ζ0, and use this choice
and its circularly shifted versions as a set of codes for our
multi-code signaling. But, given the fact that the elements of
ζ are limited to the choices of +1 and −1, one may note
that there is no choice of ζ0 that can lead to a set of perfectly
orthogonal codes. We thus argue that a reasonably good choice
of ζ0 may be the one that minimizes the correlations between
ζ0 and its circularly shifted versions. With this argument, for
our design here, we set the cost function in the simulated
annealing algorithm to be the sum of the magnitude squares
of the non-zero lag cyclic autocorrelation coefficients of ζ0:

J =

L−1∑
ℓ=1

|ζT
0ζℓ|2 (28)

where

ζℓ =
[
ζℓ ζℓ+1 · · · ζL−1 ζ0 ζ1 · · · ζℓ−1

]T
. (29)

This design leads to a set of spreading gain vectors that are
approximately/quasi orthogonal.

The theoretical error probabilities for this class of non-
orthogonal signals is beyond the scope of this paper, but
are presented in [21], where it is seen that if the correlation
between different code vectors is kept small, the SER per-
formance has only a small amount of loss compared to the
orthogonal code vector case. Here, the small performance loss
of our design is confirmed through numerical simulations in
Section VI. Other works have had similar findings when using
non-orthogonal signaling schemes, e.g. [22]–[25].

In OFMT-SS, with code length L, for a given transmission,
the number of multi-codes in use can be any value M in the
range 1 to L. If a BPSK symbol is added to modulate each of
the individual codes, we will have a biorthogonal signaling,
[26]. In this case, the transmission rate will be B = log2 M+1
bits per code interval.

Construction of a set of quasi orthogonal codes as discussed
above offers the following advantages.

• The PAPR of synthesized multi-code signal remains
moderately low and nearly independent of the number
of multi-codes in use, M . Reasonings are presented in
Appendix A.

• It allows a low complexity implementation of the re-
ceiver. Details of this implementation is presented in
Appendix B.

To appreciate the multi-code design proposed here, we
explore the PAPR values that it delivers. In our study, we
used an OFMT-SS system designed with L = 128 subcarriers.
Table II compares both spreading gain design approaches
discussed in this paper. As seen, our design for a single
code may be preferred only when the number of multi-codes
is relatively small; four or smaller. Note that four codes
translates to B = log2 4 + 1 = 3 bits per code interval. For
a larger number of multi-codes, our second design performs
significantly better. It should be noted that there is a small
increase in PAPR as the number of codes grows. This is caused
by the interaction of the codes in adjacent symbols.

Fig. 4 presents a histogram of the cross-correlations of a
number of choices of multi-codes with different lengths, L.
As seen, for the case L = 64, there are two values of cross-
correlations that are observed, 0 or 4. For the case L = 128,
the observed cross-correlation values are 0, 4, or 8. And,
similarly for the rest. The fact that the cross-correlations are all
multiples of 4 relates to the specific choices of L values, here.
A derivation showing how these values relate to L is presented
in Appendix D. In particular, when L is a multiple of 4, the
cross-correlations can take values that are only multiples of 4,
matching our observation in Fig. 4.

To quantify the cross-correlation values in Fig. 4, they
should be compared against the magnitude square of the
respective code set. Recalling (22), the magnitude square that
we are referring to here has the value of

γ̄Hγ̄ = L. (30)
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TABLE II
PAPR RESULTS OF MULTI-CODE SIGNALS FOR HADAMARD-BASED AND AUTOCORRELATION-BASED DESIGNS.

B
1 2 3 4 5 6 7 8

Hadamard-based 5.07 5.08 8.31 9.32 9.46 9.55 11.16 11.13
Autocorrelation-based 7.53 7.54 8.09 8.10 8.54 8.53 8.45 8.41

Fig. 4. Histograms of cross-correlations of the multi-codes of different lengths
L.

For these comparisons, we may equivalently look at the
normalized values of the cross-correlations. For instance, from
Fig. 4, we observe that in the case where L = 64, about
70% of the codes have a normalized cross-correlation of 0
(i.e., they are perfectly orthogonal) and the remaining codes
have a normalized cross-correlation of 4

64 = 0.0625, which
indicates these remaining codes are nearly orthogonal. Similar
workouts on the results in Fig. 4 reveal that the multi-code
design that is proposed in this paper leads to nearly orthogonal
codes with the normalized cross-correlations reducing as the
code length L increases. The theoretical analysis presented
in [21] reveals that this level of the orthogonality loss has a
minimal impact on the system performance. This point is also
confirmed through our simulation results in Section VI.

