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Abstract—In this paper, we investigate the relationship between
the dynamic range and quantization noise power in modulo
analog-to-digital converters (ADCs). Two modulo ADC systems
are considered: (1) a modulo ADC which outputs the folded sam-
ples and an additional 1-bit folding information signal, and (2) a
modulo ADC without the 1-bit information. A recovery algorithm
that unfolds the quantized modulo samples using the extra 1-bit
folding information is analyzed. Using the dithered quantization
framework, we show that an oversampling factor of OF > 3
andt a quantizer resolution of b > 3 are sufficient conditions to
unfold the modulo samples. When these conditions are met, we
demonstrate that the mean squared error (MSE) performance
of modulo ADC with an extra 1-bit folding information signal is
better than that of a conventional ADC with the same number of
bits used for amplitude quantization. Since folding information
is typically not available in modulo ADCs, we also propose and
analyze a recovery algorithm based on orthogonal matching
pursuit (OMP) that does not require the 1-bit folding information.
In this case, we prove that OF > 3 and b > 3+ log2(δ) for some
δ > 1 are sufficient conditions to unfold the modulo samples.
For the two systems considered, we show that, with sufficient
number of bits for amplitude quantization, the mean squared
error (MSE) of a modulo ADC is O

(
1

OF3

)
whereas that of a

conventional ADC is only O
(

1
OF

)
. We extend the analysis to

the case of simultaneous acquisition of weak and strong signals
occupying different frequency bands. Finally, numerical results
are presented to validate the derived performance guarantees.

Index Terms—Modulo ADC, sampling, quantization, weak and
strong signals.

I. INTRODUCTION

Most modern data acquisition systems are equipped with
analog-to-digital converters (ADCs) to transform continuous-
time observations to some format suitable for processing in
the digital domain. Standard ADCs first sample the signal at
equally-spaced time intervals and then the amplitudes of the
samples are mapped to a finite set of discrete values by a
quantizer [1]. The aim is to accurately represent the original
analog signal in the digital domain. One critical consideration
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Fig. 1. A typical high DR input signal and the corresponding modulo signal
with modulo operator threshold value equal to 0.2.

in an ADC design is ensuring that the dynamic range (DR)
of the ADC exceeds that of the input signal, where DR refers
to the difference between the smallest and largest values that
can be represented. When the DR of the ADC falls short of
capturing the full range of the input signal, clipping occurs
[2]–[4]. This loss of information compromises the accuracy
of the digital representation and impacts the reliability of
subsequent data processing.

There exist different algorithms in the literature to address
this challenge [5]–[8]. The recent unlimited sampling frame-
work (USF) has emerged as a promising solution [9] to enable
the acquisition of high DR signals using limited DR ADCs. In
USF, the high DR input signal is pre-processed by a non-linear
modulo operator. This modulo operator folds the input signal
whenever it crosses some pre-defined modulo thresholds (see
Fig. 1). Subsequently, the modulo signal serves as the input to
the ADC. Following the ADC, a recovery algorithm is applied
to unfold the output samples of the ADC. The integration of
an ADC, a modulo pre-processing, and a recovery algorithm
is referred to as a modulo ADC system.

One of the main focuses of existing works on modulo ADC
is to develop a robust and computationally efficient recovery
algorithm that operates close to the Nyquist rate. The exist-
ing literature presents diverse recovery algorithm strategies.
These encompass higher-order-differences-based approach [9],
prediction-based method [10], wavelet-based technique [11],
Fourier-domain methodologies [12]–[15], and others. Among
these methods, [13]–[16] are identified to be robust recovery
algorithms approaching the Nyquist rate. Apart from recovery
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algorithms, there are also efforts to advance the hardware
implementation of modulo ADCs [12], [16]–[20]. Further-
more, USF has been studied extensively across various signal
models, such as Finite-Rate-of-Innovation (FRI) signals [21],
sparse signals [22]–[24], graph signals [25], and shift-invariant
spaces [26], [27], among others.

Nevertheless, research addressing the impact of quantization
on modulo ADCs is notably limited. In [9], the authors in-
troduced a higher-order differences-based recovery algorithm
for bandlimited (BL) signals that operates at approximately
2πe (≈ 17) times the Nyquist rate when there is no quan-
tization. Theoretical guarantees for the higher-order show
that this sufficient condition for the sampling rate becomes
stricter in the presence of bounded noise [9]. To improve upon
this, a prediction filter-based algorithm to unfold the modulo
ADC output was proposed [10]. When the prediction filter is
sufficiently long, this approach enables signal recovery at a
rate close to the Nyquist rate. However, this recovery method
fails in the presence of quantization noise. Recent work on
USF radars [28] has investigated the impact of quantization on
a modulo ADC if the input signal contains weak and strong
components, however, this work uses higher-order differences
to unfold the modulo samples. Signal-to-quantization noise
ratio (SQNR) of modulo ADCs has been analyzed in [29] but
the reconstruction method used relies on a separately encoded
2-bit reset signal.

