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A Generalized Nyquist-Shannon Sampling Theorem
Using the Koopman Operator

Zhexuan Zeng, Jun Liu, and Ye Yuan

Abstract—In the field of signal processing, the sampling the-
orem plays a fundamental role for signal reconstruction as it
bridges the gap between analog and digital signals. Following the
celebrated Nyquist-Shannon sampling theorem, generalizing the
sampling theorem to non-band-limited signals remains a major
challenge. In this work, a generalized sampling theorem, which
builds upon the Koopman operator, is proposed for signals in
a generator-bounded space. It naturally extends the Nyquist-
Shannon sampling theorem in that: 1) for band-limited signals,
the lower bounds of the sampling frequency and the reconstruc-
tion formulas given by these two theorems are exactly the same; 2)
the Koopman operator-based sampling theorem can also provide
a finite bound of the sampling frequency and a reconstruction
formula for certain types of non-band-limited signals, which
cannot be addressed by Nyquist-Shannon sampling theorem.
These non-band-limited signals include, but are not limited to,
the inverse Laplace transform with limit imaginary interval of
integration, and linear combinations of complex exponential func-
tions. Furthermore, the Koopman operator-based reconstruction
method is supported by theoretical results on its convergence.
This method is illustrated numerically through several examples,
demonstrating its robustness against low sampling frequencies.

Index Terms—Sampling theorem, Nyquist-Shannon sampling
theorem, non-band-limited signal, Koopman operator, signal
reconstruction.

I. INTRODUCTION

ONE of the central problems in signal processing is
to reconstruct the continuous-time (CT) signal from

discrete-time (DT) samples. Sampling theorem, which allows
faithful representation of CT signal by its DT samples without
aliasing, bridges the gap between analog and digital signals.
Its wide range of applications includes radio engineering,
crystallography, optics, and other scientific areas.

The Nyquist-Shannon sampling theorem [1] is a landmark
in both mathematical and engineering literature, which gives a
mechanism to convert band-limited signals into a sequence of
numbers. Over the years, there are various generalized sam-
pling theorems focusing on the extensions of signal classes,
which can be primarily divided into two perspectives. The
first extension perspective starts from the integral form of
a signal, which extends to general limit integral transforms
besides the Fourier transform [2], [3] or signals possessing
specific integral properties [4]. Most extensions within this
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perspective are formulated for band-limited functions [5]. The
second one is inspired by wavelet theory, generalizing the
basis function in the reconstruction formula from the classical
sinc-function to more general functions [6]–[8], which leads
to not necessarily band-limited signals. It includes generating
functions, such as splines or wavelets, of shift-invariant spaces
[9], [10]. There are also works focusing on developing precise
sampling schemes for parametric signals of finite rate of
innovation, which allow the signals to be reconstructed from
samples with a finite sampling frequency [11]. However, most
generalizations primarily leverage known signal structures for
signal reconstruction, which does not breach the Nyquist-
Shannon theorem [12].

Based on the conclusion of the Nyquist-Shannon sampling
theorem, the lower bound of sampling frequency is determined
by the oscillation frequency in the (Fourier) frequency domain
for band-limited signals g(t). Despite the fact that most signals
in the real world also oscillate at finite frequencies (e.g.,
e−t cos t) [13], they cannot be analyzed by the Nyquist-
Shannon sampling theorem because they have non-zero am-
plitude growth and are not band-limited. It inspires us that
the spectrum of the Koopman operator [14], which we will
refer to as the Koopman spectrum for brevity, has a significant
connection with the features of oscillation and amplitude
growth of functions [15]. Furthermore, a similar sampling
issue is investigated for exact identification of dynamical
systems [16]–[18], whose results also depend on the Koopman
spectrum. Therefore, it leads us to reexamine the foundations
of sampling and develop a generalized sampling theorem based
on the Koopman operator.

This work investigates the sampling theorem for perfect re-
construction of nonparametric signals that are “band-limited”
in the sense of Koopman spectrum, where signals’ oscillation
frequency and growth rate of amplitude are both finite. By
describing the signal in the Koopman operator framework, the
sampling issue, i.e., one-to-one relationship between the signal
and its samples, is translated into a one-to-one map between
the DT Koopman operator and its generator. The result shows
that the signal aliasing depends on the imaginary part of the
Koopman spectrum, where the Nyquist rate is showed to be
its special case. Moreover, the reconstruction formula is also
represented by the Koopman operator, which can be reduced
to classical forms for band-limited [1] and Zakai’s [4] signal
classes. To numerically illustrate this generalized sampling
theorem, the Koopman operator-based reconstruction method
is proposed with theoretical convergence. Moreover, several
examples of signals are presented for numerical illustration,
including band-limited and linear combinations of polynomial
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Fig. 1. Impulse-train sampling [19, Page 516]. The sampling of the signal
g(t) leads to gp(t), which is represented by the multiplication of g(t) and
sampling function p(t) =

∑∞
k=−∞ δ(t − kTs), where Ts is the sampling

period.

and complex exponential signals.
The rest of this paper is organized as follows. The Nyquist-

Shannon sampling theorem and Koopman operator theory are
introduced in Section II. The generalized sampling theorem
formulated by the Koopman operator is proposed in Section
III. Then this sampling theorem is analyzed for signals be-
longing to infinite-dimensional and finite-dimensional spaces
in Section IV and Section V, respectively. In Section VI, the
reconstruction algorithm is provided with convergence result.
Finally, the sampling theorem and the reconstruction in the
presence of noise are illustrated numerically with four types
of examples in Section VII.

A. Notation

The paper uses the notation shown here: L(X) represents all
bounded linear operators from linear space X to itself, D(·)
represents the domain of the operator, span{·} denotes the
linear space spanned by basis functions, Im(·) represents the
imaginary part of complex numbers, σ(·), σp(·) respectively
represent the spectrum and eigenvalues (point spectrum) of the
linear operator, Uτ |Fe

and L|Fe
represent the restriction of the

Koopman operator Uτ and the generator L to the functional
space Fe, respectively.

II. PRELIMINARY

A. Sampling problem and Nyquist-Shannon sampling theorem

Consider the original signal g(t) and uniform sampling with
sampling period Ts. The idealized sampling of g(t) can be
represented by a periodic impulse train multiplied by g(t) [19,
Page 516], as illustrated in Fig. 1, where the sampling function
is p(t) =

∑∞
k=−∞ δ(t− kTs). It leads to

gp(t) =

∞∑
k=−∞

g(t)δ(t− kTs)

and the samples {g(kTs)}k∈Z. The key question of signal
processing is whether the samples are faithful representations
of g(t). If so, how do we reconstruct g(t) from {g(kTs)}k∈Z?

The Nyquist-Shannon sampling theorem answers this ques-
tion for band-limited signals, which plays a fundamental
role in signal processing [1]. It states that a band-limited
signal g(t) with a maximum frequency ωM (rad/s) can be

exactly reconstructed from samples with a sampling period
Ts ≤ π/ωM . The reconstruction formula is given as

g(t) =

∞∑
n=−∞

g(nTs)
sin(π/Ts(t− nTs))

π/Ts(t− nTs)
. (1)

The study of the sampling theorem has a long history as
detailed in [20]. In fact, this reconstruction (1) was first
clearly articulated by Ogura in his paper [21], which predates
Shannon’s well-known work [1].

Since this work generalizes the sampling theorem using the
Koopman operator, we briefly introduce the Koopman operator
theory for a space of signals as follows.

B. The Koopman operator

Consider the semigroup of the Koopman operator Uτ , τ ≥ 0
[14], which is defined as follows

Uτg = g ◦ Sτ , g ∈ F , (2)

where g : R → C is a function that belongs to a Banach space
F , and Sτ (t) = t+τ is the flow of time t ∈ R. The Koopman
operator Uτ is linear, i.e., for signal functions g1, g2 ∈ F ,

Uτ (α1g1 + α2g2) = α1U
τg1 + α2U

τg2, α1, α2 ∈ R.

Therefore, Uτ describes the evolution of signal functions in
F in terms of linear transformation.

The infinitesimal generator L of the Koopman operator is
also a linear operator, which is defined as:

Lg = lim
τ→0+

1

τ
(Uτ − I)g, g ∈ D(L). (3)

So Lg can be seen as the “derivative” of the signal function
g with respect to time, i.e., ġ = Lg, where ġ denotes ∂(g ◦
Sτ )/∂τ |τ=0 [22].

When Uτ and L are both bounded operators, we have

Uτ = eLτ . (4)

Besides, the spectrum also admits this exponential relationship
[23, Lemma 3.13], i.e.,

σ(Uτ ) = {eλτ : λ ∈ σ(L)}.

In the following, we also call σ(L) as the Koopman spectrum.
Here we introduce some definitions of the spectrum of a

linear operator L ∈ L(X). Denote I as the identity operator on
F . Then a complex value λ belongs to the spectrum of L, i.e.,
λ ∈ σ(L), if the operator L−λI does not have an inverse. The
value λ belongs to the point spectrum of L, i.e., λ ∈ σp(L), if
L−λI is not injective. When the Koopman operator Uτ admits
a point spectrum, the eigenvalue and associated eigenfunction
of the Koopman operator are defined as follows.

Definition 1 (Koopman eigenvalues and eigenfunctions).
Given the Koopman operator Uτ , the function ϕk ∈ F , ϕk ̸= 0
is an eigenfunction of Uτ if

Uτϕk = eλkτϕk,

where λk ∈ C is the associated Koopman eigenvalue.
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The function ϕk is also an eigenfunction of the generator
L when it is an eigenfunction of the Koopman operator, i.e.,

Lϕk = λkϕk,

where λk is the associated eigenvalue of the generator L, and
it belongs to its point spectrum σp(L).

III. THE GENERALIZED SAMPLING THEOREM

A. Signal Class

We address the sampling theorem for signals g(t) belonging
to the generator-bounded space Fe. In this section, we first
present the definition and properties of Fe. The generator-
bounded space Fe is defined as follows.

