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On the Identifiability from Modulo

Measurements under DFT Sensing Matrix

Qi Zhang, Jiang Zhu, Fengzhong Qu, Zheng Zhu and De Wen Soh

Abstract

Unlimited sampling was recently introduced to deal with the clipping or saturation of measurements

where a modulo operator is applied before sampling. In this paper, we investigate the identifiability of the

model where measurements are acquired under a discrete Fourier transform (DFT) sensing matrix first

followed by a modulo operator (modulo-DFT). Firstly, based on the theorems of cyclotomic polynomials,

we derive a sufficient condition for uniquely identifying the original signal in modulo-DFT. Additionally,

for periodic bandlimited signals (PBSs) under unlimited sampling which can be viewed as a special case

of modulo-DFT, the necessary and sufficient condition for the unique recovery of the original signal are

provided. Moreover, we show that when the oversampling factor exceeds 3(1 + 1/P ), PBS is always

identifiable from the modulo samples, where P is the number of harmonics including the fundamental

component in the positive frequency part.

Index Terms

Unlimited sampling, DFT sensing matrix, periodic bandlimited signal, identifiability

I. INTRODUCTION

Due to the limited dynamic range of analog-to-digital converters (ADCs), clipping or saturation arises

in a variety of applications, such as photography [1], radar systems [2], communication systems [3],

and music [4]. To address this problem, self-reset ADCs (SR-ADCs) are implemented where a modulo

operator is injected before sampling [5–7]. To reconstruct the original signal from the modulo samples, it

is necessary to capture both the information of the modulo values and the folding times of each sample.

This demands complex electronic circuitry, along with additional power and storage.

To reduce hardware complexity in SR-ADCs, signal recovery from modulo samples only has been

studied recently. For bandlimited and finite energy signals, when the sampling rate is above the Nyquist

rate, there is a one-to-one mapping between modulo samples and the original signal [8, 9]. For L-order

periodic bandlimited signals (PBSs) which are power signals, if the number of samples per interval

denoted as N is a prime number and N ≥ 2L + 1, then the original signal can be uniquely identified
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up to a constant factor from its modulo samples [10]. In addition, in the context of modulo compressed

sensing, necessary and sufficient conditions are proposed for uniquely identifying sparse signals from

modulo samples [11], and [12] discusses the unique recovery of sparse signals in the presence of noise.

Besides, the Cramér-Rao bounds (CRBs) are derived with known folding-count for both quantized and

unquantized cases which can be used as performance benchmarks [13].

Many algorithms have also been proposed to recover the original signal from modulo samples. For

bandlimited signals, the unlimited sampling algorithm was first proposed and a recovery guarantee is

provided when the oversampling rate is above 2πe times the Nyquist rate [14, 15]. The unlimited sampling

algorithm has been applied or extended to many areas, such as graph signals [16], multidimensional

signals [17], DOA estimation [18], radar systems [19], and communications [20]. Several algorithms

on modulo sampling via rate-distortion theory have also been studied [21–25]. In detail, for random

Gaussian distributed vectors with known covariance matrix, the integer-forcing decoder is presented in

[21, 22], and the blind version is also proposed [23]. For a stationary Gaussian stochastic process with a

known auto-covariance function, the linear prediction (LP) method is proposed which is also extended to

a blind version [22, 24]. For K discrete-time jointly Gaussian stationary random processes with known

autocorrelation functions, the LP method and integer-forcing decoder are combined to deal with this case

[22], and the blind version is also introduced [25]. In [26], a hardware prototype for unlimited sampling

is initially designed, and the Fourier-Prony approach is proposed for PBSs which can be used to deal

with non-ideal foldings in practical hardware. Furthermore, in the Fourier domain, a robust algorithm

that uses the projected gradient descent method is proposed to estimate the residual [27, 28], and [29]

introduces a lasso-based algorithm. To deal with hysteresis and folding transients in practical hardware,

several methods are also proposed [30–32]. For bandpass signals, both the time and frequency domain

methods are proposed for three signal folding architectures when considering practical hardware [33].