This work aims to address this gap and provide a more
comprehensive understanding of how modulo sampling and
quantization interact, particularly in scenarios involving BL
signals with diverse target strengths. Moreover, this study
identifies suitable conditions for which a modulo ADC has
better performance than a conventional ADC without modulo
when the number of bits used for amplitude quantization are
the same. The following are major contributions:

1) We analyze the recovery algorithm introduced in [16],
which leverages the bits distribution mechanism to un-
fold the modulo ADC output. In [16], the algorithm
allocates 1-bit from the total bit budget to detect modulo
folding events. In contrast, this work assumes the full
ADC resolution (b) is used for quantization, with an
additional 1-bit folding information explicitly provided
by the modulo ADC. Within a dithered quantization
framework, we evaluate the reconstruction performance
of this approach. We establish sufficient conditions on
the oversampling factor (OF) and b to ensure that the
modulo ADC offers superior quantization noise sup-
pression compared to conventional ADCs without the
modulo operator. Specifically, we prove that OF > 3 and
b > 3 are enough for the modulo ADC to achieve lower
mean squared error (MSE) than conventional ADCs.

2) Since the 1-bit folding information is generally unavail-
able in the modulo ADC, we propose and examine
an orthogonal matching pursuit (OMP)-based recovery
algorithm to unfold the modulo ADC output. Our anal-
ysis demonstrates that ensuring OF > 3 and b >
3 + log2(δ), where δ > 1 is some constant, is sufficient
for achieving superior quantization noise suppression in
modulo ADCs over conventional ADCs. Additionally,

we present a case study that analyzes a BL signal having
both weak and strong components occupying different
frequency bands and demonstrate that a modulo ADC
outperforms a conventional ADC in capturing the strong
and weak signal components simultaneously.

3) We show that for the aforementioned settings, the MSE
of the modulo ADC is on the order of O

(
1

OF3

)
, while

that of a standard ADC is on the order of O
(

1
OF

)
. This

underscores the importance of oversampling in modulo
ADC in retrieving the original signal from quantized
modulo observations. Finally, we validate the proposed
theory with numerical simulations.

The paper is organized as follows: The two modulo ADC
system models considered in the study and our proposed
recovery methods are described in Section II. Theoretical
MSE performance guarantees for the recovery algorithms are
established in Section III. Then, we specialize our derived
performance guarantees to the case of simultaneous acquisition
of weak and strong signals in Section IV. Numerical results
are provided in Section V to validate our proposed theory.
Finally, we summarize the work in Section VI.

Notation: The following notations are used throughout the
paper. We denote the set of real numbers, integers, and natural
numbers as R, Z, and N, respectively. The space of square-
integrable functions on R is represented by L2(R), and E[·]
denotes the expectation operator. We use bold lowercase letters
to represent vectors, and bold capital letters to denote matrices.
The ℓp-norm of a vector z is denoted as ∥z∥p, with a similar
notation extending to ℓp-norms of functions. When referring
to discrete-time signals, we employ the notation z[n] to signify
z(nTs), assuming the sampling period Ts is evident from
the context. For a discrete-time signal x[n], the first-order
difference operator is defined as ∆x[n] = x[n]−x[n−1], under
the assumption that x[−1] = 0. To describe the growth rate
of a quantity concerning some parameter, we employ standard
asymptotic notation, such as O(·). The cumulative sum opera-
tion applied to a vector x ∈ RN×1 yields a vector y ∈ RN×1,
where the kth element of y is given by yk =

∑k
i=1 xi. The

pseudo-inverse of a matrix A ∈ Rm×n, where n ≫ m, is
denoted by A†, and defined as A† = (ATA)−1AT .

II. MODULO ADC PROBLEM SETUP AND PROPOSED
RECOVERY METHODS

In this section, we describe the two modulo ADC system
models to be analyzed in this work: (1) a modulo ADC that
generates the quantized folded samples and an extra 1-bit
folding information, and (2) a modulo ADC without the extra
1-bit folding information. We present the proposed recovery
algorithms for these two system models.

A. Modulo ADC System With Extra 1-Bit Folding Information

We consider the modulo ADC system shown in Fig. 2a. The
input f(t) ∈ L1(R) is a bandlimited signal with frequency
support

[
−ωm

2 , +ωm

2

]
. The input signal is fed to a non-

linear modulo sampling block, denoted Mλ′(·), to produce
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Fig. 2. Schematic diagram of (a) a modulo sampling system with dithered quantization. A 1-bit folding information signal is also generated by Mλ′ (·) to
aid in signal reconstruction. In (b), the extra 1-bit folding information signal is removed.

the discrete-time modulo observations fλ′ [n], n ∈ Z. Mathe-
matically,

fλ′ [n] = Mλ′ (f(t))

= [(f(nTs) + λ′) mod 2λ′]− λ′, (1)

where λ′ ∈ (0, ∥f(t)∥∞) is the modulo operator threshold.
The range of λ′ is chosen to exclude the trivial case that
the input signal amplitude is within the linear region of the
modulo. The sampling rate is ωs = 2π

Ts
= OF × ωm, where

OF > 1. We will also use ρ = 1
OF in the analysis.

The folded samples are fed to a b-bit scalar quantizer
Qb(·) with dynamic range [−λ,+λ]. The nonlinearity of the
quantization process makes it difficult to analyze the impact of
quantization in modulo sampling. To this end, a dither signal
d[n] is added to fλ′ [n] prior to quantization. An independent
and identically-distributed (i.i.d.) triangle noise sequence with
amplitude support

(
− 2λ

2b
,+ 2λ

2b

]
is used for the dither signal

d[n]. The rationale for incorporating a triangle dither in the
system model is twofold. First, the modulo operation can
be set so that fλ′ [n] + d[n] will not overload the quantizer.
This, together with the properties of triangle dither, guarantees
that Shuchman conditions [30] are satisfied, which allows
the first-order and second-order statistics of the quantization
noise to be derived from the system parameters. Second,
the sequences ϵ[n] and fλ′ [n] become uncorrelated and the
conditional second-order moment of ϵ[n] becomes independent
of fλ′ [n], i.e., E

[
ϵ2[n]|fλ′ [n]

]
= E

[
ϵ2[n]

]
.

