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Generalized Orthogonal Chirp Division

Multiplexing in Doubly Selective Channels
Yun Liu, Hao Zhao, Huazhen Yao, Zeng Hu, Yinming Cui, Dehuan Wan

Abstract—In recent years, orthogonal chirp division modula-
tion (OCDM) has gained attention as a robust communication
waveform due to its strong resistance to both time-domain and
frequency-domain interference. However, similar to orthogonal
frequency division multiplexing (OFDM), OCDM suffers from a
high peak-to-average power ratio (PAPR), resulting in increased
hardware costs and reduced energy efficiency of the transmitter’s
power amplifiers. In this work, we introduce a novel unitary
transform called the Generalized Discrete Fresnel Transform
(GDFnT) and propose a new waveform based on this trans-
form, named Generalized Orthogonal Chirp Division Modulation
(GOCDM). In GOCDM, data symbols from the constellation
diagram are independently placed in the Generalized Fresnel
(GF) domain. We derive the GF-domain channel matrix for the
GOCDM system under time-frequency doubly selective channels
and leverages the sparsity of the GF-domain channel matrix
to design an iterative receiver based on the message-passing
algorithm. Simulation results demonstrate that GOCDM achieves
better PAPR performance than OCDM without compromising bit
error rate (BER) performance.

Index Terms—Generalized Discrete Fresnel Transform
(GDFnT), Generalized Orthogonal chirp division multiplexing
(GOCDM), time-varying, vehicular communications, underwater
acoustic communications, message passing.

I. INTRODUCTION

In wireless communication channels, the signal reaches the

receiver via multipath propagation. The differences in time de-

lays among various channel paths, described by delay spread,

induce frequency-selective fading in the signal. Additionally,

the relative motion between transceivers induces Doppler shifts

in the signal copies along each path. The Doppler shifts may

vary across different paths. These variations are usually char-

acterized by the channel’s Doppler spread. The Doppler effect

causes the signal to undergo time-selective fading. Hence, in

highly mobile wireless channels, the signal undergoes time-

and-frequency-selective fading, commonly known as doubly

selective (DS) fading [1].

Orthogonal Frequency Division Multiplexing (OFDM) is a

widely used waveform in wireless communications. Thanks

to its ability to achieve spectral-efficient communication over
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frequency-selective channels by simply using single-tap per-

subcarrier equalization, OFDM has been adopted in numer-

ous wireless communication systems over the past decades,

such as wireless local area networks (WLAN) [2], the 3rd

Generation Partnership Project Long-Term Evolution (3GPP

LTE) wireless broadband communication systems [3], the fifth

generation of mobile network (5G) [4], and others. However,

the orthogonality of subcarriers in OFDM signals is highly

vulnerable to disruption by channel Doppler shifts, resulting

in inter-carrier interference (ICI) [5]. The presence of ICI

greatly increases the overhead of channel estimation and

symbol detection in OFDM, including the need for more pilots

and higher computational complexity [6]–[8]. Additionally,

OFDM cannot exploit the channel’s frequency diversity with

uncoded transmission, as each data symbol is conveyed on

a single subcarrier. Furthermore, OFDM signals exhibit an

excessively high peak-to-average power ratio (PAPR) [9], [10].

To avoid nonlinear distortion of the transmitted signal, the

power amplifier must operate with a larger dynamic range,

which negatively impacts both the cost and energy efficiency

of the transmitter [11], [12].

For systems where the transmitter is sensitive to power

and energy efficiency, or those seeking to achieve higher

transmission power with a given power amplifier, discrete

Fourier transform (DFT) precoded OFDM (DFT-OFDM), also

known as single carrier (SC) block transmission, is an attrac-

tive waveform due to its very low PAPR [13]. For instance,

it has been adopted by the LTE standard as the uplink

transmission technology for mobile communication systems

[3], [14]. Additionally, since each data symbol in DFT-OFDM

distributes its energy across the entire frequency domain of

the system, it can effectively exploit the channel’s frequency

diversity even with uncoded transmission.

In [15], A novel waveform named Orthogonal Chirps Di-

vision Multiplexing (OCDM) was initially proposed for fiber-

optical communications. In recent years, research on OCDM

has extended to RF communication [16]–[18], underwater

acoustic communication [19], [20], and integrated sensing and

communication systems [21], [22]. Using an inverse discrete

Fresnel transform (IDFnT), OCDM modulates a group of data

symbols onto mutually orthogonal chirps that are superim-

posed in the time domain. Thanks to each chirp experiencing

the entire duration and bandwidth of OCDM symbols, OCDM

demonstrates robust interference resistance (against narrow-

band noise or burst noise), as well as good capability in ex-

ploiting channel time diversity and frequency diversity [16]. In

a quasi-static frequency selective channel, assuming sufficient

guard intervals and the same spectral efficiency, OCDM and
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DFT-OFDM have the same performance and are better than

OFDM in terms of bit error rate (BER). But when the the

guard interval is insufficient, the OCDM out performs DFT-

OFDM [15]. It has been proven that, in terms of the achievable

rate, OCDM and DFT-OFDM are the optimal waveforms

for frequency-selective channels, while OCDM and OFDM

are optimal for time-selective channels, under the following

assumptions: 1) channel state information (CSI) is known only

by the receiver, and 2) the receiver performs sufficient iterative

detection using decision feedback information [23], [24].

Since OFDM and SC allocate the energy of each data sym-

bol to a single subcarrier and a single time slot, respectively,

they are unable to fully exploit the time and frequency domain

diversity of doubly selective channels. In contrast, OCDM

leverages the diversity in both time and frequency domains by

spreading the energy of each Chirp signal across the entire

time and frequency spectrum. However, similar to OFDM,

OCDM signals also exhibit a high PAPR [25].

In this paper, we propose a new waveform called General-

ized OCDM (GOCDM) to reduce the signal’s PAPR. We then

study the demodulation method of the GOCDM signal based

on the DS channel with multiple lags and multiple Dopplers

(MLMD). An MLMD channel comprises multiple paths, each

characterized by its own path gain, time delay, and Doppler

shift. The MLMD model has been widely used to describe sce-

narios involving relative motion between transceivers, such as

vehicular communications and underwater acoustic UUV com-

munications. [26]–[29]. To evaluate the proposed GOCDM

detectors, we adopt two MLMD channels in the simulation.

The first is an under-spread radio channel, where the coherence

time is much larger than the delay spread. The second is an

over-spread underwater acoustic channel, where the coherence

time is comparable to or even shorter than the delay spread.

The main contributions of this paper are:

• We propose a novel unitary transform called the Gen-

eralized Discrete Fresnel Transform (GDFnT), with the

conventional Discrete Fresnel Transform (DFnT) as a

special case of this broader framework. Using the GDFnT,

we introduce an innovative waveform named GOCDM

and present a low-complexity implementation method for

it.