V. CLIPPING FOR PAPR REDUCTION

Many PAPR reduction methods, mostly, intended for use
with OFDM signals have been suggested in the literature; see
[27] for a comprehensive review. These methods include code
and spreading gain design [16], [28], clipping [29]–[31], non-
linear companding [32], and tone reservation (TR) and tone
injection (TI) [33], [34], among others. The circularly shifted
multi-coding method discussed in the previous section may
be classified as a spreading gain design method. Among the
other PAPR reduction methods, the non-linear companding
method or clipping method may be used to further reduce
the PAPR beyond the result obtained through the spreading
gain design. Though non-linear companding has been shown
to have exceptional PAPR reduction performance, it requires

that the channel equalization be applied at the receiver before
removing the companding effect [27], [32]. This, besides
increasing the complexity of the receiver, removes some of
the desirable properties of OFMT-SS that lead to robust perfor-
mance in harsh environments. An example of such properties
is the use of normalized matched filter which blindly removes
strong partial-band interferers, [6].

Clipping, as the name implies, removes the synthesized
signal peaks that are above a certain threshold to reduce PAPR.
If the signal is directly clipped to a threshold, a significant out-
of-band energy may be generated. To limit the out-of-band
energy, clipping can be done by adding a passband pulse that
covers the band of transmission, but has a negated amplitude of
each signal peak. This assures a minimum out-of-band energy
[29], [31]. Alternatively, the signal can be repeatedly clipped
and filtered to minimize the out-of-band energy [30].

Clipping, naturally, introduces some distortion and, as a
result, some degradation in performance should be expected.
In OFDM, to keep such distortion minimal, especially when
large symbol constellations (like 64-QAM or larger) are in
use, only a small PAPR reduction (in the order of 1 or 2
dB) may be possible. This is significantly different in OFMT-
SS where symbol constellations are limited to BPSK and
QPSK, and multi-coding is used to increase the number of
transmitted bits per code interval. In addition, the despreading
at the receiver removes most of the induced in-band clipping
noise. As a result, clipping allows a significant reduction of
PAPR in OFMT-SS with minimal impact on its performance.
The numerical results presented in the later parts of this paper
confirm this point.

A. Error Vector Magnitude

In the context of PAPR, in OFDM, the error vector magni-
tude (EVM) is defined as the root-mean-square (RMS) of the
error between the distorted symbols resulting from clipping
effect and the original symbols, [30], [31]. Here, we study
the EVM of the individual chips at OFMT-SS subcarriers, as
well as the EVM after correlating the received signal with
the multi-code spreading gain vectors, i.e., after despreading.
By evaluating the EVM before and after correlation, one
can compare the OFMT-SS performance with OFDM in the
context of PAPR reduction and show the robustness of the
former.

Let ζk[n] = −jkγk[n] be the kth chip of the nth information
symbol, where γk[n] is the corresponding spreading gain. Here
ζk[n] ∈ {−1, 1}. After applying a clipping noise ν(t) to the
transmit signal, the received chip, discounting channel noise,
is

ζ̂k[n] = ζk[n] + νk[n], (31)
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where
νk[n] = hk(t) ⋆ ν(t)

∣∣∣∣
t=nT+τ

, (32)

and τ is the symbol timing offset. Considering the fact that the
transmit signal is a zero mean random process, one finds that
E [νk[n]] = 0, where E[·] refers to the statistical expectation.
Next, to simplify the equations that follow, we remove the
symbol index from the involved variables.

We define the EVM at chip-level of OFMT-SS as

EVMchip =

√√√√ 1

L

L−1∑
k=0

E
[(

ζk − ζ̂k

)2]

=

√√√√ 1

L

L−1∑
k=0

Var [νk], (33)

This equation follows the definition of EVM in OFDM, [31],
[33], where the data symbols are equivalent to chips in OFMT-
SS.