Each quantization bin has a width of 2λ
2b

. To prevent the
signal from overloading the quantizer, we set the modulo
threshold to be λ′ = (2b−2)λ

2b
. The quantizer output can then

be written as

fλ′,q[n] =Qb (fλ′ [n] + d[n])

=f [n] + z[n] + ϵ[n], (2)

where z[n] ∈ 2λ′Z is the residual samples due to the folding
operation of Mλ′(·) and ϵ[n] = Qb (fλ′ [n] + d[n]) − fλ′ [n]
is the quantization noise sequence. With triangle dither, the
quantization noise is a white process with noise power [31]

E
[
ϵ2[n]

]
=

1

4

(
2λ

2b

)2

=
λ2

22b
. (3)

We will use the statistical properties of ϵ[n] to establish MSE
performance guarantees in Section III. However, note that the
inclusion of a triangular dither signal is mainly for analytical
tractability. We show in Section V that our proposed recovery
methods work even without the dither signal.

In addition to fλ′ [n], the modulo sampling block also gen-
erates a 1-bit discrete-time binary signal c[n] which contains
information about the (2Z+1)λ′ level crossings in f(t). More
precisely, c[n] = 1 whenever the input signal crosses the level
(2Z + 1)λ′ within the time interval (nTs, (n + 1)Ts] while
c[n] = 0 otherwise. The set of indices n where c[n] = 1 is
denoted as S. There are several ways to generate this 1-bit
folding information. One approach is explored in [16], which
only incurs one additional OR gate to the setup. This penalty
is fixed regardless of b. From a power efficiency viewpoint,
this additional OR gate has minimal impact on the power
consumption of the modulo ADC.

B. Signal Recovery for Modulo ADC With 1-Bit Folding
Information

The signal recovery block utilizes the information about S
to recover the modulo residue z[n]. The underlying reconstruc-
tion algorithm is based on [16], [32]. Since f(t) ∈ L1(R),
lim|t|→∞ f(t) = 0 by the Reimann-Lebesgue lemma [33,
Chapter 12]. Consequently, for any λ′ > 0, there exist integers
n0 and n1 (n0 < n1) such that |f(nTs)| < λ for all n0 > n
and n1 < n. the residual samples z[n] can be treated as a
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finite-duration discrete-time signal of length N = n1−n0+1.
We define a K × 1 vector y = [y0, · · · , yK−1]

T , where

yk =
1√
N

n1∑
n=n0

[fλ′,q[n]− fλ′,q[n− 1]] e−j 2πnk
N

=
1√
N

n1∑
n=n0

[∆z[n] + ∆ϵ[n]] e−j 2πnk
N

=
1√
N

(∑
n∈S

[∆z[n] + ∆ϵ[n]] e−j 2πnk
N

+

n1∑
n=n0,n/∈S

∆ϵ[n]e−j 2πnk
N

)
.

Here, 2πk
N is one of the K < N discrete frequencies inside

(ρπ, 2π− ρπ). The second line follows from the fact that the
signal f [n] is outside (ρπ, 2π − ρπ). The third line follows
from putting all terms with n ∈ S in the first summation
and putting the remainder in the second summation. Notice
that the information we want to extract (residual samples) is
only contained in the first summation. We vectorize ∆z[n] by
forming the vector ∆z = [∆z[n0], · · · , ∆z[n1]]

T . We also
define the |S| × 1 vector ∆zS which contains the nonzero
elements of ∆z at indices found in the set S while the (N −
|S|)× 1 vector ∆zSc is an all-zero vector.

Let V ∈ RK×N with elements Vk,n = e−j 2πkn
N , where 2πk

N
is the k-th discrete frequency in (ρπ, 2π − ρπ). The matrix
VS ∈ RK×|S| contains the |S| columns of V corresponding
to the indices in S. An estimate of the non-zero elements of
the first-order difference vector, denoted ∆ẑS , can be formed
by

∆ẑS = V†
Sy. (4)

The estimate of the vector ∆z, denoted ∆ẑ, is obtained by
combining ∆ẑS and ∆ẑSc . The elements of ∆ẑ are rounded
to the nearest 2λ′Z. Then a cumulative sum is applied to
the resulting vector to obtain the estimate of the modulo
residue, denoted ẑ = (∆ẑ)Σ. Let ẑ[n] be the discrete-time
representation of the vector ẑ. We subtract ẑ[n] from fλ′,q[n]
to remove the modulo residue from the quantized modulo
observations. Finally, we apply an ideal digital lowpass filter,
LPF{·}, with passband region

(
−ωm

2 , +ωm

2

)
. The recovered

signal can be written as

f̂ [n] =LPF {fλ′,q[n]− ẑ[n]}
=f [n] + LPF {z[n]− ẑ[n]}+ LPF{ϵ[n]}. (5)

Hence, the recovered signal is composed of the desired sam-
ples, filtered modulo residue estimation error, and filtered
quantization noise.

C. Modulo ADC Without 1-Bit Folding Information

In a typical modulo ADC system, the 1-bit folding informa-
tion signal may not be available for the reconstruction method.
Thus, it is also of interest to develop a recovery algorithm for
the modulo ADC shown in Fig. 2b. Since the 1-bit folding
information tells the exact locations of nonzero elements of
∆z, one approach to facilitate the signal reconstruction is to

perform support recovery of ∆z[n] and then run the signal
reconstruction algorithm described in Section II-B, with c[n]
being replaced by ĉ[n], the recovered support of ∆z[n]. Note
that ∆z[n] is a sparse signal [15]. Thus, we can utilize
existing support recovery algorithms for sparse signals and
their corresponding theoretical guarantees.