• Given the gains, delays, and Doppler shifts of the chan-

nel paths, we derive the equivalent channel matrix in

the generalized-Fresnel (GF) domain. Furthermore, we

propose a low-complexity method to approximate this

matrix as a sparse matrix. This sparse representation can

be utilized to design a complexity-reduced receiver.

• Using the approximated GF-domain channel matrix, we

describe the input-output relationship of GOCDM with a

factor graph. We then propose an message passing (MP)

based receiver to iteratively detect the data symbols.

• We evaluate the PAPR and BER performance of GOCDM

in comparison to OCDM using Monte Carlo simulations.

For BER assessment, we utilize both Minimum Mean

Square Error (MMSE) equalization-based receivers and

message passing (MP) detectors.

The remainder of this paper is organized as follows: Section

II introduces the GDFnT to support GOCDM. Section III

presents the proposed GOCDM. In Section IV, the math-

ematical model of the GOCDM system under an MLMD

channel is studied. Section V discusses the message-passing-

based detector for GOCDM. Section VI provides simulations

to evaluate the performance of the GOCDM system under DS

channels. Finally, Section VII concludes the paper.

Notation: Bold upright uppercase letters are used to denote

matrices (e.g., A), while bold italic lowercase letters denote

vectors (e.g., a). Functions with continuous and discrete

variables are represented by x(·) and x[·], respectively. Some

of the mathematical notations are listed as follows.

j
√
−1

p̄(·) probability of an event

E(·) expectation of a random variable

(·)H Hermitian transpose of a matrix

(·)T transpose of a matrix

(·)−1 inversion of a matrix

(·)∗ conjugate of a complex variable

diag(·) diagonal matrix converted from a vector

Z the set of integer

R the set of real numbers

In the N ×N identity matrix

[A]m,n the (m,n)-th element of matrix A

[a]m the m-th element of vector a

ℜ(·) the real part of a complex number

ℑ(·) the imaginary part of a complex number

δ[·] the Dirac delta function

⌊·⌋ the largest integer not greater the given number

〈n〉N n modulo N

II. GENERALIZED DISCRETE FRESNEL TRANSFORM

Given a complex column vector a of length MN , where

M and N are positive integers, its GDFnT parameterized by

(M,N) is α = ΘM,Na, with the GDFnT transform matrix

ΘM,N defined as:

ΘM,N = ΦN ⊗ IM , (1)

where ⊗ is the Kronecker product operator, ΦN is the conven-

tional N -dimensional DFnT transform matrix. The (n, n′)th
element of ΦN is

[ΦN ]n,n′ =
1√
N

e−j π
4 ej

π
N (n′−n)

2

, (2)

n, n′ = 0, 1, · · · , N − 1, when N is even. When N is odd,

the value of [ΦN ]n,n′ is given by

[ΦN ]n,n′ =
1√
N

e−j π
4 ej

π
N (n′−n+ 1

2 )
2

. (3)

According to the definition of the Kronecker product, ΘM,N

can be expressed in the form of a block matrix, as shown in

(4) at the top of next page.

Additionally, the GDFnT is an unitary transform, namely,

the inverse generalized discrete Fresnel transform (IGDFnT)

matrix Θ−1
M,N = ΘH

M,N .
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ΘM,N =








[ΦN ]0,0 IM [ΦN ]0,1 IM · · · [ΦN ]0,N−1 IM

[ΦN ]1,0 IM [ΦN ]1,1 IM · · · [ΦN ]1,N−1 IM
...

...
. . .

...

[ΦN ]N−1,0 IM [ΦN ]N−1,1 IM · · · [ΦN ]N−1,N−1 IM








(4)

Proof. Thanks to the properties of the Kronecker product

and the traditional DFnT [15], [30], the inverse matrix of

ΘM,N can be expressed as

Θ−1
M,N = Φ−1

N ⊗ IM

= ΦH
N ⊗ IM

= (ΦN ⊗ IM )
H

= ΘH
M,N . (5)

III. SYSTEM MODEL

A. GOCDM Modulation

GOCDM conveys data symbols block by block. Without

loss of generality, we use a signal block as an example

to introduce the principles of GOCDM. As illustrated in

Fig. 1, initially, a set of independent data bits with a to-

tal length of MN log2M is mapped to MN independent

data symbols using an M-ary quadrature amplitude mod-

ulation (QAM) or phase shift keying (PSK) constellation

X = {α0, α1, . . . , αM−1}, where M , N , and M are positive

integers. Let the resulting data-symbol sequence be denoted

as xn, n = 0, 1, . . . , MN − 1. Through a serial-to-parallel

converter, the symbol sequence is converted into the vector x

with [x]n = x [n]. Then, x is transformed into the vector s

using an IGDFnT with transform matrix ΘH
M,N as

s = ΘH
M,Nx. (6)

Next, through a serial-to-parallel converter, the signal vec-

tor x is transformed into the signal sequence s[n], n =
0, 1, . . . ,MN−1, with s [n] = [s]n. By adding a cyclic prefix

of length G to the sequence x[n], we obtain the sequence s̃[n]
expressed as

s̃ [n] =

{
s [n] , 0 6 n 6 MN − 1
s [n+MN ] , −G 6 n < 0

. (7)

After that, through a digital-to-analog converter, the discrete

signal s̃[n] is transformed into the continuous-time signal s̃(t),
which is the equivalent baseband signal of the transmitted

signal. The relationship between s̃[n] and s̃(t) can be described

as

s̃ [n] =
√

Ts s̃ (t)|t=nTs

=
√

Tss̃ (nTs) ,−G 6 n 6 MN − 1, (8)

where Ts = T/MN represents the the sampling interval of

the signal under ideal sampling conditions, with T being the

duration of a GOCDM block excluding the CP. The coefficient√
Ts in (8) ensures that the discrete-time signal s̃ [n] has the

same block energy as the continuous-time one s̃(t). Namely,

MN−1∑

n=−G

|s̃ [n]|2 =

∫ T

−TG

|s̃ (t)|2 dt (9)

where Tg = GTs is the CP duration of the GOCDM symbol

block. Finally, s̃(t) is sent to the high-frequency module,

which modulates the equivalent baseband signal onto the

carrier, amplifies the power, and transmits it.

To reduce computational complexity required by ΘH
M,Nx,

we utilize the method illustrated in Figure 1 to equivalently

implement the IGDFnT transform. The specific steps are as

follows: 1) Reshape x into an M -row, N -column matrix X ,

with the elements of x read sequentially and written into the

matrix column-wise; 2) Perform an N-point IDFnT transform

on each row of the signal matrix X to obtain the signal

matrix S; 3) Extract elements from matrix S column-wise

and convert them into column vectors s.