Definition 2 (Generator-bounded space Fe). The generator-
bounded space Fe is a separable Banach space that satisfies:

1) The space Fe is invariant under the Koopman operator
Uτ , i.e., ∀τ ≥ 0,∀g ∈ Fe, g(t+ τ) ∈ Fe.

2) The generator L|Fe is bounded, i.e., ∥L|Fe∥ =
sup∥g∥=1 ∥g(1)∥<∞, where g(1) is the derivative of g.

Here we show the property that a signal g(t) belonging to
Fe oscillates with a finite frequency and a finite growth rate
of amplitude at t < ∞. Since g ∈ Fe and Fe is an invariant
space of the Koopman operator, the value of the signal g(t)
at t = τ is represented by the Koopman operator Uτ |Fe

, i.e.,

g(τ) = Uτ |Fe
g(0) = eL|Feτg(0).

When Fe is infinite-dimensional, it follows from the functional
calculus that

g(τ) = Uτ |Fe
g(0) =

∫
σ(L|Fe )

eλτE(dλ)g(0), (5)

where E is the resolution of the identity for L|Fe
[24, P.

898]. Besides, when Fe is finite-dimensional, i.e., Fe =
span{ϕ1, . . . , ϕn} with the spectrum σ(L|Fe) = {λk}nk=1,
then g(τ) is determined by

g(τ) = Uτ |Feg(0) =

n∑
k=1

eλkτE(λk)g(0). (6)

Hence the oscillation and growth of amplitude are charac-
terized by the real and imaginary parts of λ ∈ σ(L|Fe

),
respectively. Based on the theorem of spectral radius [23, P.
241], i.e.,

rσ(L|Fe) ≤ ∥L|Fe∥,

where the spectral radius rσ(L|Fe
) := sup{|λ| : λ ∈

σ(L|Fe
)}, we have a bounded spectrum σ(L|Fe

) because
∥L|Fe

∥ < ∞. Hence, the signal g(t) ∈ Fe is “band-limited” in
the sense of Koopman spectrum, which oscillates with a finite
frequency and a finite growth rate of amplitude for t < ∞.

Remark 1. The generator-bounded space Fe is a natural
extension of the band-limited signal space, as it transforms the
characterization of signal properties from the one-dimensional
Fourier frequency ω ∈ R to the richer two-dimensional
Koopman spectrum λ ∈ C. In particular, a band-limited signal
is determined by a limited Fourier frequency domain, which
corresponds to the bounded Koopman spectrum that lies only

Fig. 2. The framework to investigate the sampling theorem of signals by
the Koopman operator. The analysis consists of two steps: (1) Considering
the sampling problem in the generator-bounded space Fe of signal g(t), (2)
obtaining the generator L|Fe uniquely from DT Koopman operator UTs |Fe ,
(3) reconstructing the signal g(t) by the generator L|Fe .

on the imaginary axis of the complex space C. Consequently,
based on the physical interpretation of the Koopman spectrum,
a signal that is “band-limited” in this spectrum suggests a
natural expansion of band-limited signals to much broader
signal classes allowing for non-zero growth rates of amplitude.

B. The lower bound of sampling frequency to avoid aliasing

In this section, we propose the Koopman operator-based
sampling theorem for signals g(t) in the generator-bounded
space Fe. It specifies the lowest sampling frequency of sam-
ples to reconstruct the original signal without aliasing, which
is determined by the imaginary part of the Koopman spectrum.

We analyze the sampling theorem by the Koopman operator
by transforming the one-to-one relationship between the signal
and its samples to that between the generator L|Fe and the DT
Koopman operator UTs |Fe . Specifically, consider the signal
g ∈ Fe and UTs |Fe

defined by the DT flow STs(t) = t+ Ts.
Then UTs |Fe

describes samples of sampling period Ts, i.e.,
UTs |Fe

g(t0) = g(t0 + Ts). By obtaining the generator L|Fe

from UTs |Fe uniquely, the signal g(τ) can be reconstructed by
g(τ) = Uτ |Feg(0) = eL|Feτg(0). In summary, the framework
of the analysis is illustrated in Fig. 2.

For the convenience of proving the main result, we first
introduce the essential lemma to guarantee the uniqueness of
operator logarithm.

Lemma 1 (Principal logarithm [25, Thm 2]). Consider an op-
erator Y ∈ L(X) whose logarithm is well-defined and denote
the principal logarithm of Y as B = Log(Y ). The principal
logarithm B is uniquely obtained, where the spectrum satisfies
σ(B) ⊂ G (π) and G (π) = {z ∈ C : −π < Im(z) < π}.

Based on Lemma 1, here we propose the sampling theorem
for signals belonging to the generator-bounded space Fe.

Theorem 1 (Koopman operator-based sampling theorem).
Consider a signal g(t) belonging to a generator-bounded
space Fe. There is no aliasing of the signal g(t) if and only
if the sampling frequency (rad/s) satisfies

ωs > 2min
Fe

{max |Im(σ(L|Fe
))|}. (7)
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Proof. The samples of g(t) is described by the DT Koopman
operator UTs |Fe , i.e., g((k + 1)Ts) = UTs |Feg(kTs), k ∈ Z.
Since UTs |Fe and its generator L|Fe are both bounded, we
have

UTs |Fe = exp(L|FeTs),

where the exponential is defined by [26, P. 172]. Then L|Fe

can be obtained from UTs |Fe
by operator logarithm [26, P.

172]. However, there are multiple solutions of the logarithm
[26, P. 173], i.e.,

log(UTs |Fe
) = log(exp(L|Fe

Ts)) = L|Fe
Ts + 2πi

∑
k

nkIk,

where nk are integers, Ik denote idemponents, i.e.,
exp(2πiIk) = I , and I denotes the identity operator. Based
on Lemma 1, the generator L|Fe is obtained uniquely from
UTs |Fe if and only if L|FeTs is principal logarithm, i.e.,
L|Fe

Ts = Log(UTs |Fe
). It follows that the spectrum of

TsL|Fe
lies in the strip {z ∈ C : −π < Im(z) < π}, i.e.,

ωs = 2π/Ts > 2max |Im(σ(L|Fe))|. (8)

Since g(τ) = Uτ |Fe
g(0) can be reconstructed if there exists

one Fe such that L|Fe
can be obtained from UTs |Fe

. There-
fore, we only require the “kernel” generator-bounded space

Fγ
e = argmin

Fe

{max |Im(σ(L|Fe
))|}, (9)

to satisfy (8). Then the value of g(t) at t = τ can be
reconstructed by

g(τ) = exp

(
τ

Ts
Log(UTs |Fγ

e
)

)
g(0). (10)

The sampling bound in (7) ensures that g(t) is the unique
function in Fγ

e passing through the samples. When the sam-
pling frequency is too low to satisfy (7), signal aliasing exists.
Specifically, there exists another signal ĝ(t) that generates
all the samples and is characterized by a Koopman spec-
trum whose imaginary part is confined to i[−ωs/2, ωs/2] ⫋
Im(σ(L|Fγ

e
)). This results in a different signal ĝ(t) with

lower oscillation frequency compared to g(t), which will be
illustrated numerically in later sections.

Moreover, the sampling bound ωγ = 2max |Im(σ(L|Fγ
e
))|

is related only to the imaginary part of the Koopman spec-
trum, which reflects the oscillation frequency of the signal.
Therefore, this result coincides with the fact that the oscillation
causes aliasing while amplitude growth rate does not.

Remark 2 (The reason for generalization). The reason why the
Koopman operator-based sampling theorem extends Nyquist-
Shannon sampling theorem is that the two-dimensional Koop-
man spectrum is able to independently characterize the phase
oscillation frequency that causes signal aliasing and the
exponential growth of amplitude that does not. Hence, when
the sampling is fast enough to capture the phase oscillation
of g ∈ Fγ

e whose growth rate is limited at t < ∞, the signal
g(t) can be definitely determined by the samples because it is
the unique solution in Fγ

e that matches g(kTs), k ∈ N.

C. Reconstruction from samples

When the sampling period Ts satisfies (7), we have

exp

(
τ

Ts
Log(UTs |Fγ

e
)

)
= exp(τL|Fγ

e
) = Uτ |Fγ

e
.

It leads (10) to g(τ) = Uτ |Fγ
e
g(0), where τ ≥ 0. Denote

Φ = [φ0, . . . , φM−1] as a set of basis functions of Fγ
e . Since

Fγ
e is invariant under the action of the Koopman operator

(see (9) and Definition 2), we have Uτ |Fγ
e
g = Φc(τ), where

c(τ) = [c1(τ), . . . , cM (τ)]T is the coordinate of Uτ |Fγ
e
g on

the basis Φ. Then we have

g(τ) = Uτ |Fγ
e
g(0) = Φ(0)c(τ), (11)

where the explicit representation of c(τ) is determined by the
specific type of signals and basis Φ.

Hence, the formula (11) implies that the reconstruction of
g may leverage the values of unknown basis functions Φ(0),
even though Theorem 1 guarantees g(t) as the unique function
in Fγ

e passing through all the samples g(kTs). However, the
ability to reconstruct the signal from its samples is the fun-
damental statement of the sampling theorem. Hence, another
requirement and its criterion are presented to ensure that the
signal can be expressed by its samples.

Theorem 2 (Reconstruction requirement). Consider the signal
g ∈ Fγ

e (see (9)) and sampling period Ts = 2π/ωs satisfying
(7). The signal g(t) can be represented by the value of its
samples if {UkTs |Fγ

e
g(t) = g(t+ kTs)}k=0,...,M−1 is a set of

basis functions of Fγ
e .

Proof. The signal can be written as g(t) =
∑M−1

k=0 ck(0)g(t+
kTs), where ck(0) = 1 for k = 0, ck(0) = 0 for k ̸= 0. If
{g(t + kTs)}k=0,...,M−1 is a set of basis functions of Fγ

e , it
follows from Uτ |Fγ

e
g ∈ Fγ

e that for ∀τ ≥ 0,

g(t+τ) = Uτ |Fγ
e

M−1∑
k=0

ck(0)g(t+kTs) =

M−1∑
k=0

ck(τ)g(t+kTs).