For the support recovery of ∆z[n], we consider the greedy
orthogonal matching pursuit (OMP) algorithm [34], [35],
which uses a stopping rule based on the ℓ∞-norm of the
bounded noise [36]. More precisely, ĉ[n] is obtained as fol-
lows:

1) Initialize the index set I = ∅, the residue r0 = y, the
estimator x0 = 0, and the iteration counter t = 1.

2) At time t, select a column from V that is most correlated
with the current residue rt−1, i.e.,

nt = argmax
n

| ⟨vn, rt−1⟩ |,

where vn is the n-th column of V. The index nt is
added to the index set I.

3) Calculate the new estimator xt by projecting y onto the
space spanned by VI , i.e., xt = V†

Iy. Update residual
rt = y −Vxt

4) Stop if ∥VHrt∥∞ ≤ η 6λ′

2b−2
, where η = ∥VHV∥∞ and

set

ĉ[n] =

{
1, n ∈ I
0, n /∈ I .

Otherwise, set iteration counter to t = t+ 1 and return
to Step 2.

The stopping criterion in step 4 is used so that the residue is
less than the ℓ∞-norm of ∆ϵ. Once c[n] has been estimated,
we can apply the recovery algorithm in Section II-B accord-
ingly.

Our aim is to derive MSE performance guarantees for the
two modulo ADC systems presented when the proposed recov-
ery algorithms are used. Additionally, we also want to identify
suitable settings for which the modulo ADC has superior per-
formance compared to a conventional ADC without modulo.
Furthermore, we extend this analysis to a critical scenario
involving the simultaneous acquisition of weak and strong
signals occupying different frequency bands in a BL signal.
The following sections present these performance guarantees
in detail.

III. RECOVERY GUARANTEES

We quantify the recovery performance of the modulo ADC
using the MSE criterion. In general, the MSE can be expressed
as a sum of two errors: (1) a truncation error due to neglecting
the signal values outside n < n0 and n > n1, and (2) a
reconstruction error due to the modulo residue estimation error
and finite quantization. In this paper, we focus on the latter
since we can set n0 and n1 so that f [n] ≈ 0 outside the
discrete-time interval [n0, n1]. Consequently, the truncation
error can be set to a negligible value. Henceforth, we refer
to the reconstruction error whenever MSE is mentioned.
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A. MSE guarantee for Modulo ADC With 1-Bit Folding Infor-
mation

We first focus on the MSE performance guarantee for the
modulo ADC with 1-bit folding information. One important
property to ensure correct signal unfolding is to show that
VSi

is a full column rank matrix. With VS being full column
rank, there is a unique solution to the equation y = VS ·∆zS .
The following key lemma shows that an OF value greater than
three is a sufficient (but not necessary) condition to make VS
a full column rank matrix.

Lemma 1. Suppose OF > 3. Then VS has full column rank
if the modulo threshold λ′ ≥ ∥f(t)∥∞

OF−2 .

Proof. See Appendix A.

For a given f(t), it actually suffices that OF ≥ N
N−|S|

to make VS full column rank. However, such condition
depends on the specific f(t). By using the upper bound on
|S| established in [15], we eliminate the dependence on the
specific f(t) and find an oversampling factor requirement that
holds for any f(t). However, the bound on |S| is not tight in
general as demonstrated in [15, Table 1].

We are now ready to state the main result of this paper. The
following theorem gives the exact MSE of the modulo ADC
system in Fig. 2a when b > 3, OF > 3, and λ′ is set to be
∥f(t)∥∞
OF−2 .

Theorem 1. Suppose b > 3 and OF > 3. Then the MSE of
the reconstruction procedure for the modulo ADC with extra
1-bit folding information is

E[(f [n]− f̂ [n])2] =
1

OF(2b − 2)2
·
(∥f(t)∥∞

OF− 2

)2

(6)

if we set λ′ = ∥f(t)∥∞
OF−2 .

Proof. See Appendix B.

The intuition of the proof is to set a sufficiently large
number of quantization bits such that the induced quantization
noise is not strong enough to put the recovered first-order
difference of the residue outside (2λ′p − λ′, 2λ′p + λ′) if
z[n] = 2λ′p for some p ∈ Z. In this case, the rounding
operation on the elements of ∆ẑ is perfect, i.e. ẑ[n] = z[n],
and the only impairment in f̂ [n] is the (lowpass-filtered)
quantization noise.

We now compare our derived MSE for the modulo ADC
in Fig. 2a with that of the conventional ADC without modulo
sampling. To get the behavioral model of a conventional ADC,
we simply replace Mλ′(·) in Fig. 2a with a regular sampler
with sampling period Ts and then remove c[n]. To obtain
analytical results for conventional ADCs, we also use the
non-subtractive dithered quantization framework. With triangle
dither d[n] ∈

(
− 2λ

2b
, + 2λ

2b

]
, we must set λ of the conventional

ADC as λ = 2b

2b−2
∥f(t)∥∞ to prevent overloading. Conse-

quently, the quantization noise is white and has a mean squared
value of E

[
ϵ2[n]

]
= λ2

22b
. With an oversampling factor of OF,

the desired signal occupies only 1
OF of (−π,+π) band. A

lowpass filter with passband region (−ρπ,+ρπ) can be used
to filter out the quantization noise in the out-of-band region.