The symbol level EVM of OFMT-SS, on the other hand,
is calculated after correlating the received chips with the
associated multi-code vector. The result is

EVMsymb =

√√√√E

[(
1

L

(
ζTζ − ζTζ̂]

))2
]

=

√√√√E

[(
1

L
ζTν

)2
]

(34)

where
ν =

[
ν0 ν1 · · · νL−1

]T
. (35)

Recalling that E [ν] = 0 and only adjacent elements of ν
correlate, thanks to the filtering structure of OFMT-SS, one
finds that, [35],

EVMsymb =

√√√√ 1

L2
Var

[
L−1∑
k=0

ζkνk

]

=
1

L

√√√√L−1∑
k=0

Var [νk] + 2

L−2∑
k=0

Cov [ζkνk, ζk+1νk+1]

≈ 1

L

√√√√L−1∑
k=0

Var [νk] (36)

where the approximation in the third line follows since the
second summation in the second line is significantly smaller
than the first summation. Numerical results that confirm this
approximation will be presented later.

By comparing (33) and (36), one finds that despreading re-
sults in a signal to interference ratio (SIR) gain of 10 logL dB.
Here, interference comes from the clipping. A lower EVM,
obviously, allows the use of lower clipping thresholds with
a very limited effect on the EVMsymb and, as a result, BER
performance. It thus makes clipping an excellent candidate for
further reduction of the PAPR in OFMT-SS.

Next, we study the signal to interference plus noise ratio
(SINR), where the interference is the clipping noise, and

noise refers to channel additive noise. To determine the SINR,
without any loss of generality, we assume that the transmitted
symbol (a binary bit taking values ±1) is +1. Also, for clarity
of our derivations, we assume that at the detector output bits
are scaled by

√
E , hence, bit (signal) power is equal to E .

Accordingly, the bit estimate is obtained as

ŝ =
1

L

L−1∑
k=0

(√
E (ζk + νk) + wk

)
ζk

=
√
E +

√
E
L

L−1∑
k=0

νkζk +
1

L

L−1∑
k=0

wkζk. (37)

In the right-hand side of (37), the signal portion is the first
term, the interference is the second term, and the channel noise
is the third term.

Appendix C presents a statistical analysis of the noise terms
wk. It is shown that the noise terms wk are a set of zero-mean
independent and identically distributed (iid) random variables,
with the autocorrelation/covariance matrix

Cww =
σ2

2
I (38)

where σ2 is the one-side power spectral density of the channel
noise.

An analysis of the clipping noise terms νk turns out to be
difficult. Here, we take note that for most cases of interest,
the clipping noise has a negligible impact on the receiver
performance. With this point in mind, to allow the following
derivations and analysis, we simply assume the clipping noise
samples νk are also zero-mean and iid and have the covariance
matrix

Cνν = EVM2
symbI. (39)

Moreover, we assume that the channel noise samples wk and
the clipping noise samples νk are two independent sets.

Making use of (38) and (39) and taking note that ζk ∈
[−1, 1], it is straightforward to show that

σ2
c = E EVM2

symb (40)

and
σ2
n =

σ2
w

L
, (41)

where σ2
c is the variance of the second term in the right-hand

side of (37), i.e., the clipping noise term, and σ2
n is the variance

of the third term in the right-hand side of (37), i.e., the channel
noise term.

Making use of the above results, we get

SINR =
E

σ2
c +

σ2
w

L

=
1

SNR × EVM2
symb + 1

× SNR, (42)

where
SNR = L

2 E
σ2

(43)

is the SNR at the receiver output. The numerical results
presented later reveal that, in typical applications of OFMT-
SS, the SNR degradation resulting from clipping remains
negligible, i.e., SNR × EVM2

symb ≪ 1, hence, SINR ≈ SNR.
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TABLE III
EVMchip AND EVMsymb RESULTS FOR DIFFERENT CLIPPING

THRESHOLDS µ.

Threshold (dB) EVMchip EVMsymb

3.75 0.1174 0.0094
4.00 0.1034 0.0085
4.25 0.0903 0.0075
4.5 0.0775 0.0066
4.75 0.0655 0.0057
5.00 0.0548 0.0049

To quantify our theoretical result in (42), Table III presents
a set of results showing how the choice of clipping threshold
impacts EVMchip and EVMsymb. These results correspond to
the case where a biorthogonal signaling is used and L = 128.
A clipping algorithm similar to those presented in [29]–[31]
is applied for different choices of the clipping threshold.
As one would expect, both EVMs increase as the clipping
threshold decreases. Nevertheless, even for a threshold as low
as 3.75 dB, EVMsymb remains very small. If one substitutes
such values and a typical SNR value in the range of 10 to
20 dB in (42), he will find the SNR loss arising from PAPR
reduction translates to very small value; less than 0.1 dB.
The SER results presented in the next section confirm this
negligible loss. It is also worth comparing the results in
the second and third columns of Table III, and note that
EVMsymb = EVMchip/

√
L. Taking note that L is the receiver

processing gain, this shows, it is the despreading effect at the
receiver that reduces the EVMsymb to such a low values.