(12)
Then g(τ) is represented by its samples by letting t = 0.

Remark 3 (The comparison with shift-invariant (SI) space).
The reconstruction formula (12) seems to be similar with
that of signals in SI spaces, i.e., g(t) =

∑
k∈Z ckφ(t − k),

where φ(t) is a generating function satisfying Riesz basis
condition and the partition of unity [6]. However, these
two formula essentially reconstruct signals from two different
perspectives. Specifically, SI spaces are spanned by known
basis functions {φ(t−k)}k∈Z, which to some extent leverages
signal structure. Then the goal of signal reconstruction is to
recover coefficients {ck}k∈Z from samples {g(kTs)}k∈Z. In
contrast, the formula (12) is built on obtaining the evolution
Uτg(t) = g(t+ τ) for a given t = 0. Leveraging the property
that g(t + τ) ∈ spank=0,...,M−1{g(t + kTs)}, the values of
time-delay functions {g(kTs)}k∈Z at t = 0 are available
samples. Then the values of samples {g(kTs)}M−1

k=0 become
coefficients and {ck(τ)}M−1

k=1 , governed by the Koopman op-
erator, become basis functions in the reconstruction formula.
Therefore, this method reconstructs signals by recovering basis
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functions {ck(τ)}M−1
k=1 by the Koopman operator, with known

coefficients {g(kTs)}M−1
k=0 .

Here we further provide a criterion to determine whether
this requirement (Theorem 2) can be satisfied or not when Fγ

e

is finite-dimensional.

Proposition 1 (Criterion of time-delay basis). Given finite-
dimensional generator-bounded space Fγ

e with a set of basis
function Φ = [φ0, . . . , φM−1]. The time-delay functions {g(t+
kTs)}M−1

k=0 can be basis functions of Fγ
e if and only if

rank[λI − UM ,a] = M

for every eigenvalue λ of UM , where UM denotes the matrix
representation of the Koopman operator UTs |Fγ

e
, and a =

[a0, . . . , aM−1]
T denotes the coordinate of g, i.e., UTs |Fγ

e
Φ =

ΦUM , g = Φa.

Proof. The functions {g(t+ kTs)}M−1
k=0 are basis functions of

spank=0{φk, . . . , φM−1} if and only if {g(t+kTs)}M−1
k=0 are

linearly independent. Since Fγ
e is invariant under the action of

Koopman operator, given basis functions Φ = [φ0, . . . , φM−1]
and signal g = Φa, we have

g(t+ Ts) = UTs |Fγ
e
g(t) = Φ(t)UMa,

where UM ∈ RM×M denotes the matrix representation of
UTs |Fγ

e
, a ∈ RM×1 denotes the coordinate of g on the basis

Φ. Then the linearly independence of {g(t+kTs)}k=0,...,M−1

is equivalent to

rank[a, UMa, . . . , UM−1
M a] = M. (13)

This requirement is equivalent to ensuring that the linear
system defined by UM and a, i.e., ẋ(t) = UMx(t) + au(t),
is controllable [27, Theorem 12.1, Page 149]. Based on the
Popov-Belevitch-Hautus test for controllability [27, Theorem
12.3, Page 152], the necessary and sufficient condition of (13)
is rank[λI−UM ,a] = M for every eigenvalue λ of UM .

Although the criterion for finite-dimensional Fγ
e is proposed

by Proposition 1, it is still challenging to derive a similar result
for signals in infinite-dimensional space. In particular, the
Popov-Belevitch-Hautus test used in the proof of Proposition 1
remains an unsolved problem for infinite-dimensional systems
in the mathematical control field [28].

To further illustrate the Koopman operator-based sampling
theorem, we present two spaces of signals as examples of
infinite-dimensional and finite-dimensional generator-bounded
space Fe in the following, of which non-periodic and periodic
band-limited signals are proved to be their special cases.

IV. INFINITE-DIMENSIONAL SIGNAL SPACE

Since Laplace transform is both a powerful tool in sig-
nal processing and a natural extension from Fourier trans-
form, here we consider inverse Laplace-type signal g(t) =
1
2π

∫ c

−c
G(ω)e(α+iω)tdω, where G(ω) ∈ L2[−c, c], c ≥ 0, as

an example in infinite-dimensional Fe, which is common in
the field of engineering.

A. Inverse Laplace-type signal

By the definition of the signal g(t), it belongs to the
space

{
g(t) = 1

2π

∫ c

−c
G(ω)e(α+iω)tdω : G(ω) ∈ L2[−c, c]

}
.

To prove that this space is a generator-bounded space, we first
introduce a lemma.

Lemma 2 (Parseval’s Theorem). For the function g0(t) =
1
2π

∫ c

−c
G(ω)eiωtdω, we have∫ ∞

−∞
|g0(t)|2dt =

1

2π

∫ c

−c

|G(ω)|2dω,

where G(ω) is the Fourier transform of g0(t).

Proposition 2 (Inverse Laplace-type signal). The space of
inverse Laplace-type signals

Fe =

{
g(t) =

1

2π

∫ c

−c

G(ω)e(α+iω)tdω : G(ω) ∈ L2[−c, c]

}
,

(14)
where c > 0, α ∈ R, is a generator-bounded space.

Proof. We first prove that Fe given by (14) is a Hilbert space.
For ∀g ∈ Fe, we can write it as follows

g(t) = eαtg0(t),

where g0(t) belongs to the traditional band-limited space, i.e.,{
g0(t) =

1

2π

∫ c

−c

G(ω)eiωtdω : G(ω) ∈ L2[−c, c]

}
⊂ L2.

Hence, the space (14) is a Hilbert space with the weighted
L2(e−2αt) norm ∥·∥. Then we show that the Koopman operaor
Uτ is invariant on Fe. For ∀τ > 0,∀g ∈ Fe, we have

Uτg(t) = g ◦ Sτ (t) =
1

2π

∫ c

−c

G(ω)e(α+iω)τe(α+iω)tdω.

It follows that Uτg ∈ Fe because e(α+iω)τG(ω) ∈ L2[−c, c].
Here we prove that the restriction of the generator L|Fe

is
bounded. It follows from the definition of the generator that
L|Feg(t) = g(1)(t), where g(1)(t) denotes the derivative, i.e.,

g(1)(t) = g
(1)
0 (t)eαt + αeαtg0(t)

Hence, we have g(1)(t)e−αt = g
(1)
0 (t) + αg0(t). The Fourier

transform of g(1)(t)e−αt is (iω+α)G(ω), where G(ω) is the
Fourier transform of g0(t) = 1

2π

∫ c

−c
G(ω)eiωtdω. It follows

from Lemma 2 that

∥g(1)0 + αg0∥22 =
1

2π

∫ c

−c

(ω2 + α2)|G(ω)|2dω

≤ (c2 + α2)

2π

∫ c

−c

|G(ω)|2dω = (c2 + α2)∥g0∥22,
(15)

where ∥ · ∥2 denotes the L2 norm. Then we have

∥L|Fe∥ = sup
∥g∥=1

∥L|Feg∥ = sup
∥g0∥2=1

∥g(1)e−αt∥2

= sup
∥g0∥2=1

∥g(1)0 + αg0∥2 ≤
√

c2 + α2.

Based on this Proposition, the space of band-limited signal
g0(t) is a special case of generator-bounded space (α = 0).
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Remark 4 (Other examples of generator-bounded space).
Besides the space of inverse Laplace-type signals, there are
other types of infinite-dimensional generator-bounded space.
For example, the Zakai’s class of signals forms a generator-
bounded space, i.e.,

F(c, δ) =
{
g = g ∗ h : g ∈ L2

(
(1 + t2)−1

)
,

h(t) =
1

2π

∫ ∞

−∞
H(ω)eiωtdω

}
,

where

H(ω) =


1 |ω| ≤ c,

1− |ω|−c
δ c < |ω| ≤ c+ δ,

0 |ω| > c+ δ.

The proof can be found in the Appendix A (Proposition 9).
Moreover, based on this result, its generalized version, i.e.,

F(c, δ, α) = {g(t) = eαtg0(t) : g0 ∈ F(c, δ), α ∈ R},

can also be proved as a generator-bounded space in a similar
manner by considering the norm ∥g∥ =

√∫∞
−∞

|g(t)e−αt|2
1+t2 dt.

B. Sampling and reconstruction for inverse-Laplace of signals

In the following, we analyze the Koopman spectrum
σ(L|Fe) for the space Fe given by (14).

Proposition 3. Consider the generator-bounded space Fe

given by (14). The Koopan spectrum is σ(L|Fe
) = α+i[−c, c].

Proof. The proof will be given in Appendix B.

According to on Proposition 3 and Theorem 1, the sampling
bound of the inverse Laplace-type signal can be directly
obtained, i.e., ωs > 2c (rad/s). In fact, the imaginary part
of σ(L|Fe

) is closely related to the Fourier frequency. In
particular, when α = 0, the inverse Laplace-type signal
is reduced to the non-periodic band-limited signal g(t) =
1
2π

∫ c

−c
G(ω)eiωtdω, where G(ω) ∈ L2[−c, c]. In this case, the

Koopman spectrum is restricted to the imaginary axis and is
consistent with the Fourier spectrum, i.e., σ(L|Fe

) = i[−c, c].
Then the conclusion of Theorem 1 is consistent with Nyquist-
Shannon sampling theorem.

Now we proceed to present the reconstruction formula of
this type of signals from the Koopman operator perspective.

Proposition 4. Consider an inverse Laplace-type signal
g(t) = 1

2π

∫ c

−c
G(ω)e(α+iω)tdω, where G(ω) ∈ L2[−c, c], c >

0, α ∈ R. Given Ts satisfying Theorem 1 (i.e., Ts < π/c), we
have

g(τ) =

∞∑
k=−∞

g(kTs)e
α(τ−kTs)

sin(π/Ts(τ − kTs))

π/Ts(τ − kTs)
. (16)

Proof. We have

Uτg(t) = g(t+ τ) =
1

2π

∫ c

−c

G(ω)e(α+iω)te(α+iω)τdω.