It is worth noting that, the N -point IDFnT can be equiv-

alently implemented with low complexity using inverse fast

Fourier transform (IFFT), when N is a power of two. Specif-

ically, the transform matrix of the N -point IDFnT can be

represented as

ΦH
N = ΘH

1 FH
NΘH

2 , (10)

where FH
N is the transform matrix of N -point inverse

discrete Fourier transform (IDFT), with
[
FH

N

]

m,n
=

1√
N
ej2πmn/N ,m, n = 0, . . . , N − 1; Θ1 and Θ2 are diagonal

matrices generated by vectors θ1 and θ2, respectively. Namely,

Θ1 = diag (θ1) and Θ2 = diag (θ2), where the mth elements

of vectors θ1 and θ2 are

[θ1]m = e−j π
4 ej

π
N

m2

, (11)

and

[θ2]m = ej
π
N

m2

, (12)

respectively. Since the IDFT can be implemented using the

IFFT, the computational complexity of an N -point IDFT is

O (N log2 N). Similarly, since the DFnT transform matrix can

be expressed as ΦN = Θ2FNΘ1, this transform can also be

efficiently implemented using the FFT.

B. Channel Model

In many wireless communication applications, the relative

motion between the transmitter and the receiver causes the

channel to fluctuate significantly even within the duration of

a single signal block. In such cases, the channel should be

modeled as a linear time-variant (LTV) system. To better

illustrate the mathematical model of this type of LTV channel,

we consider the scenario depicted in Fig. 2, where the receiver

moves towards the stationary transmitter at a speed v. The

propagation environment includes several reflectors. Using the

ray-tracing technique, the received signal can be modeled as a

superposition of transmitted signal copies from various paths,

each characterized by a specific attenuation coefficient, delay,
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Fig. 1. The block diagram of GOCDM transmitter.

Fig. 2. The LTV channel with multiple lags and multiple Doppler
shifts.

and Doppler shift [31]. The Doppler shift experienced by the

signal along the ith path is

vi = fcv cos θi/C, (13)

where C represents the propagation speed of the wireless

medium (radio waves or acoustic waves); fc is the carrier

frequency of the system; θi is the angle between the ray of the

ith path and the direction of relative motion between the trans-

mitter and receiver. Let’s denote the attenuation coefficient and

delay of the ith path in the equivalent baseband channel as hi

and τi, respectively. Then, the equivalent complex baseband

signal at the receiver can be represented as [31]:

r (t) =

P∑

i=1

his̃ (t− τi)e
j2πvi(t−τi) + ω (t) , t ∈ [0, T ] , (14)

where P is the number of propagation paths, ω (t) is modeled

as complex additive white Gaussian noise (AWGN), indepen-

dent of the transmit signal and the channel, with a mean of

zero and a power spectral density of N0.

Considering that the resolution of the sampling interval

Ts is usually high enough to approximate the path delay

as an integer multiple of the sampling interval in a typical

communication system [1], we can express the delay of the

ith path as

τi = liTs, (15)

where li is an integer, and can be seen as the path delay in

the discrete-time domain.

Let us define the frequency-domain sampling interval of

the signal as ∆f = 1/T . We can then express the Doppler

frequency shift of the ith path as the sum of two components:

one that is an integer multiple of ∆f and another that is a

fractional multiple of ∆f , namely,

vi = (ki + κi)∆f (16)

where ki ∈ Z and κi ∈ (−0.5, 0.5].
Now, by substituting (15) and (16) into equation (14), the

received complex baseband signal can be rewritten as

r (t) =
P∑

i=1

his̃ (t− liTs) e
j2π(ki+κi)∆f(t−liTs)+ω (t) . (17)

Next, let’s sample the equivalent baseband signal r(t) at

the ideal sampling interval Ts. With the CP removed, the

corresponding discrete-time signal can be expressed as

r [n] =
√

Ts r (t)|t=nTs

=
√

Ts

P∑

i=1

his̃ (nTs − liTs) e
j2π(ki+κi)∆f(n−li)Ts

+
√

Tsω (nTs)

=

P∑

i=1

h̃ie
j 2π
MN

(ki+κi)ns̃ [n− li] + ω [n]

=

P∑

i=1

h̃ie
j 2π
MN

(ki+κi)ns [〈n− li〉MN ] + ω [n] ,

n = 0, 1, . . . ,MN − 1, (18)

where h̃i is the equivalent path gain of the ith path,

h̃i = hie
−j 2π

MN
(ki+κi)li , (19)
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ω [n] represents a discrete-time AWGN sequence, where each

sample is independently and identically distributed (IID) with

a mean of zero and a variance of N0. Represent the re-

ceived discrete-time baseband complex signal and the included

AWGN noise as vectors

r = [r [0] , r [1] , . . . , r [MN − 1]]
T
, (20)

and

ω = [ω [0] , ω [1] , . . . , ω [MN − 1]]
T
, (21)

respectively. Then, the time-domain input-output relationship

of the channel described in (18) can be rewritten as

r = Hs+ ω, (22)

where

H =

P∑

i=1

h̃iΛ
ki+κiΠli (23)

is the channel matrix in the time domain, with Λ being a

constant MN ×MN diagonal matrix defined by

Λ = diag
([

ej
2π

MN
·0, ej

2π
MN

·1, . . . , ej
2π

MN
·(MN−1)

])

, (24)

and Π being an MN×MN permutation matrix expressed by

Π =









0 · · · 0 1

1
. . . 0 0

...
. . .

. . .
...

0 · · · 1 0









. (25)

The function of matrix Π is that, when Π multiplies a column

vector s of length MN , the resulting vector is a version

of s cyclically shifted forward by 1 element, i.e., Πs =
[
[s]MN−1 , [s]0 , · · · , [s]MN−2

]T
. On the other hand, when a

signal vector is left-multiplied by the diagonal matrix Λki+κi ,

it undergoes a Doppler shift, with a normalized value ki+κi.

Therefore, using Equations (22) and (23), we can consider the

received signal vector r as the superposition of P versions of

the transmitted signal vector s, each version corresponding to

an independent path. For the ith path, the transmitted signal

vector s is first cyclically shifted forward by li elements, then

experience a Doppler shift with a normalized value ki + κi,

and finally multiplied by an attenuation coefficient h̃i.

IV. INPUT-OUTPUT RELATION

In this section, we first transform the received time-domain

signal vector into the GF-domain, obtaining the vector y.

Then, we derive the input-output relationship of the system

in the GF domain, specifically the relationship between the

transmitted signal vector x and the received signal vector

y, and obtain the GF-domain channel matrix. We observe

that the GF-domain channel exhibits significant sparsity. By

leveraging this sparsity, we propose a low-complexity method

for calculating the GF-domain channel matrix.

