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Abstract

Nearly every device interacting with real-world information relies on an Analog-to-Digital Converter
(ADC), whose role is to convert analog signals into discrete binary values. However, when the input
signal exceeds the limited dynamic range of the ADC, saturation occurs and the signal becomes clipped,
resulting in a significant loss of information.
To address this limitation, the Unlimited Sampling (US) framework has emerged in recent years. By
combining a Modulo-ADC with dedicated reconstruction algorithms, the input signal can be folded into
a fixed dynamic range compatible with the ADC operating range, while still allowing recovery of the
original signal from its modulo samples.

This work investigates a hardware implementation of a modulo-ADC architecture with the objective
of maximizing both the allowable input dynamic range and the maximum input frequency.
Existing implementations proposed in the literature are first reviewed in order to design a new hardware
architecture acting as a front-end stage placed before a conventional ADC. The proposed system relies
on comparators that monitor the signal amplitude and detect threshold crossings, while a dedicated
control block generates the correction signals required to wrap the input back into the desired range
whenever necessary. The implementation of each block is described in detail, including the underlying
theory, component selection and sizing, as well as LTspice simulations.

Once the PCB is fabricated and assembled, the functional behavior of the prototype is verified
experimentally and several performance measurements are conducted.
For this first prototype, the input range is limited to 9.2V peak-to-peak due to the supply voltage
constraints of the selected components. With folding thresholds fixed to ±1V, the system is capable of
performing up to two folds while enabling successful post-processing reconstruction of the original signal.
The measured folding delay is approximately 200ns, allowing maximum input frequencies ranging from
75kHz for a 9V peak-to-peak input signal up to 270kHz for a 3V peak-to-peak input signal, while
maintaining a folded output contained within the interval [−1.25, 1.25]V.
Finally, several improvements are proposed to further increase both the achievable dynamic range and
the maximum operating frequency, mainly through the replacement of certain components.

The obtained results confirm the feasibility of a hardware implementation of a modulo-ADC for the
acquisition and processing of high-dynamic-range signals, while also highlighting challenges related to
propagation delays and supply voltage limitations.
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1 Introduction

1
Introduction

Over the last few decades, the demand for data acquisition and signal processing has increased significantly.
The rapid expansion of digital communication technologies, including mobile networks, satellite systems,
and the Internet, has led modern systems to rely increasingly on efficient information processing.
Furthermore, the widespread integration of sensors in applications such as automotive systems, medical
devices, and the rapidly expanding Internet of Things (IoT) has resulted in a substantial increase in the
amount of generated and processed data.
Most information originating from the physical world exists as continuously varying signals, whose
amplitudes change continuously over time. Such signals are referred to as analog signals.
In contrast, modern processing systems operate using discrete binary representations.
Consequently, before real-world information can be processed digitally, analog signals must first be
converted into a digital representation.

This conversion is performed by an Analog-to-Digital Converter (ADC), which serves as an interface
between the analog and digital domains [1].
As illustrated in Figure 1, the analog-to-digital conversion process can be divided into three main stages.
First, the analog signal is sampled at discrete time instants, resulting in a discrete-time signal with
continuous amplitude values. The sampled signal is then quantized into a finite number of amplitude
levels, creating a discrete-amplitude representation. Finally, these quantized values are encoded into
binary words, producing a fully digital signal.
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Figure 1: Illustration of the analog-to-digital conversion process

Emerging technologies increasingly require analog-to-digital conversion systems that are fast, energy-
efficient, low-cost, and highly accurate.
Although continuous developments in ADC technologies have considerably improved signal acquisition
capabilities, one fundamental limitation still restricts their performance.
As described in [2] and [3], the maximum signal amplitude that an ADC can process, known as its input
dynamic range, is inherently limited by architectural and power constraints.
Similar limitations exist in other electronic systems. For example, an operational amplifier cannot generate
output voltages exceeding its supply rails without entering saturation.
Likewise, when an input signal exceeds the ADC dynamic range, the ADC saturates and the signal gets
clipped. Such clipping introduces distortion and permanently removes information from the signal.
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1 Introduction

A large dynamic range is essential in many applications where both weak and strong signals must be
captured simultaneously. Examples include image sensors recording scenes containing both dark shadows
and bright highlights, or radar systems that must detect distant weak reflections while simultaneously
receiving strong nearby signals.

One straightforward approach to avoid saturation consists of reducing the signal amplitude prior to
conversion so that it remains within the operating range of the ADC.
While this prevents clipping, it introduces another limitation associated with the finite number of quanti-
zation levels available in ADCs.
As illustrated in Figure 1, an ADC can only generate a finite number of output levels by dividing its
input range into discrete quantization levels. The number of available quantization levels is determined
by the ADC resolution, which specifies how finely the input signal can be represented.
Consequently, reducing the signal amplitude causes fewer quantization levels to be effectively used during
conversion, thereby increasing the relative quantization error.
Quantization error arises because continuous signal amplitudes are approximated using discrete amplitude
levels. When only a small portion of the ADC range is used, each quantization step represents a larger
fraction of the signal amplitude, resulting in reduced precision.
This limitation can be particularly problematic in applications requiring the detection of small signal
variations. For example, in biomedical signal acquisition systems such as ECG measurements, large
quantization errors may obscure subtle signal features containing clinically relevant information.

For illustration, Figure 2 presents two quantized signals obtained using an ADC with eight quanti-
zation levels and an input range of [-1,1]V. Since the total dynamic range is 2V, dividing this range into
eight levels results in a quantization step size of:

∆ = 2V

8 = 0.25V (1)

The first case corresponds to a signal with an amplitude of 1.2V. Since this exceeds the ADC range, the
signal reaches the limits of the converter and spans the full available input range before saturation occurs,
therefore using all eight quantization levels.
In the second case, the signal amplitude is reduced by a factor of two, resulting in an amplitude of 0.6V.
The signal now varies only between -0.6V and +0.6V and therefore occupies a smaller portion of the
ADC input range. As a result, the extreme quantization levels corresponding to the regions [-1,-0.75]V
and [0.75,1]V are never reached. Consequently, only six out of the eight available quantization levels
are effectively used during conversion. Because the same signal information is represented using fewer
quantization levels, the quantization error may become larger relative to the signal amplitude, reducing
conversion precision.
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Figure 2: Comparison of quantized signals for a clipped full-scale input and a reduced-amplitude input

Conventional ADC architectures therefore face a fundamental trade-off: avoiding saturation often
requires sacrificing quantization precision, while preserving precision increases the risk of clipping large-
amplitude signals. To overcome these limitations, alternative signal acquisition techniques have been
investigated.
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One promising approach introduced in recent years is the Unlimited Sampling (US) Theory [2, 3, 4, 5, 6, 9],
which relies on the modulo operation. In mathematics, the modulo operation maps values exceeding a
predefined interval back into that interval through a wrapping process. A similar principle is employed in
Modulo-ADCs.
Unlike conventional ADCs, where signal amplitudes exceeding the available range are clipped, modulo
ADCs apply a modulo operation that folds the signal back into a predefined interval rather than discarding
information.
The Figure 3 illustrates the difference between a conventional ADC and a Modulo-ADC, where in the case
of the moulo-ADC, the signal is wrapped in a defined range so no information is lost and all quantization
levels are used.
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Figure 3: Comparison between a clipped signal and a folded signal

The development of the US framework has led to significant research efforts aimed at designing
Modulo-ADC architectures capable of folding signals exceeding the ADC threshold, together with efficient
reconstruction algorithms able to recover the original signal from its folded representation.
As a result, previous works have demonstrated the capability to process signals with amplitudes signifi-
cantly larger than the nominal ADC range, with extensions up to approximately sixty times the threshold
value. Furthermore, improved robustness against distortion has been reported due to the more efficient
use of the ADC resolution [4].

Despite these advantages, practical hardware implementation remains challenging, and existing imple-
mentations proposed in the literature still exhibit several limitations.
For instance, some previously proposed Modulo-ADC architectures [5, 11] rely on counters and Digital-to-
Analog Converters (DACs), which perform the inverse operation of ADCs by converting digital signals
into analog signals. However, these additional components introduce practical constraints. In particular,
finite DAC resolution limits the number of achievable folds and consequently restricts dynamic range
extension capabilities. Moreover, adapting the folding threshold for different applications often requires
substantial modifications to the hardware design.
Other architectures simplify signal reconstruction by encoding additional information, such as the number
of folds [6]. However, this can increase the hardware complexity.
Certain implementations also rely on Sample-and-Hold (S/H) circuits prior to the modulo operation [6].
In these designs, the S/H circuit must maintain the sampled value during both folding and quantization
processes, resulting in significantly longer hold times than in conventional ADC systems.
Consequently, reported implementations have demonstrated signal folding capabilities only up to approxi-
mately 300Hz while requiring input amplitudes to remain below approximately three times the ADC
dynamic range. Such limitations are insufficient for numerous practical applications, including audio
processing systems where signal frequencies typically range from 20Hz to 20kHz.

The objective of this work is therefore to investigate existing theoretical Modulo-ADC architectures
proposed in the literature and evaluate their practical implementations when available. Based on this
analysis, this work aims to design a new Modulo-ADC hardware implementation that is simple, fast, and
adaptable to various application requirements.
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This Master’s thesis is organized as follows.
Chapter 2 introduces the Unlimited Sampling (US) Framework, its assumptions and conditions, followed
by the theoretical background of the reconstruction algorithms used to recover original signals.
Several Modulo-ADC architectures proposed in the literature are then presented, together with their
advantages, limitations, and reported performances.
The architecture selected for this work, based on [6], is subsequently described in detail with emphasis on
the challenges associated with hardware implementation.

Chapter 3 focuses on hardware implementation aspects.
First, the implementation proposed in [6] is analyzed and its limitations are highlighted.
The specifications of the architecture developed in this work are then defined with the objective of
maximizing both input frequency and input dynamic range.
A global circuit analysis is presented, followed by a detailed study of each individual block including
theoretical background, component selection, and LTspice simulations.

Finally, Chapter 4 evaluates the performance of the proposed hardware implementation through several
experimental analyses, including basic functionality validation, maximum frequency characterization,
and noise and resolution assessments. The chapter concludes with potential improvements for future
developments.
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2
Theoretical Foundations and
Architectures of Modulo ADCs

Nowadays, in most applications such as telecommunications, audio processing, radar systems, and many
other fields, analog-to-digital converters are essential for information processing.
Consequently, the design of ADCs has become a crucial aspect of modern signal processing systems, with
particular emphasis on mitigating their inherent limitations, such as the finite dynamic range. Moreover,
while extending the ADC input range helps avoid saturation, it does not improve overall performance,
since it results in reduced digital resolution due to a larger quantization interval.

To address these challenges, numerous studies have led to the development of the US Theory. Within
this framework, a modulo operation is employed to fold the signal whenever it exceeds the ADC thresholds.
Based on this principle, several mathematical algorithms have been proposed to recover the original signal
from the folded samples. This approach enables the processing of High Dynamic Range (HDR) signals
using Low Dynamic Range (LDR) ADCs, while minimizing information loss and signal distortion.

This chapter first introduces the US theory and the modulo operation.
It then presents a widely used reconstruction algorithm, which recovers the original signal solely from
the modulo samples. Next, several modulo-ADC architectures proposed in the literature are reviewed,
together with their advantages and challenges.
Finally, the selected architecture is described in detail, followed by a behavioral simulation in Matlab
Simulink to validate its operation and highlight potential limitations and implementation challenges.

2.1 Unlimited Sampling Framework
The US theory is based on a co-design approach that combines a Modulo-ADC architecture with an
associated signal reconstruction algorithm.
The following section introduces the fundamental concepts of the US framework, including the modulo
folding operation and the main properties of modulo signals that enable reconstruction of the original
signal from the folded samples.

2.1.1 Modulo Acquisition and Folding Mechanism

A Modulo-ADC is designed to handle input signals that may exceed the ADC’s dynamic range. When
the input signal goes beyond this range, the expected output is the digitized version of the folded signal.
Conversely, when the input signal remains within the dynamic range, the output should simply be the
digitized version of the original signal, without any folding.

To fold the signal into a predefined range [−λ, λ], where λ denotes the threshold of the ADC, the
following mapping is applied [4]:

Mλ : f 7→ 2λ

(s
f

2λ
+ 1

2

{
− 1

2

)
, JfK := f − ⌊f⌋ (2)

Here, ⌊f⌋ denotes the floor function, defined as the greatest integer less than or equal to f . The quantity
JfK represents the fractional part of f , i.e., the difference between f and its floor.
The mapping Mλ(f) performs a centered modulo operation with period 2λ. In other words, it subtracts
an appropriate multiple of 2λ from the input f so that the result lies within the interval [−λ, λ]. Whenever
f exceeds this interval, it is "wrapped" back into it rather than being clipped.
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According to the US Theorem, a signal can be perfectly recovered using only its modulo samples,
without requiring any side-information such as the number of folds or the sign of the fold. This property is
crucial when selecting an appropriate hardware architecture, as some designs generate additional informa-
tion beyond the modulo samples themselves. While this extra information may facilitate reconstruction,
it also increases circuit complexity.

More specifically, the US Theorem can be summarized as follows [2]:
Let g(t) be a finite-energy bandlimited signal with maximum angular frequency Ω = 2πf , and let y[k],

k ∈ Z, be the modulo samples of g(t) taken with sampling period T . A sufficient condition for perfect
recovery of g(t) from {y[k]}k (up to an additive multiple of 2λ) is

T <
1

2Ωe
(3)

where e denotes Euler’s constant.

This condition is more restrictive than the classical Nyquist sampling criterion. For a signal with
highest frequency component fmax, the Nyquist condition requires:

fs = 1
T

≥ 2fmax (4)

In contrast, the Unlimited Sampling framework requires additional oversampling. Since Ω = 2πfmax,
the sampling frequency must satisfy:

fs = 1
T

≥ 2Ωe (5)

Thus, an additional oversampling factor proportional to 2πe is required to guarantee perfect recon-
struction. It is important to note that this condition is sufficient but not necessary, and successful recovery
may still be possible at lower sampling rates.

2.1.2 Reconstruction from Modulo Samples

The recovery of the original signal from modulo samples relies on exploiting the structure introduced by
the folding operation. A key insight is provided by the Modular Decomposition Property [4], which states
that any signal g(t) can be decomposed as:

g(t) = y(t) + ϵg(t) (6)

where y(t) = Mλ(g(t)) is the folded signal, and ϵg(t) is a residual discontinuous function that takes values
in 2λZ. This residual term accounts for the multiples of 2λ that are removed by the modulo operation
and is piecewise constant, with jumps occurring at the folding instants.

An example for an arbitrary function g(t) = 4 sin(2π × 3t) + 0.5 sin(2π × 12t) is shown in Figure 4,
where the threshold λ is fixed to 1. In this case, the residual function ϵg(t) takes values that are integer
multiples of 2λ = 2.
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Figure 4: Python Simulation: Modular Decomposition Property
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Under this decomposition, reconstructing g(t) from y(t) is equivalent to estimating the residual
function ϵg(t), which captures the ambiguity introduced by the modulo operation.
This structure is the key for reconstruction when applying finite-difference operators.

The first-order finite difference is defined as:

(∆y)[k] ≜ y[k + 1] − y[k] (7)

and higher-order differences are obtained recursively as:

∆N y = ∆N−1(∆y) (8)

Applying the finite-difference operator to the decomposition yields:

∆N g = ∆N y + ∆N ϵg (9)

Since ϵg(t) takes values in 2λZ and is piecewise constant, its finite differences also take values in 2λZ.
Therefore, applying the modulo operator removes this term:

Mλ(∆N ϵg) = 0 (10)

Applying the modulo operator to (9) gives:

Mλ(∆N g) = Mλ(∆N y) (11)

Furthermore, it can be shown [4] that if the sampling period satisfies T < 1
Ωe , then the finite differences

of g(t) are bounded as:
∥∆N g∥∞ < λ (12)

Under this condition, ∆N g lies within the interval [−λ, λ], and therefore:

Mλ(∆N g) = ∆N g (13)

Combining the above results, we obtain:

∆N g = Mλ(∆N y) (14)

which shows that the finite differences of the original signal can be recovered from the modulo samples.
The original signal can then be reconstructed by inverting the finite-difference operator, which

corresponds to discrete summation. For the first-order case, this is given by:

S : {s[k]}k∈Z+ 7→
k∑

m=1
s[m] (15)

Therfore, the original signal is obtained through:

g[k] = SN
(
Mλ(∆N y[k])

)
(16)

Figure 5 illustrates the application of the reconstruction algorithm on a sinusoidal signal.
In particular, Figure 5c shows that the finite differences of the original signal remain within the interval
[−λ, λ]. As a result, the modulo operator does not alter these values, thereby verifying (14).
The original signal is then successfully reconstructed by applying the inverse finite-difference operation,
as shown in Figure 5d.
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Figure 5: Python Simulation: Unlimited Sampling Theorem Reconstruction

2.2 Modulo-ADC Architectures
A variety of Modulo-ADC architectures have been proposed in the literature. While all of them are
designed to acquire samples of the folded signal, they differ mainly in the way the modulo operation
is implemented. In some architectures, the modulo block is placed at the analog front-end prior to
conventional ADC processing, whereas in others it is integrated into the conversion chain together with
the sampling and/or quantization stages.
Furthermore, although these architectures are often presented as offering an unlimited dynamic range,
their practical dynamic range remains finite. Unlike conventional ADCs, where the limitation mainly
originates from the quantization stage, the constraints in Modulo-ADCs are primarily imposed by circuit-
level limitations such as supply voltage bounds and component operating ranges.
The purpose of this section is to review several Modulo-ADC architectures reported in the literature and
to discuss their main advantages and associated challenges.

2.2.1 Unlimited Dynamic Range (UDR) ADC

In Figure 6, the Unlimited Dynamic Range (UDR) ADC architecture proposed in [6] is illustrated.
In this design, the modulo operation is performed sequentially within the ADC block: the sampling
is performed first, followed by the modulo operation, and finally the quantization. The sampling and
quantization stages are implemented using conventional blocks such as a S/H circuit [7] and a standard
quantizer, respectively, while the modulo operation relies on a counter-based circuit combined with a
feedback mechanism.

8



2 Theoretical Foundations and Architectures of Modulo ADCs

x(t)
Input

Analog
Signal

y[n]
Output
Samples

x(nT ) y(nT )
MVref

{·} Q{·}

QuantizationModulo OperationSampling

Figure 6: Block Diagram of the proposed UDR-ADC in [6]

In the proposed modulo circuit, whenever the sampled input exceeds the threshold, a reset event is
triggered: the internal signal is wrapped back into the admissible range by subtracting or adding an
appropriate multiple of the threshold level. A counter keeps track of these reset events and encodes this
information into two additional bits.
Although this side information is not theoretically required for signal recovery, the authors use these extra
bits to simplify and improve the efficiency of the reconstruction process, at the cost of a higher data rate
per sample. In particular, the additional bits indicate whether a wrap event occurred and its direction
(positive or negative). Based on this information, the authors developed a wavelet-based reconstruction
algorithm.
The proposed approach was validated through a hardware prototype together with the associated
reconstruction algorithm.
One advantage of the implementation is that the threshold voltage is configurable and provided as an
input parameter rather than being fixed by the architecture. However, the number of possible folds is
limited to three, which restricts the input amplitude range to 4λ. In addition, the paper does not discuss
possible extensions for supporting a larger number of folds.
Moreover, the paper does not provide details regarding the maximum supported input signal frequency.
The hardware implementation relies on an Micro-Controller Unit (MCU), namely the ATmega328P [8],
which implies that part of the processing is software-based.
This design choice may introduce additional processing delays compared to a fully hardware-based
implementation, potentially limiting the achievable operating speed, as discussed in Section 2.3.3.