VI. BER AND SER RESULTS

In this section, we extend the study of OFMT-SS waveform
by looking at a few examples of its bit error rate (BER) and
symbol error rate (SER). In each case, we use an OFMT-SS
signal with L = 128. The code designs for single-code and
multi-codes follow those presented in Section IV.

A. Single-code Performance

For the single code case, we use the method discussed in
Section IV-A to design a spreading gain set. The BER of
this system transmitting quadrature phase shift keying (QPSK)
information symbols is plotted against Eb/N0 in Fig. 5.
This figure includes the theoretical QPSK curve, showing a
perfect match with our simulated results. This demonstrates
the Nyquist, i.e., no inter-symbol interference (ISI), property
of the OFMT-SS waveform. The receiver here is a matched
filter, followed by a sampler that takes signal samples at the
peak of the system impulse response.

B. Multi-code Performance

For the multi-coded case, we evaluate the symbol error rate
(SER) instead of the bit error rate, which allows for easy
comparison with the SER probabilities given in [26].

Using a system with L = 128 multi-code vectors, we can
achieve a maximum bit rate of log2(L) + 1 = 8 bits per code
interval. As discussed in [26], one may choose to use a subset
of the multi-codes, resulting in a smaller number of bits, B,

Fig. 5. Simulated BER curve of single code OFMT-SS. The QPSK theoretical
BER curve is presented for comparison.

Fig. 6. Simulated SER curves multi-code OFMT-SS for the cases of B = 2
and B = 8 bits per symbol. Theoretical curves from [26] are presented for
comparison.

per code interval. Fig. 6 shows the simulated SER for the
cases of B = 8 and B = 3 along with the corresponding
theoretical orthogonal theory curves. From this figure, we can
see that although, here, the code vectors are not perfectly
orthogonal, the loss between the orthogonal theory curve and
the simulated SER, using quasi orthogonal code vectors, is
very small/unnoticeable. This observation is in line with our
theoretical findings in [21].

C. PAPR Reduction Impact

To see the impact of the clipping on the SER performance,
we consider a number of clipping thresholds and compare their
performance against the theoretical biorthogonal signaling
theory curve. Fig. 7 presents the SER curves for several values
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Fig. 7. Simulated SER curves for several PAPR reduction thresholds µ. The
results are for the case where multi-codes and biorthogonal signaling are
deployed, and B = 8 bits are transmitted per code interval. Other parameters:
L = 128, K = 64, P = 2. Hard clipping is applied after the second iteration
of the clipping algorithm.

of the clipping threshold, µ. The results correspond to the case
where L = 128, and B = 8 bits are transmitted per code
interval. From these results, we can see that there is only a
very small loss introduced by clipping, confirming our findings
in Section V.

VII. CONCLUSION

We introduced and explored the details of a new filter
bank-based waveform for spread spectrum communications.
The proposed waveform is a modified form of filtered multi-
tone spread spectrum (FMT-SS). We took note that in a
conventional FMT-SS, subcarrier bands are non-overlapping.
This results in a clear foot-print in the FMT-SS signal spectra
that may reveal some of its characteristics to an unauthorized
receiver. The new waveform, which we refer to as overlapped
FMT-SS (OFMT-SS), adds additional subcarriers to fill in the
empty spectra between the adjacent subcarrier bands of FMT-
SS, leading to a flat spectrum. We studied the choices of the
spreading gains in OFMT-SS and found the constraints that
should be imposed to these gains to result in a perfectly flat
synthesized transmit signal. We also developed a method of
optimizing the spreading gains to minimize the PAPR of the
synthesized signal. Moreover, to further reduce the PAPR, we
explored the use of signal clipping methods and showed that
in the particular case of OFMT-SS, PAPR values of as low
as 4 dB or even smaller, without much impact on the system
performance, was possible.
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APPENDIX A
PAPR INVARIANCE OF MULTI-CODES

In this appendix, we show that the PAPR minimally varies
between different choices of the multi-codes when such codes
are being generated according to the method discussed in
Section IV-B. To this end, we first recall that there is a close
relationship between the crest-factor of m̄(t) and the PAPR of
the synthesized signal; e.g, see [14]. Then, we concentrate on
the crest-factor m̄(t) and show that it is invariant of the choices
of the multi-code vectors when they are selected according to
(29).