(17)

The function eiτω can be expressed as a Fourier series on
[−π/Ts, π/Ts], i.e.,

eiτω =

∞∑
k=−∞

ck(τ)e
ikTsω, (18)

where the coefficient is ck(τ) = sin(π/Ts(τ−kTs))
π/Ts(τ−kTs)

. Since
[−c, c] ⊂ [−π/Ts, π/Ts] by Theorem 1, substituting (18) into
(17) gives

g(t+ τ) =

∞∑
k=−∞

eα(τ−kTs)
ck(τ)

2π

∫ c

−c

G(ω)e(α+iω)(t+kTs)dω

=

∞∑
k=−∞

ck(τ)e
α(τ−kTs)g(t+ kTs).

Then the reconstruction formula can be obtained by letting
t = 0, i.e., ∀τ > 0,

g(τ) =

∞∑
k=−∞

sin(π/Ts(τ − kTs))

π/Ts(τ − kTs)
eα(τ−kTs)g(kTs).

This proof is similar to Papoulis’ proof [29], and the formula
(16) can be reduced to the classical form (1) for band-limited
signals (α = 0). Moreover, the reconstruction formula of a
generalized version of Zakai’s class [4] can also be derived
similarly (see Appendix C). Based on Proposition 4, the
truncation error of inverse Laplace-type signal is given as
follows.

Proposition 5 (Truncation error). Consider N > 0, Ts < π/c,
and the truncation error of g(t) given by

e(t) = g(t)−
N∑

n=−N

g(nTs)
eα(t−nTs) sin((π/Ts)(t− nTs))

(π/Ts)(t− nTs)
.

(19)
Let K(t) be an integer nearest to the truncation error obser-
vation time t, i.e., t/Ts − 1/2 < K(t) < t/Ts + 1/2, and N1

and N2 be the number of samples available to the left and to
the right of K(t) in the finite approximation. We have

|e(t)| ≤ 2(Ec/π)1/2eαt| sin(πt/Ts)|
π(π − cTs)

(
1

N1
+

1

N2

)
, (20)

where E =
∫∞
−∞ |g0(t)|2dt < ∞.

Proof. The inverse Laplace-type signal can be written as

g(t) = eαtg0(t), (21)

where g0(t) =
1
2π

∫ c

−c
G(ω)eiωtdt is a band-limited signal. It

leads to e(t) = eαte0(t), where

e0(t) = g0(t)−
N∑

n=−N

g0(nTs)
sin((π/Ts)(t− nTs))

(π/Ts)(t− nTs)
(22)

denotes the truncation error of g0(t) that has been well studied
[30], [31]. Since G(ω) ∈ L2[−c, c], the bound (20) can be
obtained by leveraging the bound of e0(t) under the constraints
on signal energy E =

∫∞
−∞ |g0(t)|2dt < ∞ [30].
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It should be noted that there are still open problems con-
cerning the tight bounds of truncation error. In particular, when
Ts < π/c, the truncation error can be further reduced by in-
troducing sampling windows f(t) that have been investigated
for band-limited g0(t) [32]. The reconstruction formula then
becomes

g(t) =

N∑
n=−N

g(nTs)
eα(t−nTs) sin((π/Ts)(t− nTs))

(π/Ts)(t− nTs)
f(t−kTs),

where f(t) is band-limited to π/Ts − c and f(0) = 1. To
achieve fast convergence of the reconstruction error, extensive
research has been conducted on f(t), such as [33]–[35].

V. FINITE-DIMENSIONAL SIGNAL SPACE

Here we analyze an example of signals that belong to finite-
dimensional Fe. Since polynomials and exponential functions
can represent a wide class of functions, we consider linear
combinations of polynomial and complex exponential signal
g(t) =

∑m
k=1

∑bk
l=0 ak,lt

leλkt where ak,l ∈ R, ak,bk ̸=
0, λk ∈ C, bk ∈ N.

A. Polynomial and exponential signals

By the definition of g(t), it belongs to the space
span{g1,0(t) = eλ1t, g1,1(t) = teλ1t, . . . , g1,b1(t) = g2,0(t) =
eλ2t, . . . , gm,bm(t) = tbmeλmt. In the following, we prove that
it is a generator-bounded space, of which periodic band-limited
signals are a special case (ℜ(λk) = 0, bk = 0,∀k = 1. . . . ,m).

Proposition 6 (Polynomial and exponential signals). The
space of polynomial and exponential signals

Fe = span{eλ1t, teλ1t, . . . , tb1eλ1t, eλ2t, . . . , tbmeλmt}.
(23)

is a generator-bounded space.

Proof. Firstly, the space Fe is a Banach space because it
is spanned by finite number of basis functions. Additionally,
∀g ∈ Fe, i.e., g(t) =

∑m
k=1

∑bk
l=0 ak,lt

leλkt, we have

Uτg(t) =

m∑
k=1

bk∑
l=0

l∑
n=0

ak,lC
n
l τ

neλkτ tl−neλkt ∈ Fe.

Hence, it is an invariant space of Uτ . Restricted in this finite-
dimensional space, the generator is bounded because of its
linearity.

B. Sampling and reconstruction for polynomial and exponen-
tial signals

Then we analyze the associated Koopman spectrum to
present the sampling bound by Theorem 1.

Proposition 7. Consider the generator-bounded space Fe

given by (23). The Koopman spectrum is σ(L|Fe
) = {λk}mk=1.

Proof. The proof will be given in Appendix D.

It follows from Proposition 7 and Theorem 1 that the
sampling bound of g(t) is ωs > 2maxk |Im(λk)| (rad/s). In
particular, periodic band-limited signal is a special case of this

signal class, i.e., ∀k = 1, . . . ,m, bk = 0 and λk = iβk, βk ∈
R. In this case, the Koopman (point) spectrum σ(L|Fe) is
restricted to the imaginary axis, i.e., σ(L|Fe) = {iβk}mk=1,
which is consistent with the Fourier frequency. Then we can
also find that the conclusion of Theorem 1 is consistent with
the Nyquist-Shannon sampling theorem for these periodic
band-limited signals.

In the following, we proceed to present the formula repre-
sented by samples for this type of signals.

Proposition 8. Consider the polynomial and exponential sig-
nal g(t) =

∑m
k=1

∑bk
l=0 ak,lt

leλkt, where ak,l ∈ R, ak,bk ̸=
0, λk ∈ C, bk ∈ N, and Ts satisfying Theorem 1
(i.e., Ts < π/maxk |Im(λk)|). Denote the basis Φ(t) =
[tb1eλ1t, . . . , eλ1t, . . . , eλmt] and the transition matrix Q such
that [g(t), . . . , g(t+ (M − 1)Ts)] = Φ(t)Q. We have

g(τ) = [g(0), . . . , g((M − 1)Ts)]Q
−1U

τ

MQc(0), (24)

where M = m+
∑m

k=1 bk, c(0) = [1, 0, . . . , 0]T ,

U
τ

M =

U
τ

b1
. . .

U
τ

bm

 , (25)

and U
τ

bk
∈ R(bk+1)×(bk+1) for ∀k = 1, . . . ,m, i.e.,

U
τ

bk
=


eλkτ

C1
bk
τeλkτ eλkτ

...
...

. . .
Cbk

bk
τ bkeλkτ Cbk−1

bk−1τ
bk−1eλkτ . . . eλkτ

 .

Proof. The matrix representation of the Koopman operator
U

τ

M ∈ RM×M is given by (25) on the basis Φ(t), i.e.,

UτΦ = ΦU
τ

M .

The lower triangular matrix U
τ

M has distinct eigenvalues
{eλkTs}mk=1 when Ts satisfies (7). Based on the basis Φ,
the coordinate of g is a = [aT

1 , . . . ,a
T
m]T , where aT

k =
[ak,bk , . . . , ak,0] for ∀k = 1, . . . ,m. Then it can be proved
that rank[λkI − U

Ts

M ,a] = M . It follows from Proposition
1 that {g(t), . . . , g(t + (M − 1)Ts)} is a set of basis func-
tions and transition matrix Q = [s(0), s(Ts), . . . , s((M −
1)Ts)] is invertible, where s(τ) = [sT1 , . . . , s

T
m]T , sk =

[sk,0, . . . , sk,bk ]
T , sk,p(τ) =

∑bk
l=bk−p C

bk−p
l ak,lτ

l−bk+peλkτ

for ∀k = 1, . . . ,m, p = 0, . . . , bk. Hence, for g(t) =
[g(t), . . . , g(t+ (M − 1)Ts)]c(0), we have

Uτg(t) = [g(t), . . . , g(t+ (M − 1)Ts)]U
τ
c(0)

= [g(t), . . . , g(t+ (M − 1)Ts)]Q
−1U

τ

MQc(0),
(26)

where c(0) = [1, 0, . . . , 0]T and U
τ

represents the matrix
representation of Uτ on basis [g(t), . . . , g(t + (M − 1)Ts)].
Then the result (24) can be obtained by letting t = 0.

VI. RECONSTRUCTION METHOD

To numerically illustrate the sampling theorem, we propose
a Koopman operator-based reconstruction method (KR) with
theoretical convergence in this section. This algorithm is
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developed based on the reconstruction formula (12). While
the derivation of explicit reconstruction formula depends on
the specific signal type (e.g., Proposition 4 and Proposition 8),
this algorithm does not rely on prior knowledge of the signal.
Specifically, the values of ck(τ), τ > 0 in (12) are computed
using the Koopman operator identified from available samples.

A. Description of the method

This method is applicable under the assumption that time-
delay functions can be basis functions of Fγ

e as required in
Theorem 2, which ensures that the signal can be represented
by its samples. The main idea is to compute the evolution
of g(t) under the action of Uτ . Inspired by Theorem 2, we
first lift data to functional space FM spanned by M time-
delay functions of g(t). Then we reconstruct the signal g(t)
by approximating the CT Koopman operator. The steps are
given as follows.