2.2.2 Integrator-based Modulo-ADC

The architecture proposed in [4] uses an integrator and a pair of Schmitt triggers (STs) to implement
a simple, low cost, and adaptive signal folding mechanism. In contrast to the previously presented
architecture, the modulo operation is performed as an analog front-end stage, prior to the conventional
ADC processing chain.

−

+

z(t) Vint(t)
1
s

ϵx(t)

x(t)
z(t)

Figure 7: Block Diagram of the proposed integrator-based modulo ADC in [4]

The design relies on the Modular Decomposition Property introduced in Section 2.1.2.
Indeed, the design reposes on the fact that the input signal x(t) can be expressed as:

x(t) = z(t) + ϵx(t), z(t) := Mλ(x(t)) (17)
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where Mλ(·) denotes the modulo operation with threshold λ, and ϵx(t) is the residue function.

An instrumentation amplifier, which is a precision differential amplifier with a scaling gain, is used to
extract the modulo signal from the decomposition of x(t) by performing a subtraction:

z(t) = x(t) − ϵx(t) (18)

The residue function ϵx(t) is obtained by using an operational amplifier configured as an integrator:

ϵx(t) = − 1
RC

∫ t

0
Vint(τ)dτ + ϵx(0) (19)

where the integrator input Vint(t) is obtained as the sum of the outputs of a pair of STs, whose
transfer characteristics are shown in Figure 8.

−λ

λ

Vint

h

ST−

ST+

z

Figure 8: Transfer function of the Schmitt trigger pair and adder from [4]

Whenever |z(t)| > λ, the ST+ generates a positive voltage, while the ST− remains zero. The resulting
sum drives the integrator, causing ϵx(t) to increase.
Once z(t) falls below (h − λ), where h is the hysteresis parameter, ST+ returns to zero and the integrator
stabilizes to a constant voltage which completes the folding cycle.

The proposed implementation offers several advantages.
By relying solely on analog components, it eliminates the need for digital blocks such as DACs or counters,
resulting in reduced circuit complexity and lower power consumption [4].
Furthermore, the recovery process is straightforward since the residual function is already known.
They demonstrated the feasibility of their design through a hardware implementation capable of capturing
HDR signals with 60 folds for a threshold λ = 1V.
However, the architecture also presents some limitations. In particular, the Schmitt trigger hysteresis
parameter h must be carefully tuned to avoid oscillations and unintended transitions.
Moreover, little information is provided regarding the input frequency range or the hardware implementa-
tion itself, since no details are given about the components used or the supply voltages.

2.2.3 Multi-Channel (CRT) Modulo-ADC

Single-channel modulo-ADCs are the most common architecture. However, in noisy environments, single-
channel modulo-ADC systems can require high sampling rates and significant computational costs [12].
The architecture presented in Figure 9 extends this idea by using an L-channel modulo-ADC based on
the Chinese Remainder Theorem (CRT). The core idea of the CRT is that a number can be reconstructed
from the residuals of its divisions by several coprime numbers (i.e., numbers that do not share common
divisors other than 1). In this approach, multiple parallel acquisition channels operate with different
modulo thresholds, producing a set of residues of the same input signal. The CRT is then used to
reconstruct the original signal from these residues, provided that the chosen thresholds are pairwise
compatible, as described in [12].
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Figure 9: Block Diagram of the Multi-Channel modulo-ADC proposed in [12]

Similar to the UDR-ADC, the input signal x(t) is first sampled, and each sample is then fed into L
parallel modulo-ADCs with different thresholds λ1, λ2, . . . , λL defined by:

λl = ϵτl (20)

where ϵ is a positive floating-point number, and τl are pairwise coprimes integers, as required by CRT
theory The terms ek,i denote additive measurement noise affecting channel i at time instant k. The
CRT-based reconstruction can recover the original signal as long as the modulo-ADC errors stay below
|e| < ϵ

4 .

Simulation results demonstrate that the multi-channel modulo-ADC can significantly reduce the
required sampling frequency compared to a conventional ADC or a single-channel modulo-ADC.
However, the study does not address circuit-level feasibility or practical implementation, leaving open
questions regarding the difficulty of properly setting the parameters for each channel.

2.2.4 Phase-Domain (Ring Oscillator) Modulo ADC

The architecture illustrated in Figure 10 is derived from [13], and was adopted in the previous Master’s
thesis [10].
This design employs a Voltage-Controlled Ring Oscillator (VCRO), which is a ring oscillator whose
oscillation frequency is controlled by the input voltage, to perform the modulo operation and quantization
simultaneously. A ring oscillator is a circuit composed of an odd number of cascaded inverters connected
in a closed loop, producing a self-sustained oscillating signal due to the propagation delay of each stage.
The key idea is to exploit the inherent modulo-2π nature of phase in oscillatory systems. Specifically, the
ring oscillator maps the input voltage to a phase value, and by monitoring the state transistions of the
oscillator over time, the modulo of the integrated input signal can be effectively captured.
To extract only the modulo component of the input, a finite-difference operation is applied in software
during post-processing.

The main advantage of this approach is that it combines modulo operation and quantization into a
single step, reduces the number of required analog and digital components, and improves energy efficiency.
However, this architecture also introduces certain challenges, since it relies on accurate modeling of phase
evolution, and the non-linearity of the ring oscillator can degrade performance at high operating rates
[10].
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Figure 10: Block Diagram of the Phase Domain modulo-ADC proposed in [13]

2.3 Proposed Modulo-ADC Architecture
The architecture proposed in this work is illustrated in Figure 11. Similar to the integrator-based modulo
architecture [4], it implements a modulo front-end block placed before the conventional ADC.

+

DVG

Comp-1

Comp-2

λ

- λ

x(t)

z(t)

xλ(t)

Feedback Loop

Figure 11: Block Diagram of the Wideband High-Dynamic Range ADC from [11]

The conceptual system architecture is derived from the work presented in [11], entitled “A Hardware
Prototype of Wideband High-Dynamic-Range ADC”, in which the modulo operation is applied directly to
the input signal prior to any sampling or quantization.

As discussed in the following sections, this architecture is particularly well suited to the objective of
this work, namely the realization of a Printed Circuit Board (PCB) aimed at increasing the dynamic
range of an ADC. Since the modulo operation is implemented as a front-end block, it can be directly
inserted before an existing ADC and an existing digital post-processing system.
Moreover, its fundamental building blocks can be readily implemented using standard components such
as operational amplifiers (op-amps), making the design practical and achievable within the scope of a
Master’s thesis. Finally, this approach facilitates the development of a hardware prototype that can be
easily modified or adapted in the future, for example by adjusting threshold values to meet the specific
requirements of different applications.
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2.3.1 Operating Principle

The design applies the folding operation directly to the continuous-time input signal x(t).
The operating principle relies primarily on a feedback mechanism composed of three main blocks:

• Two comparators that continuously monitor the input signal.

• A Digital Voltage Generator (DVG) that produces a controlled voltage signal z(t) based on
the triggering of the comparators.

• A summing block that combines the input signal x(t) with the output of the DVG, thereby
closing the feedback loop.

The modulo operation implemented in this design is expressed mathematically as follows:

xλ(t) = Mλ(x(t)) =
(
(x(t) + λ) mod 2λ

)
− λ (21)

This operation first shifts the signal x(t) upward by λ, moving the symmetric interval [−λ, λ] to the
positive range [0, 2λ].
A modulo 2λ operation is then applied, meaning that any value of x(t) + λ that exceeds 2λ will be
wrapped around to the range [0, 2λ]. Finally, the result is shifted back down by λ to restore the original
symmetric interval [−λ, λ].
This change of interval is necessary because the modulo operation is defined over intervals starting at
zero.

To better understand the operating principle, the behavior of the folding block is illustrated in
Figure 12 and Figure 13.

• For an instant t1 such that t < t1, we have |y(t)| < λ. Therefore, yλ(t) = y(t) and the output of the
DVG is z(t) = 0, since no comparator is triggered.

• At t = t1, let |y(t)| cross λ. If y(t1) > λ (Figure 12), then comparator 1 generates a positive trigger.
Conversely, if y(t1) < −λ (Figure 13), comparator 2 generates a negative trigger.

• If the DVG receives a positive trigger, its output decreases by 2λ (Figure 12). If it receives a
negative trigger, its output increases by 2λ (Figure 13).

• At a later instant t = t2, the signal may again cross one of the thresholds. Depending on the
crossing direction, the appropriate comparator is triggered once more, generating either a positive
or negative correction signal.

• The DVG responds accordingly, applying the necessary voltage adjustment so that, in both cases
(Figure 12 and Figure 13), the folded output returns within the range [−λ, λ], restoring the condition
yλ(t) = y(t) and resulting in z(t) = 0.
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Figure 12: Circuit behavior when the up-
per threshold is reached.
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y(t)

z(t)

yλ(t)

Figure 13: Circuit behavior when the lower
threshold is reached.

13



2 Theoretical Foundations and Architectures of Modulo ADCs

In other words, when the input signal exceeds the ADC dynamic range, a comparator detects this
condition and generates a trigger signal. This trigger activates the DVG, which adds or subtracts a
voltage offset to bring the signal back within the valid dynamic range. The voltage shift introduced by
the DVG must be a constant multiple of 2λ. Specifically, the DVG increases or decreases the input signal
by 2λ in response to positive or negative triggers, respectively.

2.3.2 Matlab Simulink Behavorial Simulation

An important step in the design process is to understand the mathematical behavior of the system in
order to analyze its operation, identify potential hardware implementation constraints, and highlight
possible design limitations that must be considered. To this end, a behavorial simulation of the block
diagram shown in Figure 11 is implemented in Matlab Simulink.

To verify the operation of the folding block, the thresholds are set to λ = ±1V, and sinusoidal
input signals with amplitudes of 5V and 10V are applied, corresponding to Figure 14a and Figure 14b,
respectively. The simulations are performed under ideal conditions where the feedback-loop delay is
negligible compared to the signal period (e.g., a 1 kHz input signal with a period of 1 ms and a delay of
1 ns). The results show that whenever the input signal exceeds the thresholds, the output is correctly
folded back into the range [−1, 1]V.
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(a) Folded output for a 5V sinusoidal input signal
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Figure 14: Matlab Simulation: Folded output for different input amplitudes

2.3.3 Limitations

This first system-level simulation allowed validation of the operating principle of the proposed archi-
tecture. More importantly, it highlighted several limitations that must be considered for the hardware
implementation and experimental validation.
Based on these limitations, it is also possible to define realistic design specifications in the context of a
first prototype PCB. These specifications will be discussed further in the next chapter dedicated to the
implementation.

1. Maximum Input Amplitude

As mentioned previously, for different modulo-ADC architectures, including the proposed one, the
input dynamic range is theoretically unlimited. In practice however, it is constrained by the supply
voltage of the circuit block.
For instance, if an operational amplifier is used in the summing block, its output voltage cannot
exceed the supply rails, otherwise, it will saturate or potentially be damaged.
Nevertheless, it also affects the design of the DVG in the feedback loop.
Indeed, the maximum input amplitude determines the maximum voltage that the DVG must be
able to generate. A larger input amplitude requires higher multiples of 2λ (in absolute value) at the
DVG output.

Considering again the example of 5 V and 10 V sinusoidal input signals with thresholds fixed at
±1V, the corresponding DVG outputs are shown in Figure 15.
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Figure 15: Matlab Simulation: DVG output for different input amplitudes

As shown in Figure 15a, an input signal with amplitude 5V must be folded twice, whereas the 10V
signal in Figure 15b must be folded five times in order to be mapped into the interval [−λ, λ].
The folding operation can be written as:

y(x) = x − 2λk(x) (22)

where y(x) is the folded output and k(x) denotes the integer folding index given by:

k(x) = round
( x

2λ

)
(23)

For a threshold value λ = 1, this yields:

k(5) = round
(

5
2

)
= 2 (24)

k(10) = round
(

10
2

)
= 5 (25)

Each folding operation introduces a correction of magnitude 2λ. Consequently, the internal DVG
output associated with the correction term is:

vDVG(x) = 2λk(x). (26)

For a 5V input, the DVG must be capable of producing an output range up to ±4V . In contrast,
for a 10V input, the required output range increases to ±10V due to five successive folds. This
significantly increases the required voltage range and therefore the supply voltage constraints of the
DVG design. Therefore, it is important to define beforehand the maximum input amplitude that
the modulo block must handle, in order to select appropriate components and supply voltages.

2. Feedback Delay

The feedback delay Td, defined as the time required for the signal to propagate through the
comparators and the DVG before producing the correction z(t), is a critical parameter. Indeed,
this delay directly limits the maximum frequency of the input signal that can be correctly folded.
If the input frequency is too high, the signal varies faster than the correction can be applied, which
may cause threshold crossings to be missed or detected too late. Similarly, the maximum allowable
amplitude, particularly for a sinusoidal input signal, is also affected, since it is directly related to
the frequency through the following expression:

x(t) = A sin(2πft), slope := d

dt

(
A sin(2πft)

)
= 2πfA cos(2πft) ≈ 2πfA. (27)

The last approximation follows from the fact that the cosine function is bounded between −1 and 1.
From this expression, it is clear that increasing the frequency results in a larger signal slope.
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A higher slope increases the likelihood of multiple threshold crossings occurring within a very short
time interval, potentially exceeding the system’s ability to respond correctly.
Therefore, the maximum input amplitude influences not only the required supply voltage range,
but is also intrinsically linked to the maximum allowable input frequency.

For instance, in Figure 16a, with a 100kHz sinuosoïdal input and a feedback delay of 100ns and the
thresholds still set to ±1V, the folds become asymmetric due to the feedback delay, and the signal
exceeds the range significantly.
In constrast, in Figure 16b, with the same input but a delay reduced to 10ns, the output signal is
nearly perfectly contained within the range [-1,1]V.
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Figure 16: Matlab Simulation: Output signal for different feedback delays

In [11], the issue of feedback delay is addressed. The authors show that, with a finite feedback delay,
the overshoot of a smooth signal can be bounded. This holds true if the input signal is Lipschitz
continuous [14].
Specifically, a signal y(t) is Lipschitz continuous if there exists a positive real number Ly such that,
for any T > 0,

|y(t) − y(t + T )| ≤ LyT. (28)

This condition ensures that the signal has a bounded rate of change, i.e., it cannot vary arbitrarily
fast. Under this condition, the amplitude of y(t) cannot change by more than LyTd (where Td is
the feedback delay) between consecutive folding instants. Therefore, if we choose the dynamic range
of the ADC to be

[−(λ + ∆.λ), (λ + ∆.λ)], where ∆.λ = LyTd, (29)

where λ is the nominal dynamic range of the ADC (i.e., the expected maximum amplitude), ∆ is a
dimensionless margin factor accounting for signal variations during the feedback delay, the signal
will not be clipped. For example, if λ = 1V and ∆ = 0.25, the ADC range is extended by 0.25λ,
resulting in a total range of [-1.25, 1.25]V.

For an input sinusoidal signal y(t) = A sin(ωct) = A sin(2πf0t), the Lipschitz constant is the
maximum slope of the signal:

Ly = 2πAf0 (30)

where A is the amplitude and f0 the frequency. This allows to determine the maximum overshoot
for fixed parameters.
For exemple, for a 10V sinusoïdal signal at 10kHz, the maximum slope is:

Ly = 2π · 10 · 104 ≈ 6.28 · 106. (31)

With a feedback delay of Td = 1µs, the maximum overshoot is:

∆.λ = LyTd ≈ 0.628 (32)
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which means that the folded signal can exceed the nominal threshold by up to 0.628, resulting in a
total range of [−1.628, 1.628]V.
The Figure 17, obtained from a Matlab simulation, confirms this theoretical prediction: the
maximum and minimum values of the folded signal are 1.6267V and –1.6267V, which closely match
the theoretical bounds.
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Figure 17: Maximum overshoot of the folded signal

2.4 Conclusion
Throughout this chapter, the theory of US has been presented, together with the modulo mapping used
to constrain a signal within the range [−λ, λ], where λ represents a fixed threshold.
The Modular Decomposition Property has also been explained, as it forms the foundation of the re-
construction algorithm used in this work to recover the original signal using only the modulo samples,
without requiring any additional information.

Several architectures proposed in the literature have then been reviewed, highlighting their operating
principles and fundamental concepts.
These architectures are generally supported by hardware implementations demonstrating their effective-
ness, although key performance metrics such as the maximum input frequency and admissible input
amplitude are not always specified. Nevertheless, their main advantages and implementation challenges
have been identified and discussed.

The architecture selected for this work, referred to as the Wideband High-Dynamic Range ADC in
[11], has been described in detail. A Matlab Simulink behavioral simulation was used to demonstrate its
operation and validate the reconstruction principle.
This analysis also highlighted several important challenges, particularly the impact of the input amplitude
on the supply voltage requirements of the components, as well as the feedback delay associated with the
folding operation, which limits the maximum achievable input frequency.

With the theoretical aspects and the selected architecture now established, the next chapter focuses
on the hardware implementation of the system.
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3
System Architecture and Design
Methodology

The previous chapter introduced the theoretical background of US theory, together with several modulo-
ADC architectures proposed in the literature.
Among these architectures, the Wideband High-Dynamic Range ADC presented in [11] was selected as
the basis for the hardware implementation developed in this work.
Its mathematical model was analyzed and implemented in a behavioral Matlab Simulink simulation. This
study highlighted several practical limitations of the selected architecture, particularly regarding input
amplitude constraints and feedback delay.

This chapter presents the design methodology and hardware implementation of the proposed system.
It begins with a review of the reference architecture presented in [11], together with its main limitations.
Based on this analysis, the system specifications are defined. The architecture developed in this work is
then introduced, with particular focus on reducing feedback delay, lowering supply voltage requirements,
and improving architectural adaptability.
Each circuit block is subsequently described through its schematic implementation and key characteristics,
including component selection, supported by LTspice simulations to validate correct operation.
The gain of each block is then analyzed, accompanied by a feedback delay analysis based on the selected
components.
Finally, the hardware implementation is presented, with particular emphasis on the PCB design process.

3.1 Hardware Implementation from the Literature
In [11], a hardware implementation of the Wideband High-Dynamic Range ADC is proposed.
The architecture consists of a front-end folding block that can be inserted directly before an existing
ADC and its associated digital post-processing system.

The proposed design includes the following hardware components, as illustrated in Figure 18:

• Two comparators: These comparators generate trigger signals when the input exceeds the
thresholds ±λ. The comparator associated with the upper threshold generates a positive trigger
pulse when the input signal exceeds +λ. Conversely, the comparator associated with the lower
threshold generates a negative trigger pulse when the input signal falls below −λ.

• UP/DOWN counter: The counter receives the trigger signals from the comparators. For each
positive trigger, the counter increments its state. Conversely, for each negative trigger, it decrements
to the previous state.