A. General Expression of the GF-domain Channel Matrix

Based on (22), we perform a GDFnT on the received time-

domain signal vector r, obtaining the GF-domain received

signal y as

y = ΘM,Nr

= Heffx+ ω̃, (26)

with

Heff = ΘM,NHΘH
M,N , (27)

and

ω̃ = ΘM,Nω, (28)

where Heff and ω̃ is the equivalent channel matrix and the

noise vector in the GF-domain, respectively. Since matrix

ΘM,N is unitary and the elements of noise vector ω are

modeled as IID AWGN, the elements of ω̃ are also IID AWGN

with zero mean and variance N0.

Substituting (23) into (27), we have

Heff = ΘM,NHΘH
M,N (29)

=

P∑

i=1

h̃iΘM,NΛki+κiΠliΘH
M,N (30)

=

P∑

i=1

h̃iP
(i)Q(i) (31)

with

P(i) = ΘM,NΛki+κiΘH
M,N (32)

and

Q(i) = ΘM,NΠliΘH
M,N . (33)

B. Complexity-reduced Computation of the GF-domain Chan-

nel Matrix

Note that directly computing the channel matrix using

equation (31) results in extremely high computational com-

plexity. This high complexity arises from the multiple mul-

tiplications of MN × MN dimensional matrices required

in the calculation process.To obtain a computation-efficient

and intuitive expression for the GF-domain channel matrix

Heff , we simplify the expressions of matrices P(i) and Q(i),

respectively.

To simplify (33), we need the following lemma.

Lemma 1: Matrices ΦH
M,N and Π satisfy the commutative

property of multiplication, i.e., ΠΘH
M,N = ΘH

M,NΠ.
Proof : See Appendix A.

By applying Lemma 1 and using mathematical induction, it

can be readily proven that equation (33) simplifies to

Q(i) = Πli . (34)

Next, we derive the expression for matrix P(i) in two

steps. First, we derive the expression for the case when

the normalized Doppler shift is an integer. Subsequently, we

extend this result to scenarios where the normalized Doppler

shift includes a fractional component.

1) Case of integer Doppler shifts
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Using (24), we can express the diagonal matrix Λki in the

form of a block matrix as

Λki =








Λki

0

Λki

1

. . .

Λki

N−1








(35)

with

Λki
n = diag

([

ej
2π

MN
ki(nM+0), ej

2π
MN

ki(nM+1), · · · ,

ej
2π

MN
ki(nM+M−1)

])

= ej
2π
N

kinΛ̊ki , (36)

Λ̊ , diag
([

ej
2π

MN
0, ej

2π
MN

1, · · · , ej 2π
MN

(M−1)
])

, (37)

and n = 0, 1, . . . , N − 1.

According to (2), (4), (32), (35) and (36), the matrix P(i)

can also be expressed as a block matrix in the form

P(i) =









P
(i)
0,0 P

(i)
0,1 · · · P

(i)
0,N−1

P
(i)
1,0 P

(i)
1,1 · · · P

(i)
1,N−1

...
...

. . .
...

P
(i)
N−1,0 P

(i)
N−1,1 · · · P

(i)
N−1,N−1









(38)

with

P
(i)
n,n′ =

N−1∑

n̄=0

[ΦN ]n,n̄
[
ΦH

N

]

n̄,n′ e
j 2π

N
n̄Λ̊ki

=
1

N
ej

π
N [n2−n′2]

(
N−1∑

n̄=0

ej
2π
N (n′−n+ki)n̄

)

Λ̊ki

= ej
π
N [n2−n′2]δ [〈n− n′ − ki〉N ] Λ̊ki (39)

and n, n′ = 0, 1, . . . , N − 1.

Next, we derive the expression for the (p, p′)th element of

matrix
[

P(i)
]

p,p′
= ej

π
N [n2−n′2]δ [〈n− n′ − ki〉N ]

[

Λ̊ki

]

m,m′

= ej
π
N [n2−n′2]ej

2π
MN

kimδ [〈n− n′ − ki〉N ]

· δ [m−m′]

= e
j π
N

[

⌊ p

M
⌋2−⌊ p′

M
⌋2

]

ej
2π

MN
(ki+b)〈p〉

M

· δ [〈p− p′ − kiM〉MN ] . (40)

2) Case of Fractional Doppler shifts

Given a non-zero fractional Doppler shift κi, we can write

the diagonal matrix Λκi as

Λκi = diag (vi) , (41)

with

vi =
[

ej
2π

MN
κi·0, ej

2π
MN

κi·1, . . . , ej
2π

MN
κi·(MN−1)

]T

. (42)

Let us define a set of complex vectors

V =

{

ϑb|b = −
MN

2
, . . . , 0, . . . ,

MN

2
− 1

}

, (43)

where

ϑb =
[

ej
2π

MN
b·0, ej

2π
MN

b·1, . . . , ej
2π

MN
b·(MN−1)

]T

. (44)

It should be noted that the set V constitutes an orthonormal

basis in the MN -dimensional vector space over the field of

complex numbers. Then we can express the vector vi as a

linear combination of the vectors in the orthonormal basis V ,

i.e.,

vi =

MN/2−1
∑

b=−MN/2

λi,bϑb (45)

where

λi,b =
ϑH
b vi

ϑH
b ϑb

=
1

MN

MN−1∑

n=0

ej
2π

MN
κine−j 2π

MN
bn

=
1

MN

ej2πκi − 1

ej
2π

MN
(κi−b) − 1

. (46)

In equation (46), as the absolute value of b increases from

zero, the magnitude of the denominator

∣
∣
∣ej

2π
MN

(κi−b) − 1
∣
∣
∣

in the fraction also increases from a value close to zero.

Consequently, the magnitude of λi,b decreases rapidly with

the increasing absolute value of b. Therefore, Λκi can be

approximated as

Λκi ≈
Bi∑

b=−Bi

λi,bdiag (vb)

≈
Bi∑

b=−Bi

λi,bΛ
b. (47)

whee Bi is a constant integer that controls the approximation

accuracy.

Based on Equation (47), it can be observed that a fractional

Doppler shift can be approximately equivalent to multiple

integer Doppler shifts. Therefore, using the result given in

(40), we can approximate P(i) with path Doppler shift ki+κi

as

[

P̃(i)
]

p,p′
=

Bi∑

b=−Bi

λi,be
j π
N [n2−n′2]ej

2π
MN

(ki+b)m

· δ [〈n− n′ − ki − b〉N ] δ [m−m′]

=

Bi∑

b=−Bi

λi,be
j π
N

[

⌊ p
M

⌋2−⌊ p′

M
⌋2

]

ej
2π

MN
(ki+b)〈p〉

M

· δ [〈p− p′ − (ki + b)M〉MN ] . (48)

According to (31), (34), and (48), the generalized-Fresnel

domain channel matrix Heff can be approximated as H̃eff ,

whose (p, p′)th element is

[

H̃eff

]

p,p′
=

P∑

i=1

h̃i

[

P̃(i)Q(i)
]

p,p′

=

P∑

i=1

h̃i

[

P̃(i)
]

p,〈p′+li〉MN
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=

P∑

i=1

Bi∑

b=−Bi

(

h̃iλi,be
j π
N

[

⌊ p
M

⌋2−⌊ p′+li
M

⌋2
]

ej
2π

MN
(ki+b)〈p〉M δ [〈p− p′ − li − (ki + b)M〉MN ]

)

.