In this paper, we explore the identifiability of a model where measurements are obtained under discrete

Fourier transform (DFT) sensing matrix first, followed by a modulo operator (modulo-DFT). Discrete

Fourier transform has been widely applied in signal processing, and despite there being a one-to-one

mapping between the original signal and the measurements in the absence of the modulo operator, the

identifiability of the modulo-DFT model remains unknown. Our main contributions are summarized as

follows: First, we derive a sufficient condition for the unique recovery of the original signal from the

modulo measurements in the modulo-DFT model based on the theorems of cyclotomic polynomials. In

addition, we show that PBSs can be viewed as a special case of modulo-DFT, and the necessary and

sufficient condition for the unique identifiability with an ambiguity in the direct current (DC) component

are provided. Finally, we show that when the oversampling factor exceeds 3(1+1/P ), then the PBS can

January 2, 2024 DRAFT



2

be uniquely identified with an ambiguity in the DC component, where P is the number of harmonics

including the fundamental component in the positive frequency part.

Notation: Let Z∗ be the set of complex numbers with real and imaginary parts being integers. Let S
be a subset of {1, 2, · · · , N}. For a complex matrix F ∈ CN×N , FS denotes the submatrix by choosing

the columns of F indexed by S . For a complex vector x ∈ CN , xS denotes the subvector by choosing

the elements of x indexed by S . For two integers a and b, a | b denotes a divides b, and a ∤ b denotes a

does not divide b. Let N be the set that contains all positive integers that divide N . Given a polynomial

f(x), let deg(f(x)) denote the degree of f(x).

II. MODEL DESCRIPTION

Let F ∈ CN×N be the DFT matrix with the (n1, n2)th element being 1√
N
e−j 2π(n1−1)(n2−1)

N . The linear

measurement model with a DFT measurement matrix is

y = Fx (1)

where x ∈ CN . Let M (·) be the centered modulo mapping defined as M (t) , t −
⌊

t+ 1
2

⌋

1, where

t ∈ RN and ⌊·⌋ is the element-wise floor operator. The modulo measurements are

z = M (ℜ{y}) + jM (ℑ{y}) (2)

where ℜ{y} and ℑ{y} return the real part and imaginary part of y respectively. It can be easily obtained

that y can be decomposed as a sum of z and a complex integer vector, i.e.,

y = z+ ǫ (3)

where ǫ ∈ Z∗N and Z∗ , Z+jZ is the set of complex numbers with both real and imaginary parts being

integers.

Let S ⊆ {1, 2, · · · , N} denote the set of indices corresponding to zero elements in the vector x, and CS

be the set that encompasses all complex vectors where the elements indexed by S are zero. Combining

equations (1) and (3), we have

y = Fx = FS̄xS̄ = z+ ǫ, (4)

where S̄ , {1, 2, · · · , N}\S is the complement of set S , FS̄ denotes the submatrix by choosing the

columns of F indexed by S̄ , and xS̄ denotes the subvector by choosing the elements of x indexed by

S̄ . In this paper, we investigate the role of S in uniquely recovering the original signal x from modulo

observations z.

1For simplicity, we set the threshold of the modulo ADC as 1

2
which will not affect our conclusions.
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III. IDENTIFIABILITY

In this section, a sufficient condition for uniquely identifying the original signal x in modulo-DFT

is provided. Before introducing the final theorem, two lemmas are proved in advance. Let RN ,

{1, ej2π 1

N , · · · , ej2π N−1

N } be the set of all roots of xN = 1, let f(x) be an integer coefficient polynomial

with degree N . In addition, let Rf , {x|f(x) = 0} be the set of roots of the polynomial f(x), and

X = RN ∩ Rf . Lemma 1 shows the relationship between integer coefficient polynomial f(x) and X
based on the theorems of cyclotomic polynomials.

Lemma 1 For an integer coefficient polynomial f(x) with degree N , let N , {n;n|N} denote the

set containing all divisors of N . The equation f(x) = A(xN − 1), where A ∈ Z, holds if and only if

∀n ∈ N ,∃x ∈ X such that Φn(x) = 0 where Φn(x) is the nth cyclotomic polynomial.

PROOF We first prove the necessary part. When f(x) = A(xN − 1), according to the property that

xN − 1 =
∏

n∈N
Φn(x), (5)

we have Rf =
⋃

n∈N{x|Φn(x) = 0}. In addition, we have Rf = RN = X . Thus, the necessary part

can be easily proved.