• Digital-to-Analog Converter (DAC): The DAC converts the digital counter value into an
analog voltage. Since the DAC output is often strictly positive, a Multiplexer (MUX) is introduced
to handle polarity selection. The MUX uses a sign bit provided by the counter to apply either a
positive or negative correction at the input of the multiplier.

• Multiplier: This block scales the analog output of the DAC.

• Adder: The adder combines the original input signal with the scaled correction signal produced by
the multiplier.
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Figure 18: Block Diagram of the architecture from [11]

In [11], the performance of the architecture is evaluated through a hardware PCB implementation.
The threshold used in the implementation is fixed at λ = 1.25V. The results show that the system can
process input signals with amplitudes up to 8λ = 10V corresponding to four folds according (23).
It is further demonstrated that, by introducing a margin factor ∆ = 0.5, the folded output is allowed to
vary within the range [−(λ + ∆.λ), (λ + ∆.λ)] = [−1.875, 1.875]V. Under these conditions, the maximum
achievable input signal frequency for a 10V amplitude signal is 10kHz. Although these results represent
a significant improvement over previous implementations, such as the sample-and-hold-based approach
cited in the paper, which achieves only around 300Hz, the system still presents several limitations:

• High Feedback Delay:
A major drawback of this implementation is the delay introduced by the components in the feedback
loop, which results in a relatively large overall feedback delay.
In particular, the feedback loop includes a counter implemented on a PJRC Teensy 4.1 Development
Board [16], a microcontroller platform programmable via the Arduino IDE.
Although the board operates at a reported clock frequency of 600MHz, the software-based implemen-
tation inevitably increases the processing time required to update the counter state and generate
the corresponding DAC output, thereby contributing significantly to the total feedback delay. The
minimum reported delay of the counter is approximately 1µs. This value does not include additional
delays introduced by the DAC and other elements in the feedback loop, which further increase the
overall feedback delay. As discussed in Section 2.3.3, this delay limits the maximum input frequency
that can be correctly processed by the system, which in this case is approximately 10kHz.

• Limited input voltage range:
It is stated that some of the selected components, such as the multiplexer, multiplier, and amplifiers,
can only operate for voltages below 12 V. Consequently, the correction voltage at the output of
the multiplier cannot exceed 12 V in absolute value. This limits the maximum input amplitude to
8λ = 10 V, because if the input exceeds 9λ, the correction voltage would need to reach 10λ = 12.5 V
according (26), which is beyond the supported operating range.
Moreover, the adder used requires a supply voltage of 15 V even though the input voltage does not
exceed 10 V. This implies the need for multiple supply voltages, including unnecessarily high supply
levels that are not fully utilized.
Increasing the input amplitude would require larger correction signals and therefore the replacement
of several components with components supporting higher supply voltages, highlighting the lack of
flexibility of the architecture. In addition, increasing the supply voltage of multiple components
would significantly increase power consumption.
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3.2 Design Specifications and Guidelines
In this context, the proposed implementation is designed according to the following guiding principles:

• Low-voltage operation: Minimize the number of supply rails to reduce overall design complexity,
and lower the supply voltage of most functional blocks to decrease power consumption.

• Minimized feedback delay: Reduce the total delay in the feedback loop to well below 1 µs, in
order to increase the maximum supported input frequency.

• Design adaptability: Ensure flexibility to adjust the folding thresholds and the maximum input
amplitude according to application requirements.

These guidelines led to the design choices summarized in Table 1, which were followed throughout the
development of the implementation proposed in this work.

Parameter Specification

Core Functionality: Modulo Operation

Output Voltage Vout(t) = ((Vin(t) + λ) mod 2λ) − λ

Threshold Voltage λ ±λ = ±1 V
Folding Voltage Vfold Vfold = k · (±2λ) = k · (±2 V), k ∈ Z

Feedback Delay Td Td < 1 µs
Reconstruction Compatible with existing reconstruction algorithms

Input Signal Characteristics

Input Voltage Range |Vin| ≤ 5V with the objective of later increasing the dynamic range
Input Frequency fin ≥ 10 kHz

Output Signal Characteristics

Output Voltage Range Vout ∈ [−1.25, 1.25]V
Electrical Requirements

Supply Voltage at Input stage |Vsupply,in| ≥ |Vin|
Other Blocks Supply Voltage 1.25V ≤ |Vsupply| ≤ 3.3V

PCB Design Constraints

Component Selection Components must have available SPICE models
Component Packaging Hand-solderable packages only (no BGA)
Component Availability Available from standard distributors (e.g., Digi-Key, Mouser)
Power Supply Design All supply rails generated externally
Testability Test points available at each functional block
Implementation Fully hardware-based (no software-dependent blocks)
Clock Generation On-board clock with optional external clock input

Table 1: Specification of the Modulo-ADC Hardware Implementation

As listed in the specifications, the maximum input amplitude is limited to ±5 V for this first imple-
mentation. This limitation is a direct consequence of the requirement that all selected analog components
must have an available SPICE model.
Indeed, this work corresponds to a first prototype developed in the context of a Master’s thesis, therefore,
it is essential to validate the design through simulation using LTspice. This requirement significantly
constrained the choice of components available from distributors such as Digi-Key, especially for op-amps,
since not all devices are provided with compatible SPICE models. As a result, most op-amps with
available SPICE models support supply voltages limited to approximately ±5 V, which consequently
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limits the maximum input amplitude of the entire system.
In Section 4.5.1, alternative component choices are proposed in order to improve the achievable dynamic
range. For digital components such as counters, accurate behavioral simulation is generally not possible
beforehand. Indeed, LTspice is primarily intended for analog circuit simulation, and modeling detailed
digital behavior is either unsupported or very complex to implement. Consequently, the requirement for
available SPICE models does not apply to digital components.

Regarding the output voltage range, as shown in Section 4.3.2, it is important for the ADC to support
a slightly larger dynamic range than [−λ, λ]. Therefore, even though the threshold λ is set to ±1 V, the
accepted output range is chosen as [-1.25,1.25]V.

Finally, the supply voltage of the input stage must naturally support the maximum input range, which
in this case is limited to ±5 V. However, for the other blocks, lower supply voltages are preferred in order
to minimize the number of distinct supply rails and reduce power consumption. These supply voltages
cannot be lower than the required output range to avoid clipping and preferably should not exceed
3.3 V, corresponding to the standard supply voltage commonly used for Low-Voltage Complementary
Metal-Oxide-Semiconductor (LVCMOS) digital logic.

3.3 Proposed Hardware Implementation
Based on the specifications and guidelines listed in the previous section, the architecture illustrated in
Figure 19 is proposed:

V/I
Converter

I/V
Converter

Comp-N

Comp-P

Programmable
Voltage

Generator

V/I
Converter

Input
Signal

Output
Signal

High Voltage Region Low Voltage Region

Figure 19: Block Diagram of the proposed architecture

It is consituted of five main blocks:
• Input Voltage to Current (V/I) Converter: The first input block converts the input signal

from voltage to current.

• Output Current to Voltage (I/V) Converter: The output block converts the current back to
voltage, providing an output voltage signal for the comparators and the ADC.

• Comparators (Comp-P and Comp-N): Two comparators monitor the output signal and generate
trigger pulses when the signal exceeds the upper or lower thresholds.

• Programmable Voltage Generator (PVG): The PVG is responsible for generating the ap-
propriate correction voltage based on the trigger signals produced by the comparators. The block
implements a counter, which keeps track of the system state by counting the trigger events, and
two DACs, which generate the corresponding analog correction voltage.

• Feedback Voltage to Current (V/I) Converter: This block converts the voltage output of
the PVG into a current, which is then summed with the input current at the node formed by the
interconnection of the outputs of the two V/I converters.
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The main idea behind this architecture is to perform the folding operation in the current domain
rather than in the voltage domain.
In the approach presented in [11], the folding operation is implemented in the voltage domain. As a
result, both the input adder stage and the multiplier that generates the correction signal require high
supply voltages to accommodate large input amplitudes. In the proposed architecture, the input voltage
is first converted into a current at the front-end stage. Consequently, only this initial conversion stage
must handle the full input voltage range and therefore requires a higher supply voltage. Once in the
current domain, the folding operation is performed by simply adding or subtracting currents from the
input current. As a result, even the PVG can operate at low supply voltage levels, since it only needs to
generate a correction current of the same order of magnitude as the input signal.

3.4 Circuit-Level Simulation and Validation
In this section, the different circuit building blocks are presented together with the selected components
and validated through LTspice simulations in order to demonstrate their functionality.

3.4.1 Voltage to Current (V/I) Converter

A common way to have a V/I converter that can produce both positive and negative currents, is to use
an operational amplifier in a transconductance configuration.
A transconductance circuit converts input voltage into an output current following the relation:

Iout = gm · Vin (33)

where gm is the transconductance gain of the circuit, Vin is the input voltage, and Iout is the output current.
The transconductance gm [A/V] is the gain factor that determines how much current is produced for a
given input voltage and is typically determined by the circuit design and the choice of values of the resistors.

The operational transconductance amplifier chosen is called Improved Howland Current pump [18],
represented in Figure 20.
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Figure 20: Improved Howland Current Pump Schematic
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By applying Kirchhoff’s Current Law (KCL), assuming an ideal operational amplifier, and imposing
the following resistor matching conditions:

R1

R2 + R3
= R4

R5
(34)

and
R4 = R5 (35)

The output current can be expressed as:
Iout = Vin

R3
(36)

Thus, the transconductance gain is:
gm[A/V] = 1

R3
(37)

The complete derivation is provided in Annex A.
This circuit allows an easy design of the transconductance gain by simply choosing the value of R3 and
determining the other resistors according to (34) and (35).
However, if a precise and stable transconductance gain is required, it is important to use high-precision
resistors with tight tolerance (e.g., 0.1% or lower).

It is recommended to add a capacitor CF in parallel with R5. The full development is given in Appendix
E of [19], where it is shown that the finite gain-bandwidth product (GBW) of the operational amplifier
introduces a virtual output capacitance Cx at the node between R2 and R3. This parasitic capacitance
can reach several hundreds of picofarads for an operational amplifier with a gain-bandwidth product of
1 MHz, thereby limiting bandwidth and potentially causing instability with reactive loads. Adding CF in
parallel with R5 introduces a zero in the feedback path that cancels the effect of this parasitic pole. At
high frequencies, CF bypasses R5 and restores near-unity feedback to the inverting input. A recommended
value of the feedback capacitance is 3 pF to 10 pF, small enough to leave the low-frequency transconduc-
tance gain gm = 1/R3 essentially unaffected, while still providing sufficient compensation to mitigate
the effects of the parasitic capacitance at higher frequencies where it would otherwise degrade performance.

In [19], a list of suitable operational amplifiers for use in an Improved Howland Current Pump
configuration is provided. Based on these recommendations, and considering the requirements for an
available SPICE model as well as commercial availability through distributors such as Digi-Key and
Mouser, the LT1813 operational amplifier is selected for the V/I converter circuit. This amplifier is
said to offer low power consumption while maintaining high-speed performance, with a gain-bandwidth
product of 100MHz and a settling time of 30ns. The settling time corresponds to the time required for
the output to reach and remain within its final stable value. The absolute maximum total supply voltage
(V + − V −) for this device is 12.6 V, beyond which the amplifier may not operate correctly and could be
permanently damaged. The electrical characteristics provided in the datasheet [22] are specified for a
typical supply voltage of Vs = ±5 V, which is therefore used in this design. With this supply voltage, the
input signal amplitude cannot exceed approximately −5 V to +5 V. However, as mentioned previously,
the objective of this prototype is primarily to validate the architecture rather than to support very large
input amplitudes. Possible design improvements to extend this input range are discussed in Section 4.5.1.
Figure 21 presents the results of a behavioural simulation of the Improved Howland Current Pump carried
out in LTspice, using the selected operational amplifier and the parameters listed in Table 2.

Parameter Value Unit Notes
Input 2 V 1 kHz sinusoidal signal
Gain resistor R3 5 kΩ Sets the gain
Resistor R1 6 kΩ
Resistors R2, R4, R5 1 kΩ
Feedback capacitor CF 3 pF
Operational amplifier LT1813 Datasheet [22]
Negative supply voltage Vss −5 V
Positive supply voltage Vcc 5 V

Table 2: LTspice simulation configuration for the V/I converter
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The input voltage is a sinusoidal signal with an amplitude of 2V and a frequency of 1kHz. With
the gain resistor value set to 5 kΩ, the transconductance gain gm is equal to 5 × 10−3 A/V. The output
current waveform shown in Figure 21b therefore corresponds to the input signal scaled by a factor of
5 × 10−3. Moreover, when the input voltage becomes negative, the output current also becomes negative,
as expected. No instability issues were observed during simulation, regardless of whether the feedback
capacitor is included. Nevertheless, the feedback capacitor was retained in the final design, since LTspice
behavioural simulations may not fully capture all non-ideal effects and parasitic phenomena associated
with the practical implementation of the circuit.
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Figure 21: LTspice Simulation: Input voltage and output current of the Improved Howland Current Pump

3.4.2 Current to Voltage (I/V) Converter

Similarly to the V/I converter, a I/V converter can be achieved using an operational amplifier. In this
configuration, the circuit is referred to as a transimpedance amplifier [21], as illustrated in Figure 22.
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Figure 22: Transimpedance Amplifier Schematic

Applying Kirchhoff’s Current Law (KCL) at the inverting input node V− of the op-amp gives:

Iin = V− − Vout

Rf
(38)
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Assuming an ideal operational amplifier, there is a virtual short between the two inputs of the op-amp,
which gives:

V− = V+ = 0 (39)

Therefore, a transimpedance amplifier converts an input current into an output voltage following the
relation:

Vout = −Iin · Rf (40)

This configuration provides the same function as a resistor, but with the advantage of a much higher
input impedance and a lower output impedance.
The negative sign in the equation indicates that the output voltage is inverted with respect to the input
current. This inversion doesn’t affect the functionality of the circuit since the output voltage can be
easily inverted back if needed by adding an additional inverting stage or in the post-processing stage of
the signal. In this work, the latter solution is adopted.
Therefore, the transimpedance gain is determined by the value of the feedback resistor Rf . In this case
also, since the gain depends mostly on the resistor, it is better to use resistors with low tolerance to
ensure a precise gain.

Again, a feedback capacitor is added in parallel with the feedback resistor to ensure the stability of
the circuit. However, in a transimpedance amplifier, the capacitor value is carefully calculated by taking
into account the capacitances present at the inverting input node [21].
In this configuration, the current source is directly connected to the inverting input of the operational
amplifier, while the non-inverting input is grounded. Due to the high open-loop gain of the op-amp,
the inverting node is maintained at a virtual ground. As a result, although the voltage at this node is
approximately zero, its impedance is high, making the effect of parasitic capacitances significant.

The total capacitance at the inverting node can be expressed as:

Ctot = Cn + CM (41)

where Cn represents the intrinsic input capacitance of the op-amp together with any parasitic capacitances,
and CM is the feedback capacitor.
This capacitance forms a pole with the feedback resistor:

fp = 1
2πRf (Cn + CM ) (42)

Since this pole lies within the feedback loop, it introduces additional phase shift, which can reduce the
phase margin and potentially lead to instability.
To compensate for this effect, the feedback capacitor CM is chosen such that it introduces a zero in
the loop-gain that improves the phase margin. By analyzing the loop gain and applying the stability
condition near the unity-gain frequency, the following approximation can be derived [21]:

CM ≈

√
Cn + CM

2πRf ft
(43)

This expression shows that the required feedback capacitance depends on the total input capacitance at
the inverting node, the feedback resistor, and the unity-gain frequency ft of the operational amplifier.
Both Cn and ft are typically provided in the op-amp datasheet.

Since each LT1813 package contains two independant amplifier circuits, in order to use all available
amplifier and simplify the implementation by using only one type of op-amp, the LT1813 is also chosen
for the I/V converter.
Figure 23 presents the results of a behavioural simulation of the transimpedance amplifier performed in
LTspice, using the parameters listed in Table 3.
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Parameter Value Unit Notes
Input 400 µA 1 kHz sinusoidal current
Gain resistor R 5 kΩ Sets the gain
Feedback capacitor CM 13 pF Calculated from 43
Operational amplifier LT1813 Datasheet [22]
Negative supply voltage Vss −5 V
Positive supply voltage Vcc 5 V

Table 3: Simulation configuration for the I/V converter

The input current is a sinusoidal signal with an amplitude of 400µA and a frequency of 1 kHz.
The simulation results show that the output voltage is proportional to the input current with a gain
factor of R = 103Ω. The output signal is inverted with respect to the input current due to the negative
gain of the transimpedance amplifier.
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Figure 23: LTspice Simulation: Input voltage and output current of the I/V converter

Moreover, the presence of this feedback capacitor in parallel with the feedback resistor introduces a
first-order low-pass filter. The cutoff frequency is therefore determined by the feedback capacitor CM and
the feedback resistor of the I/V converter.
Considering a feedback resistor of 5kΩ and a feedback capacitor of 13 pF, the cutoff frequency is given by:

fc = 1
2πRCM

= 1
2π × 5000 × 13 × 10−12 ≈ 2.45MHz (44)

To verify the usable frequency range of the circuit, corresponding to the passband, a gain Bode
diagram is used.
A gain Bode diagram represents the variation of the output amplitude of a system as a function of the
input frequency. The horizontal axis shows the frequency on a logarithmic scale, while the vertical axis
represents the gain magnitude in decibels (dB), defined as:

Gain(dB) = 20 log10

(
|Vout(jω)|
|Vin(jω)|

)
(45)

where j is the imaginiary unit and ω the angular frequency given by ω = 2πf [rad/s]. When |Vout|
|Vin| = 1,

the gain is 0 dB, meaning that the output amplitude is equal to the input and no attenuation occurs.
The cutoff frequency is defined as the frequency at which the gain decreases by 3 dB relative to the
passband gain. Beyond this point, the condition |Vout|

|Vin| < 1 holds, corresponding to a negative gain in dB
and thus attenuation of the output signal.
The resulting Bode diagram is shown on Figure 24.
The measured cutoff frequency is approximately 2.4MHz, which is consistent with the theoretical value
calculated in (44). Beyond this frequency, the gain decreases with a slope of approximately -20dB/decade,
as expected for a first-order low-pass filter.
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Figure 24: LTspice Simulation: Frequency response of I/V converter

3.4.3 Comparators -N and -P

Two comparators are required: one to trigger when the signal is below the threshold −λ and one to
trigger when the signal is above the threshold λ. The term trigger means that the output signal of the
comparator changes its state when the input crosses the threshold.
More specifically, the output signal of comparator-N (Comp-N, where N stands for negative threshold)
becomes high when the signal falls below −λ, and returns to low when the signal rises above −λ. Con-
versely, the output of comparator-P (Comp-P, where P stands for positive threshold) becomes high when
the input signal exceeds λ, and returns to low when the signal drops below λ. Therefore, the outputs of
the two comparators can never trigger at the same time, since the input signal cannot be simultaneously
higher than λ and lower than −λ.