A proof to the latter statement can be made by first noting
that

m̄′(t) =

L−1∑
k=0

ζke
j2πfkt (44)

has the same crest-factor as m̄(t). This follows if one takes
note that m̄(t) is obtained from m̄′(t) by adding a linear
phase to the coefficients ζk, namely, the addition of the jk

coefficients in (22). Such linear phase results in a signal shift
which clearly has no impact on its crest-factor. On the other
hand, taking note that (44) is an inverse Fourier series, a
circular shift of its coefficients translates to a modulation,
i.e., multiplication of the synthesized signal by an exponential
factor ej2πfct, where fc is the modulation frequency. This,
also, does not change the crest-factor of the resulting signal.

APPENDIX B
LOW COMPLEXITY IMPLEMENTATION OF THE RECEIVER

A generic implementation of the receiver involves corre-
lation of the signal samples at the output of the analysis
filter bank (after equalization) with each of the multi-codes
separately. For a code length L and when the maximum
number of multi-codes, equal to L, are used, completing all
the correlations requires L2 multiply and add operations. The
choice of multi-codes according to (29) allows one to reduce
this complexity to about L log2 L operations through the use
of fast Fourier transforms (FFTs). Next, for completeness of
our discussion, we present details of this correlator.

Let J be an L × L circulant matrix with the first column
ζ0 and y denote the vector of outputs of the analysis filter
bank, after equalization. The vector of correlations of interest
is given by

c = JH(b∗ ⊙ y). (45)

Next, we note that since J is a circulant matrix, it may be
expanded as, [36],

J = FHΛF (46)

where Λ is a diagonal matrix whose diagonal elements are
obtained by taking the discrete Fourier transform (DFT) of ζ0
and F is the normalized DFT matrix, satisfying FHF = I.



11

Substituting (46) in (45), we get

c = FHΛ∗F(b∗ ⊙ y). (47)

Implementation of (47) involves L multiplications, to perform
(b⊙y), L log2 L to perform multiplications with F and FH,
and L multiplications to include Λ∗ in the operations.

APPENDIX C
NOISE CORRELATION PROPERTIES AT

THE DESPREADER INPUT

Consider a multi-coded OFMT-SS system where the spread-
ing gain vector at the nth code interval is

γ[n] =
[
γ0[n] γ1[n] · · · γL−1[n]

]T
. (48)

The signal at the kth analysis filter bank output is given by

yk(t) = (−j)kh∗
k(−t) ⋆

( ∞∑
n=−∞

[
γk[n]hk(t− nT )

+ γk−1[n]hk−1(t− nT )

+ γk+1[n]hk+1(t− nT )
]

+ w̃(t)

)
, (49)

where

hk(t) = h(t)ej2πfkt, (50)

w̃(t) is a zero mean, complex white Gaussian random process
with one-sided power spectral density σ2, and we define
γ−1 = γL = 0.

By performing straightforward manipulations and substitut-
ing γk[n] = jkζk[n], (49) can be rearranged as

yk(t) =

∞∑
m=−∞

ζk[m]ρ(t−mT )

− j

∞∑
m=−∞

ζk−1[m]d∗k−1(−(t−mT ))

+ j

∞∑
m=−∞

ζk+1[m]dk(t−mT )

+ w̃k(t), (51)

where ρ(t) is given in (3), dk(t) = d(t)ej2πfkt, d(t) is given
in (17), and w̃k(t) = (−j)kh∗

k(−t) ⋆ w̃(t).
Next, using (17), one finds that

D(f) = H(f)H(f − 1

T
), (52)

where H(f) and D(f) are the Fourier transforms of h(t) and
d(t), respectively. We also define D′(f) = D

(
f + 1

2T

)
, and

take note that converting it to the time domain leads to

d′(t) = d(t)e−j 2πt
2T . (53)

Moreover, using the definition of f̄k from (8), one finds that

dk(t) = d′(t)ej
2π
T (k−N+1)t. (54)

To proceed, we assume that h(t) is chosen to be real-valued
and symmetric around t = 0, i.e., a zero-phase filter. When

this condition holds, it is not difficult to show that d′(t) is also
a zero-phase pulse and, thus, it is real-valued and symmetric
around t = 0. Also, (53) and (54) imply that the samples

dk(nT ) = d′(nT ) = d(nT ) (55)

are a set of real-valued numbers. Using this result in (51),
sampling at t = nT , and recalling that ρ(t) is a Nyquist pulse,

yk[n] = ζk[n] + j

∞∑
m=−∞

(ζk+1[m]− ζk−1[m]) d((n−m)T )

+ w̃k[n], (56)

where w̃k[n] is the sampled complex random variable that
originated from the channel noise.