For the sufficient part, let T = |N | be the cardinality of N and n1 < n2 < · · · < nT is a sorted list of

N . r1, r2, . . . , rT ∈ X are the roots of cyclotomic polynomials Φn1
(x),Φn2

(x), . . . ,ΦnT
(x), respectively.

Since the roots of different cyclotomic polynomials must be distinct, it follows that for i 6= j, ri 6= rj .

According to the polynomial remainder theorem, we have

f(x) = P1(x)ΦnT
(x) +R1(x), (6)

where P1(x) and R1(x) are polynomials with integer coefficients and the degree of R1(x) is less than

that of ΦnT
(x). For f(rT ) = ΦnT

(rT ) = 0, we have R1(rT ) = 0. Since ΦnT
(x) is the minimal

polynomial with integer coefficients having a root at rT , this implies that R1(x) = 0. Therefore, we have

f(x) = P1(x)ΦnT
(x). According to the equation N =

∑T
i=1 deg(Φni

(x)) where deg(Φni
(x)) is the

degree of the polynomial Φni
(x), we have deg(P1(x)) = N − deg(ΦnT

(x)) ≥ deg(ΦnT−1
(x)). Similar

to equation (6), according to the polynomial remainder theorem, P1(x) can be written as

P1(x) = P2(x)ΦnT−1
(x) +R2(x), (7)

where P2(x) and R2(x) are integer coefficient polynomials. We have P1(rT−1) = 0 because of f(rT−1) =

P1(rT−1)ΦnT
(rT−1) = 0 and ΦnT

(rT−1) 6= 0. In addition, we have ΦnT−1
(rT−1) = 0. Thus, we conclude

that R2(rT−1) = 0 according to (7). Similarly, as ΦnT−1
(x) is the minimal polynomial with integer

January 2, 2024 DRAFT
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coefficients having a root at rT−1, we have R2(x) = 0. Therefore, we obtain P1(x) = P2(x)ΦnT−1
(x)

according to (7), and thus f(x) = P2(x)ΦnT−1
(x)ΦnT

(x) according to (6). Continuing this process, we

can ultimately express f(x) as

f(x) = PnT
(x)Φn1

(x) · · ·ΦnT−1
(x)ΦnT

(x). (8)

According to equation (5), we have f(x) = PnT
(x)(xN−1). Since f(x) is an N -degree integer coefficient

polynomial, we conclude that PnT
(x) is a constant integer, and f(x) = A(xN − 1) where A ∈ Z.

In order to study conditions on S for uniquely identifying the original signal x from modulo samples z,

the symmetric coprime property (SCP) is introduced in Definition 1.

Definition 1 (SCP) Given N , a nonempty set T ⊆ {2, · · · , N} is said to satisfy SCP if the following

two conditions are met:

1 If t ∈ T , then N + 2− t ∈ T .

2 ∀n ∈ N and n 6= 1, ∃t ∈ T such that gcd(N, t− 1) = N/n, equivalent to gcd(n, (t− 1)n/N) = 1,

where gcd(N, t− 1) is the greatest common divisor of N and t− 1.

There exists a special case where T contains only one element, resulting in N = 2 and T = {2}.

Lemma 2 If ∃T ⊆ S satisfies SCP and FH
Sυ = 0 where υ ∈ Z∗N , then υ must be a constant vector.

PROOF Let T ⊆ S be a certain set that satisfies SCP. Based on the equation FH
Sυ = 0 and T ⊆ S , we can

obtain that the polynomial D(x) =
∑N−1

n=0 υn+1x
n has roots on the unit circle at R ,

{

ej2πk/N
}

k+1∈T .