An operational amplifier associated with a resistive voltage divider, used to fix the threshold voltage,
implements such a comparator, as shown in Figure 25.
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Figure 25: Schematic of Comparator-N
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For Comp-N, given that a negative threshold voltage −λ is required, the voltage divider must be
supplied by a negative voltage source V1.
The resulting negative threshold voltage is given by:

V−λ = V1 × R2

R1 + R2
(46)

The use of a voltage divider provides flexibility in the design, as the threshold voltage can be easily
adjusted by selecting appropriate resistor values.
In Comp-N, the reference voltage V−λ is applied to the non-inverting input of the operational amplifier.
The output behavior is therefore: {

If Vin < V−λ then Vout = Vcc

If Vin > V−λ then Vout = Vss

(47)

Similarly, for Comp-P, a positive threshold voltage λ is obtained by supplying the voltage divider with
a positive source V2 and selecting appropriate resistor values.
The positive threshold voltage is:

Vλ = V2 × R2

R1 + R2
(48)

In this case, the desired behavior is the opposite: the output should be high when the input voltage
exceeds the threshold λ. This leads to:{

If Vin > Vλ then Vout = Vcc

If Vin < Vλ then Vout = Vss

(49)

To achieve this behavior, the reference voltage generated by the divider is connected to the inverting
input of the operational amplifier, while the input signal is applied to the non-inverting input.

For both Comp-N and Comp-P, the trigger outputs Vtrig,N and Vtrig,P must remain within the range
0–3.3 V to ensure compatibility with the LVCMOS digital components used in the following stages, as
presented in the next section.
Using the LT1813 operational amplifier in a comparator configuration is not appropriate, since its output
would swing from −5 V to +5 V. Instead, the LT1016 comparator is selected.
The LT1016 includes an output stage specifically designed for interfacing with digital logic. Although it
is supplied with ±5 V, its output high level is typically around 3.4V, while the output low level is close to
0.3V [28].

Figure 26 shows the simulated behavior of Comp-N and Comp-P using the parameters listed in Table 4.

Parameter Value Unit Notes
Input 2 V 1 kHz sinusoidal voltage
Negative voltage divider supply V1 -3.3 V
Positive voltage divider supply V2 3.3 V
Voltage divider resistor R1 4 kΩ
Voltage divider resistor R2 1 kΩ
Comparator LT1016 Datasheet [28]
Negative supply voltage Vss −5 V
Positive supply voltage Vcc 5 V

Table 4: Simulation parameters for the comparators

The input signal is a sine wave with an amplitude of 2 V at a frequency of 1 kHz, while the reference
voltages are set to V−λ = −1V and Vλ = 1V.
The outputs switch correctly when the corresponding threshold voltages are reached. The output low
level is approximately 0.3V, as expected. However, the output high level exceeds 3.3V and reaches
approximately 3.8V.
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Figure 26: LTspice Simulation: Input, Reference, and Output voltage of the comparators

To protect the following digital stages from voltage levels above 3.3V, a Zener diode is added at the
output of each comparator, as shown in Figure 27. The resistor R, around 100Ω, limits the current
flowing through the diode during clamping.
A Zener diode allows current to flow in the reverse direction when the reverse voltage exceeds the Zener
voltage. Here, a diode with a Zener voltage of 3.3V is chosen, which clamps the comparator output to
approximately 3.3V.
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Figure 27: Schematic of comparator-P with Zener diode protection

Figure 28 shows the simulation results obtained with the Zener diode protection. The comparators
output high level are now limited to approximately 3.3V.
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Figure 28: LTspice Simulation: Input, Reference, and Output voltage of the comparators with Zener
diode
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3.4.4 Programmable Voltage Generator

The Programmable Voltage Generator (PVG) receives the trigger signals generated by the two comparators
and produces the correction voltage that will subsequently be converted into a current.
The output voltage must be able to take both positive and negative values in order to generate a positive
or negative current at the output of the V/I converter, depending on the sign of the fold.

The proposed architecture is shown in Figure 29.

CPLD

DAC-N
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Voltage
Subtractor

Vtrig,N

Vtrig,P

8

8

OutN

OutP

Vfold

Figure 29: Schematic of the PVG

The PVG consists of three main blocks:

• Complex Programmable Logic Device (CPLD):

A CPLD is a type of digital integrated circuit that can be programmed by the user to implement
custom logic functions. It belongs to the family of programmable logic devices (PLDs), which allow
hardware behavior to be defined after manufacturing.
Internally, a CPLD consists of several programmable logic blocks interconnected through a pre-
dictable routing structure. Each block can implement combinational logic (e.g., AND/OR functions)
as well as simple sequential elements such as flip-flops. Compared to a Field Programmable Gate
Array (FPGA), a CPLD typically contains fewer logic.
Rather than designing circuits using discrete components such as logic gates or multiplexers, the
desired functionality is described using a hardware description language (HDL) such as Verilog or
VHDL. This description is then synthesized and mapped onto the internal structure of the CPLD.
CPLDs are non-volatile, meaning that they retain their configuration even when power is removed.
Although a clock is not strictly required, it is often used to synchronize the input and output signals
of the device. This makes it possible to accurately predict timing behavior based on the clock period
and the implemented logic.

In the proposed design, as shown in Figure 29, the CPLD receives the two trigger signals Vtrig,N

and Vtrig,P generated by the comparators. The CPLD produces two 8-bit outputs corresponding to
the digital representation of the correction voltage.
By implementing a Finite State Machine (FSM), which can be viewed as a counter within the
CPLD, the digital codes sent to the DACs are updated according to the trigger signals in order to
generate the required correction voltage.
The implementation details of the FSM and the configuration are described in the following section.

The criteria for selecting the CPLD are availability from distributor websites, a sufficient number of
I/O pins to accommodate at least two inputs (Vtrig,N and Vtrig,P ) and two 8-bit outputs for the
DACs, enough logic elements (LEs) to implement the FSM, and suitability for high-speed operation,
including support for a high-frequency clock and low propagation delays.
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It is also preferable to use a CPLD with 3.3V I/O compatibility in order to maintain compatibility
with the LVCMOS components used in the design.
Based on these requirements, the 5M80Z from Altera is selected. The device provides 80 Logic
Elements (LEs), which is sufficient for the implementation of the FSM, as discussed below, and 79
I/O pins, which largely satisfies the interface requirements. The device also exhibits a very low
pin-to-pin delay of 7.5 ns in the worst-case scenario, which corresponds to a full diagonal path across
the device with combinational logic implemented using a single Lookup Table (LUT) and an adjacent
Logic Array Block (LAB). Although it does not represent the exact delay of the implemented design,
since the actual delay depends on the synthesized logic, it provides an indication of the device
speed performance. Additionally, it supports an external clock up to 152 MHz, as described in the
datasheet [23].
The 5M80Z requires two supply voltages: 1.8 V for the core and 3.3 V for the I/O banks. The core
supply powers the internal logic and configuration of the CPLD, while the I/O supply defines the
voltage levels of the external input and output pins.
A reset signal is implemented to ensure the system starts in a predictable state. The reset forces
internal registers and flip-flops to a known condition, typically initializing the state machine.
In this design, the reset is generated using a voltage supervisor (MAX6444) combined with a push-
button. The MAX6444, also powered at 3.3 V, guarantees a clean, single reset pulse of minimum
duration even if the push-button is pressed quickly, eliminating noise caused by mechanical switch
bouncing.

• DACs:

The CPLD drives two DACs, each receiving an 8-bit digital input.
A DAC converts a digital code into a corresponding analog voltage. In other words, it performs the
inverse operation of an ADC.
The output voltage Vout of an ideal DAC can be expressed as

Vout = VF S × D

(2N − 1) (50)

where VF S is the full-scale voltage (i.e., the maximum analog output voltage of the DAC), D is the
decimal value of the digital input code with the maximum digital value Dmax = 2N − 1, N is the
number of bits of the DAC, and 2N represents the total number of possible digital codes.
Therefore, depending on the digital codes produced by the CPLD, the DACs generate the voltages
OutN and OutP required to produce the appropriate correction signal.

DACs capable of directly generating negative voltages are less common and typically require both
positive and negative supply rails, which increases the complexity of the power supply design.
To avoid this constraint, this architecture uses two DACs combined with a subtractor stage, as
described below.
The CPLD ensures that the two DACs never output non-zero values simultaneously. In other words,
only one DAC produces a non-zero output at a given time, depending on the state of the FSM
implemented in the CPLD. The voltage substractor stage ensures that the output of the PVG has
the correct polarity.

The DACs must satisfy several criteria: availability from distributors, sufficient resolution to allow
a large number of correction steps if required, and suitability for high-speed operation. The latter
constraint significantly reduces the number of available DACs, especially when requiring a settling
time below 100ns.
Considering these requirements, the MAX5190 DAC is selected.
The MAX5190 is an 8-bit voltage-output DAC powered with a 3.3 V supply. It is designed for
high-performance signal reconstruction with low distortion and low power consumption, as described
in the datasheet [24].
The DAC requires a clock signal at its input to update the output value. The maximum clock
frequency is 40 MHz, which corresponds to a minimum clock period of 25 ns. Consequently, the
output settling time is said to be at least one clock period.
The MAX5190 provides a fully differential output, which can be converted into a single-ended
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voltage using a low-distortion operational amplifier configured as a subtractor, as described in
the datasheet. The operational amplifier originally recommended in the datasheet is no longer
commercially available. Therefore, an amplifier with similar characteristics, the ADA4857, is selected
instead [25].
In addition, the DAC output is unbuffered, meaning that its voltage can be affected by the load
presented by the following circuit stage. For this reason, a buffer amplifier implemented with the
LT1813 is added at the output.
The full-scale output voltage of the DAC is 400 mV. Consequently, the DAC output voltage can vary
from 0 to 400 mV over 28 = 256 discrete levels, although such a fine resolution is not necessarily
required for the intended application.
After conversion of the differential output into a single-ended signal and the addition of the buffer
stage, the resulting output is a buffered single-ended voltage ranging from 0 to 400 mV.

Both the DACs and the CPLD require an external clock. The DACs use the clock to update their
output values, while the CPLD uses it to synchronize the input trigger signals. Synchronizing
the input trigger signals with the clock means that the CPLD does not react immediately to
asynchronous input changes. Instead, input signals are first sampled on a specific clock edge,
ensuring that state transitions in the FSM only occur at discrete, well-defined time steps. This
avoids timing ambiguity and ensures deterministic and stable digital behavior.
The maximum clock frequency accepted by the DACs is 40 MHz. Therefore, an oscillator producing
a 40 MHz clock is selected.
Although the CPLD can operate at higher clock frequencies, for this first prototype it is preferable
to use a single clock for simplicity and to reduce design complexity.
The SiT9005 component is chosen to generate the clock.
It is a Micro-Electromechanical Systems (MEMS)-based oscillator that produces a 40 MHz square-
wave output and operates from a 3.3 V supply. As a result, the clock signal swings approximately
from 0 V to 3.3 V [26], making it fully compatible with both the CPLD and the DACs.
The use of a MEMS-based oscillator simplifies the design because the complete clock generation
system is already integrated inside a single component. In comparison, a discrete quartz crystal
solution would require additional external components such as the crystal itself, load capacitors and
an oscillator circuit to generate a stable clock signal.
The SiT9005 can therefore directly provide a stable clock signal without requiring additional tuning
or careful design of the crystal network. In addition, its integrated output stage is capable of driving
multiple CMOS inputs, which reduces the risk of loading issues when the same clock is distributed to
several components. MEMS oscillators are also less sensitive to PCB layout and parasitic effects than
discrete quartz crystal circuits, which improves startup reliability and simplifies PCB integration [27].

• Voltage Subtractor

To generate both positive and negative correction voltages, the outputs of the two DACs are
subtracted according to:

Vfold = A × (OutP − OutN ) (51)

where A is the gain of the subtractor stage used to scale the output voltage, since DACs typically
provide relatively low output amplitudes.
If a negative fold correction is required, the current produced by the V/I converter must be negative.
Consequently, the input voltage of this converter (i.e., Vfold) must also be negative. In this case,
only the digital code sent to DAC-N is non-zero, while the output of DAC-P is zero. According to
(51), this results in a negative value of Vfold.
Conversely, if a positive correction current is required, the CPLD drives DAC-P while DAC-N
outputs zero, resulting in a positive value of Vfold.
The voltage subtractor is implemented using the basic differential amplifier shown in Figure 30.
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Figure 30: Schematic of Voltage Subtractor

The output of the differential amplifier is given by

Vfold = R3

R1
× (OutP − OutN ) (52)

which is valid provided that R1 = R2 and R3 = R4.

The LT1813 operational amplifier is also selected to implement the subtractor stage.
Figure 31 presents the results of a simulation performed to verify the operation of the subtractor
stage, using the parameters listed in Table 5.

Parameter Value Unit Notes
Input OutN 0 to 200 mV Step waveform with 100mV increments/decrements
Input OutP 0 to 200 mV Step waveform with 100mV increments/decrements
Resistor R1 = R2 400 Ω Set the Gain
Resistor R3 = R4 1.6 kΩ Set the Gain
Operational amplifier LT1813 Datasheet [22]
Negative supply voltage Vss −5 V
Positive supply voltage Vcc 5 V

Table 5: Simulation configuration for the subtractor

The inputs provided by the DACs are designed such that only one of them is non-zero at any given
time. Each input takes discrete values of 0, 100 mV, or 200 mV in a stepped waveform.
The resistor values define a gain of 4 for the subtractor stage. As a result, the output of the circuit
is also a stepped waveform, which becomes negative when OutN is active and positive when OutP

is active.
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Figure 31: LTspice Simulation: Output of the DACs and output of Voltage Subtractor

Therefore, the PVG is only constituted of hardware blocks, with components such as the CPLD and
DACs selected to minimize delay. As no software is involved, the feedback delay can be significantly
reduced.

3.5 Sizing and Validation
Since the input range is limited to ±5V by the supply voltage of the components, only two folds are
required according to (23). Therefore, with a threshold of ±λ = 1V, and for a maximum input amplitude
of 5V, the only required correction voltages Vfold are ±2V and ±4V, as defined by (26).
Consequently, the gains of the different circuit blocks, the FSM design, and the DACs output values are
chosen assuming that only two folds must be handled. Possible approaches to increase this number are
presented in Section 4.5.1. Based on these considerations, the FSM implemented in Verilog on the CPLD,
whose code is provided in Annex D, is defined as shown in Figure 32.
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DAC-N: IDLE
DAC-P: IDLE

+2V Correction
DAC-N: IDLE
DAC-P: Step 1

+4V Correction
DAC-N: IDLE
DAC-P: Step 2
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DAC-P: IDLE

Vtrig,P

Vtrig,P

Vtrig,N

Vtrig,N

Vtrig,N

Vtrig,N

Vtrig,P

Vtrig,P

Figure 32: Schematic of the FSM

This FSM is a Moore FSM because its outputs depend only on the current state, meaning that each
state has a fixed output value associated with it.
According to the resource estimation provided by Quartus for the Verilog implementation, the FSM
requires 42 LEs, which remains below the 80 LEs available on the selected CPLD.
The FSM starts in the initial IDLE state, where no correction is applied and both DACs output are zero.
A high Vtrig,P indicates that the output signal exceeds +1V. Because the I/V converter introduces an
inversion, this corresponds to the input signal dropping below −1V. In this case, the correction voltage
Vfold must be increased, and DAC-P is activated.
Similarly, a high Vtrig,N indicates that the output signal falls below −1V, which means that the input

34



3 System Architecture and Design Methodology

signal exceeds +1V. The correction voltage Vfold must then be decreased, and DAC-N is activated. The
FSM is implemented such that both DACs output are never non-zero simultaneously.
As mentioned previously, the MAX5190 DAC has a full-scale output voltage of 400 mV and an 8-bit
input. The input code 00000000 corresponds to 0 V, while 11111111 corresponds to 400 mV at the DAC
output. In principle, this provides 28 = 256 discrete output levels, corresponding to 255 voltage steps of
approximately 1.57 mV between adjacent levels. However, since the input voltage amplitude limits the
system to only two folds, such fine resolution is unnecessary. Therefore, the output steps are set to 100
mV. In this configuration, Step 1 corresponds to a DAC output of 100 mV, while Step 2 corresponds to a
DAC output of 200 mV.
This choice leaves open the possibility of increasing the number of folds to four if the input range is
slightly extended, without requiring any modification to the rest of the system. Nevertheless, it would
also have been possible to choose a 200 mV step size, in which case only two folds would remain possible.
Knowing this, the gains of all circuit blocks are determined and are illustrated in Figure 33.
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Figure 33: Schematic of the implentation with gain for each block

Figure 34 shows the result of a simulation performed using the final selected components and resistor
values. Annexes B and C provide the complete circuit, including all component values, decoupling
capacitors, and related elements. Since it is not possible to simulate the behavior of the DACs and
the CPLD in this environment, only the analog part of the circuit is simulated. The DACs output are
therefore emulated using a predefined voltage table, as illustrated in Figure 31. The input signal is a
4 V sinusoidal signal at 1kHz, therefore it should be folded twice. After two folding operations, the final
output signal remains perfectly confined within the range [-1,1]. The signal is inverted with respect to
the input due to the action of the output I/V converter.
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3.6 Theoretical Feedback Delay
As discussed in the Section 2.3.2, the feedback delay of the loop has a significant impact on the maximum
frequency at which the PCB can correctly fold the signal within the desired range.
The relationship between the maximum frequency and the delay is obtained using a Lipschitz property
and can be expressed as:

fmax = ∆.λ

Td · 2π · A
(53)

where ∆ is the margin factor accounting for the signal variation during the feedback delay, Td is the
feedback delay, and A is the amplitude of the signal.
Thus, the maximum frequency fmax is inversely proportional to the feedback delay: the larger the delay,
the lower the maximum achievable frequency. Therefore, it is important to estimate the delay in order to
determine the maximum operating frequency depending on the amplitude of the input signal.

The feedback delay depends only on the architecture and the components used. It does not depend on
the amplitude or the frequency of the input signal, and can therefore be considered as a fixed parameter
of the system.
Datasheets typically provide two types of delay: propagation delay and output settling time. In practice,
when available, the output settling time should be used as the theoretical delay, since it indicates when
the output has reached its stable value. In contrast, the propagation delay only indicates when the output
begins to respond and does not guarantee stability.
Considering each component in the feedback loop, from the comparator inputs to the output of the
subtractor, the delay contributions can be approximated as follows:

• Comparators LT1016 :
No settling time is specified for the LT1016, which is typical for comparators due to their latch-like
switching behavior rather than linear operation. Instead, only the propagation delay is provided.
When supplied with ±5 V, the comparator exhibits a typical propagation delay of 10 ns.

• CPLD 5M80ZT :
Similarly, only the propagation delay is specified in the datasheet, with a reference value of 7.5 ns.
This value corresponds to the maximum pin-to-pin combinational delay through one logic path
inside the device under specific test conditions. Therefore, it does not represent the actual delay of
the CPLD in the implemented design but rather indicates the reference speed parameter of the
device.
To estimate the effective delay, the FSM implemented in the CPLD (Annex D) is analyzed.
The trigger signals Vtrig,N and Vtrig,P are asynchronous with respect to the clock. Consequently,
they cannot be used directly inside the FSM because this could lead to metastability issues. A
synchronization stage is therefore required to safely align these signals with the clock before they
are processed by the sequential logic.
In addition, the FSM must react only once to each trigger event. For this reason, a rising-edge
detection stage is implemented after synchronization. Without this mechanism, the FSM could
continuously change state while the trigger remains high for several clock cycles.
These synchronization and edge-detection stages guarantee reliable and predictable operation of
the FSM, but they also introduce additional latency between the trigger event and the output
transition.