The estimate of ζk, denoted by ζ̂k, is obtained by taking
the real part of yk[n]. Also, taking note that the summation
on the left-hand side of (56) is real-valued, we obtain

ζ̂k[n] = ζk[n] + wk[n], (57)

where wk[n] = ℜ{w̃k[n]}. Assuming the channel noise is a
zero-mean process, (57) shows that the ζ̂k[n] is an unbiased
estimate of ζk[n].

Next, we are interested in autocorrelation Cww of the noise
vector

w[n] = [w0[n] w1[n] · · · wL−1[n]] . (58)

To find Cww, we begin with the continuous-time vectored
random process

w̃(t) =
[
w̃0(t) w̃1(t) · · · w̃L−1(t)

]T
(59)

and take note that

w̃(t) = w(t) ⋆ h∗(−t), (60)

where

h(t) = b ⊙
[
h0(t) h1(t) · · · hL−1(t)

]T
, (61)

b is given by (23), and ⊙ is an element-wise product.
Making use of the results presented in [37, p. 406-407], the
autocorrelation of w̃(t) can be obtained as

Rw̃w̃(τ) =
(
Rw̃(t) ⋆ h

∗(−t) ⋆ hT(t)
) ∣∣∣

t=τ
(62)

where Rw̃(t) = σ2δ(t) is the autocorrelation function of w̃(t).
Using (62), the k, lth element of Rw̃w̃(τ) can be shown to be

[Rw̃w̃(τ)]k,l =


σ2ρ(τ) for k = l

jσ2d∗(−τ) for l = k + 1

−jσ2d(τ) for l = k − 1

0 otherwise

(63)

Now, assuming that the channel noise w(t) is a proper
(i.e., circularly symmetric) complex Gaussian process, from
the results in [38, p. 35], one will find that the vector w̃(t) is
also a proper complex Gaussian process, hence,

Rww(τ) =
1

2
ℜ{Rw̃w̃(τ)} (64)
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where Rww(τ) is the autocorrelation function of w(t) =
ℜ{w̃(t)}. We also note that

Cww = Rww(0). (65)

Taking note that ρ(0) = 1, d(0) is real-valued, and recalling
(63), we get equation (38).

APPENDIX D
CROSS-CORRELATION TERMS

Consider two spreading chip sequences

ζ(0) =
[
ζ
(0)
0 ζ

(0)
1 . . . ζ

(0)
L−1

]T

ζ(1) =
[
ζ
(1)
0 ζ

(1)
1 . . . ζ

(1)
L−1

]T

where ζ
(l)
k ∈ {−1,+1} and both ζ(0) and ζ(1) contain the

same number of +1 and −1 elements.
The cross-correlation between ζ(0) and ζ(1) may be written

as

C =

L−1∑
k=0

xk (66)

where xk = ζ
(0)
k ζ

(1)
k ∈ {−1,+1}.

Next, we define the sets Xp = {xk|xk = +1} and Xn =
{xk|xk = −1}, and the summations Cp =

∑
Xp and Cn =∑

Xn. We take note that Cp−Cn = L and let Cp+Cn = C.
Using the latter two identities, one finds that

C = L+ 2Cn. (67)

This implies that the integer C has the same parity as L.
Now we show that Cn is even. For this, we start with the

trivial case
ζ(1) = ζ(0), (68)

where Cn = 0. Next, ζ(1) is updated by swapping two of
its elements. If these elements have the same sign, there
will be no change in the value Cn. If they have different
sign, Cn will reduce to −2, since the product terms, xk, at
both positions becomes negative. Repeating this process of
swapping elements, Cn only increases or decreases by 2. This
implies that Cn always remain a negative even number. Hence,
C in (67) will take on discrete values in steps of 4. In the case
where L is a multiple of 4, the cross-correlation C can take
values 0, 4, 8, · · ·. Finally, we argue that this observation is
applicable to the construction of the multi-codes discussed in
Section IV-B. This is because all circular shifts of ζ(0) results
in vectors in which the number of +1 and −1 elements are
preserved.
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