Thus, the MSE is solely attributed to the filtered quantization
noise and can be expressed as

MSE(no−modulo) =
1

OF(2b − 2)2
· ∥f(t)∥2∞. (7)

By comparing (7) with the result in Theorem 1, we see that,
for the same number of bits for amplitude quantization, the
quantization noise power of the modulo ADC is strictly lower
than that of the conventional ADC when OF > 3 and b > 3.
In fact, it can be observed that MSE(no−modulo) = O

(
1

OF

)
whereas MSE(with−modulo) = O

(
1

OF3

)
. This sheds light on

the advantage of modulo ADCs over conventional ADCs.
We also compare our results with other theoretical guar-

antees derived for modulo sampling. The impact of bounded
noise (e.g., quantization) has been analyzed in [9, Theorem
3] when the recovery algorithm is based on higher-order
differences (HOD). Their analysis guarantees the recovery
of the samples up to an unknown additive constant, i.e.,
f̂ (HOD)[n] = f [n] + ϵ[n] + 2λ′p for some unknown p ∈ Z.
By ignoring the unknown additive constant and applying an
appropriate noise filtering, the MSE of the HoD should be
identical to that of our proposed recovery algorithm. However,
under this bounded noise setting, the sufficient condition to
achieve this performance guarantee is that the sampling rate
should be at least 2απe times the Nyquist rate, where α ∈ N is
a noise-dependent parameter. In contrast, our analytical result
does not have an unknown additive constant and the exact
MSE can be derived at any OF > 3.

B. MSE Guarantee for Modulo ADC Without 1-Bit Folding
Information

We now consider the modulo ADC system in Fig. 2b and
establish a recovery performance guarantee for the proposed
algorithm in Section II-C. Since the proposed algorithm is
based on OMP, we restate a theorem from [37] which identifies
a sufficient condition on the minimum amplitude of the noisy
sparse signal to ensure perfect support recovery.

Theorem 2. (from [37, Theorem 2]) Consider the observation
signal y = Ax+ e. Suppose that ∥AHe∥ ≤ ϵ0 and matrix A
satisfies

δL+1 <
1√

L+ 1
, (8)

where δL is the restricted isometry property (RIP) constant
order L of matrix A. Then, the OMP with stopping rule
∥AHe∥ ≤ ϵ0 will exactly recover the support Ω of an L-
sparse signal x from the observation signal y if the minimum
magnitude of nonzero elements of x satisfies

min
i∈Ω

|xi| >
(√

1 + δL+1 + 1
)√

Lϵ0

1− (
√
L+ 1)δL+1

. (9)

Using Theorem 2, we identify a sufficient condition on
the quantizer resolution b to ensure that OMP will produce
ĉ[n] = c[n]. With pefect ĉ[n], we can apply Theorem 1
to obtain recovery guarantees for the proposed algorithm in
Section II-C.
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Theorem 3. Set λ′ = ∥f(t)∥∞
OF−2 and let

L0 = 4
⌊ N

2OF

⌋
+ 4

⌊ N

2OF

⌋
·
⌊OF− 3

2

⌋
. (10)

Suppose matrix V satisfies the RIP of order L0 with an
RIP constant denoted as δL and that δL0

< 1√
L0+1

. Let
η = ∥VHV∥∞. If OF > 3 and

b > 3 + log2


3η · (

√
1+δL0+1+1)

√
L0

1−(
√
L0+1)δL0+1

+ 1

4

 , (11)

then c[n] can be perfectly recovered using OMP with stopping
rule ∥VHrt∥∞ ≤ η 6λ′

2b−2
. The MSE of the OMP-based recon-

struction procedure for the modulo ADC system without the
1-bit folding information signal is

MSE =
1

OF(2b − 2)2
·
(∥f(t)∥∞

OF− 2

)2

. (12)

Proof. See Appendix C.

The main difference between Theorem 3 and Theorem
1 is the quantization bit requirement needed to obtain the
performance guarantees. The argument inside the logarithm
in (11) can be shown to be greater than 1. Thus, the sufficient
condition on the quantization bits becomes more stringent
in the absence of 1-bit folding information c[n]. One major
limitation of the bound is that it depends on the RIP constant
δL0+1. Testing whether a sensing matrix satisfies RIP is an
NP-hard problem [38]. We also note that a different sparse
recovery algorithm other than OMP can be used to recover
c[n]. For instance, the LASSO-B2R2 [15] uses the iterative
soft-thresholding algorithm (ISTA) for sparse recovery.

IV. CASE STUDY: SIMULTANEOUS ACQUISITION OF WEAK
AND STRONG SIGNALS

We now investigate the case of simultaneous acquisition of
weak and strong signals that occupy different frequency bands,
as shown in Figure 3. The modulo ADC block is based on Fig.
2a and the digital channelizer implements a digital bandpass
filter that can be tuned to the desired channel. This case is
particularly interesting due to the conflicting requirements to
capture the two signals. Setting the dynamic range too high
to capture the strong signal can bury the weak signal in
quantization noise. Meanwhile, setting the dynamic range too
low could distort the strong signal. A recent work on USF [28]
considers the issue of weak and strong components. However,
their mathematical formulation of the problem only assumes
a two-tone input signal with different amplitudes. Moreover,
performance improvements of modulo ADC over conventional
ADCs are only presented via numerical simulations. To the
best of our knowledge, a theoretical analysis of the simultane-
ous acquisition of weak and strong signals using modulo ADC
has not been conducted. Our goal in this section is to provide
a more general mathematical formulation of the problem and
a rigorous analysis to justify the advantage of modulo ADC
over conventional ADCs in this case.