Figure 35 shows a simplified timing diagram obtained from a ModelSim testbench. In this example,
the signal Vtrig,N is asserted asynchronously, although the behavior is identical for Vtrig,P .
This timing diagram does not include all internal signals of the Verilog implementation but only
the signals relevant to the delay analysis.
Since Vtrig,N changes asynchronously, the synchronized signal Vsync becomes valid only at the next
rising clock edge. The rising edge of the synchronized trigger is then detected using the expression
Vsync&¬Vsync,prev, where Vsync,prev corresponds to the delayed version of Vsync by one clock cycle.
Once the rising edge is detected, the FSM output is updated at the following clock edge. Therefore,
two clock cycles are required between the asynchronous trigger event and the output transition.
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Clock

Vsync,prev

Vsync&¬Vsync,prev
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Vtrig,N

Vsync

2 cycles

New StatePrev State

Figure 35: ModelSim Simulation: Simplified timing diagram of the synchronization and edge-detection
process implemented in the CPLD.

In addition, an extra delay tlogic must be considered to account for the propagation of register
values to the output pins.

The total CPLD latency can therefore be approximated by:

tdelay ≈ 2 × Tclk + tlogic (54)

where Tclk is the clock period.

The clock used in this implementation is a 40 MHz oscillator located on the PCB, resulting in a
clock period of:

Tclk = 1
fclk

= 25 ns

Assuming the worst-case value tlogic = 7.5 ns, the estimated CPLD delay becomes:

tdelay ≈ 2 × 25 + 7.5 = 57.5 ns

• DACs MAX5190 :
The datasheet specifies an output settling time approximately equal to one clock cycle. With a
40MHz clock, this corresponds to about 25 ns.
Additionally, an ADA4857 op-amp is used to convert the differential DAC output to a single-ended
signal. When supplied with ±5 V, it exhibits a typical settling time of 15 ns.

• Op-Amps LT1813 :
The subtractor contains one LT1813, but two followers stages are added using also the LT1813, one
at the output of each DAC and one at the output of the substractor to avoid any loading problem.
Each has a typical settling time of 30ns, resulting in a total contribution of 90ns.
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Summing all contributions, the estimated feedback delay is:

10 + 57.5 + (25 + 15) + (3 × 30) = 197.5 ns

Additional delays due to PCB routing and parasitic effects must also be considered. Therefore, the
total feedback delay can be reasonably approximated to about 220 ns.
Figure 36 shows the theoretical distribution of the feedback loop delay.
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(57.5 ns)

DAC
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Feedback Loop Delay Distribution
Total = 197.5 ns

Figure 36: Theoretical Feedback Loop Delay Distribution

The dominant contribution comes from the delay introduced by the LT1813 operational amplifiers.
The CPLD and DAC stages also represent significant contributions, mainly due to the clock frequency
used in the system.
Consequently, these blocks constitute the primary targets for improvement, as discussed in Section 4.5.2,
where several approaches are proposed to increase the maximum frequency.

3.7 PCB Design and Hardware Integration
After validating the architecture and component sizing through simulation, the next step is the hardware
implementation in the form of a PCB. The first step consisted in developing the complete schematic of
the system including all electronic components and their interconnections. This stage requires careful
examination of the datasheets of each component in order to identify their specific requirements, such
as decoupling capacitors (used to filter high-frequency noise and stabilize the supply voltage locally),
pull-up or pull-down resistors (which define a default logic state on digital inputs when no active driver is
present), supply voltage ranges, and recommended operating conditions.
The complete schematic diagrams are provided in Annex B.
During this stage, some modifications are introduced compared to the initial architecture. In particular,
an optional external clock input is added to allow the use of alternative clock frequencies if needed. The
selection between the internal oscillator and the external clock can be achieved by soldering or removing
a series resistor, allowing the oscillator to be disconnected if required.
As a result, the PCB includes seven external connections: the input signal, four power supply inputs (5 V,
-5 V, 3.3 V and 1.8 V), the output, and the optional external clock signal. The input and output signals
are connected using Bayonet Neill-Concelman (BNC) connectors.
Regarding the power supplies, an alternative approach could consist in providing a single external voltage
and generating the required supply voltages locally on the PCB using voltage regulators or DC-DC
converters. This solution would reduce the number of external power supplies and cables. However, for a
first prototype, this approach is not necessary and it is considered simpler and more reliable to provide
the required voltages directly from laboratory power supplies.
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Once the schematic completed, the PCB layout is designed.
A two-layer PCB is implemented, consisting of a Top Layer and a Bottom Layer. The stack-up parameters
such as copper thickness, dielectric material and board thickness are shown in Figure 37. These parameters
correspond to standard values commonly used for two-layer PCBs and are the ones adopted in this work.
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Total thickness: 1.59mm
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Figure 37: PCB layers stack-up

Two layers are sufficient to route all the signals given the number of components used in the design.
Electrical connections between the top and bottom layers are achieved using vias, which are plated holes
allowing signals to pass from one copper layer to another.
In order to reduce noise coupling between the analog and digital parts of the system, the Analog Ground
(AGND) and Digital Ground (DGND) are initially separated using dedicated ground planes. Ground
planes consist of large copper areas connected to the ground potential, which help reduce electromagnetic
interference and provide a low-impedance return path for currents. The analog and digital grounds are
then connected at a single point using a net connection ensuring a common reference potential for the
entire circuit.
The component placement strategy consisted in grouping the components belonging to the same functional
block close to each other in order to simplify routing and reduce parasitic effects. At the same time, the
routing is optimized to minimize the length of the traces connecting different blocks. Particular attention
is paid to high-frequency signals such as the clock signal, since long traces may introduce parasitic
capacitance and inductance. Furthermore, all decoupling capacitors are placed as close as possible to the
power supply pins of the Integrated Circuits (ICs).
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Figure 38: Top view of the PCB layout
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For debugging and measurement purposes, several test points are placed at the outputs of the different
functional blocks. These test points allow easy probing using an oscilloscope during testing and verification
of the system operation.
The placement of the components is also optimized to reduce the overall surface area of the PCB, following
common practices used in industrial designs. However, the BNC connectors are intentionally spaced
sufficiently apart to allow easy connection of coaxial cables during laboratory measurements.
To improve the mechanical robustness and manufacturability of the PCB, teardrops are added at the
junction between traces and pads. Teardrops are small copper extensions that reinforce the connection
between a trace and a pad or via, reducing the risk of trace breakage during manufacturing or soldering.
The final PCB layout is shown in Figure 38 with the different blocks highlighted.

3.8 Conclusion
This chapter first presented an existing implementation of the Wideband High-Dynamic Range ADC
proposed in [11]. The reported implementation achieved promising performances, supporting input signals
with amplitudes up to 10V and frequencies up to 10kHz.
However, these performances remain limited for certain applications, and the implementation also presents
several drawbacks, such as the high supply voltages required by some circuit blocks and the relatively
large feedback delay.

Based on these observations, the specifications for the implementation proposed in this work were
defined. One important requirement was the availability of components compatible with LTspice simula-
tions for all analog blocks, which constrained the achievable input dynamic range to ±5V, limiting the
system to a maximum of two folds.
The proposed implementation offers the advantage of reduced supply voltage requirements by operating
in both the current and voltage domains. This approach also provides flexibility for increasing the number
of folds if required.

Each circuit block of the proposed implementation was designed, characterized using the selected
components, and validated through LTspice simulations. The FSM controlling the fold correction was
also defined according to the final gain of each block.
Furthermore, in order to maximize the achievable input frequency, the feedback delay was minimized and
theoretically estimated, based on datasheet values, to be approximately 197.5ns, or around 220ns when
including additional layout-related delays.
Finally, the PCB design of the system was presented.

Now that the proposed implementation and the theoretical background of each building block have
been introduced, the next chapter focuses on the experimental verification of the hardware implementation
and provides an in-depth analysis of its performance.
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4
Experimental Results and
Performance Analysis

In the previous chapter, the specifications of the hardware implementation were established. The design
was optimized to minimize the supply voltage of the different blocks while maximizing the input range,
and to reduce the feedback delay in order to maximize the achievable input frequency.
After introducing the global architecture, each block was analyzed in detail, including the underlying
theoretical principles, the selected components, and the corresponding LTspice simulations.
The gain sizing of the different blocks was then determined, followed by an estimation of the theoretical
feedback delay and a brief presentation of the PCB design.

Although simulations are essential for validating the theoretical operation of the system, experimental
validation is necessary to evaluate the actual performance of the implemented architecture. In practice,
simulations cannot fully account for non-ideal effects such as component tolerances, PCB propagation
delays, noise, parasitic effects, and other implementation constraints.
The objective of this chapter is therefore to analyze the performance of the fabricated PCB under realistic
operating conditions.
The chapter is organized as follows. First, the measurement setup is presented.
The functional behavior of the system is then experimentally validated by applying input signals with
increasing amplitudes, corresponding to different numbers of folds.
Next, the reconstruction algorithm based on the US framework is analyzed.
The feedback delay is subsequently measured and compared with the theoretical estimation, followed
by an evaluation of the maximum operating frequency and a Bode diagram analysis to complement the
frequency-domain characterization.
A noise analysis is then carried out. Finally, a static error analysis, based on conventional data-converter
theory, is performed to identify potential hardware-induced errors, followed by an evaluation of the
effective resolution of the system.
The chapter concludes with a discussion of possible improvements to further increase the input dynamic
range and the maximum operating frequency.

4.1 Measurement Setup
To ensure consistent and comparable results throughout all performance evaluations, the same experimental
setup is used for all measurements.
The setup consists of three main measurement instruments connected as shown in Figure 39:

• Power supply: N6705B DC Power Analyzer [30], used to generate the four supply voltages: +5 V,
-5 V, 3.3 V, and 1.8 V.

• Waveform generator: Tektronix AFG2021 [31], used to generate the input signal.

• Oscilloscope: Tektronix 5 Series Mixed Signal Oscilloscope [32], used to monitor and record all
relevant signals.
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Figure 39: Measurement setup

All external signals, power supply connections, and output signals are connected using BNC cables.
When internal or intermediate signals need to be observed, standard passive probes are connected to
dedicated PCB test points. Only the clock signal is measured using an active probe, since the capacitance
of a passive probe can distort high-speed signals. The measured clock signal is presented in Annex F. As
the waveform is clean and the frequency is correctly measured at 40MHz, the BNC connector intended
for a potential external clock input is not used.

Oscilloscope data are captured in Python through a LAN connection, allowing automated signal
processing and generation of the plots presented in the following sections.
For each measurement, the main configuration parameters, such as the input signal characteristics and
oscilloscope settings, are summarized in a dedicated table. In general, a sampling frequency of 25MHz is
used in order to satisfy the sampling frequency condition which ensures accurate reconstruction of the
original signal from its modulo samples (5).

The oscilloscope acquisition resolution is set to 16 bits in order to maximize the precision of the
measurements. In this configuration, the oscilloscope acts similarly to a high-resolution ADC, since a
16-bit resolution means that the oscilloscope can represent 216 different amplitude values. Using a lower
resolution, or emulating a lower-resolution ADC in Python before processing the data and generating the
graphs, reduces the number of possible output values. As a consequence, the measured curves contain
fewer amplitude levels and the resulting graphs appear less precise.
Moreover, the vertical scale of the oscilloscope is adjusted such that the measured signal occupies most of
the screen height without clipping. This allows the full resolution range of the oscilloscope to be used,
thereby maximizing the measurement precision.
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For some tests, the arbitrary waveform generation mode of the waveform generator is used.
This mode allows custom signals to be generated from uploaded waveform files. These files are created using
the ArbExpress Application [33], which converts CSV files generated in Python into a format compatible
with the waveform generator. This approach enables the generation of more complex waveforms, such as
multi-tone sine signals or staircase signals, as presented in the following sections.

4.2 Functional Validation
This section aims to verify the correct functional operation of the circuit by analyzing the different signals
throughout the system, including those of the intermediate building blocks and the resulting folded output
signal.
The analysis begins with the case where the input signal already lies within the range [−1, 1]V, followed
by cases requiring one fold and two folds.
Finally, the accuracy of the reconstruction of the original signal from the modulo samples at the output
is evaluated.

4.2.1 Operation Without Folding

A first verification step consists in testing the system when the input signal is already contained within the
interval [−1, 1]V. In this situation, no folding operation occurs, and the output signal simply corresponds
to the inverted version of the input signal.
Therefore, Comp-P and Comp-N never trigger, since the input signal does not exceed the defined thresh-
olds. Consequently, the CPLD and the DACs remain inactive, and their outputs remain at zero.

Parameter Value Unit Notes
Input amplitude 0.5 V Sinusoidal signal at 1 kHz
Channel CH1 – Input channel
Channel CH2 – Output channel
Vertical scale 100 mV/div Same setting for CH1 and CH2
Sample rate 25 MS/s Instrument sampling rate
Vertical resolution 16 bits Oscilloscope setting
Bandwidth limit 10 MHz Filter setting
Trigger mode Positive Edge – Trigger configuration
Trigger level 0 V Trigger threshold on CH1

Table 6: Measurement configuration used for Figure 40

Figure 40 shows the measured input and output signals obtained using the configuration listed in
Table 6. As expected, the output signal follows the same waveform as the input signal, remains within
the range [−1, 1]V, and is simply inverted.
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Figure 40: Measurements: Input and output signals for a 0.5 V amplitude, 1 kHz sinusoidal input
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4.2.2 Operation with one fold

After verifying that the architecture operates correctly when no fold is required, the next step is to test
its behavior when a single fold occurs.
For this test, a sinusoidal input signal with an amplitude of 2V and a frequency of 1kHz is applied. Since
the signal amplitude is only twice the threshold value, only one fold occurs, corresponding to correction
states of +2V and -2V.

Parameter Value Unit Notes
Input amplitude 2 V Sinusoidal signal at 1 kHz
Channel CH1 – Input channel
Channel CH2 – Output channel
Channel CH3 – Vtrig,N

Channel CH4 – Dac-N Output
Channel CH5 – Dac-P Output
Channel CH6 – PVG Output
Vertical scale 440 mV/div Setting for CH1
Vertical scale 240 mV/div Setting for CH2
Vertical scale 700 mV/div Setting for CH3
Vertical scale 25 mV/div Setting for CH4
Vertical scale 25 mV/div Setting for CH5
Vertical scale 85 mV/div Setting for CH6
Sample rate 25 MS/s Instrument sampling rate
Vertical resolution 16 bits Oscilloscope setting
Bandwidth limit 10 MHz Filter setting
Trigger mode Positive Edge – Trigger configuration
Trigger level 0 V Trigger threshold on CH1

Table 7: Measurement configuration used for Figure 41

The measured input and folded output signals are shown in Figure 41, with the settings listed in
Table 7.
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Figure 41: Measurements: Input and output signals for a 2 V amplitude, 1 kHz sinusoidal input

The output signal is correctly folded and inverted. However, two main observations can be made.
First, the output slightly overshoots, reaching approximately +1.01 V and -1.01 V. Second, when a fold
occurs, the signal is not brought exactly back to ±1 V, but instead closer to ±0.9 V. These two effects
can be attributed to the delay present in the feedback loop.
As discussed previously, a finite amount of time is required for the correction signal to be generated
after a threshold crossing is detected. During this delay, the input signal continues to evolve before the
correction is applied.
Since the signal slightly exceeds ±1 V before the correction is applied, adding a correction voltage of ±2 V
does not return the signal exactly to ±1 V, introducing a slight asymmetry between positive and negative
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folds. As discussed in the following section on the reconstruction algorithm, this asymmetry does not
affect the final signal reconstruction.

The intermediate signals of the other circuit blocks can also be measured using the same configuration
listed in Table 7.
The output of the V/I converter cannot be directly measured, since it converts the signal into current
and therefore corresponds to very low voltage levels.
Figure 42a shows the output of Comp-N, denoted Vtrig,N . It can be observed that whenever the output
reaches -1V, Vtrig,N goes high and reaches approximately 3.3V.
The behavior of Comp-P is similar, except that it goes high when the output exceeds 1V.
Figure 42b shows the outputs of both DACs.
When only one fold is needed, the output of the DACs take the form of a step-like waveform alternating
between 0V and 100mV.
Both DACs are never simultaneously non-zero, but they can both be zero at the same time when the
input signal remains within the valid range and does not require correction.
Within one signal period, Vtrig,N goes high twice. For instance, in the interval from 0.75ms to 1.25ms,
Comp-N triggers transitions first from the +2V correction state (where DAC-P outputs 100mV) to the
no-correction (IDLE) state (both DACs at zero), and then from the IDLE state to the -2V correction
state (where only DAC-N outputs 100mV).
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Figure 42: Measurements: 2 V amplitude, 1 kHz sinusoidal input

Figure 43 shows the output of the PVG, specifically the output of the subtractor that combines the
outputs of the DACs. Since only one fold is required, the PVG output takes values of either 0V or
±400mV in a step-like waveform.
Consequently, the FSM transitions between only three states: IDLE, +2 V correction, and -2 V correction.
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Figure 43: Measurements: 2V amplitude, 1kHz sinusoidal input
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4.2.3 Operation with two folds

To evaluate the system behavior when two folds occur, the amplitude of the input signal must be increased.
This condition can be achieved, for example, with an input amplitude of 4 V. Under these conditions, the
system goes through the full set of FSM states.

Parameter Value Unit Notes
Input amplitude 4 V Sinusoidal signal at 1 kHz
Channel CH1 – Input channel
Channel CH2 – Output channel
Channel CH3 – Vtrig,N

Channel CH4 – Dac-N Output
Channel CH5 – Dac-P Output
Channel CH6 – PVG Output
Vertical scale 850 mV/div Setting for CH1
Vertical scale 240 mV/div Setting for CH2
Vertical scale 700 mV/div Setting for CH3
Vertical scale 45 mV/div Setting for CH4
Vertical scale 45 mV/div Setting for CH5
Vertical scale 165 mV/div Setting for CH6
Sample rate 25 MS/s Instrument sampling rate
Vertical resolution 16 bits Oscilloscope setting
Bandwidth limit 10 MHz Filter setting
Trigger mode Positive Edge – Trigger configuration
Trigger level 0 V Trigger threshold on CH1

Table 8: Measurement configuration used for Figure 44

The measured input and output signals are shown in Figure 44, using the configuration parameters
listed in Table 8.
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Figure 44: Measurements: Input and output signals for a 4 V amplitude, 1 kHz sinusoidal input

As in the 2 V amplitude case, the feedback delay slightly affects the exact folding thresholds. Never-
theless, the output signal remains correctly folded and largely confined within the desired range.
Figure 45a shows the output of Comp-N Vtrig,N .
The DAC outputs take values of 0 V, 100 mV, or 200 mV, forming a step-like waveform, as shown in
Figure 45b. In this case, the comparator is triggered four times per signal period. Considering the interval
from 0.75ms to 1.25ms, the trigger causes successive transitions from the +4 V correction state (DAC-P
outputs 200mV) to the +2 V correction state (DAC-P outputs 100mV), then to the IDLE state (both
DACs at zero), followed by the −2 V (DAC-N outputs 100mV) and finally the −4 V correction state
(DAC-N outputs 200mV).
The reverse sequence of FSM transitions is initiated by Comp-P.
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Figure 45: Measurements: 4 V amplitude, 1 kHz sinusoidal input

Since two folds are required, the subtractor output is expected to take values of 0 V, ±400 mV, or
±800 mV. This results from the gain factor of 4 between the DACs output and the subtractor output,
combined with the fact that only one DAC output is non-zero at a time, allowing both positive and
negative correction levels depending on the FSM state.
This behavior is observed in Figure 46, confirming that the FSM transitions through all possible states.
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Figure 46: Measurements: 4 V amplitude, 1 kHz sinusoidal input

It is important to note that the maximum usable input amplitude is approximately ±4.6 V rather
than ±5 V. Although the operational amplifier used in the input V/I converter is supplied with ±5 V,
measurements show that when a sinusoidal input signal with an amplitude exceeding approximately 4.6 V
is applied, the output signal is no longer correctly folded.
This behavior can be explained by the limited output swing and nonlinear operation of the operational
amplifier close to the supply rails. As the input amplitude approaches the supply voltage, the amplifier
progressively leaves its linear operating region, introducing distortion and preventing the V/I converter
from generating the correct output. Consequently, reliable operation is only ensured up to approximately
±4.6 V.