(49)

Note that, in (49), Bi and λi,0 should be set to zero and 1,

respectively, when κi = 0.

Based on (49), we can consider the GF-domain channel as a

channel comprising
∑P

i=1 (2Bi + 1) virtual paths, where the

(i, b)th virtual path induces a cyclic shift of li − (ki + b)M
positions on each transmitted symbol (element of x). Let us

denote the set of all virtual path indices as set

A = {(i, b) |i = 0, · · · , P − 1, b = −Bi, · · · , 0, · · · , Bi} .
(50)

It is evident that different virtual paths may have the same

number of cyclic shifts. We group all virtual paths with the

same number of cyclic shifts together, denoting their indices

as set

Aℓ = {(i, b) |li − (ki + b)M = dℓ, (i, b) ∈ A}
ℓ = 0, 1, · · · , L− 1, (51)

where L is the number of groups, dℓ represents the number of

positions for the cyclic shift of the virtual paths corresponding

to Aℓ. All indices sets expressed in (51) are mutually disjoint,

and their union forms the set A, i.e., dℓ1 6= dℓ2 , ℓ1 6= ℓ2 and

A =
⋃L−1

ℓ=0 Aℓ.

According to (49) and (51), the (p, p′)th element of H̃eff

can be rewritten as

[

H̃eff

]

p,p′
=

L∑

ℓ=1

h̆ℓ
p,p′δ [〈p− p′ − dℓ〉MN ]

=

{
h̆ℓ
p,p′ , p = 〈p′ + dℓ〉M , ℓ = 0, · · · , L− 1

0, others
(52)

where

h̆ℓ
p,p′ =

∑

(i,b)∈Aℓ

h̃iλi,be
j π
N

[

⌊ p

M
⌋2−⌊ p′+li

M
⌋2

]

ej
2π

MN
(ki+b)〈p〉

M .

(53)

From (52), it can be seen that H̃eff is a sparse matrix, with

each row (or column) containing L nonzero elements. There-

fore, in practical applications, the GF-domain channel matrix

can be obtained by directly calculating the nonzero elements of

H̃eff , significantly reducing computational overhead compared

to calculating it with (31).

V. MESSAGE PASSING BASED DETECTOR

In this section, we assume that the path parameters of the

equivalent baseband channel, including time delays, Doppler

shifts, and attenuation coefficients, are perfectly known at

the receiver. We propose an iterative detector using the MP

algorithm, which leverages the sparsity of the GF-domain

channel matrix H̃eff .

Considering the noise introduced by the approximate com-

putation of the GF-domain channel matrix, based on (26), we

rewrite the GF-domain input-output relationship as

y = H̃effx+ ω̆, (54)

where ω̆ represents the noise vector encompassing both

channel additive noise and channel approximation noise. For

simplicity, we assume that the elements of ω̆ are i.i.d. AWGN

with a mean of zero and a variance of σ2
0 .

From (52), it is evident that the received symbol [y]p, p =
0, 1, · · · ,MN − 1, contains contributions from L transmitted

symbols whose indices can be expressed by vector

bp = 〈[p− d0, p− d1, · · · , p− dL−1]〉MN . (55)

On the other hand, the transmitted symbol [x]p′, p′ =
0, 1, · · · ,MN − 1, affects L received symbols whose indices

are expressed by vector

qp′ = 〈[p′ + d0, p
′ + d1, · · · , p′ + dL−1]〉MN . (56)

Next, we consider the received symbol [y]p as an obser-

vation of the transmitted symbol [x][bp]ℓ
and express their

relationship as

[y]p =
[

H̃eff

]

p,[bp]ℓ

· [x][bp]ℓ

+
L−1∑

i = 0
i 6= ℓ

[

H̃eff

]

p,[bp]i

· [x][bp]i
+ [ω̆]p

︸ ︷︷ ︸

[W]
p,[bp]ℓ

, (57)

where [W]p,[bp]ℓ
represents the observation noise, which in-

cludes Gaussian white noise [ω̆]p and interference caused

by the other L − 1 transmitted symbols. For computational

simplicity, we assume that the elements of x are independent

with each other, and [W]p,[bp]ℓ
follows a complex Gaussian

distribution.

From (57), it is evident that if the discrete probability distri-

bution of the random vector x is known, the mean and variance

of the observation noise [W]p,[bp]ℓ
, p = 0, · · · ,MN − 1,

ℓ = 0, · · · , L−1, can be obtained. Conversely, if the mean and

variance of [W]p,[bp]ℓ
is known, the probability distribution of

[x][bp]ℓ
can be calculated from the observed value [y]p. There-

fore, the estimation problem for x and [W]p,[bp]ℓ
represents

a classic “chicken-and-egg” problem, which can be resolved

using an iterative estimation method based on message passing

[32].

First, we depict the factor graph in Fig. (3). In the factor

graph, the variable nodes, representing the transmitted symbols

are illustrated as ellipses, while the factor nodes, representing

the observed signal, are illustrated as rectangles. The con-

nections between variable nodes and factor nodes are sparse.

As shown in subfigure (a), the variable node [x]p′ sends the

probability distribution of [x]p′ , i.e., p̄p′,[qp′ ]ℓ
, to the factor

node [y][qp′ ]ℓ
. p̄p′,[qp′ ]ℓ

is a probability mass function (pmf)

defined as

p̄p′,[qp′ ]ℓ
=
[

p̄p′,[qp′ ]ℓ
(α0) , p̄p′,[qp′ ]ℓ

(α1) ,
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· · · , p̄p′,[qp′ ]ℓ
(αM−1)

]

, (58)

where p̄p′,[qp′ ]ℓ
(αm) is a posterior probability of event [x]p′ =

αm, m = 0, 1, · · · ,M − 1. As illustrated in subfigure (b),

each factor node receives the posterior pmf of the L connected

variable nodes from L links. From subfigure (c), we know that

a single observation node transmits the mean and variance of

the observation noise for each of the L connected variable

nodes. Subfigure (d) indicates that each variable node receives

the mean and variance of the observation noise from each of

the L observation nodes.

Fig. 3. Messages in the factor graph: (a) messages sent from a variable
node to L observation nodes, (b) messages got by an observation node
from L variable nodes, (c) messages sent from an observation node
to L variable nodes, (d) messages got by a variable node from L

observation nodes.