1) Lift data to functional space: With the sampling period
Ts, we have the DT values of the signal {g(kTs)}N−1

k=0 .
Consider the functional space FM spanned by M time-delay
functions, i.e., FM = span{g, UTsg, . . . , U (M−1)Tsg}, where
UkTsg(t) = g(t+kTs). Then we construct the Hankel matrices
X,Y ∈ R(N−M)×M (N ≥ 2M) as follows.

X =

 g(0), . . . , g((M − 1)Ts)
...

. . .
...

g((N −M − 1)Ts), . . . , g((N − 2)Ts)

 ,

Y =

 g(Ts), . . . , g(MTs)
...

. . .
...

g((N −M)Ts), . . . , g((N − 1)Ts)

 .

Remark 5 (The choice of M ). Theoretically, the number of
time-delay basis functions M should be equal to the dimension
of Fγ

e to form a set of basis. In numerical practice, M can be
approximated by applying the singular value decomposition
(SVD) on

X1 =

 g(0), . . . , g((K − 1)Ts)
...

. . .
...

g((N −K − 1)Ts), . . . , g((N − 2)Ts)

 ,

where K is large enough and N ≥ 2K. Since singular
values indicate the linear independence of column vectors and
each column vector of X1 represents values of a time-delay
function, the dimension of the functional space FM can be
approximated by counting the number of singular values that
do not seem to decay to zero. Specifically, we can set a hard
thresholding of singular values (e.g., 1e-10 as in [36]), to
count the number of non-zero singular values. Then we choose
suitable M such that the constructed matrix [X](N−M)×M

also has the same number of non-zero singular values.

2) Approximate the Koopman operator and its generator:
Here we identify the finite-rank approximation of the DT
Koopman operator and its generator, which are represented
by the following matrices:

U
Ts

= X†Y, (27)

L = log(U
Ts
)/Ts. (28)

Then we approximate the matrix representation U
τ

of the CT
Koopman operator Uτ on FM based on L, i.e.,

U
τ
= exp(τL). (29)

The log and exp functions in (28) and (29) are calculated
based on the definitions of exponential and logarithmic matrix
functions [37, Page 59], i.e.,

log(U
Ts
) ≡

∞∑
k=1

(−1)k+1

k
(U

Ts − I)k,

exp(τL) ≡
∞∑
k=0

1

k!
(τL)k.

In practice, the evaluation of matrix logarithm and exponential
in (28) and (29) requires efficient algorithms. In the field
of numerical linear algebra, numerous approaches have been
developed that are tailored to specific types of matrices [38]–
[40]. Here, we use the matrix logarithm algorithm described
in [41] and the matrix exponential algorithm described in
[42]. These algorithms are implemented in MATLAB as the
functions logm and expm, respectively.

3) Reconstruct the signal: Finally, we reconstruct the signal
by the approximated Koopman operator. With the time-delay
basis function, we have

g(τ) = Uτ [g(0), . . . , g((M − 1)Ts)]e1,

where e1 = [1, 0, . . . , 0]T . Then we reconstruct the signal by

ĝ(τ) = g(0)(U
τ
e1),

where g(0) = [g(0), g(Ts), . . . , g((M − 1)Ts)].

Remark 6 (Connection with Koopman operator-based method
for system identification). This approach for signal recon-
struction is analogous to the Koopman operator-based method
of identifying nonlinear system [43]. Both methods approx-
imate the Koopman operator in the lifted functional space
FM . However, the basis function g(t) in FM is unknown
for signal reconstruction, which is intended to be recovered
through the flow of time Sτ (t) = t+τ . In contrast, for system
identification, all basis functions in FM can be represented
analytically and but the flow is unknown. By lifting to the
chosen FM , the unknown flow Sτ (x) of system states x can
be recovered from samples {x(kTs)}k∈Z.

Remark 7 (Connection with Prony’s method [44]). Both
the KR method and Prony method can reconstruct signals
composed of exponential functions, i.e., g(t) =

∑M
k=1 Ake

λkt.
To reconstruct this signal, these two methods require the
same minimum number of samples, i.e., 2M . However, the
applicability of the KR approach extends beyond Prony’s
method, accommodating not only exponential signals but also
polynomial ones. Specifically, Prony’s method requires finding
the roots of a polynomial, which is derived based on properties
of exponential signals. In contrast, the KR method reconstructs
them based on the linearity of the Koopman operator, which
does not depend on specific signal properties and holds for
all types of signals within generator-bounded spaces.
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B. Theoretical convergence

In this section, we prove the convergence of the algorithm
proposed in Section VI-A in the optimal conditions.

For brevity, we use Uτ : Fγ
e → Fγ

e to denote the
Koopman operator defined on Fγ

e , L to denote its generator,
ÛTs

M (N) : FM → FM to denote the finite-approximation of
Koopman operator from N samples, PM to denote the projec-
tion operator onto FM , and Uτ

M = PMUτ |FM
: FM → FM

to denote the projection of the Koopman operator onto FM .
Here we show the representation of the reconstruction error

by the Koopman operator. The signal value g(τ) can be
represented as

g(τ) = Uτg(0).

Since g ∈ FM , the reconstructed signal is computed as

ĝ(τ) = exp

(
τ

Ts
Log ÛTs

M (N)

)
g(0).

Then the reconstruction error can be measured as∥∥∥∥Uτg − exp

(
τ

Ts
Log ÛTs

M (N)

)
g

∥∥∥∥ . (30)

To prove its convergence, we first show the continuity of
exponential and logarithm of linear bounded operators, whose
proofs are given in Appendix E and Appendix F.

Lemma 3 (Continuity of operator exponential). Consider
bounded operators A,An ∈ L(X). If limn→∞ ∥(A−An)g∥ =
0, ∀g ∈ X , then

lim
n→∞

∥(expA− expAn)g∥ = 0.

Lemma 4 (Continuity of operator logarithm). Consider
bounded operators A,An ∈ L(X). If limn→∞ ∥(A−An)g∥ =
0,∀g ∈ X , then

lim
n→∞

∥(logA− logAn)g∥ = 0,

where the logarithm is defined as

logA =
1

2πi

∫
+∂Ω

log λ (λI −A)−1dλ,

and +∂Ω is a smooth, positively oriented boundary of Ω ⊂ C
that σ(A)∪σ(An) ⊂ Ω. Noted that the argument of λ ∈ +∂Ω,
i.e., arg λ, is single-valued.

Now we are ready to prove the convergence of the recon-
struction over a finite time horizon.

Theorem 3 (Convergence). Assume {UkTsg}Kk=0 being a set
of basis functions of Fγ

e for some K (K can be ∞). Consider
FM = span{g, g(t+ Ts), . . . , g((M − 1)Ts)} and g ∈ Fγ

e =
L2[0, Tmax], τ ∈ [0, Tmax], where Tmax > 0. If the sampling
frequency satisfying ωs > 2max |Im(σ(L))| (rad/s), we have

lim
M→∞

lim
N→∞

∥∥∥∥{Uτ − exp

(
τ

Ts
Log ÛTs

M (N)

)}
g

∥∥∥∥ = 0.

Particularly, when FM = Fγ
e and the sampling frequency

ωs > 2max |Im(σ(L))| (rad/s), we have

lim
N→∞

∥∥∥∥{Uτ − exp

(
τ

Ts
Log ÛTs

M (N)

)}
g

∥∥∥∥ = 0.

Proof. When ωs > 2max |Im(σ(L))|, it follows from Lemma
1 that LTs is the principal logarithm of UTs , i.e.,

L =
1

Ts
Log UTs ,

where Ts = 2π/ωs. Since ∥Uτ∥ < ∞, it follows that∥∥∥∥{Uτ − exp

(
τ

Ts
Log ÛTs

M (N)

)}
g

∥∥∥∥
=

∥∥∥∥{exp( τ

Ts
Log UTs

)
− exp

(
τ

Ts
Log ÛTs

M (N)

)}
g

∥∥∥∥
≤
∥∥∥∥{exp( τ

Ts
Log UTs

)
− exp

(
τ

Ts
Log (PMUTsPM )

)}
g

∥∥∥∥
+

∥∥∥∥{exp( τ

Ts
Log (PMUTsPM )

)
− exp

(
τ

Ts
Log UTs

M

)}
g

∥∥∥∥
+

∥∥∥∥{exp( τ

Ts
Log UTs

M

)
− exp

(
τ

Ts
Log ÛTs

M (N)

)}
g

∥∥∥∥ .
Here we show that these three terms in the last inequality

tend to zero as N → ∞ and M → ∞ for Fγ
e = L2[0, Tmax].

Since the identified Koopman operator ÛTs

M (N) conveges to
UTs

M as N → ∞ for any norm [45], we have

lim
N→∞

∥UTs

M g − ÛTs

M (N)g∥ = 0, ∀g ∈ FM .

It follows from Lemma 4 that

lim
N→∞

∥LogUTs

M g − LogÛTs

M (N)g∥ = 0.

By Lemma 3 and τ < ∞, we have

lim
N→∞

∥∥∥∥{exp( τ

Ts
Log UTs

M

)
− exp

(
τ

Ts
Log ÛTs

M (N)

)}
g

∥∥∥∥
= 0.

Since the projection operator PM converges to identity
operator I in the strong operator topology as M → ∞. So
we have, for ∀g ∈ FM ,

lim
M→∞

∥∥(UTs − PMUTsPM )g
∥∥

≤ lim
M→∞

{∥∥(UTs − PMUTs)g
∥∥+ ∥∥(PMUTs − PMUTsPM )g

∥∥}
= lim

M→∞

{∥∥(I − PM )UTsg
∥∥+ ∥∥PMUTs(I − PM )g

∥∥} = 0.

Additionally, it follows from PMg = g, UTs

M g = PMUTsg
for ∀g ∈ FM that

lim
M→∞

∥∥∥(PMUTsPM − UTs

M )g
∥∥∥ = 0.