4.2.4 Recovery Algorithm

Once the folded signal is captured at the output of the PCB, a recovery algorithm can be applied to
reconstruct the original signal.
The reconstruction algorithm is implemented in Python (see Annex E) and is based on the method
proposed in [4]. It relies on the Modular Decomposition Property and finite differences, as described in
Chapter 2. According to this property, the original signal can be decomposed as follows:

g(t) = y(t) + ϵg(t) (55)
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where y(t) = Mλ(g(t)) is the folded signal, and the residual function ϵg(t) is a discontinuous function
taking values in 2λZ.
By applying the N -th order finite difference, it can be shown [4] that:

∆N g = Mλ(∆N y) (56)

The original signal g(t) can then be recovered by applying a cumulative sum.

Using this approach, the original signal can be reconstructed from the modulo output of the PCB.
Figure 47 shows the reconstructed signal for a 2 V amplitude, 1 kHz sinusoidal input, using the same
parameters as listed in Table 7. For visualization purposes, the input signal is inverted to compensate for
the inversion introduced by the output I/V converter.
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Figure 47: Measurements: Reconstruction for a 2 V amplitude, 1 kHz sinusoidal input

This method is also applicable to more complex signals, such as sums of sinusoids with different
frequencies and amplitudes. For instance, the following input signal can be successfully reconstructed:

Vin(t) = 4 sin(2π · 103t) + 0.1 sin(2π · 105t) (57)

The corresponding reconstruction is shown in Figure 48, using the same parameters as those listed in
Table 8, except for the input signal itself.
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Figure 48: Measurements: Reconstruction of a multi-tone input signal

In practice, the direct application of this algorithm to measured signals may fail due to hardware
non-idealities. The US Framework assumes that the modulo operation is applied instantaneously. However,
in a real implementation, the feedback loop introduces a finite delay and the electronic components
exhibit a limited slew rate. As a result, folding transitions occur over a finite time interval rather than
instantaneously.
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During these transition intervals, samples may be acquired that do not satisfy the theoretical assumptions.
In particular, the residual function ϵg(t) may temporarily take values outside 2λZ. Consequently, the
condition Mλ(∆N ϵg) = 0 is no longer guaranteed, and (56) becomes:

∆N g = Mλ(∆N y) + Mλ(∆N ϵg) (58)

which introduces reconstruction errors.
An example of this effect is shown in Figure 49 for a 2V, 100kHz sine-wave input, where some samples are
acquired during a folding transition, leading to visible distortions in the reconstructed signal. A similar
artifact can also be observed in Figure 48b, where a spike appears around 1ms.
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Figure 49: Measurements: Reconstruction of an imperfect modulo signal

To mitigate this issue, the signal can be downsampled prior to reconstruction so that no samples are
taken during folding transitions.
This effect is illustrated in Figure 50a. For a 2 V, 100 Hz sinusoidal input sampled at 25 MHz and
downsampled by a factor of 25, the signal evolves slowly and the folding transitions represent a negligible
portion of the period. Therefore, it is unlikely that any sample falls within a transition interval.
In contrast, for a 2 V, 50 kHz input under the same sampling conditions, the folding transitions represent
a much larger fraction of the signal period. Consequently, downsampling by the same factor still results
in samples being taken during transitions, which leads to reconstruction artifacts, as shown in Figure 50b.
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Figure 50: Measurements: Comparison of downsampled output signals by a factor of 25 for low- and
high-frequency inputs

To avoid sampling during folding transitions, the downsampling factor can be increased. However,
this reduces the number of available samples and leads to a less smooth reconstruction. Therefore, a
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trade-off must be established between avoiding transition samples and maintaining sufficient temporal
resolution. This trade-off can be addressed by selecting the downsampling factor and the sampling offset
(i.e., the index at which samples start to be retained) such that the reconstruction accuracy is maximized.
To quantify this accuracy, the Signal-to-Reconstruction Error Ratio (SRER) [6] is used as an evaluation
metric. The SRER quantifies the quality of a reconstructed signal with respect to the original one. It is
defined as the ratio between the power of the original signal and the power of the reconstruction error.
It is expressed in dB as:

SRER = 10 log10

(
Psignal

Perror

)
(59)

where Psignal = σ2
signal is the variance of the original signal and Perror = σ2

error is the variance of the
reconstruction error, defined as:

e[n] = x[n] − x̂[n] (60)

where e[n] denotes the reconstruction error, x[n] the original signal, and x̂[n] the reconstructed signal.

In [6], a SRER of at least 60 dB is considered to indicate very high accuracy for simulated signals.
However, such simulations typically do not include noise or hardware non-idealities. Therefore, in practice,
when working with real measured signals, the SRER is expected to be lower.
In the example of Figure 47, the resulting SRER is 51.12 dB, which can still be considered a highly
accurate reconstruction for real measurements.
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Figure 51: Measurements: SRER as a function of amplitude for sinusoidal input signals

Figure 51 shows the evolution of the SRER as a function of signal amplitude for different input
frequencies. The SRER remains approximately constant with respect to amplitude, as expected. However,
it decreases as the input frequency increases.
For instance, for a 2 V sinusoidal input, the SRER decreases from 48.96 dB at 100 Hz to 42.82 dB at
1 kHz, with a more pronounced degradation at higher frequencies. This behavior is not mainly caused
by intrinsic PCB limitations, but rather by the increasing difficulty of avoiding samples acquired during
folding transitions as the signal frequency increases, even when the downsampling factor and the selected
sampling index are optimized to maximize the SRER.
More advanced reconstruction algorithms have been proposed to address non-ideal modulo behavior
with finite transition times [2]. However, since the objective of this work is to evaluate the hardware
implementation rather than optimize reconstruction algorithms, the method presented here is sufficient.

50



4 Experimental Results and Performance Analysis

4.3 Delay and Frequency Analysis
Now that the functional operation of the hardware implementation has been verified, the feedback delay
can be measured and compared with the theoretical value obtained in Chapter 3.
Based on these results, the maximum operating frequency for which the output remains within the range
[−1.25, 1.25] V can be determined.
In addition, a gain Bode diagram is obtained to characterize the passband of the system.

4.3.1 Measured Feedback Delay

After estimating the theoretical delay in Section 3.6, the actual feedback delay is evaluated by measuring
signals directly on the PCB and comparing the results with the theoretical value of 197.5ns.
Since accurately measuring all signal transitions is difficult, especially for the CPLD digital outputs, the
total feedback-loop delay is estimated by measuring the time difference between:

• the moment when the comparator output switches and reaches its high level (3.3V), and

• the moment when the subtractor output settles to a stable value corresponding to a new FSM state.

Figure 52 shows the Comp-N output Vtrig,N and the subtractor output Vfold for a 4V input signal at
1kHz, using the same parameters as those listed in Table 8. Figure 52b presents a zoom on one of these
impulses.
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Figure 52: Measurements: Delay between the comparator trigger and the resulting change at the
subtractor output.

The measured delay ranges from 230ns to 250ns, which remains reasonably close to the estimated
theoretical delay of 197.5ns when accounting for the additional propagation delays introduced by the
PCB layout.

4.3.2 Maximum Frequency

Once the delay has been determined, the maximum operating frequency can be estimated using:

fmax = ∆.λ

Td · 2π · A
(61)

In this expression, two parameters are not fixed: the input amplitude A and the margin factor ∆.
Assuming a delay of Td = 197.5 ns, the theoretical maximum frequencies for different input amplitudes
and values of ∆ are given in the Table 9.

51



4 Experimental Results and Performance Analysis

Amplitude ∆ = 0.01 ∆ = 0.1 ∆ = 0.25 ∆ = 0.5
1.5 V 5.3 kHz 53.7 kHz 134 kHz 268.6 kHz
2 V 4 kHz 40.3 kHz 100.7 kHz 201.5 kHz

2.5 V 3.2 kHz 32.2 kHz 80.6 kHz 161.2 kHz
3 V 2.6 kHz 26 kHz 67.2 kHz 134.3 kHz

3.5 V 2.3 kHz 23 kHz 57.6 kHz 115.1 kHz
4 V 2 kHz 20.1 kHz 50.4 kHz 100.7 kHz

4.5 V 1.8 kHz 18 kHz 44.8 kHz 89.5 kHz

Table 9: Theoretical maximum frequency for different amplitudes and overshoot margins.

Both (61) and Table 9 highlight that keeping the signal strictly within [−λ, λ] is either impractical or
only possible at very low frequencies.
For example, when ∆ = 0.01, the allowed overshoot is limited to ∆.λ = 0.01V, meaning that the output
must remain within [−1.01, 1.01]V . Under this constraint, the maximum frequency remains very limited,
not exceeding 5.3kHz for a 1.5V input amplitude.
For ∆.λ = 0.1V, the achievable frequencies already reach several tens of kilohertz. This becomes even
more pronounced for ∆.λ = 0.25V and ∆.λ = 0.5V, where frequencies in the hundreds of kilohertz range
are achievable.
These observations highlight the importance of choosing threshold values smaller than the actual ADC
limits to guarantee that the signal remains within the measurable range.
In this work, the thresholds are set to ±λ = ±1, while the ADC input range is [−1.25, 1.25]V (see
Table 1).
From Table 9, the corresponding theoretical maximum frequency lies approximately between 44.8 kHz
(for A = 4.5 V) and 134 kHz (for A = 1.5 V).

The overshoot at the output is measured using the method illustrated in Figure 53.
This figure shows the output signal for a 2 V, 100 kHz sinusoidal input. The overshoot ∆.λ is defined
as the absolute difference between the maximum value of the folded signal and the threshold. In this
example, ∆.λ is equal to 0.156V.
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Figure 53: Measurements: Overshoot margin for a 2 V, 100 kHz sinusoidal input

Figure 54 presents the measured maximum overshoot at the output as a function of the input amplitude
for sinusoidal signals at different frequencies. The results show that the overshoot increases with both the
input amplitude and the signal frequency, with a more pronounced increase at higher amplitudes and
frequencies.
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Figure 54: Measurements: Overshoot margin as a function of amplitude for sinusoidal input signals of
different frequencies

Based on Figure 54, the table below provides the maximum input frequency for each amplitude such
that the output remains within [−1.25, 1.25]V.

Amplitude Maximum Frequency
1.5 V 270kHz
2 V 180 kHz

2.5 V 140 kHz
3 V 115 kHz

3.5 V 100 kHz
4 V 85 kHz

4.5 V 75 kHz

The experimental results show higher maximum frequencies than predicted by the theoretical model.
This can be explained by the fact that (61) provides a theoretical lower bound based on the maximum
slope achievable by a sinusoidal signal, as discussed in Section 2.3.3 on the maximum achievable frequency
[11]. Consequently, practical performance can exceed this estimate.

4.3.3 Bode diagram

To determine the usable frequency range of the circuit a Bode diagram is used.
The Bode diagram is obtained by measuring the input and output signals for a sinusoidal input with
an amplitude ranging from −0.5 V to 0.5 V over a range of frequencies. This amplitude is chosen to
avoid any folding, which eliminates the need for a reconstruction algorithm. As discussed previously,
reconstruction becomes more challenging at higher frequencies due to samples acquired during folding
transitions, which can introduce distortions in the reconstructed signal.
The resulting gain Bode diagram is shown in Figure 55.
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Figure 55: Measurements: Gain Bode diagram for a 0.5 V sine input

From the Bode diagram, the passband extends from DC up to approximately 2.5 MHz, where the
gain remains close to 0 dB. The corresponding cutoff frequency is therefore approximately 2.5 MHz.
Beyond this frequency, the circuit exhibits a low-pass behavior, resulting in a progressive attenuation of
the output voltage.
This cutoff frequency is not limited by the operational amplifiers used in the circuit. In particular, the
LT1813 has a gain-bandwidth product of approximately 100 MHz, which is significantly higher than the
measured cutoff frequency.
The observed limitation instead arises from the circuit itself, more specifically from the I/V converter at
the output described in Section 3.4.2. As previously explained, this stage includes a feedback capacitor
placed in parallel with a resistor, thereby introducing a low-pass filter behavior.
The simulated Bode magnitude response at the output of the I/V converter, shown in Figure 24, predicts
a cutoff frequency of approximately 2.45 MHz, which is consistent with the value measured at the PCB
output.

4.4 Noise Analysis
Noise analysis is an essential step in the evaluation of the hardware, since noise directly limits the signal
fidelity and reconstruction accuracy and most importantly achievable resolution.

The Power Spectral Density (PSD) describes how the noise power of a signal is distributed over
frequency. It provides insight into both the amplitude of the noise and the frequency ranges in which it is
most significant.
Mathematically, the PSD is related to the signal variance (or total noise power) as:

σ2
X ≜

∫ +∞

0
SX(f) df (62)

where σ2
X is the variance (expected noise power) and SX(f) is the PSD, expressed in [V 2/Hz].

To measure the intrinsic noise of the circuit, the input is short-circuited to ground. This ensures that
no external signal is present, and that the measured output corresponds only to internally generated noise
[34]. Nevertheless, external disturbances such as Electromagnetic Interference (EMI) and measurement
equipment can still introduce parasitic contributions to the measured PSD.
An alternative measurement method using a 0.5 V DC bias supplied by a DC power supply is presented
in Annex F. However, this configuration did not provide better results, as the measured PSD appeared to
be more affected by external disturbances, resulting in a larger number of spectral spikes.
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The resulting noise power spectral density (PSD) is shown in Figure 56, and is measured using the
configuration in Table 10.

Parameter Value Unit Notes
Input 0 V Grounded (short-circuit)
Channel CH2 – Output channel
Sample rate 8 MS/s Instrument sampling rate
Acquisition time 10 ms Signal measurement duration
Vertical resolution 16 bits Oscilloscope setting
Bandwidth limit 10 MHz Filter setting

Table 10: Measurement configuration used for noise power spectral density (PSD) acquisition.
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Figure 56: Measurements: Output Noise PSD

Three distinct regions can be identified in the obtained PSD:

1. Flicker noise (1/f noise):
From DC up to approximately 7kHz, the PSD exhibits a decreasing behavior that appears as a
straight line with a slope close to −1 in a log-log representation. This corresponds to flicker noise,
also known as 1/f noise, for which:

SX(f) ∝ 1
f

(63)

This noise originates from microscopic effects in semiconductor devices, such as charge trapping
and detrapping at defects near the oxide-semiconductor interface, or fluctuations in carrier mobility.
Flicker noise is dominant at low frequencies and can significantly impact precision applications. In
operational amplifiers, it is mainly determined by the input stage and sets the low-frequency noise
floor. In ADCs, it can degrade the effective resolution for low-frequency signals [35].

2. Thermal noise:
Above approximately 7 kHz, the PSD reaches a flat plateau, indicating that the noise is independent
of frequency. This region corresponds to thermal noise, which originates from the random thermal
motion of charge carriers in resistive elements. The thermal noise level is proportional to both the
absolute temperature and the resistance of the system, and represents the fundamental noise floor
of the circuit.

3. Low-pass filtering region:
At higher frequencies, around 2MHz, the PSD decreases, indicating attenuation of the noise. This
behavior is not due to noise generation but rather to the limited bandwidth of the system, which
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acts as a low-pass filter, as identified in the Bode diagram analysis section.
Additionally, narrow spectral peaks are observed in this frequency range. These are likely caused by
external electromagnetic interference from laboratory equipment (e.g., switching power supplies or
digital electronics) and are not intrinsic to the circuit itself. To minimize environmental perturbations,
the PCB should be isolated and shielded, using an insulating box for example.

To better understand the origin of these contributions, information can be gathered from the datasheets
of the components used in the system. However, for most of the selected components, only limited noise
characterization is available. For example, the operational amplifiers used in the design (the LT1813
and ADA4857 for the differential-to-single-ended conversion associated with the DAC stages) provide
input-referred noise spectral density information. Both devices exhibit comparable trends: relatively
higher noise at low frequencies, followed by a gradual decrease with increasing frequency until approxi-
mately 1kHz, beyond which the noise reaches a nearly constant level associated with thermal noise. This
behavior is consistent with the measured output noise PSD.

A more comprehensive evaluation of the noise origin would require a detailed analysis across the full
circuit chain, including the contribution of each stage and component. However, such an assessment is
limited by the incomplete noise characterization available for several of the selected components, as these
devices are not specifically designed or documented as low-noise components. Therefore they do not
provide extensive noise-related information in their datasheets.

To reduce the overall noise, several approaches can be considered:

• Selecting low-noise components with more complete noise characterization available in the datasheets,

• Minimizing thermal noise by reducing resistances and, when possible, operating at lower tempera-
tures,

• Improving PCB design through proper shielding, grounding, and layout techniques to limit external
interference.

4.5 Data Converter Characteristics
An ideal ADC is often described as a perfectly precise bridge between the continuous analog world
and the discrete digital domain. It uniquely maps every analog input value within a defined range to
a corresponding digital output code. The number of discrete output codes depends on the converter
resolution N and is given by 2N .
This means that the full-scale range (VF S), which represents the total input range of the ADC, is divided
into 2N steps. The width of each step is identified as the Least Significant Bit (LSB):

1 LSB = VF S

2N
(64)

As the number of bits increases, the step size decreases, and the transfer characteristic approaches a
straight line. For infinite resolution, the ADC would behave as a perfectly linear system.

An example of the transfer characteristic of an ideal ADC is shown in Figure 57 for N = 3, with an
input range from 0 to 8 V. The ideal transfer characteristic can be represented by a straight line passing
through the midpoint of each quantization step.

For a DAC, the concept is similar, except that the x-axis represents the digital code and the y-axis
represents the analog output value. In this case, the LSB corresponds to the height of each output step.
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Figure 57: Python Simulation: Ideal ADC

In the ideal case, the conversion is instantaneous, noiseless, and perfectly linear: each increase in input
corresponds to a proportional increase in output, and all quantization steps are uniform.
However, like all practical electronic components, ADCs and DACs deviate from this ideal behavior due
to a variety of non-idealities [36]. One important class of imperfections is static errors, which describe
deviations in the transfer characteristic. These errors appear even for constant input signals and are
independent of time or frequency. They include offset error, gain error, Differential nonlinearity error
(DNL), and Integral nonlinearity error (INL) [37].
The offset error is defined as the difference between the ideal transfer characteristic and the actual
mid-step transition value when the digital output code is zero. For a DAC, it corresponds to the deviation
of the analog output from the ideal value at zero digital input. Offset error shifts the entire transfer
function by a constant amount.
The gain error represents the deviation between the ideal and actual transfer characteristics at full scale,
after offset correction has been applied. In an ADC, it is measured at the full-scale output code, while in
a DAC it corresponds to the analog output error at the maximum digital input value. Gain error results
in a slope difference between the actual and ideal transfer functions.
DNL is the deviation of an actual code width (for an ADC) or step height (for a DAC) from the ideal
value of 1 LSB.
INL is the deviation of the actual transfer function from the ideal straight line. INL can be interpreted as
the cumulative effect of DNL errors across the converter range.
In practice, offset and gain errors are often corrected before evaluating DNL and INL, in order to isolate
the purely non-linear behavior of the converter.