Based on Figure 3, we describe the MP algorithm for

variable node estimation in Algorithm 1. We initialize

p̄p′,[qp′ ]ℓ
(αm) as 1/M for p′ = 0, . . . ,MN − 1, ℓ =

0, . . . , L − 1, and m = 0, . . . ,M− 1. In each iteration, we

first calculate the mean and variance of the observation noise

at the observation node side, as given by

µp,[bp]ℓ
=

L−1∑

i = 0
i 6= ℓ

M−1∑

m=0

p̄[bp]i,p
(αm)

[

H̃eff

]

p,[bp]i

αm, (59)

and

σ2
p,[bp]ℓ

=

L−1∑

i = 0
i 6= ℓ





M−1∑

m=0

p[bp]i,p
(αm)

∣
∣
∣
∣
∣

[

H̃eff

]

p,[bp]i

∣
∣
∣
∣
∣

2

|αm|2

−
∣
∣
∣
∣
∣

M−1∑

m=0

p[bp]i,p
(αm)αm

[

H̃eff

]

p,[bp]i

∣
∣
∣
∣
∣

2


+ σ2
o , (60)

respectively, for p = 0, . . . ,MN − 1, ℓ = 0, . . . , L − 1.

Then, at the variable node side, the posterior probability of

the transmitted symbol [x]p′ for observation node [y][qp′ ]ℓ
,

Algorithm 1 MP Algorithm for GOCDM Symbol Detection

Input: y (the received GF-domain vector),

H̃eff (the GF-domain channel matrix),

bp and qp′ , p, p′ = 0, 1, . . . ,MN − 1 (indices vectors),

σ2
o (variance of elements of i.i.d. AWGN ω̆).

Imax (the maximum allowed number of iterations).

Output: x̂ (estimation of the transmit symbols)

1: Initiation:

p̄p′,[qp′ ]ℓ
(αm)← 1/M, with p′ = 0, . . . ,MN − 1,

ℓ = 0, . . . , L− 1, and m = 0, . . . ,M− 1.

i← 1 (iteration count),

η ← 0 (convergence indicator),

ηmax ← η (maximum η in previous iterations).

2: while (i 6 Imax) and (η < 1) do

3: Calculate µp,[bp]ℓ
and σ2

p,[bp]ℓ
by (59) and (60), respec-

tively, for p = 0, . . . ,MN − 1, ℓ = 0, . . . , L− 1.

4: Calculate p̄p′,[qp′ ]ℓ
(αm)← ∆p̃p′,[qp′ ]ℓ

(αm)

+ (1−∆) p̄p′,[qp′ ]ℓ
(αm), with p̃p′,[qp′ ]ℓ

(αm) calcu-

lated by (61), (62), and (63), for p′ = 0, . . . ,MN − 1,

ℓ = 0, . . . , L− 1, m = 0, . . . ,M− 1.

5: Calculate convergence indicator η by (64), (65), and

(66).

6: if η > ηmax then

7: ηmax ← η
8: Update x̂ by (67).

9: else if η < ηmax − ǫ then

10: break

11: end if

12: i← i+ 1
13: end while

14: return x̂

i.e., p̄p′,[qp′ ]ℓ
(αm), is updated as (1−∆) p̄p′,[qp′ ]ℓ

(αm) +

∆p̃p′,[qp′ ]ℓ
(αm), where ∆ is a constant in the range (0,1).

The parameter ∆, referred to as the damping factor, is used

to control the convergence rate of the algorithm. The term

p̃p′,[qp′ ]ℓ
(αm) represents the posterior probability of the trans-

mitted symbol [x]p′ for observation node [y][qp′ ]ℓ
calculated

based on the most recently received messages from the other

L− 1 observation nodes, as given by

p̃p′,[qp′ ]ℓ
(αm) =

p̆p′,[qp′ ]ℓ
(αm)

∑M−1
k=0 p̆p′,[qp′ ]ℓ

(αk)
(61)

where

p̆p′,[qp′ ]ℓ
(αm) =

L−1∏

i=0,i6=ℓ

p̄

(

[y]
[qp′ ]i

| [x]p′ = αm

)

, (62)

with

p̄

(

[y]
[qp′ ]i

| [x]p′ = αm

)

=
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exp








−
∣
∣
∣
∣
[y][qp′ ]i

−
[

H̃eff

]

[qp′ ]i,p
′
[x]p′ − µ[qp′ ]i,p

′

∣
∣
∣
∣

2

σ2

[qp′ ]i,p
′








.

(63)

Next, the convergence factor η is calculated by

η =
1

N

N−1∑

n=0

I

(

max
αm∈X

p̄p′ (αm) > γ

)

, (64)

where γ is a probabilistic threshold constant, which is less

than but close to 1; I (·) is the indicator function, which

evaluates to 1 if the condition inside the parentheses is true

and 0 otherwise; p̄p′ (αm) is the posterior probability of event

[x]p′ = αm after obtaining the messages from all the L related

observation nodes. It is calculated by

p̄p′ (αm) =
p̂p′ (αm)

∑M−1
k=0 p̂p′ (αk)

(65)

with

p̂p′ (αm) =

L−1∏

ℓ=0

p̄

(

[y]
[qp′ ]ℓ

| [x]p′ = αm

)

. (66)

After updating the convergence factor η, we compare it with

the historical maximum convergence factor ηmax. If η is less

than ηmax and their difference exceeds a constant ǫ, the

iteration is terminated; otherwise, the iteration continues. If

η exceeds ηmax, the value of ηmax is updated to η, and the

estimation of x is recalculated as

[x̂]p′ = argmax
αm∈X

p̄p′ (αm) . (67)

VI. SIMULATION RESULTS AND DISCUSSION

In this section, we employ Monte Carlo simulations to eval-

uate the performance of the proposed GOCDM system. First,

we compare the PAPR of GOCDM signals with that of OCDM

signals. Subsequently, we evaluate the BER performance of

GOCDM under two distinct doubly selective channels: a mo-

bile underwater acoustic channel and a terrestrial mobile RF

channel. The performance is benchmarked against traditional

OCDM and OFDM signals.

Fig. 4 depicts the comparison of the PAPR among the

proposed GOCDM, conventional OCDM, and OFDM signals.

The PAPR is calculated directly from the baseband sequence of

the block, denoted as sn. For a given symbol block, the PAPR

is defined as PAPR = Pmax

Pavg
, where Pmax is the maximum

value of |sn|2 and Pavg is the average value of |sn|2 in the

block. Both the GOCDM and OCDM baseband sequences

have a length of 128, excluding the cyclic prefix, and employ a

4-QAM constellation. Due to the randomness of the transmit-

ted data bits, the PAPR of each signal block is also random.