Based on Lemma 3–4, it follows that∥∥∥∥{exp( τ

Ts
Log UTs

)
− exp

(
τ

Ts
Log (PMUTsPM )

)}
g

∥∥∥∥
tends to zero as M → ∞, and∥∥∥∥{exp( τ

Ts
Log (PMUTsPM )

)
− exp

(
τ

Ts
Log UTs

M

)}
g

∥∥∥∥
tends to zero as M → ∞. Therefore, we have

lim
M→∞

lim
N→∞

∥∥∥∥{Uτ − exp

(
τ

Ts
Log ÛTs

M (N)

)}
g

∥∥∥∥ = 0.
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Particularly, when FM = Fγ
e , i.e., the dimension of Fγ

e is M ,
we have PM = I . It can be proved similarly that

lim
N→∞

∥∥∥∥{Uτ − exp

(
τ

Ts
Log ÛTs

M (N)

)}
g

∥∥∥∥ = 0.

VII. NUMERICAL EXAMPLES

In this section, we illustrate Theorem 1 numerically by re-
constructing four types of band-limited and non-band-limited
signals using KR method given in Section VI. Specifically,
we aim to show that the signal can be successfully recovered
when (7) is satisfied; otherwise, signal aliasing exists. Hence,
the reconstruction method needs to be effective even when the
sampling frequency approaches the sampling bound, which is
the reason why we choose the KR method. Its advantage of
reconstructing signals when sampling is not fast enough will
be shown by the comparisons with the methods of cubic spline
interpolation, piecewise cubic Hermite interpolation (PCHIP),
and polynomial curve fitting. Moreover, the reconstruction
behavior in the presence of noise is also analyzed. In the
following, we first present the examples of signals.

a) Band-limited signal:

g(t) = − cos(2t) + cos(0.5t+ π/2) + 1.5 cos(4t+ π/3).

b) Non-band-limited exponential signal:

g(t) = e−t cos(4t+ π/6) + e−0.5t cos(2t).

c) Non-band-limited polynomial signal:

g(t) = t cos(4t+ π/3).

d) Non-band-limited exponential and polynomial signal:

g(t) = te−t cos(4t+ π/3).

Although these signals can also be reconstructed by many
other methods, we choose the KR method because it re-
mains effective for signal reconstruction when the sampling
period approaches the bound, which helps illustrate Theorem
1 numerically. To demonstrate this advantage, we first show
the comparison of reconstruction error with interpolation and
fitting methods. The experimental setup of KR method is
given in Table I, where the the number of basis functions
is selected according to Remark 5. The sampling condition
of these signals is ωs > 8 rad/s and the critical sampling
period is Tγ ≈ 0.785s, as analyzed according to Proposition
3, Proposition 7 and Theorem 1. We collect samples with
growing sampling periods that satisfy Ts < Tγ to compare the
behavior of reconstruction methods. Using the same samples,
the reconstruction errors are illustrated respectively in Fig.
3–Fig. 6 for these four signals a)-d), where the top, middle,
and bottom subgraphs represent the cases when the sampling
periods are 0.2s, 0.4s, and 0.6s, respectively. In these figures,
blue, orange, yellow and purple lines represent the reconstruc-
tion error of cubic spline interpolation, PCHIP, polynomial
curve fitting of degree 12, and KR method, respectively. It
shows that, compared to the KR method, the reconstruction
errors of these three methods become non-negligible as the
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(c)
Fig. 3. Reconstruction of the band-limited signal from samples of sampling
period Ts = 0.2s (a), Ts = 0.4s (b), and Ts = 0.6s (c).

sampling period increases. In contrast, the KR method shows
robustness against the increase of the sampling period. Hence,
it can distinguish the error caused by the method itself and the
error due to signal aliasing when the sampling period exceeds
the critical sampling period Tγ .

Hence, we proceed to illustrate Theorem 1 using the KR
method. Fig. 7–Fig. 10 show the results of signal reconstruc-
tion of these four signals, where the sampling periods are
chosen to be 0.78s and 0.79s, both close to the sampling
bound Tγ ≈ 0.785s given by Theorem 1. In these figures,
the samples, true signal g(t), and reconstructed signal ĝ(t)
are denoted as triangles, blue lines, and orange dashed lines,
respectively. It shows that, even though the sampling period Ts

is very closed to Tγ , the recovered signal is almost identical to
the truth when Ts < Tγ as shown in Fig. 7a–Fig.10a. More-
over, the reconstruction fails when the sampling condition is
not satisfied as shown in Fig. 7b–Fig. 10b. Specifically, when
the sampling period Ts = 0.79s slightly exceeds Tγ ≈ 0.785,
the reconstructed signal is distinctly different from the true
signal but still passing through the samples. Therefore, signal
aliasing exists when the sampling condition is not satisfied,
which is consistent with Theorem 1.

However, samples are inevitably corrupted with noise in
practice. To numerically analyze the behavior of KR method in
this case, we reconstruct these four signals a)–d) from samples
with white noise. To tolerate the perturbations in the KR
method, we sample signals with a sampling period Ts = 0.3s.
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TABLE I
SETUP OF SIGNAL RECONSTRUCTION

Signals Critical sampling period (s) Number of basis functions Number of samples

a) Band-limited signal π/4 6 20
b) Exponential signal π/4 4 20
c) Polynomial signal π/4 6 20

d) Exponential and polynomial π/4 8 20
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(c)
Fig. 4. Reconstruction of the signal with exponential growth from samples
of sampling period Ts = 0.2s (a), Ts = 0.4s (b), and Ts = 0.6s (c)

Moreover, we use τ ∈ [0, Ts) and all the available samples
for the signal reconstruction, i.e, [g(kTs + τ), . . . , g((k +
M − 1)Ts + τ)] = [g(kTs), . . . , g((k + M − 1)Ts)]U

τ
.

The reconstruction results are shown in Fig. 11– Fig.14
for these four signals, where the top, middle, and bottom
subgraphs represent the cases when the signal-to-noise ratio
(SNR) is 30, 20, and 10, respectively. The grey, blue, and
dashed orange lines denote the noisy gn(t), clean g(t), and
reconstructed signal ĝ(t), respectively. The triangles denote
the noisy samples. These results show that the KR method
can reconstruct signals when SNR = 30. Even when the
noise is strong (SNR = 10, 20), the reconstructed signal can
still maintain the original signal’s evolution trend. Hence, it
suggests that this method is able to tolerate a certain level of
white noise. Intuitively, this robustness can be attributed to the
KR method’s emphasis on capturing the overall characteristics
of the signal, which helps mitigate the adverse effects of
sample noise. Specifically, when a signal is recovered using
this method, its amplitude growth and oscillation frequency
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0 2 4 6 8 10 12
0

10

20

(c)
Fig. 5. Reconstruction of the signal with polynomial growth from samples
of sampling period Ts = 0.2s (a), Ts = 0.4s (b), and Ts = 0.6s (c)

are determined by the spectral properties of the Koopman
generator, which are identified from the samples. As long as
the noisy samples do not obscure the overall trend of the
original signal, the identified generator’s spectrum remains
close to the truth. Consequently, the reconstructed signal
retains characteristics similar to those of the original.

VIII. CONCLUSIONS

Firstly, a generalized sampling theorem is proposed for
signals in a generator-bounded space by the Koopman op-
erator theory. This result shows that the sampling bound is
determined by the imaginary part of the Koopman spectrum.
Through the generalization from the one-dimensional Fourier
spectrum to two-dimensional Koopman spectrum, it gives
a finite bound of sampling rate for many non-band-limited
signals, making the Nyquist rate a special case. Secondly,
the reconstruction formula is theoretically investigated, re-
vealing that it can reduce to classical forms for certain
signals, such as band-limited signals and Zakai’s class of
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Fig. 6. Reconstruction of the signal with exponential and polynomial growth
when sampling periods are Ts = 0.2s (a), Ts = 0.4s (b), and Ts = 0.6s (c)
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Fig. 7. Reconstruction of the band-limited signal from the samples of
sampling period Ts = 0.78s (a), and Ts = 0.79s (b).
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Fig. 8. Reconstruction of the signal with exponential growth from the samples
of sampling period Ts = 0.78s (a), Ts = 0.79s (b).
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Fig. 9. Reconstruction of the signal with polynomial growth from the samples
of sampling period Ts = 0.78s (a), Ts = 0.79s (b).

signals. For numerical illustration, the KR method is provided
with theoretical convergence, which illustrates the generalized
sampling theorem on several signals related to band-limited,
exponential, and polynomial functions. Moreover, this method
exhibits robustness against low sampling frequency and noise.

Several extensions could further advance the application of
operator theory in sampling problems, which we consider a
promising direction for future work. Firstly, addressing data
noise within the Koopman operator framework remains a
critical issue. In general, smoothing and filtering are required
because interpolating noisy data is dangerous [46], [47]. There
are numerous studies focusing on characterizing and correcting
the effects of data noise in Koopman spectral analysis (e.g.,
[48], [49]). Building on these studies, integrating techniques
such as Kalman filtering and smoothing into the Koopman
operator framework would be beneficial for identifying the
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Fig. 10. Reconstruction of the signal with polynomial and exponential growth
from the samples of sampling period Ts = 0.78s (a), Ts = 0.79s (b).
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Fig. 11. The reconstruction of the band-limited signal by KR method in the
presence of noise with SNR = 30 (a), SNR = 20 (b), SNR = 10 (c).
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Fig. 12. The reconstruction of the signal with exponential growth by KR
method when SNR = 30 (a), SNR = 20 (b), SNR = 10 (c).
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Fig. 13. The reconstruction of the signal with polynomial growth by KR
method when SNR = 30 (a), SNR = 20 (b), SNR = 10 (c).
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Fig. 14. The reconstruction of the signal with exponential and polynomial
growth by KR method when SNR = 30 (a), SNR = 20 (b), SNR = 10 (c).

Koopman operator from noisy data, thereby enhancing the
robustness of signal reconstruction approach. Secondly, the
sampling of stochastic signals is of great importance and
can be explored through the lens of the stochastic Koopman
operator [50] or the Frobenius-Perron operator [51], which is
adjoint to the Koopman operator. Thirdly, irregular sampling
and missing values present another problem for research. From
the Koopman operator perspective, this could be studied by ap-
proximating the infinitesimal generator using the Hille-Yosida
theorem [52, Page 8-13], rather than through the operator
logarithm, as numerically implemented in [53]. Considering
these aspects, Koopman operator theory has great potential
for studying more comprehensive sampling methodology and
theory.