The bandlimited input signal f(t) is modeled as a two-
component signal of the form

f(t) = α1f1(t) + α2f2(t), (13)

where f1(t) and f2(t) are bandpass signals. Denote F1 and
F2 the frequency supports of f1(t) and f2(t), respectively.
We impose F1 ∩ F2 = ∅ and F1 ∪ F2 ∈ [−ωm/2,+ωm/2],
i.e., f1(t) and f2(t) have different frequency supports and
they both reside inside [−ωm/2,+ωm/2]. The bandwidths of
f1(t) and f2(t) are ω1 and ω2, respectively. Without loss
of generality, we set ∥f1(t)∥22 = 1 and ∥f2(t)∥22 = 1.
The simultaneous acquisition of strong and weak signals is
modeled by setting α1 ≫ α2. Since f(t) is a bandlimited

signal with energy α2
1+α2

2, we have ∥f(t)∥∞ ≤
√

ωm(α2
1+α2

2)
π

by [39].
The modulo ADC system in Fig. 2a is adopted in this case

study. The reconstruction procedure described in Section II-B
is modified to facilitate recovery of the individual components.
Define BPFi{·} to be an ideal digital bandpass filter with
bandwidth ωi and passband region Fi. After estimating ẑ[n],
we apply the filter BPFi{·} to fλ′,q[n] − ẑ[n] to recover the
i-th signal. Effectively, the recovered signal is

f̂i[n] = αifi[n] + BPFi{z[n]− ẑ[n]}+BPFi{ϵ[n]}.

Performance of the modified reconstruction procedure is mea-
sured using the normalized MSE (NMSE) incurred when
recovering the i-th signal, which can be expressed as

NMSEi =
E[(αifi[n]− f̂i[n])

2]

α2
i

=
1

α2
i

E
[
(BPFi{z[n]− ẑ[n]}+BPFi{ϵ[n]})2

]
.

At this point, one might consider separating the two signal
components in the analog domain using a tunable bandpass
filter. This approach suppresses the strong signal component
before it reaches the ADC. However, such an approach is
costly to implement in analog. Moreover, analog filters exhibit
severe group delay near the band edges, causing signal distor-
tion. In contrast, a tunable digital filter can be implemented
by varying the filter coefficients in the registers. Furthermore,
achieving a linear phase response is straightforward in digital
filters by imposing symmetry on the filter coefficients [40].

The following corollary of Theorem 1 provides an upper
bound for NMSEi when b > 3 and OF > 3.

Corollary 1. Suppose b > 3 and OF > 3. Then the
NMSE incurred when recovering the i-th component under
the modified reconstruction procedure is

NMSEi ≤
ωi

α2
i

· 2

OF(2b − 2)2
·
(

1

OF− 2

)2

·
(
α2
1 + α2

2

π

)
(14)

Proof. See Appendix D.

Corollary 1 states that NMSEi decreases linearly with α2
i

ωi
.

This indicates that, in addition to signal power, bandwidth
plays a crucial role in determining recovery performance.
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ω
ω2ω1

Modulo
ADC

Digital
Channelizer

desired signal
component

tune frequency

Fig. 3. Illustration of simultaneous acquisition of weak and strong signal components using a modulo ADC. The digital channelizer can be tuned to select
between the weak and strong components.

Furthermore, if we use conventional ADCs with b > 3 and
OF > 3, we would get

NMSE
(no−modulo)
i ≤ ωi

α2
i

· 2

OF(2b − 2)2
· (α

2
1 + α2

2)

π
. (15)

The RHS of (15) is strictly larger than the bound given in
Corollary 1. In addition, the NMSEi = O

(
1

OF3

)
for modulo

ADC whereas NMSEi = O
(

1
OF

)
for conventional ADC.

This demonstrates the advantage of using modulo ADC over
a conventional ADC for the simultaneous acquisition of weak
and strong signals. While the analysis above considered only
two signal components with different frequency supports, it
can be extended to K > 2 signal components as long as they
all have disjoint frequency supports. The NMSE of the k-th
signal component will still be inversely proportional to α2

k

ωk
,

where α2
k and ωk are the energy and angular frequency of the

k-th signal component, respectively.

V. NUMERICAL RESULTS

In this section, we perform the following simulations to
substantiate the proposed theory. The aim is to show that
the modulo ADC surpasses the conventional ADC lacking the
modulo operator in terms of quantization noise reduction. This
is accomplished by examining the variation of quantization
noise power, represented by the MSE, as the OF value varies.

Simulation-1: In this simulation, we consider the modulo
ADC system with side information as depicted in Fig. 2a.
Specifically, we analyze the variation of MSE, as described in
Theorem 1 and (7), as the OF value varies.