Let PAPR0 be the PAPR threshold for the transmitted signal

blocks, and Pr (PAPR > PAPR0) be the probability that the

PAPR exceeds PAPR0. For each waveform, we randomly

generated 107 symbol blocks to calculate the probability of

event PAPR > PAPR0. As demonstrated in the figure, in a

statistical sense, the PAPR of GOCDM is significantly better

4 5 6 7 8 9 10 11 12

PAPR
0
 (dB)

10
-5

10
-4

10
-3

10
-2

10
-1

10
0

P
r(

P
A

P
R

 >
 P

A
P

R
0
)

 N=128, OFDM

N=128, OCDM

N=32, M=4, GOCDM

N=16, M=8, GOCDM

N=8, M=16, GOCDM

Fig. 4. Comparison of the PAPR among GOCDM, OCDM and OFDM
signals, where the number of orthogonal chirps in the OCDM symbols is N
= 128, while GOCDM is configured with MN = 128. 4-QAM constellations
are used in both systems.

than that of OCDM and OFDM. Additionally, for GOCDM

signals, given a fixed symbol length (i.e., the product of M
and N is constant), waveforms with smaller N exhibit a better

PAPR.

Next, we evaluate the bit error performance of GOCDM

in time-frequency doubly selective channels. We first consider

the application scenarios of GOCDM in underwater acoustic

communications, where either the transmitter or the receiver,

or both, are mounted on mobile underwater platforms. The

configuration details for the transmitted signals are presented

in Table I. The relative velocity V between the transmitter

and receiver is 40 kilometers per hour. The speed of sound

C is 1500 meters per second. The channel consists of 9

physical paths, each with attenuation factors that follow a zero-

mean complex Gaussian distribution. The attenuation factors

of these paths are mutually independent. Table II presents

the time delays and the mean squared values of the power

attenuation factors for each path. The Doppler shift for path

i is vi = vmax cos (θi) where vmax represents the maximum

Doppler shift, calculated from the relative velocity V , carrier

frequency fc, and sound speed C as vmax = V fc
C . Here,

θi denotes the angle between the signal arrival direction for

path i and the relative motion direction of the transmitter

and receiver, and θi is uniformly distributed in the interval

[−0.5π, 0.5π]. The angles θi are mutually independent across

different paths. Based on the aforementioned parameters, the

channel’s time spread St and Doppler Spread Sf are calculated

to be 14.7 milliseconds and 355.6 Hertz, respectively. The

product StSf of the channel is 5.2, which is significantly

greater than 1, indicating that the channel is an overspread

channel and exhibits rapid time-variation characteristics. In

the MP receivers for both GOCDM and OCDM, we set the

damping factor ∆ of the MP algorithm to 0.6. Each fractional

Doppler shift path is equivalently simulated using 10 paths

with integer Doppler shifts, i.e., Bi = 10.
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TABLE I
CONFIGURATION PARAMETERS FOR UWA SIGNALS

Parameter value

Carrier frequency fc 24 kHz

Bandwidth 3.2 kHz

No. of samples per block without CP 128

Constellation 4-QAM

Symbol block duration T 55 ms

Guard interval 15 ms

TABLE II
DELAY-POWER PROFILE OF THE UWA CHANNEL PATHS

Path delay (mS) Relative power (dB)

0 0

0.6 -0.6

1.3 -1

2.2 -1.3

6.9 -2.8

7.5 -4.2

8.1 -3.5

13.1 -6.2

13.8 -7.3

14.7 -8.1

Fig. 5 illustrates the comparison of bit error rate (BER)

performance among GOCDM, OCDM, and OFDM under

the above system settings. The horizontal axis represents the

energy per bit to noise power spectral density ratio (Eb/N0),

measured in decibels (dB). It should be noted that in all sim-

ulations presented in this paper, the calculation of the signal’s

energy per bit takes into account the overhead introduced

by the cyclic prefix. As observed from the figure, whether

using a receiver based on MMSE equalization or an iterative

receiver based on the MP algorithm, the BER performance of

GOCDM is slightly superior to that of OCDM. Additionally,

it is evident that both GOCDM and OCDM significantly

outperform OFDM when employing the MMSE receiver. This

is because the energy of any data symbol in GOCDM (or

OCDM) is spread across all frequency subchannels of the

channel, allowing the data symbol to experience the diversity

of the subchannel frequency responses. In contrast, in OFDM,

the energy of any given data symbol is allocated to a single

subcarrier. Although the Doppler effect in the channel causes

this symbol’s energy to spread to adjacent subcarriers, the

data symbol still does not fully experience the diversity of

the channel’s frequency response.

Next, we evaluate the bit error performance of GOCDM

in terrestrial RF doubly selective channels. We consider a

vehicular mobile communication scenario where the relative

velocity V between the transmitter and receiver is 500 kilo-

meters per hour. The carrier frequency, bandwidth, symbol

duration, and other parameters of the transmitted signals

(including GOCDM, OCDM, and OFDM signals) are detailed

in Table III. The delay-power profile of the channel paths is

configured using the extended vehicular A model [33], with

specific parameters provided in Table IV. Based on the relative

0 5 10 15 20 25

Eb/N0 in dB

10
-5

10
-4

10
-3

10
-2

10
-1

B
E

R

GOCDM-MP

OCDM-MP

GOCDM-MMSE

OCDM-MMSE

OFDM-MMSE

Fig. 5. BER performance comparison for GOCDM, OCDM and OFDM
in UWA mobile channels, where the number of orthogonal subchannels in
OCDM (or OFDM) is set to be N = 128, while GOCDM is configured with
MN = 128. 4-QAM constellations are used in all systems.

velocity V between the transmitter and receiver and the carrier

frequency fc, the maximum Doppler shift vmax of the signal

is calculated to be 2315 Hz. Its normalized value is 0.0386

(with a normalization factor of 1/T ). The Doppler shifts of

the channel paths are independent random variables, where

the Doppler shift of path i is given by vi = vmax cos(θi)), and

θi is a uniformly distributed random variable in the interval

[−π/2, π/2]. Since the normalized Doppler shifts of the paths

are significantly less than 0.5, we approximate each fractional

Doppler-shift path by 5 paths with integer Doppler shifts, i.e.,

Bi = 5. Similar to the example in UWA communication,

the damping factor and the maximum allowed iterations for

the MP algorithm are set to 0.6 and 20, respectively. It is

noteworthy that, due to the near-light speed of electromagnetic

wave propagation, the product of the delay spread and Doppler

spread StSf in a vehicular mobile communication channel is

much less than 1, indicating that it is an underspread LTV

channel.