APPENDIX A
OTHER EXAMPLES OF GENERATOR-BOUNDED SPACE

Lemma 5. Let f ∈ L2([0, b],R) and its derivative f (1) ∈
L2([0, b],R). We have

|f(0)|2 ≤ 2

b

∫ b

0

|f(t)|2dt+ 2b

∫ b

0

|f (1)(t)|2dt.

Proof. By the fundamental theorem of calculus, for ∀x ∈
[0, b], we can write

f(0) = f(x)−
∫ x

0

f (1)(t)dt.

It follows that

|f(0)| ≤ |f(x)|+
∫ b

0

|f (1)(t)|dt.

Integrating both sides over [0, b] gives

b|f(0)| ≤
∫ b

0

|f(t)|dt+ b

∫ b

0

|f (1)(t)|dt.

Using the Cauchy-Schwarz inequality to the integrals on the
right-hand side gives

b|f(0)| ≤

√∫ b

0

|f(t)|2dt

√∫ b

0

1dt+ b

√∫ b

0

|f (1)(t)|2dt

√∫ b

0

1dt

=
√
b

√∫ b

0

|f(t)|2dt+ b
√
b

√∫ b

0

|f (1)(t)|2dt.

Squaring both sides and using the elementary inequality (x+
y)2 ≤ 2x2 + 2y2 conclude the proof.

Lemma 6. Let g be a (classical) band-limited signal with
bandwidth W . Then

|g(t)| ≤ 2W∥g∥22, ∀t ∈ R,

where ∥g∥2 =
√∫∞

−∞|g(t)|2dt.

Proof. Write g(t) =
∫W

−W
G(s)e2πitsds, where G ∈

L2[−W,W ] is the Fourier transform of g. By the Cauchy-
Schwarz inequality and Parseval’s identity (Lemma 2), we
have

|g(t)|2 ≤

(∫ W

−W

|G(s)|ds

)2

≤
∫ W

−W

12dt ·
∫ W

−W

|G(s)|2ds

= 2W

∫ W

−W

|G(s)|2ds = 2W

∫ ∞

−∞
|g(t)|2dt.

Lemma 7. Let f(t) = f(0) + tg(t), where g is a classical
band-limited signal of bandwidth W . Then there exists a
constant CW , depending only on W , such that∫ ∞

−∞

|f (1)(t)|2

1 + t2
dt ≤ CW

∫ ∞

−∞

|f(t)|2

1 + t2
dt. (31)

Proof. We first show that, without loss of generality, we can
assume f(0) = 0. If not, we can let f̂ = f − f(0). Then
f̂(0) = 0 and f (1) = f̂ (1). Assume that there exists a constant
CW > 1, which only depends on W , such that∫ ∞

−∞

|f̂ (1)(t)|2

1 + t2
dt ≤ CW

∫ ∞

−∞

|f̂(t)|2

1 + t2
dt.

Then we have∫ ∞

−∞

|f̂ (1)(t)|2

1 + t2
dt ≤ CW

∫ ∞

−∞

|f(t)− f(0)|2

1 + t2
dt

≤ 2CW

∫ ∞

−∞

|f(t)|2

1 + t2
dt+ 2CW

∫ ∞

−∞

|f(0)|2

1 + t2
dt

= 2CW

∫ ∞

−∞

|f(t)|2

1 + t2
dt+ 2CWπ|f(0)|2.
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By Lemma 5, we have

|f(0)|2 ≤ 2

b

∫ b

0

|f(t)|2dt+ 2b

∫ b

0

|f (1)(t)|2dt.

We can choose b such that 4CWπb = 1
2 , i.e., b = 1

8CWπ . Recal
that f (1) = f̂ (1). It follows that∫ ∞

−∞

|f̂ (1)(t)|2

1 + t2
dt ≤ 2CW

∫ ∞

−∞

|f(t)|2

1 + t2
dt

+32C2
Wπ2

∫ b

0

|f(t)|2dt+ 1

2

∫ b

0

|f̂ (1)(t)|2dt.
(32)

Note that, by direct comparison,∫ b

0

|f(t)|2dt ≤
(
1 +

1

(8CWπ)2

)∫ b

0

|f(t)|2

1 + t2
dt

≤
(
1 +

1

(8CWπ)2

)∫ ∞

−∞

|f(t)|2

1 + t2
dt,

and∫ b

0

|f̂ (1)(t)|2dt ≤
(
1 +

1

(8CWπ)2

)∫ b

0

|f̂ (1)(t)|2

1 + t2
dt

≤
(
1 +

1

(8CWπ)2

)∫ ∞

−∞

|f̂ (1)(t)|2

1 + t2
dt.

Since CW > 1, we have 1
2

(
1 + 1

(8CWπ)2

)
< 1. Substituting

these two inequalities into (32) gives∫ ∞

−∞

|f̂ (1)(t)|2

1 + t2
dt ≤ C ′

W

∫ ∞

−∞

|f(t)|2

1 + t2
dt (33)

for some new constant C ′
W , which also only depends on W .

Since f (1) = f̂ (1), this proves (31) in the general case.
In the following, we assume, without loss of generality, that

f(0) = 0 and derive a constant CW such that (31) holds. Note
that, in this case, we have f(t) = tg(t) for a classical band-
limited signal g with bandwidth W .

We have∫ ∞

−∞

|f (1)(t)|2

1 + t2
dt ≤

∫ ∞

−∞

|g(t) + tg(1)(t)|2

1 + t2
dt

≤ 2

∫ ∞

−∞

|g(t)|2

1 + t2
dt+ 2

∫ ∞

−∞

|tg(1)(t)|2

1 + t2
dt

≤ 2

∫ ∞

−∞
|g(t)|2dt+ 2

∫ ∞

−∞
|g(1)(t)|2dt

≤ (2 + 8π2W 2)

∫ ∞

−∞
|g(t)|2dt, (34)

where in the last inequality is derived by the Parseval’s identity
(twice), i.e.,∫ ∞

−∞
|g(1)(t)|2dt =

∫ W

−W

|2πisG(s)|2ds

≤ 4π2W 2

∫ W

−W

|G(s)|2ds

= 4π2W 2

∫ ∞

−∞
|g(t)|2dt.

By Lemma 6, we have∫ ∞

−∞
|g(t)|2dt =

∫
|t|≤∆

|g(t)|2dt+
∫
|t|≥∆

|g(t)|2dt

≤ 4∆W

∫ ∞

−∞
|g(t)|2dt+ 1 +∆2

∆2

∫
|t|≥∆

t2g2(t)

1 + t2
dt,

which implies∫ ∞

−∞
|g(t)|2dt ≤ 1 + ∆2

∆2(1− 4∆W )

∫ ∞

−∞

t2g2(t)

1 + t2
dt, (35)

provided that 4∆W < 1. Recall that f(t) = tg(t). By (34)
and (35), we have∫ ∞

−∞

|f (1)(t)|2

1 + t2
dt ≤ CW

∫ ∞

−∞

|f(t)|2

1 + t2
dt

with
CW =

(2 + 8π2W 2)(1 + ∆2)

∆2(1− 4∆W )
.

Note that CW > 1. The proof is complete.

Proposition 9. The space of Zakai’s signal class

F(c, δ) =
{
g = g ∗ h : g ∈ L2

(
(1 + t2)−1

)
,

h(t) =
1

2π

∫ ∞

−∞
H(ω)eiωtdω

}
,

(36)

where

H(ω) =


1 |ω| ≤ c,

1− |ω|−c
δ c < |ω| ≤ c+ δ,

0 |ω| > c+ δ,

is a generator-bounded space.

Proof. We first show that, the space given by (36) is invariant
under the action of the Koopman operator. Specifically,

Uτg(t) = Uτ (g ∗ h)(t) =
∫ ∞

−∞
g(θ)h(t+ τ − θ)dθ. (37)

Let v = θ − τ , we have

Uτg = g(t+τ) =

∫ ∞

−∞
g(v+τ)h(t−v)dv = (Uτg)∗h. (38)

Moreover, we compute

∥Uτg∥ =

∫ ∞

−∞

|g(t+ τ)|2

1 + t2
dt (39)

=

∫ ∞

−∞

|g(t+ τ)|2

1 + (t+ τ)2
1 + (t+ τ)2

1 + t2
dt. (40)

It can be proved that, for ∀τ > 0, there exists f(τ), where
τ2+

√
τ4+4τ2

2 ≤ f(τ) < ∞, such that

1 + (t+ τ)2

1 + t2
≤ 1 + f(τ) < ∞,∀t ∈ R. (41)

Then we have

∥Uτg∥ ≤ (1 + f(τ))∥g∥ < ∞. (42)

Hence, it follows from (38) and (42) that Uτg ∈ F(c, δ) for
∀g ∈ F(c, δ).

Then we show that, the generator is bounded on this space,
i.e., ∥L|Fe

∥ < ∞. The signals in (36) can be written as g(t) =
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g(0) + tg0(t), where g0 is a classical band-limited signal of
bandwidth W = c/2π [4]. Consider the weighted L2 norm

∥g∥ =
√∫∞

−∞
|g(t)|2
1+t2 dt. It follows from Lemma 7 that

∥L|Fe
∥ = sup

g∈Fe

∥g(1)∥
∥g∥

= sup
g∈Fe

√√√√∫∞
−∞

|g(1)(t)|2
1+t2 dt∫∞

−∞
|g(t)|2
1+t2 dt

≤
√
CW < ∞,

where CW is a constant that only depends on the bandwidth of
g0(t). Hence, the space (36) is a generator-bounded space.