Consider the input signal

f(t) =

5∑
i=1

Ai (sinc (fm(t− τi)))
2
, 0 ≤ t < T, (16)

where sinc(x) = sin(πx)
πx for any x ̸= 0. This signal entails a

maximal frequency component of fm = 50 Hz, and a temporal
duration of T = 1 second. Random coefficients Ai are drawn
uniformly from the range [−1, 1]. While time offsets τi
are chosen randomly within the interval

(
T
4 ,

3T
4

)
, this is to

ensure that the residual signal remains zero outside the interval
(0, T ). Additionally, we normalize f(t) such that ∥f(t)∥∞ =
1. Consequently, the modulo threshold is λ′ = 1

OF−2 . We
consider the number of bits b equal to 4 and sweep the OF

3 4 5 6 7 9 11 13 15
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-60
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-45

-40
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-25

M
S

E
 (

in
 d

B
) Modulo ADC (Simulation)

Modulo ADC (Theoretical)
Conventional ADC (Simulation)
Conventional ADC (Theoretical)

Fig. 4. Numerical and theoretical MSE results vs. OF for both modulo ADC
with extra 1-bit information and conventional ADC.

values from 3 to 15. The dither signal and uniform quantizer
are configured according to these parameters. For each OF
value, we compute the MSE between true samples, f [n], and
the estimated samples, f̂ [n]. The experiment is repeated for
20000 i.i.d. noise realizations and the errors are averaged over
all realizations.

Fig. 4 depicts the results obtained with this setting. It is
evident from the figure that the MSE of the modulo ADC
decays much faster than that of the conventional ADC without
the modulo operator. Therefore, from Fig. 4, we conclude that
the quantization noise suppression of modulo ADC is better
than that of conventional ADC. Moreover, it is worth noting
that for OF = 3, λ′ = ∥f(t)∥∞, and the MSE values of both
modulo ADC and conventional ADC are equal. Fig. 4 also
depicts theoretical MSE values obtained using Theorem 1 and
(7). Note that both theoretical predictions match the simulated
results. This justifies the accuracy of our analytical results and
further emphasizes the fact that the MSE decays with the order
of O

(
1

OF3

)
and O

(
1

OF

)
for modulo ADC and conventional

ADC, respectively. As a final remark, the use of the extra 1-
bit side information in Fig. 2a only incurs one additional OR
gate to the setup [16]. This penalty is fixed regardless of b.
From a power efficiency viewpoint, this additional OR gate has
minimal impact on the power consumption of modulo ADC.

Simulation-2: In this simulation, we examine the modulo
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Fig. 5. Numerical and theoretical MSE results vs. OF for modulo ADC with
and without extra 1-bit side information, and conventional ADC.

ADC system without the additional 1-bit side information.
Specifically, we analyze the MSE variation, as detailed in
Theorem 3 and (7), across different OF values. The input
signal settings align with those of Simulation-1, featuring
b = 4, OF ranging from 4 to 15, an OMP stopping criteria
parameter of η = 0.8, and 20000 i.i.d noise realizations. Fig.
5 shows the variation of MSE, between true samples and
estimated samples, for this setting as OF varies. The figure
clearly demonstrates that modulo ADCs with and without
extra-bit side information exhibit superior quantization noise
suppression compared to the conventional ADC. Furthermore,
our theoretical predictions align well with the simulated
results; highlighting that the MSE diminishes at rates of
O
(

1
OF3

)
and O

(
1

OF

)
for the modulo ADC and conventional

ADC, respectively.
Simulation-3: In this simulation, we analyze modulo ADC

systems with and without additional 1-bit information, as well
as conventional ADCs, to capture both weak and strong signals
occupying distinct frequency bands. Specifically, we validate
the upper bound on the NMSE for varying OF values, as
stated in Corollary 1 and (15), for both strong and weak
signal components. The analysis employs the BL signal model
described in (13), with parameters α1 = 1 and α2 = 0.25.
The signals f1(t) and f2(t) are synthesized using the sinc(.)
function, where the bandwidth of f1(t) is [−20Hz, 20Hz], and
the bandwidth of f2(t) is [−90Hz,−50Hz] ∪ [50Hz, 90Hz].
The simulation parameters are configured as follows: b = 4,
OF ranging from 4 to 11, an OMP stopping criteria parameter
of η = 0.7, and 5000 i.i.d noise realizations. Fig. 6 and
Fig. 7 illustrate the variation in NMSE across different OF
values for recovering the strong and weak signal components,
respectively. These results demonstrate that the modulo ADC
outperforms the conventional ADC in simultaneous acquisition
of both strong and weak amplitude components that occupy
different frequency bands in a BL signal. Furthermore, these
simulation results validate the proposed theoretical upper
bound on NMSE. Therefore, the NMSE decreases at rates of
O
(

1
OF3

)
and O

(
1

OF

)
for the modulo ADC and conventional

ADC, respectively, during the acquisition of strong and weak
signal components in a BL signal.
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Fig. 6. Numerical and theoretical NMSE vs. OF for modulo ADC
(with/without extra 1-bit information) and conventional ADC in recovering
the strong signal component of a BL signal.
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Fig. 7. Numerical and theoretical NMSE vs. OF for modulo ADC
(with/without extra 1-bit information) and conventional ADC in recovering
the weak signal component of a BL signal.
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Fig. 8. Numerical MSE vs. OF result for modulo ADC (with ) with and
without extra 1-bit side information, and conventional ADC.

Simulation-4: Both previous simulations use the dither
quantization framework. Here, we demonstrate that even with-
out a dither signal (i.e., using the conventional quantization
framework), the modulo ADC combined with the proposed
recovery algorithms outperforms the classical ADC. For this
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analysis, we consider an input signal with the same settings
as Simulation-1: b = 4, an oversampling factor (OF) ranging
from 4 to 11, an OMP stopping criterion parameter of η = 0.8,
a modulo threshold λ = 1

OF−2 , and 5000 i.i.d. noise realiza-
tions. Fig. 8 illustrates the variation in MSE across different
OF values for both modulo and classical ADCs. The results
show that the modulo ADC, with or without 1-bit information,
consistently outperforms the classical ADC.