According to the first condition of Definition 1, we have the property that ∀r ∈ R, it holds that r∗ is

also in R where r∗ is the conjugate of r. Thus, for all r ∈ R we have

[D(r)]∗ =
∑N−1

n=0
υ∗n+1r

∗n = 0, (9a)

D(r∗) =
∑N−1

n=0
υn+1r

∗n = 0. (9b)

Summing (9a) and (9b) together yields

DR(r) ,
∑N−1

n=0
ℜ{υn+1}rn = 0,∀r ∈ R. (10)

Let f(x) = (x − 1)DR(x) where DR(x) is the polynomial defined in (10), and Rf is the set of roots

of the polynomial f(x). Note that R̄ , R ∪ {1} is the subset of Rf , and R̄ ⊆ RN . Thus, we have

R̄ ⊆ X where X , RN ∩ Rf . In addition, according to the second condition of Definition 1 and

the definition of cyclotomic polynomial, we have that ∀n ∈ N , ∃r ∈ R̄ such that Φn(r) = 0. Thus,

according to Lemma 1, we have f(x) = A(xN − 1) where A ∈ Z. Therefore, DR(x) = A
∑N−1

n=0 xn
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and ℜ{υn+1} = A,n = 0, · · · , N − 1. Similarly, by considering the difference between (9a) and (9b),

we can obtain ℑ{υn+1} = B,n = 0, · · · , N − 1 where B ∈ Z. Thus, υ is a constant vector.

Based on Lemma 1 and Lemma 2, Theorem 1 provides a sufficient condition to uniquely identify the

original signal x with potential ambiguity in x1.

Theorem 1 If ∃T ⊆ S satisfies SCP, then we have:

1 If 1 ∈ S , x ∈ CS can be uniquely recovered from z.

2 If 1 /∈ S , x ∈ CS can be uniquely recovered from z, with an additive term of A
√
N on x1 for any

A ∈ Z∗.

PROOF Let x′ ∈ CS be another vector satisfying

z = M (ℜ{y′}) + M (ℑ{y′}), (11)

where y′ = Fx′. According to equation (4), we have

y′ = Fx′ = FS̄x
′
S̄ = z+ ǫ

′, (12)

where ǫ′ ∈ Z∗N . By subtracting equation (4) from equation (12), we have FS̄ x̄S̄ = ǭ, where x̄S̄ = x′
S̄−xS̄

and ǭ = ǫ
′ − ǫ. According to the orthogonality of the DFT matrix, we have

FH
SFS̄ x̄S̄ = 0 = FH

S ǭ. (13)

According to Lemma 2, we have that ǭ is a constant vector. Thus, ǫ′ can be represented as ǫ
′ = ǫ+ A

where A ∈ Z∗. Furthermore, we have x′ = FHy′ = FHy + AFH1. Note that FH1 = [
√
N, 0, · · · , 0]T.

Therefore, the conclusion can be obtained.

It should be noted that in Theorem 1, when 1 /∈ S , an additive term of A
√
N on x1 for any A ∈ Z∗

is equivalent to an additive term of A on each element of y. Due to the inherent nature of the modulo

operation, such ambiguity is unavoidable.

IV. ON THE IDENTIFIABILITY OF PERIODIC BANDLIMITED SIGNALS

In this section, the periodic bandlimited signals are considered which can be defined as

g(t) =
∑P

p=−P
cpe

j2πpf0t (14)

where cp is the Fourier series coefficient, cp = c∗−p, and P ≥ 1. In the context of unlimited sampling

with the sampling rate fs = Nf0, N samples are obtained in one period which are zn = M (yn), n =
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1, 2, · · · , N where yn = g((n − 1)Ts) =
∑P

p=−P cpe
j 2π(n−1)p

N and Ts = 1/fs. In addition, by using the

property in (3), the matrix representation is

z = y + ǫ = Fx+ ǫ = FP̄xP̄ + ǫ (15)

where ǫ ∈ ZN , P̄ = {1, · · · , P+1}∪{N−P+1, · · · , N}, and x = [c0, c−1, · · · , c−P , 0, · · · , 0, cP , · · · , c1].
It can be seen that the model (15) is a special case of (4) with S̄ = P̄. In addition, x satisfies the conjugate

property, i.e., xn = x∗N+2−n, n = 2, · · · , N . Let

P = {1, 2, · · · , N}\P̄ = {P + 2, P + 3, · · · , N − P}. (16)

Below, we investigate the identifiability of c−P , c1−P , · · · , cP in (14), which is equivalent to the iden-

tifiability of x in (15) for all x ∈ CP and xn = x∗N+2−n, n = 2, · · · , N . When N ≤ 2P + 1, x is not

identifiable from modulo samples z as stated in [10, Theorem 2]. In this section, we only consider the case

when N > 2P + 1. Based on Theorem 1, we conduct further investigations and establish the necessary

and sufficient condition for the unique recovery of x from modulo samples z with an ambiguity at x1

which corresponds to the DC component, as demonstrated in the ensuing Theorem 2. We first introduce

Lemma 3 and Lemma 4 which will be utilized to prove Theorem 2.