Fig. 6 compares the BER performance of GOCDM, OCDM,

and OFDM under the above underspread radio channel. All

three systems have a symbol block length of 256 (ideal

sampling points, excluding the cyclic prefix length). For the

GOCDM system, the parameters M and N are set to 8 and

32, respectively. As depicted in the figure, the performance

of GOCDM is almost the same to that of OCDM, regardless

of whether MMSE equalizers or the MP algorithms are used

for detection. Furthermore, both GOCDM and OCDM systems

significantly outperform the OFDM system.

VII. CONCLUSION

This paper extends the conventional DFnT by introducing a

unitary transform known as the GDFnT. Using this transform,

data symbol vectors in the GF domain are converted into time-

domain signal vectors, resulting in novel signal waveforms
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TABLE III
CONFIGURATION PARAMETERS OF THE TERRESTRIAL RF SIGNALS

Parameter Value

Carrier frequency fc 5 GHz

Bandwidth 15.360 MHz

No. of samples per block without CP 256

Constellation 4-QAM

Symbol block duration T 19.27 µs

Guard interval 2.6 µs

TABLE IV
DELAY-POWER PROFILE OF THE EXTENDED VEHICULAR A MODEL

Path delay (nS) Relative power (dB)

0 0

30 -1.5

150 -1.4

310 -3.6

370 -0.6

710 -9.1

1090 -7.0

1730 -12.0

2510 -16.9

0 5 10 15 20

Eb/N0 in dB
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10-5
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100
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GOCDM-MMSE

OFDM-MMSE

OCDM-MP

GOCDM-MP

Fig. 6. BER performance comparison for GOCDM, OCDM, and OFDM
under EVA channel model with relative motion velocity of 500 kmph. The
number of subcarriers in OFDM and the number of chirps in OCDM are both
256. For GOCDM, the parameters M and N are set to 8 and 32, respectively.

termed GOCDM. We derived the GF-domain channel matrix

based on a time-frequency doubly selective channel charac-

terized by multiple Doppler shifts of channel paths. By lever-

aging the sparsity of the GF-domain channel matrix, iterative

detection for data symbols of GOCDM is performed using

the message passing algorithm. Simulation results demonstrate

that GOCDM offers significant advantages in terms of PAPR

while achieving slightly better BER performance than OCDM

under overspread DS channels, or nearly identical performance

under underspread DS channels.

APPENDIX A

PROOF OF LEMMA 1

With (32), for any given p, q = 0, 1, . . . ,MN−1, it is easy

to verify that

[ΠΘH
M,N ]p,q =

[
ΘH

M,N

]

〈p−1〉MN ,q
, (68)

and

[ΘH
M,NΠ]p,q =

[
ΘH

M,N

]

p,〈q+1〉
MN

. (69)

Therefore, we have
[

ΠΘH
M,N −ΘH

M,NΠ
]

p,q

=
[
ΘH

M,N

]

〈p−1〉MN ,q
−
[
ΘH

M,N

]

p,〈q+1〉MN

= [ΘM,N ]
∗
q,〈p−1〉

MN

− [ΘM,N ]
∗
〈q+1〉

MN
,p , (70)

where the second equality in (70) arises from the fact that

ΘH
M,N is a unitary matrix.

Let’s denote p and q as p = ⌊ p
M ⌋M + 〈p〉M and q =

⌊ q
M ⌋M + 〈q〉M , respectively. From (4), we have

[ΘM,N ]p,q = [ΦN ]⌊ p

M
⌋,⌊ q

M
⌋ δ [〈p〉M − 〈q〉M ]

= [ΦN ]⌊ p

M
⌋,⌊ q

M
⌋ δ [〈p− q〉M ] . (71)

Using (71), we can rewrite (70) as
[

ΠΘH
M,N −ΘH

M,NΠ
]

p,q

=
(

[ΦN ]⌊ q

M
⌋,⌊ 〈p−1〉MN

M
⌋ − [ΦN ]⌊ 〈q+1〉MN

M
⌋,⌊ p

M
⌋

)∗

δ [〈q − p+ 1〉M ] . (72)

Now, let’s discuss the value of the right-hand side of (72) for

different p and q as follows.

(1) The case 〈q − p+ 1〉M 6= 0
[

ΠΘH
M,N −ΘH

M,NΠ
]

p,q
=0, sine δ [〈q − p+ 1〉M ] = 0

when 〈q − p+ 1〉M 6= 0 .

(2) The case 〈q − p+ 1〉M = 0
Before initiating the discussion of this case, please note that

the N -pint DFnT matrix ΦN is a circulant matrix. Specifically,

for any given m and n, m,n = 0, 1, · · · , N − 1, we have

[ΦN ]m,n = [ΦN ]〈m+1〉
N
,〈n+1〉

N
[26]. We then divide the

case 〈q − p+ 1〉M = 0 into four sub-cases, each of which

is discussed as follows.

(2.1) The case p = 0, q = MN − 1 and 〈q − p+ 1〉M = 0
[

ΠΘH
M,N −ΘH

M,NΠ
]

p,q
=
(

[ΦN ]N−1,N−1 − [ΦN ]0,0

)∗

= 0 (73)

(2.2) The case p = 0, q 6= MN − 1 and 〈q − p+ 1〉M = 0
[

ΠΘH
M,N −ΘH

M,NΠ

]

p,q
=
(

[ΦN ]⌊ q
M

⌋,N−1 − [ΦN ]⌊ q
M

⌋+1,0

)∗

= 0 (74)

(2.3) The case p 6= 0, q = MN − 1 and 〈q − p+ 1〉M = 0
[

ΠΘH
M,N −ΘH

M,NΠ
]

p,q
=
(

[ΦN ]N−1,⌊ p

M
⌋−1 − [ΦN ]0,⌊ p

M
⌋

)∗
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= 0 (75)

(2.4) The case p 6= 0, q 6= MN − 1 and 〈q − p+ 1〉M = 0
[

ΠΘH
M,N −ΘH

M,NΠ
]

p,q

=
(

[ΦN ]⌊ q

M
⌋,⌊ p−1

M
⌋ − [ΦN ]⌊ q+1

M
⌋,⌊ p

M
⌋

)∗

=

{
[ΦN ]

∗
⌊

q
M

⌋,⌊
p
M

⌋−1
− [ΦN ]

∗
⌊

q
M

⌋+1,⌊
p
M

⌋
, if 〈p〉M = 0

[ΦN ]
∗
⌊

q
M

⌋,⌊
p
M

⌋
− [ΦN ]

∗
⌊

q
M

⌋,⌊
p
M

⌋
, if 〈p〉M 6= 0

= 0 (76)

From the above, it is evident that for any p and q, p, q =

0, 1, . . . ,MN − 1, the equality
[

ΠΘH
M,N −ΘH

M,NΠ
]

p,q
= 0

always holds. Therefore, we have ΠΘH
M,N = ΘH

M,NΠ, which

completes the proof of Lemma 1.
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