While static errors describe the shape of the transfer characteristic, they do not fully capture ADC
performance under real operating conditions. In practice, additional imperfections such as noise, finite
bandwidth, and other dynamic effects degrade the accuracy of the conversion.
To account for these effects, the Effective Number Of Bits (ENOB) is introduced. ENOB quantifies the
actual usable resolution of the converter by taking into account noise and distortion. As a result, even if
an ADC has a high nominal resolution, its ENOB may be significantly lower due to noise and dynamic
non-idealities [38].

4.5.1 Static Errors

A common method for ADC characterization consists of applying a known reference signal generated by
a high-performance DAC [39]. In this approach, a digital code is sent to a DAC with well-characterized
performance, producing a precise analog voltage. This voltage is then applied to the ADC under test,
and the resulting digital output code is compared to the expected value.
By comparing the expected and measured codes, it is possible to evaluate several static performance
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parameters, such as the offset error, gain error, DNL, and INL. Since the exact input-output relationship
is known, deviations from the ideal transfer characteristic can be quantified.
In this work, however, the objective is not to characterize a standalone ADC, but rather to evaluate
how the PCB and the modulo operation could affect the signal before it reaches a future ADC stage.
Therefore, instead of using a DAC-generated reference, a known analog signal is applied directly to the
PCB input.

The classical characterization chain [39]:

Digital Code → DAC → Analog Signal → ADC

is replaced by:

Known Analog Staircase → PCB → Measured Output

A staircase input signal is particularly suitable because it resembles the quantized behavior of an
ADC transfer function. Each step represents a quantization level, while each plateau corresponds to a
stable code region.
By applying a staircase waveform to the PCB input and comparing the measured output with the
expected staircase response, it becomes possible to evaluate the offset, gain, DNL, and INL.

Since, the real resolution given by the ENOB is not yet determined, it is first chosen to work with 28

quantization levels, and will be adapted once the ENOB characterized.
The first test case considers an input signal already contained within the range [−1, 1]V, thereby avoiding
any additional effects caused by the modulo operation or the reconstruction process.
As these measurements are typically performed under quasi-static conditions, the step duration is set to
100 ms in order to approximate such operating conditions.
The resulting staircase waveform is shown in Figure 58a with the configuration parameters described in
Table 11.

Parameter Value Unit Notes
Input Signal -0.5 to 0.5 V Staircase signal ranging from -0.5V to 0.5V with 28 quantization steps
Step Duration 0.1 s Duration of each staircase level
Channel CH1 – Input channel
Channel CH2 – Output channel
Vertical scale 100 mV/div Setting for CH1
Vertical scale 100 mV/div Setting for CH2
Sample rate 32.5 kS/s Instrument sampling rate
Vertical resolution 16 bits Oscilloscope setting
Bandwidth limit 10 MHz Filter setting
Trigger mode Positive Edge – Trigger configuration
Trigger level 0 V Trigger threshold

Table 11: Measurement configuration used for Figure 58a.

A low-pass window filter is applied to each step to reduce the influence of noise and isolate static
nonlinearity effects.
From the waveform close-up, an offset can already be observed and is measured to be 0.01527V.
After offset correction, the gain error can be calculated.
The measured gain error is -0.54%, meaning that the output slope increases slightly less rapidly than the
input, producing a compressed transfer characteristic.
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Figure 58: Measurements: Staircase 8 bit from -0.5 to 0.5

After correcting the offset and gain, DNL and INL can be analyzed.
The DNL remains centered around zero, indicating stable converter behavior. The step height is
approximately 3mV according to (64). Since the DNL does not reach this value, no missing codes are
observed.
In [41] [42], a polynomial decomposition of the ADC transfer characteristic is introduced to model the
INL. In this approach, the INL can be approximated using a polynomial expansion of the form:

INL(x) = a0 + a1x + a2x2 + a3x3 + . . . (65)

This decomposition allows the dominant non-linearity behavior to be identified. In this context, the order
of the INL refers to the highest significant polynomial term contributing to the shape of the INL curve.
Different polynomial orders produce characteristic INL shapes: a first-order (linear-dominant) response
produces a linearly sloped INL. A second-order term produces a parabolic INL curve, while a third-order
term results in an S-shaped curve. Higher-order terms introduce additional inflection points, leading to
more complex behavior.
In Figure 58b, a second-order polynomial fit is observed, although it appears to be mixed with higher-order
contributions, which become more visible at higher codes.
Some spikes, for example near code 200, may also be attributed to residual measurement noise. Even after
filtering, small local variations in the measured code transition levels can affect the estimated average
plateau levels of the quantization steps.

Parameter Value Unit Notes
Input Signal -4 to 4 V Staircase signal ranging from -4V to 4V with 28 quantization steps
Step Duration 0.1 s Duration of each staircase level
Channel CH1 – Input channel
Channel CH2 – Output channel
Vertical scale 850 mV/div Setting for CH1
Vertical scale 240 mV/div Setting for CH2
Sample rate 32.5 kS/s Instrument sampling rate
Vertical resolution 16 bits Oscilloscope setting
Bandwidth limit 10 MHz Filter setting
Trigger mode Positive Edge – Trigger configuration
Trigger level 0 V Trigger threshold

Table 12: Measurement configuration used for Figure 59.

Figure 59 presents the second test case, in which the input signal exceeds the range [−1, 1]V and
therefore requires folding. The corresponding configuration parameters are listed in Table 12. Due to its
amplitude, the signal undergoes two folding operations before reconstruction.
Because the signal span is larger, the step height becomes 31.25mV according to (64), which is nearly ten
times larger than in the previous case.
The measured offset is approximately 0.0157 V, similar to the previous measurement.
After offset correction, the measured gain error equals -0.35%. Although still negative, the gain deviation
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is a bit smaller than in the previous case, indicating a transfer slope closer to the ideal response.

Following offset and gain correction, DNL and INL are calculated and shown in Figure 59b.
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Figure 59: Measurements: Staircase 8 bit from -4 to 4

The DNL behavior is similar to that of the previous case, with values centered around zero. However,
there are spikes reaching approximately 7.5 mV, which are not observed when the signal is not folded.
Four distinct spikes can be identified, corresponding to the four folding events. These spikes appear
near the codes where folding occurs. Therefore, they can be attributed to the folding and reconstruction
process, which could affect the effective step height.
Due to these larger spikes, it is difficult to determine an appropriate polynomial order for the INL
characterization. If the spikes were reduced, the INL shape would likely resemble that of the previous
case.

Overall, when comparing this folded case with the first test case, the offset and gain are not significantly
affected, as they remain close in value. However, DNL and INL are slightly impacted, likely because
folding alters the step levels and the reconstruction does not perfectly restore the intended quantization
levels, thereby increasing the error.

4.5.2 Signal-to-Noise and Distortion Ratio (SINAD) Analysis

In order to extract the ENOB, it is useful to first introduce the Signal-to-Noise Ratio (SNR).
The SNR measures the ratio between the power of the useful signal and the power of the noise affecting
it. In other words, it quantifies how strong a signal is compared to background noise:

• High SNR: the useful signal clearly dominates the noise

• Low SNR: the useful signal is buried in noise

However, in real data converters, the signal is not only affected by noise but also by distortion (e.g.,
harmonic components).
Therefore, a more relevant metric is the Signal-to-Noise-and-Distortion Ratio (SINAD), which extends
the SNR definition by including all spectral components except the fundamental signal.
To estimate the signal quality, the output signal is analyzed in the frequency domain. The Fast Fourier
Transform (FFT) is an efficient algorithm used to compute the Discrete Fourier Transform (DFT), which
converts a discrete-time signal into its frequency-domain representation.
In the time domain, the signal and noise are mixed together. However, in the frequency domain, the
useful signal often appears as peaks at specific frequencies, while the noise is spread across a wide range
of frequencies.
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For a discrete signal x[n] of length N , the DFT is defined as:

X[k] =
N−1∑
n=0

x[n]e
−j2πkn

N (66)

where x[n] is the time-domain signal, X[k] is its frequency-domain representation, N is the number of
samples, and k = 0, 1, . . . , N − 1.

Each index k corresponds to a specific frequency:

fk = kfs

N
(67)

where fs is the sampling frequency. The quantity fs

N is called the frequency resolution (or bin width),
representing the spacing between consecutive frequency bins.
A larger N provides finer frequency resolution, while a higher sampling rate fs increases the overall
frequency range.

Once the FFT X[k] is computed, the power spectrum is obtained as:

P [k] = |X[k]|2 (68)

The frequency bins are then separated into two sets:

• S: bins corresponding to the fundamental signal

• N : bins containing all other components (noise and distortion)

The corresponding powers are:
Psignal =

∑
k∈S

|X[k]|2 (69)

Pnoise+distortion =
∑
k∈N

|X[k]|2 (70)

The SINAD is then defined as:

SINAD = Psignal

Pnoise+distortion
(71)

and expressed in decibels:
SINADdB = 10 log10

(
Psignal

Pnoise+distortion

)
(72)

Figure 60 shows the FFT of the output signal for two sinusoidal inputs at 1kHz: a 0.5V signal
(Figure 60a), which remains within the input range and therefore does not require folding, and a 4V
signal (Figure 60b), which undergoes folding followed by reconstruction. The measurement parameters
for the 0.5V case are identical to those listed in Table 6, while the parameters for the 4V case correspond
to those given in Table 8.
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(a) FFT of the output for an input sinusoidal of 0.5V of
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Figure 60: Measurements: FFT of the output signal
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For both cases, the highest peak corresponding to the useful signal is correctly located at 1kHz. The
difference in peak levels (approximately −10 dB for 0.5 V and 8 dB for 4 V) reflects the difference in
signal amplitudes, since power increases with amplitude.
Indeed, the amplitude ratio in decibels is:

20 log10

(
4

0.5

)
= 18.06 dB (73)

which is consistent with the observed increase in peak level for the 4 V signal.
Thus, a higher peak corresponds to higher signal power and can potentially increase the SINAD.

However, the RMS level of noise and distortion, corresponding to all other frequency components, is
also higher in the 4 V case, increasing from approximately −60.64 dB to −48.56 dB. This degradation can
be attributed to the folding and reconstruction process. Indeed, folding is a non-linear operation, which
introduces additional distortion due to non-idealities in the system (e.g., feedback loop components).
As a result, although the signal power is higher for the 4 V case, the SINAD does not improve propor-
tionally because of the increased noise and additional distortions.
After computation, the SINAD is 50.12 dB for the 0.5 V case and 56.67 dB for the 4 V case. While
an ideal amplitude scaling would suggest an improvement of approximately 18 dB, only about 6 dB is
observed. This discrepancy is explained by the 12 dB increase in the noise and distortion level, which
limits the overall improvement in SINAD.

An additional SINAD analysis is performed to better identify the origin of the measured noise and
distortion. For this purpose, the signal generator is directly connected to the oscilloscope, without passing
through the PCB, in order to evaluate the contribution of the generator and the measurement setup itself.
The corresponding FFT spectrum is shown in Figure 61 for a 0.5 V sinusoidal signal at 1 kHz, using the
same measurement parameters as those listed in Table 6.
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Figure 61: Measurements: FFT spectrum of the generator output directly connected to the oscilloscope
for a 0.5 V, 1 kHz sinusoidal input.

By comparing this measurement with Figure 60a, it can be observed that the SINAD measured at
the output of the PCB is only approximately 3 dB lower than the SINAD obtained directly from the
generator. This indicates that a significant portion of the measured noise and distortion already originates
from the generator and the acquisition setup itself.
A degradation of approximately 3 dB corresponds to a doubling of the total noise and distortion power.
Consequently, the PCB contributes a level of noise and distortion comparable to that already present in
the generator signal. Therefore, the measured SINAD is not only limited by the PCB performance, but
also by the intrinsic quality of the signal generator and the measurement instruments.

SINAD is commonly represented for various input amplitudes and frequencies. Figure 62 presents the
measured SINAD versus input amplitude for several sinusoidal input frequencies.
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Figure 62: Measurements: SINAD Analysis

The SINAD curves exhibit two distinct regions: an initial linear increase followed by a saturation
region.
At low amplitudes (approximately 10 mV to 1 V), SINAD increases almost linearly with input amplitude.
In this region, the useful signal power increases while noise and distortion remain nearly constant. For very
small amplitudes, the signal level is comparable to the noise floor and distortion components, resulting in
poor SINAD performance. As the amplitude increases, the signal becomes progressively dominant over
these error sources, leading to an improvement in SINAD.
All frequencies behave similarly, which is expected since they lie within the system passband as discussed
in the Bode Diagram section.
When the input amplitude becomes sufficiently large, SINAD approaches a plateau around 60 dB. Beyond
this point, increasing the signal amplitude no longer produces a significant improvement in SINAD. This
saturation occurs because the noise and distortion components begin to increase together with the signal
amplitude.
For example, considering a 1 kHz sine wave, increasing the amplitude from 2 V to 4 V theoretically
increases the signal power by 3 dB according to (73). Although the 2 V case is not shown in the figures,
its RMS noise-and-distortion level was also evaluated and measured to be approximately −50.73 dB,
compared to −48.56 dB for the represented 4 V case. Therefore, although the signal power increases, the
error power rises by a similar amount, resulting in little to no improvement in SINAD.
This behavior is typical of practical acquisition systems, particularly ADCs. For an ADC-based system,
this limit is directly related to the finite number of quantization levels available. A N -bit converter can
only distinguish between 2N discrete amplitude levels, which imposes a theoretical upper bound on the
achievable SNR given by [40]:

SNR[dB] = 6.02 × N + 1.78 (74)
For example, an ideal 12-bit ADC has a theoretical maximum SNR of approximately 74 dB. Beyond this
limit, increasing the input amplitude cannot significantly improve SNR because the system has already
reached its maximum effective resolution.
In practice, this saturation also reflects the finite dynamic range of the analog front-end. As the signal
amplitude approaches the limit imposed by the supply voltage, the input V/I converter operates closer to
its nonlinear region. Small nonlinearities and clipping effects then introduce additional distortion, further
reinforcing the SINAD plateau.

Another observable trend is that the SINAD of folded and then reconstructed signals slightly decreases
as the input frequency increases. This behavior is directly related to the reconstruction process described
in Section 4.2.4.
In particular, the folded signal must be downsampled prior to reconstruction in order to discard samples
acquired during folding transitions, which are not instantaneous in practice.
If samples acquired during these transitions are not fully removed, the reconstruction exhibits distortions.
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Moreover, selecting an appropriate downsampling factor becomes increasingly difficult as the input
frequency increases, since folding events occur more frequently while their duration remains approximately
constant. This effect was illustrated in Figure 51, where the reconstruction accuracy decreases with
increasing frequency. These reconstruction errors directly contribute to a reduction in SINAD.
However, this limitation does not significantly affect the estimation of the ENOB, since SINAD measure-
ments at lower input frequencies remain largely unaffected by reconstruction errors. Therefore, ENOB
can be reliably determined using low-frequency measurements.

4.5.3 ENOB

Once the SINAD has been extracted, the ENOB can be evaluated by replacing the SNR term in (74)
with SINAD and solving for N .
This yields [40]:

ENOB = SINAD[dB] − 1.76
6.02 (75)

The resulting ENOB, computed using the average SINAD values over the low-frequency range (100 Hz
to 25 kHz), is shown in Figure 63.
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Figure 63: Measured ENOB as a function of input amplitude

Similarly to the SINAD curves, the ENOB is low for small input amplitudes, as the signal magnitude
is comparable to the noise and distortion levels, which significantly degrades the effective resolution.
As the input amplitude increases, the ENOB increases approximately linearly, reflecting an improved
SINAD. At higher amplitudes, the ENOB reaches a saturation region consistent with the plateau observed
in the SINAD curves, indicating that the system has reached its maximum effective resolution.
From this plateau, the maximum achievable resolution of the system can be estimated to be approximately
9 bits.

Knowing this maximum achievable resolution, the static ADC error analysis can be repeated using
this updated resolution and compared with the previous results.
First, a staircase signal ranging from −0.5 V to 0.5 V is considered such that no folding occurs.
For this case, the LSB becomes:

1 LSB = (0.5 − (−0.5))
29 = 1.953 mV (76)

The resulting graphs are presented in Figure 64, using the same parameters as those listed in Table 11.
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Figure 64: Measurements: Staircase 9 bit from -0.5 to 0.5 V

The offset and gain are very similar to those obtained in the previous 8-bit measurements.
The measured offset is 0.0129 V, corresponding to 6.62 LSB, meaning that the output is shifted upward
by nearly seven quantization levels. The measured gain error is −0.41%, very similar to the previous
8-bit case.
Figure 64b shows the resulting DNL and INL expressed in LSB rather than in millivolts.
A DNL larger than +1 LSB would indicate a missing code because the code width exceeds one quantization
step. Conversely, a DNL smaller than −1 LSB would imply non-monotonic behavior, where the output
decreases while the input increases.
Neither condition is observed in the measured results. Most DNL values remain within approximately
±0.2 LSB, indicating relatively uniform quantization intervals.
The INL curve is again very similar to that obtained in Figure 58b, exhibiting a U-shaped behavior
characteristic of a dominant second-order contribution, although higher-order components appear slightly
more pronounced.

Figure 65 shows the results for an input range from −4 V to 4 V, again using the same parameters
listed in Table 12.
In this case, the LSB becomes:

1 LSB = (4 − (−4))
29 = 15.625 mV (77)

The offset and gain remain similar. The measured offset is 0.0131 V, corresponding to 1.29 LSB. Since
the LSB is larger, the offset expressed in LSB is lower than in the previous case, meaning that the output
curve is shifted upward by approximately one quantization step.
The measured gain error is −0.43%.
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Figure 65: Measurements: Staircase 9 bit from -4 to 4 V
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In Figure 65b, the DNL and INL curves are expressed in LSB. The DNL does not exceed ±1 LSB,
indicating the absence of missing codes and non-monotonic behavior.
The behavior is very similar to that observed in Figure 59b, where larger spikes appear near the codes
corresponding to folding and reconstruction events.
These spikes directly affect the INL curve, which therefore also resembles the 8-bit case.

Overall, the results obtained at 9 bits are very similar to those obtained at 8 bits. Once again, the
reconstruction process appears to affect the DNL and INL by increasing the error near the codes where
folding occurs.