Lemma 3 Let h(n) be the function defined as follows

h(n) =







































2
1−1/n , 2 ∤ n; (Case 1)

2, n = 2; (Case 2)

2
1−4/n , 2 | n, n 6= 2 and 4 ∤ n; (Case 3)

2
1−2/n , 4 | n; (Case 4)

, (17)

where n is an integer satisfying n > 1 and a ∤ b denotes that a does not divide b. P defined in (16)

satisfies SCP if and only if N ≥ h(n)(P + 1) for all n ∈ N and n 6= 1.

PROOF First, we prove the sufficient part. The first condition of SCP can be easily obtained according

to the definition of P. In the following, we will focus on the second condition of SCP and four cases

of h(n) are discussed separately. For Case 1 where 2 ∤ n, let t = (n+1)N
2n + 1. As n|N and n is

an odd number, t is an integer. For N ≥ h(n)(P + 1) = 2
1−1/n(P + 1), it can easily be obtained

that P + 2 ≤ t ≤ N − P ; thus we have t ∈ P. In addition, we have gcd(n, (n + 1)/2) = 1 as

gcd(n, n + 1) = 1; thus gcd(N, t − 1) = N/n. For Case 2, Case 3, and Case 4, let t = N/2 + 1,

t = (n+4)N
2n + 1, and t = (n+2)N

2n + 1, respectively. Similarly, it can be easily proved that t are integers

for all three cases. Furthermore, according to N ≥ 2(P + 1) in Case 2, N ≥ 2
1−4/n (P + 1) in Case 3,
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and N ≥ 2
1−2/n (P + 1) in Case 4, it can easily be obtained that t ∈ P for all three cases. Finally, we

have gcd(N, t− 1) = gcd(N,N/2) = N/2 = N/n for Case 2. For Case 3, we have gcd(n+4
2 , n) = 1 as

gcd(n+4, n) = 2; thus gcd(N, t−1) = N/n. For Case 4, we have gcd(n+2
2 , n) = 1 as gcd(n+2, n) = 2;

thus gcd(N, t− 1) = N/n.

We now prove the necessary part by contradiction, i.e., ∃n ∈ N and n 6= 1 such that N < h(n)(P+1),

we have that P does not satisfy SCP. In the following, we will show that P does not satisfy the second

condition of SCP for all the four cases if N < h(n)(P + 1). Below, we will prove that there does not

exist an integer in Q , (P − 1)n/N that is coprime to n. For Case 1, N < h(n)(P +1) is equivalent to

n(P+1)
N > n−1

2 . Therefore, the minimum value in Q is greater than n−1
2 and the maximum value in Q is

less than n+1
2 . As n is an odd number, there is no integer in Q. For Case 2, N < h(n)(P+1) is equivalent

to
n(P+1)

N > 1. Similarly, it can be obtained that there is no integer in Q. For Case 3, N < h(n)(P +1) is

equivalent to
n(P+1)

N > n−4
2 . Therefore, the minimum value in Q is greater than n−4

2 and the maximum

value in Q is less than n+4
2 , and there are three integers in Q which are n/2−1, n/2, n/2+1. As n/2−1

and n/2 + 1 are even integers, and n > 2, thus n/2 − 1, n/2, n/2 + 1 are not coprime to n. For Case

4, N < h(n)(P +1) is equivalent to
n(P+1)

N > n−2
2 . Therefore, the minimum value in Q is greater than

n−2
2 and the maximum value in Q is less than n+2

2 . As 4|n, n/2 is the only integer in Q and is an even

number. Therefore, n/2 is not coprime to n. These prove the necessary part.

Lemma 4 If P does not satisfy the SCP, then there exists a nonconstant integer vector υ ∈ ZN such

that FH
Pυ = 0.