VI. SUMMARY

This study analyzed the performance of a modulo ADC in
the presence of a dithered quantization framework. We first
considered the modulo ADC with 1-bit folding information
and presented a recovery algorithm to unfold the modulo
ADC samples. By using a dithered quantization framework for
analysis, we showed that OF > 3 and b > 3 are sufficient con-
ditions for the modulo ADC with 1-bit folding information to
achieve better quantization noise suppression when compared
to a conventional ADC with the same number of bits used
for amplitude quantization. Moreover, the MSE of modulo
ADC decays faster than that of conventional ADC as OF is
increased. When the 1-bit folding information is not available,
we showed that OMP can be incorporated in the recovery
algorithm to obtain the same MSE performance. However,
the sufficient condition on the number of quantization bits
is increased. We also analyzed the case of simultaneous
acquisition of weak and strong signals occupying different
frequency bands and demonstrated the superior performance
of modulo ADC over conventional ADC. Numerical results are
provided to substantiate the performance guarantees derived in
this work.

APPENDIX A
PROOF OF LEMMA 1

A necessary condition for VS to be full column rank is
|S| ≤ K. Since the columns of VS are from the columns
of the Fourier basis, they are linearly independent. Thus, the
condition |S| ≤ K is also sufficient.

We first provide an upper bound for |S|. Using [15, Equation
7], we have

|S| ≤4
⌊ρN

2

⌋
+ 4

⌊ρN
2

⌋
·
⌊∥f(t)∥∞ − λ′

2λ′

⌋
≤2ρN + 2ρN ·

(∥f(t)∥∞ − λ′

2λ′

)
, (17)

where the second inequality comes from the trival upper bound
of the floor function, i.e., ⌊x⌋ ≤ x. Meanwhile, K = N −
2⌊ρN

2 ⌋ ≥ (1− ρ)N . Hence, for VS to be a full column rank
matrix, it suffices to show that

2ρN + 2ρN ·
(∥f(t)∥∞ − λ′

2λ′

)
≤ (1− ρ)N.

After some algebraic manipulation, we get

λ′ ≥ ρ

1− 2ρ
∥f(t)∥∞

(
or λ′ ≥ ∥f(t)∥∞

OF− 2

)
. (18)

Since λ′ < ∥f(t)∥∞, there exists a λ′ that satisfies the above
inequality when ρ < 1

3 , i.e., OF > 3.

APPENDIX B
PROOF OF THEOREM 1

We first bound the ℓ∞-norm of the estimate of first-order
difference of the modulo residue:

∥∆ẑ−∆z∥∞ =∥V†
Sy −∆zS∥∞

=∥V†
SVS (∆zS +∆ϵS)−∆zS∥∞

=∥∆ϵS∥∞
≤6λ

2b

=
6λ′

2b − 2
,

where ∆ϵS contains the values of ∆ϵ[n] at the indices con-
tained in S. The third line follows because VS is full column
rank by Lemma 1. The fourth line holds because ϵ[n] induced
by the triangle dither d[n] has amplitude support

(
− 3λ

2b
, + 3λ

2b

)
.

Hence, |∆ϵ[n]| ≤ 6λ
2b

for all n.
To ensure that we perfectly recover the modulo residue after

the rounding operation, we must have
6λ′

2b − 2
< λ′ =⇒ b > 3, (19)

which is an explicit assumption of the theorem. Under this
setting, z[n] − ẑ[n] = 0. Consequently, from (5), the MSE
becomes

MSE =E
[
(LPF{ϵ[n]})2

]
=ρ

λ2

22b

=
λ′2

OF(2b − 2)2
. (20)

Since the MSE grows quadratically with λ′, we should set the
value of λ′ as low as possible. Noting that λ′ should satisfy
(18), we obtain the desired result by setting λ′ = ∥f(t)∥∞

OF−2 .

APPENDIX C
PROOF OF THEOREM 3

Recall that finding the unknown support S of ∆z[n] is
the same as finding c[n]. We focus on the former. Since
the nonzero elements of the modulo residue have amplitudes
(2Z+ 1)λ′, we get

min
n∈S

|∆z[n]| = λ′.

In addition,

∥VHV∆ϵ∥∞ ≤∥VHV∥∞∥∆ϵ∥∞

≤η
6λ′

2b − 2

By Theorem 2, exact support recovery is guaranteed if

λ′ >

(√
1 + δL0+1 + 1

)√
L0

1− (
√
L0 + 1)δL0+1

(
η

6λ′

2b − 2

)
⇒b > log2

{
6η ·

(√
1 + δL0+1 + 1

)√
L0

1− (
√
L0 + 1)δL0+1

+ 2

}

= 3 + log2


3η · (

√
1+δL0+1+1)

√
L0

1−(
√
L0+1)δL0+1

+ 1

4

 .
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With support S perfectly recovered, the signal recovery block
effectively has the 1-bit folding information signal c[n]. The
proof is completed by applying the theoretical guarantees in
Theorem 1.

APPENDIX D
PROOF OF COROLLARY 1

From Theorem 1, z[n]− ẑ[n] = 0 if b > 3 and OF > 3. The
normalized MSE of recovering the i-th component becomes

E[(αifi[n]− f̂i[n])
2]

E[(αifi[n])2]
=

1

α2
i

E[(BPFi{ϵ[n]})2]

=
ρ

α2
i

· ωi

ωm
· 2λ′2

(2b − 2)2
. (21)

Setting λ′ to be the RHS of (18) and replacing ∥f(t)∥∞ by

its upper bound
√

ωm(α2
1+α2

2)
π complete the proof.
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