APPENDIX B
PROOF OF PROPOSITION 3

Proof. If λI − L|Fe
is surjective, there exists ĝ(t) =

1
2π

∫ c

−c
Ĝ(ω)e(α+iω)tdω ∈ Fe for

∀g(t) = 1

2π

∫ c

−c

G(ω)e(α+iω)tdω ∈ Fe

such that (λI − L|Fe
)ĝ = g. It follows that

Ĝ(ω) = G(ω)/(λ− α− iω)

for ∀G ∈ L2[−c, c]. Then we have λ ∈ C/(α + i[−c, c]).
Similarly, the sufficiency can be proved, i.e., (λI − L|Fe

) is
surjective if λ ∈ C/(α + i[−c, c]). Thus, the resolvent set
ρ(L|Fe

) ⊆ C/(α+ i[−c, c]). Then we show that (λI −L|Fe
)

is also injective for ∀λ ∈ C/(α+ i[−c, c]), i.e.,

(λI − L|Fe
)g = 0 ⇒ g(t) = 0, ∀t > 0. (43)

It follows from the left part of (43) that ġ(t) = λg(t) and
g(t) = eλtg(0), i.e.,

1

2π

∫ c

−c

e(α+iω)tG(ω)dω = eλtg(0),∀t > 0.

For ∀λ ∈ C/(α + i[−c, c]), this equation holds only when
g(t) = 0, which is consistent with (43). Then (λI − L|Fe

) is
bijective for ∀λ ∈ C/(α+ i[−c, c]). By the definition [23, Def
1.1] of resolvent set ρ(L|Fe

), we have ρ(·) = C/(α+i[−c, c])
and the spectrum is σ(L|Fe) = α+ i[−c, c].

APPENDIX C
RECONSTRUCTION FORMULA OF ZAKAI’S CLASS

Consider the signal g(t) = (g(0) + tg0(t))e
αt, where

g0(t) =
1
2π

∫ c

−c
G(ω)eiωtdω,G ∈ L2[−c, c], g(0) ∈ R, α ∈ R.

The reconstruction formula for this signal class can be derived
in a manner similar to the proof of Proposition 4. In particular,
we have

Uτg(t) = (g(0) + tg0(t+ τ) + τg0(τ)) e
α(t+τ).

For the third term, it follows from (18) that

τeα(t+τ)g0(t+ τ) =

τeα(t+τ)
∞∑

k=−∞

sin(π/Ts)(τ − kTs)

π/Ts(τ − kTs)

∫ c

−c

G(ω)

2π
eiω(t+kTs)dω

By letting t = 0, we have

g(τ) =eατ (g(0) + τg(τ))

=τeατ
∞∑

k=−∞
k ̸=0

sin(π/Ts(τ − kTs))

kπ(τ − kTs)

(
g(kTs)e

−αkTs − g(0)
)

+eατg(0) + eατ
sin(πτ/Ts)

π/Ts
g0(0).

Since g0(0) = g(1)(0)− αg(0), and

τ

kπ(τ − kTs)
=

1

π/Ts(τ − kTs)
+

1

kπ
,

we have

g(τ) =

∞∑
k=−∞
k ̸=0

eατ
(
sin(π/Ts(τ − kTs))

π/Ts(τ − kTs)
+

(−1)k sinπτ/Ts

kπ

)

×
(
g(kTs)e

−αkTs − g(0)
)
+ g(0)eατ

+
sin(πτ/Ts)

π/Ts
(g(1)(0)− αg(0))eατ .

Based on [54, Lemma 3], we obtain that

g(1)(0)− αg(0) +

∞∑
k=−∞
k ̸=0

g(kTs)e
−αkTs − g(0)

kTs
(−1)k = 0.

It follows that

g(τ) =

∞∑
k=−∞
k ̸=0

sin(π/Ts(τ − kTs))

π/Ts(τ − kTs)

(
g(kTs)e

−αkTs − g(0)
)
eατ

+ g(0)eατ .

Based on the reconstruction formula for f(t) = g(0), we have
g(0) =

∑∞
k=−∞ g(0) sin(π/Ts(τ−kTs))

π/Ts(τ−kTs)
. Hence, we obtain the

reconstruction formula of g(τ), i.e.,

g(τ) =

∞∑
k=−∞

g(kTs)
sin(π/Ts(τ − kTs))

π/Ts(τ − kTs)
eα(τ−kTs). (44)

APPENDIX D
PROOF OF PROPOSITION 7

Proof. Consider the basis function of (23)

Φ = [eλ1t, . . . , tb1eλ1t, eλ2t, . . . , tbmeλmt].

The generator L|Fe
can be represented by L|Fe

, i.e., L|Fe
Φ =

Φ, where L|Fe
= diag{L1, . . . , Lm}, and for ∀k = 1, . . . ,m,

Lk =


λk 1

. . . . . .
λk bk

λk


(bk+1)×(bk+1)

.

Hence the spectrum of the generator L|Fe can be obtained by
the eigenvalues of L|Fe

, i.e., σ(L|Fe
) = {λk}mk=1.
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APPENDIX E
PROOF OF LEMMA 3

Proof. Since the operators A,An are bounded, the exponential
can be expanded by the Taylor series, i.e.,

∥(expA− expAn)g∥ =

∥∥∥∥∥
∞∑
k=0

Ak −Ak
n

k!
g

∥∥∥∥∥ , ∀g ∈ X.

By the convergence of exp(A) and exp(An), for any ϵ > 0,
there exists q > 0, such that∥∥∥∥∥∥

∞∑
k=q

Ak

k!
g

∥∥∥∥∥∥ <
ϵ

3
,

∥∥∥∥∥∥
∞∑
k=q

Ak
n

k!
g

∥∥∥∥∥∥ <
ϵ

3
.

Here we show that limn→∞ ∥(Ak − Ak
n)g∥ = 0 for k <

q by mathematical induction. Consider q = 1, we have
limn→∞ ∥(A − An)g∥ = 0. Assume that limn→∞ ∥(Ak −
Ak

n)g∥ = 0 for k = p. Then for k = p+ 1, we have

lim
n→∞

∥(Ap+1 −Ap+1
n )g∥

≤ lim
n→∞

∥(AAp −AAp
n)g∥+ lim

n→∞
∥(AAp

n −AnA
p
n)g∥

≤ lim
n→∞

∥A∥∥(Ap −Ap
n)g∥+ lim

n→∞
∥(A−An)A

p
ng∥ = 0.

It follows that, limn→∞
∑q−1

k=0 ∥(Ak − Ak
n)g∥ = 0,∀g ∈

X.Then for any ϵ > 0, there exists n > 0 such that

lim
n→∞

q−1∑
k=0

∥(Ak −Ak
n)g∥ < ϵ/3,

Therefore, for any ϵ > 0, g ∈ X , we have

∥(expA− expAn)g∥

≤
q−1∑
k=0

∥∥∥∥Ak −Ak
n

k!
g

∥∥∥∥+
∥∥∥∥∥∥

∞∑
k=q

Ak

k!
g

∥∥∥∥∥∥+
∥∥∥∥∥∥

∞∑
k=q

Ak
n

k!
g

∥∥∥∥∥∥ < ϵ.

APPENDIX F
PROOF OF LEMMA 4

Proof. Let ∥A∥ < K, ∥An∥ < K with K > 0 and Ω = {λ ∈
C : |λ| < K}. Consider the resolvent operator R(λ,A) =
(λI −A)−1. Since |λ| > ∥A∥ and |λ| > ∥An∥ for λ ∈ +∂Ω,
the resolvent operator is expanded by [55, P. 584]

R(λ,A) =

∞∑
k=0

Ak

λk+1
, R(λ,An) =

∞∑
k=0

Ak
n

λk+1
.

By the convergence of these series and limn→∞ ∥(A −
An)g∥ = 0, we can prove that

lim
n→∞

∥(R(λ,A)−R(λ,An))g∥ = lim
n→∞

∥
∞∑
k=0

Ak −Ak
n

λk+1
g∥ = 0,

which is similar to the proof of Lemma 3. So, for ∀ϵ > 0, there
exists n > 0 such that ∥(R(λ,A)−R(λ,An))g∥ ≤ ϵ

Kr ,where
r = maxλ∈+∂Ω | log λ|. It follows that

∥ logA− logAn)g∥

=
1

2π

∥∥∥∥∫
+∂Ω

log λ(R(λ,A)−R(λ,An))gdλ

∥∥∥∥
≤ 1

2π

∫
+∂Ω

| log λ| ∥(R(λ,A)−R(λ,An))g∥dλ

<
r

2π

∫
+∂Ω

ϵ

Kr
dλ = ϵ.

Therefore, we have limn→∞ ∥(logA− logAn)g∥ = 0.
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theorem for exact identification of continuous-time nonlinear dynamical
systems,” in Proc. 61st IEEE Conf. Decis. Control. IEEE, 2022, pp.
6686–6692.

[18] Z. Zeng, Z. Yue, A. Mauroy, J. Gonçalves, and Y. Yuan, “A
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[45] M. Korda and I. Mezić, “On convergence of extended dynamic mode
decomposition to the Koopman operator,” J. Nonlinear Sci., vol. 28,
no. 2, pp. 687–710, 2018.

[46] M. Pawlak, E. Rafajlowicz, and A. Krzyzak, “Postfiltering versus
prefiltering for signal recovery from noisy samples,” IEEE Trans. Inf.
Theory, vol. 49, no. 12, pp. 3195–3212, 2003.

[47] M. Pawlak and U. Stadtmuller, “Signal sampling and recovery under
dependent errors,” IEEE Trans. Inf. Theory, vol. 53, no. 7, pp. 2526–
2541, 2007.

[48] S. T. Dawson, M. S. Hemati, M. O. Williams, and C. W. Rowley,
“Characterizing and correcting for the effect of sensor noise in the
dynamic mode decomposition,” Exp. Fluids, vol. 57, pp. 1–19, 2016.

[49] M. S. Hemati, C. W. Rowley, E. A. Deem, and L. N. Cattafesta, “De-
biasing the dynamic mode decomposition for applied koopman spectral
analysis of noisy datasets,” Theor. Comput. Fluid Dyn., vol. 31, pp.
349–368, 2017.
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