PROOF For P satisfying the first condition of SCP according to (16), P does not satisfy the SCP

means that there exists an m ∈ N and m 6= 1 such that gcd(N, t − 1) 6= N/m,∀t ∈ P. Let f(x) =
∏

n∈N ,n 6=mΦn(x)Gm(x), where Gm(x) is an integer coefficient polynomial with the same degree as

Φm(x) but has no common roots with it. Let Rf be the set of roots of the polynomial f(x) and X =

Rf ∩RN , we have ∀x ∈ X such that Φm(x) 6= 0. Therefore, according to Lemma 1, f(x) 6= A(xN − 1)

for any A ∈ Z. Furthermore, as m 6= 1, f(x) can also be represented by f(x) = (x − 1)(υ1 + υ2x +

· · · + υNxN−1) where υ1, υ2, · · · , υN are integers. As f(x) 6= A(xN − 1), there exist distinct indices

i and j such that υi 6= υj . According to the definition of cyclotomic polynomials, we have FH
Pυ = 0,

where υ = [υ1, υ2, · · · , υN ]T. Thus, υ is a nonconstant integer vector satisfies FH
Pυ = 0.

Theorem 2 x ∈ CP with xn = x∗N+2−n for n = 2, · · · , N is uniquely identifiable from its modulo

samples z with an additive term of A
√
N on x1 for any A ∈ Z if and only if N ≥ h(n)(P + 1) for all

n ∈ N and n 6= 1.
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PROOF First, we prove the sufficient part. According to Lemma 3, we have that P satisfies the SCP.

Thus, based on Theorem 1, we have that x is uniquely identifiable from its modulo samples z, with an

additive term of A
√
N on x1 for any A ∈ Z.

We now prove the necessary part by contradiction. Firstly, according to Lemma 3, ∃n ∈ N and n 6= 1

such that N < h(n)(P +1) is equivalent to P does not satisfy the SCP. In addition, according to Lemma

4, we have that there exists a nonconstant integer vector υ ∈ ZN such that FH
Pυ = 0. Let ǭ ∈ ZN be the

nonconstant integer vector satisfying FH
P ǭ = 0. Let x′ = x+FH

ǭ. Firstly, the modulo samples generated

by x′ is z′ = M (Fx′) = z. In addition, we have x′ ∈ CP , and because ǭ is a real integer vector, we

have x′n = x′∗N+2−n, n = 2, · · · , N . Furthermore, as ǭ ∈ ZN is the nonconstant integer vector, there

exists an n > 1 such that x′n 6= xn.

In addition, when N is a prime number which has been discussed in [10] is also proved here in Corollary

1 based on Theorem 2.

Corollary 1 (Theorem 2 in [10]) When N is a prime number and N ≥ 2P + 3, then x is uniquely

identifiable from its modulo samples z with an additive term of A
√
N on x1 for any A ∈ Z.

PROOF When N is a prime number, we have N = {1, N}. Thus, N ≥ h(n)(P + 1) for all n|N and

n 6= 1 is equivalent to N ≥ h(N)(P + 1). As P ≥ 1 and N > 2P + 1 in our settings, we have

h(N) = 2/(1 − 1/N); thus N ≥ 2P + 3. According to Theorem 2, the conclusion can be obtained.

Corollary 2 If N ≥ 6(P +1), then x is uniquely identifiable from its modulo samples z with an additive

term of A
√
N on x1 for any A ∈ Z.

PROOF It can be easily proved that h(n) ≤ 6 for all n. Thus, the conclusion can be obtained according

to Theorem 2.

Note that the Nyquist frequency is fNyq = 2Pf0. Thus, according to Corollary 2, when the oversampling

factor γ = fs/fNyq = N/(2P ) is greater than or equal to 3(1 + 1/P ) then PBSs can be uniquely

recovered with ambiguity only in the DC component.

V. CONCLUSION

This paper investigates the identifiability of the modulo-DFT model. We provide a sufficient condition

for the unique recovery of the original signal from modulo measurements. Additionally, we analyze

the identifiability of PBSs, which can be considered as a special case of the modulo-DFT model. We

introduce the necessary and sufficient condition for the unique identifiability of the PBSs. Furthermore,
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we show that the PBS can be uniquely identified when the oversampling rate exceeds 3(1 + 1/P ) from

the modulo samples, where P is the number of harmonics including the fundamental component in the

positive frequency part.
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