4.6 Improvements
Ideally, the performances obtained should be compared with implementations proposed in the literature.
However, many papers only present an architecture without providing a complete implementation. Except
for [11], which includes detailed information about the components used, supply voltages, maximum
number of folds, and the maximum operating frequency, as described in Section 3.1, most papers only
validate their architecture through simulations or provide little information about performance metrics.
For this reason, the specifications listed in Table 1 were mainly based on the implementation presented
in [11]. In particular, the target was to achieve a feedback delay below 1µs in order to maximize the
operating frequency beyond 10kHz. While supply voltages of ±15V are used in [11], the input range is
limited to ±10V . Therefore, the goal here was to reduce the supply voltages while still maximizing the
input dynamic range.
For this hardware implementation, the main limitation affecting the input dynamic range was the
requirement to use only components with available SPICE models, so that the circuit could be accurately
simulated. As a consequence, the achievable input range was reduced to approximately ±4.6 V (9.2V
peak-to-peak).
This limitation originates from the operational amplifier used in the input V/I converter, which is supplied
with ±5 V. During measurements, the amplifier exhibited nonlinear and unstable behavior when the
input voltage exceeded approximately ±4.6 V, preventing reliable operation close to the supply rails.
Therefore, the purpose of this section is to investigate methods to increase the input dynamic range while
still minimizing the supply voltages of most circuit blocks.
Moreover, although the objective of achieving a feedback delay lower than 1µs has been reached, this
section presents solutions to further reduce this delay and increase the maximum operating frequency
while ensuring that the output remains within the ADC input range of [-1.25,1.25]V.

4.6.1 Input Dynamic Range

As explained in the Section 3.3, performing the correction in the current domain instead of the voltage
domain significantly improves the achievable input dynamic range without requiring high supply voltages
for all circuit blocks.
Only the input stage must withstand the maximum input voltage, while the following stages, such as the
PVG, can operate with lower supply voltages. This is possible because the correction is applied through
currents rather than by generating large output voltages.
For instance, as shown in Figure 15b, if the correction were performed in the voltage domain, a 10 V
input signal with a 1 V threshold would require the PVG to produce an output up to 10 V. Consequently,
the PVG would need a supply voltage of at least 10 V, along with components rated for such voltage levels.

The current system supports an input signal range from -4.6V to 4.6V, although this range can be
further extended. Several design modifications are nevertheless required to further extend the input
dynamic range. First, the input V/I converter requires a higher supply voltage, which implies replacing the
current operational amplifier (LT1813), whose maximum supply voltage is limited to 12.6 V peak-to-peak.
Second, the CPLD code must be adapted to allow a larger number of DAC steps. In the current
implementation, the DAC uses 100 mV steps and is limited to two steps since only two folds are required
for the present input range of ±5 V. The maximum DAC output is 400 mV, meaning that, even if the
input range is increased without any additional modifications, the DACs would only support four folding
levels, corresponding to a maximum input range of approximately ±8 V. Therefore, further increasing
the input range requires reducing the DAC step size in order to enable more folding levels.
Finally, the gains of the input and feedback V/I converters, as well as the output I/V converter, must
be adjusted according to the selected DAC step size to maintain correction values equal to multiples of
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±2λ = ±2 V. This can be achieved by modifying the resistors that define the converter gains.
If the objective is only to increase the input range, no additional components or supply voltages need to
be modified, making the design relatively easy to adapt depending on the target application.

However, if the supply voltages of the remaining blocks are to be reduced in order to satisfy the
specification 1.25 V ≤ |Vsupply| ≤ 3.3 V, additional modifications are required.
In this first prototype, all operational amplifiers (LT1813) and comparators (LT1016) are supplied with
±5 V. Since the threshold is fixed at ±1 V, the internal signal levels should never approach ±5 V.
Therefore, such high supply voltages are not strictly necessary and can be reduced.
With the selected components, the supply voltage can, for example, be reduced to ±3.3 V, which also
makes it compatible with the supply requirements of the digital components such as the DACs and CPLD.
It is even possible to further reduce the supply voltage, provided that all components still operate correctly
and no signal clipping occurs. For instance, the LT1813 can operate with a minimum supply voltage of
±2 V. If lower supply voltages are required, alternative components should be considered.
However, the ADA4857 op-amp [25], used at the output of the DACs to convert their differential outputs
into a single-ended signal, cannot operate with supply voltages lower than 5 V. Therefore, it would need
to be replaced by another op-amp compatible with lower supply voltages.

As an example, if a 40 V input signal is applied at the input. In this case, 20 folding levels would be
required to bring the signal back into the valid operating range.
Since the LTspice simulation does not include the digital components or the ADA4857, a simulation is
performed with the supply voltage of the input V/I converter increased to ±40 V while reducing the
supply voltage of the other blocks to ±3.3 V.
To achieve 20 folding levels, the DAC step size can be reduced from 100 mV to 20 mV for example,
allowing 20 correction levels over the 400 mV range. The gains of the V/I and I/V converters must then
be adjusted accordingly. In addition, the finite state machine (FSM) implemented in the CPLD must be
modified to generate the required DAC control values. The FSM shown in Figure 32, which currently
contains 5 states, would need to be expanded to a total of 41 states: 20 positive states, 20 negative states,
and 1 initial state.

The resulting LTspice simulation for half a period of a 40 V, 1 kHz sinusoidal input signal is shown in
Figure 66, while the main parameter changes are summarized in Table 13.
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Figure 66: LTspice Simulation: Folding of a 40 V input sinusoidal signal at 1 kHz
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Parameter Value Unit Notes
Input 40 V 1kHz sinusoïdal signal voltage
Input Op-Amp Supply Voltage ±40 V Ideal Op-Amp model
Op-amp supply voltage of all other op-amps ±3.3 V LT1813
Comparator Supply voltage ±3.3 V LT1016
Gain Resistor of the input V/I converter 50 kΩ
Gain Resistor of the output I/V converter 50 kΩ
Gain Resistor of the feedback V/I converter 2 kΩ

Table 13: Main configuration changed used for the simulation of Figure 66.

To perform this simulation, the operational amplifier used in the input V/I converter is replaced with
an ideal LTspice model capable of supporting arbitrary supply voltages. Although suitable commercial
operational amplifiers exist, no compatible LTspice models are available.
The gain of the input V/I converter is reduced from 1

5000 to 1
50000 . Similarly, the gain of the output I/V con-

verter is increased from 5000 to 50000, while the gain of the feedback V/I converter is changed from 1
4 to 1

2 .

The input dynamic range could be extended even further, provided that a suitable op-amp and supply
voltage are used for the input V/I converter. Since the DAC has an 8-bit resolution, it provides 28 = 256
possible levels. In theory, this would allow 255 voltage steps across 400 mV, corresponding to a step size
of approximately 1.57 mV and therefore up to 256 folding levels.
In practice, however, such a small step size would be difficult to exploit reliably because noise could sig-
nificantly affect these low-level signals, thereby reducing the accuracy of the folding correction. Achieving
such resolution would therefore require careful noise optimization.

4.6.2 Maximum Frequency

The maximum frequency is defined as the highest input frequency, for a given input amplitude, such that
the folded output signal remains within the range [−1.25, 1.25]V.
To increase this maximum frequency, two approaches are considered: one based on reducing the feedback
delay, and another based on modifying the operating threshold of the architecture.

1. Feedback Delay:

As shown in Section 2.3.3, the maximum input frequency for which the folded output remains
within [−1.25, 1.25]V is strongly dependent on the feedback delay.
Indeed, this maximum frequency is inversely proportional to the total feedback delay, meaning that
reducing the delay directly increases the maximum achievable frequency. The objective is therefore
to minimize the feedback delay.
As illustrated in Figure 36, the main contributor to the total feedback delay is the LT1813 oper-
ational amplifier, used in the subtractor and in the two follower stages (one at the DAC output
and one at the subtractor output). These stages contribute approximately 90 ns, corresponding to
45.6% of the total feedback delay.
Each LT1813 op-amp has a typical settling time of approximately 30 ns. Consequently, one possible
approach to reduce the feedback delay is to replace these amplifiers with faster alternatives.
For example, the AD8001 has a settling time of approximately 10 ns [43], which would reduce the
combined contribution of the three op-amp stages from 90 ns to roughly 30 ns.

The other main contributors are the CPLD and the DACs, contributing respectively 57.5 ns (29.1%)
and 40 ns (20.3%). These delays are mainly determined by the clock period.
As previously demonstrated, the implemented Verilog code requires approximately two clock cycles
to update the FSM state and the corresponding output values, which corresponds to about 50 ns
with a 40 MHz clock frequency. In addition, the DAC requires approximately one clock cycle to
update its output, corresponding to 25 ns at 40 MHz. The DAC clock frequency cannot be increased
beyond 40 MHz [24] without replacing the DAC with a faster alternative. However, the CPLD
supports clock frequencies up to 152 MHz [23]. Therefore, a dedicated higher-frequency clock could
be added exclusively for the CPLD in order to reduce its execution delay.
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For example, using a dedicated 100 MHz oscillator for the CPLD would reduce the code execution
delay from approximately 50 ns to about 20 ns.

By combining faster op-amps with an increased CPLD clock frequency, the total feedback delay
could theoretically be reduced from approximately 197.5 ns to around 107.5 ns.
Using the behavioral Matlab Simulink model presented in Chapter 2, the impact of reducing the
feedback delay from 197.5 ns to 107.5 ns can be evaluated. The corresponding results are shown in
Figure 67 for a 4 V, 100 kHz sinusoidal input signal.
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Figure 67: Matlab Simulation: Output signals for different feedback delays

As shown in Figure 67, reducing the feedback delay allows the folded signal to remain properly
contained within the range [−1.25, 1.25]V.

Based on (53), the corresponding improvement in the maximum achievable frequency is:

fmax,new

fmax,prev
=

∆.λ
Td,new·2π·A

∆.λ
Td,prev·2π·A

= Td,prev

Td,new
= 197.5

107.5 ≈ 1.837 (78)

Therefore, the maximum achievable frequency could theoretically be increased by nearly a factor of
two through these modifications.

2. Threshold:
Another approach for increasing the maximum frequency, proposed in [11], consists in reducing the
threshold reference voltage λ rather than decreasing the feedback delay.
As discussed in Section 4.3.2, it is practically impossible to guarantee that the folded signal always
remains strictly within [−λ, λ]. For this reason, a lower value of λ is generally selected to ensure
that the output remains within the ADC input range. In the present implementation, λ = 1 is used
for an ADC range of [−1.25, 1.25]V.
A possible improvement is therefore to reduce the threshold value λ. Although this does not
reduce the feedback delay itself, it allows the comparators to trigger earlier. As a consequence, the
correction begins sooner and can complete before the signal exceeds the allowed range.
Using again the behavioral Matlab Simulink model, while keeping the feedback delay fixed at
197.5 ns, the threshold can be reduced from 1 to 0.6V in order to anticipate the folding operation.
The resulting behavior is shown in Figure 68 for a 4 V, 100 kHz sinusoidal input signal.
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Figure 68: Matlab Simulation: Output signals for different thresholds

As shown in Figure 68, reducing the threshold from 1 to 0.6V increases the number of folding events.
However, the folded signal remains properly contained within the range [−1.25, 1.25]V.

From (53), the corresponding improvement in the maximum achievable frequency for this threshold
reduction is:

fmax,new

fmax,prev
=

∆new.λnew

Td·2π·A
∆prev.λprev

Td·2π·A

=
1.08×0.6
Td·2π·A
0.25×1

Td·2π·A
≈ 2.6 (79)

where ∆new is computed such that the admissible overshoot is equal to 1.25 − 0.6 = 0.65V, leading
to:

∆new = 0.65
0.6 (80)

This indicates that, for this example, the maximum achievable frequency could theoretically be
increased by a factor of approximately 2.6.

Modifying the threshold voltage also requires several changes in the architecture.
The threshold voltages are defined by the voltage dividers connected to the inputs of Comp-N and
Comp-P. Therefore, the resistor values setting these thresholds must be modified. In addition, since
the correction voltage must remain equal to an integer multiple of 2λ, corresponding here to 1.2 V
for λ = 0.6, the gain of the feedback V/I converter must be adjusted from 1

1000 to 3
5000 , while the

other converter gains can remain unchanged.

4.7 Conclusion
This chapter first evaluated the fundamental operation of the system by measuring the output and
intermediate signals for cases requiring zero, one, and two folds.
It was observed that the achievable input range is not exactly ±5 V, but rather approximately ±4.6 V.
Although the operational amplifier used in the input V/I converter is supplied with ±5 V (10V peak-to-
peak), measurements showed that beyond ±4.6 V (9.2V peak-to-peak) the amplifier enters a non-linear
operating region, preventing the signal from being folded correctly.
The reconstruction of the signals was then analyzed, revealing a limitation at high frequencies where
samples may be acquired during fold transitions, leading to distortions in the reconstructed signal.
The feedback delay was subsequently measured and found to be approximately 230 ns, which is consistent
with the theoretical estimation obtained in Chapter 3.
The maximum operating frequency was then evaluated as a function of the input amplitude, with measured
values exceeding the theoretical estimates, ranging from 75 kHz for a 4 V input signal up to 270 kHz
for a 1.5 V signal. In addition, the Bode diagram analysis showed that the system passband extends
up to approximately 2.45 MHz. A noise analysis was also performed in order to identify the different
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contributions originating from the intrinsic noise of the selected components.
Finally, a detailed analysis based on conventional data-converter characteristics was carried out to evaluate
the static errors introduced by the PCB implementation, including offset, gain error, DNL, and INL.
This analysis was performed both for signals without folds and for signals undergoing folds. The results
showed that the offset and gain errors remain relatively unchanged, whereas the DNL and INL are affected
by the folding and reconstruction processes. A SINAD analysis further allowed the effective resolution of
the system to be estimated at approximately 9 bits.
The chapter concludes with several proposed improvements to further increase the input dynamic range.
Improvements are also suggested to increase the maximum operating frequency, either by reducing the
feedback delay through the replacement of certain components or by lowering the threshold values.
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5
Conclusion and Perspectives

This work investigated a new hardware implementation of a modulo-ADC architecture ensuring that the
folded output signal remains within the ADC operating range, thereby overcoming the dynamic range
limitation of conventional ADC.

Chapter 2 introduced the Unlimited Sampling framework and the principles of modulo sampling. In
particular, the modulo mapping operation was presented as a technique allowing signals to be wrapped
within a fixed range, thus preventing clipping when the input exceeds the ADC range.
The associated signal recovery theory was also discussed, demonstrating that the original signal can be
reconstructed solely from modulo samples.
Existing modulo-ADC architectures from the literature were reviewed, highlighting the differences be-
tween architectures employing a front-end modulo stage and those combining modulo processing and
quantization simultaneously.
Among these approaches, the Wideband High Dynamic Range ADC architecture proposed in [11] was
selected as the basis for the hardware implementation developed in this work.
Behavioral simulations performed in Matlab validated the operating principle of the architecture.
Its operation is based on comparators that continuously check whether the input signal exceeds the
threshold λ. When this occurs, a correction voltage is generated accordingly in order to fold the signal
back within the admissible range.
These simulations confirmed the correct interaction between the folding mechanism and the reconstruction
process, while also highlighting several key implementation challenges.
In particular, increasing the input dynamic range requires larger correction values, potentially leading to
higher supply voltage requirements.
In addition, the feedback structure introduces a delay between fold detection and signal correction. It was
shown that this delay directly limits the maximum allowable input frequency for a given signal amplitude
in order to guarantee that the folded signal remains entirely within the range [−λ, λ].
Consequently, minimizing the feedback delay emerged as one of the primary design challenges of the
proposed implementation.

Chapter 3 focused on the hardware implementation of the architecture.
Starting from the design proposed in [11], the main limitations regarding maximum input frequency and
input dynamic range were identified.
The previous implementation from [11] was limited to an input amplitude of 10V at 10kHz, mainly due
to a feedback delay of approximately 1µs.
Based on these observations, the design specifications of the proposed implementation were established,
targeting a feedback delay below 1µs while maximizing the achievable input dynamic range.
The threshold value was fixed at λ = 1V in order to constrain the output within the interval [−1.25, 1.25]V.
Choosing a threshold smaller than the accepted ADC limit ensures that small overshoots beyond the
threshold remain safely within the ADC input range.
However, due to the requirement of validating the complete implementation in LTspice, the input dynamic
range of this first prototype was limited to ±5V, since the available components with compatible SPICE
models were supplied by ±5V rails.
Nevertheless, this limitation does not fundamentally constrain the proposed architecture for larger dy-
namic ranges. Indeed, the correction bringing the signal back within the admissible range is performed
in the current domain rather than in the voltage domain. As a result, only the first stage converting
the input voltage into current would require a higher supply voltage, while the remaining blocks could
continue operating with lower supply voltages even for significantly larger input amplitudes.
The complete architecture was then presented, consisting of V/I and I/V converters, comparators, and a
correction current generated by a CPLD associated with DACs.

72



5 Conclusion and Perspectives

Each block was presented in details, with the choice of the components and an LTspice simulation.
After the sizing process, the FSM implemented on the CPLD was developed to generate the appropriate
correction for a maximum input range of ±5V. For the chosen threshold, this corresponds to a maximum
of two folds. A theoretical analysis of the feedback path was then carried out, estimating the total
feedback delay to be approximately 197.5ns.
Finally, the chapter concluded with a brief description of the PCB design and implementation.

Chapter 4 presented the experimental results and the performance analysis of the implemented
hardware PCB. The measurement setup was first described before verifying the correct operation of the
circuit in three operating conditions: when no correction is required, when one fold occurs, and when
two folds occur. The performance of the recovery algorithm was then analyzed, revealing an important
practical challenge. The theoretical framework assumes that the fold is applied instantaneously, whereas
in practice the fold transition requires a finite amount of time. During this transition interval, samples
can still be acquired, which introduces distortions in the reconstructed signal.
Downsampling the signal to remove these unwanted samples was shown to be an effective solution. How-
ever, at higher frequencies, completely removing all unwanted samples becomes more difficult, resulting
in slightly degraded reconstruction accuracy.
A delay and frequency analysis was subsequently performed, showing that the measured feedback delay is
approximately 230ns.
The maximum input frequency as a function of the input amplitude was then determined, demonstrating
that the maximum operating frequency lies approximately between 75kHz for an amplitude of 4.5V and
270kHz for an amplitude of 1.5V.
A noise PSD analysis was also carried out, highlighting the contributions of flicker noise, thermal noise,
and a low-pass behavior consistent with the cutoff frequency identified during the Bode diagram analysis,
namely 2.45MHz.
In addition, an analysis inspired by classical data converter characterization techniques was performed to
evaluate the non-idealities of the proposed system. Static errors such as offset, gain error, DNL, and INL
were computed. This analysis showed that the folding and reconstruction process locally increases the
DNL and INL errors around the regions where folds occur and are subsequently reconstructed.
A SINAD analysis was then performed in order to evaluate the ratio between the useful signal power
and the combined noise and distortion power. The system reached a maximum SINAD of approximately
60dB. From the measured SINAD, the effective resolution of the system, expressed in terms of ENOB,
was determined to reach a maximum value of approximately 9 bits.

Finally, several possible improvements and future research directions were presented.
The first improvement concerns increasing the input dynamic range of the modulo-ADC.
Although the current implementation theoretically targets an input range of ±5V, in practice the max-
imum input amplitude is limited to approximately ±4.6V because the input operational amplifier no
longer operates in its linear region beyond this value, preventing proper folding of the signal.
However, this limitation is not inherent to the proposed hardware architecture itself but rather results
from the design constraints imposed by the requirement to simulate the complete circuit in LTspice.
It was therefore shown that replacing the input operational amplifier with a device supporting higher
supply voltages would allow the input dynamic range to be significantly increased. At the same time, the
supply voltage of the remaining blocks could potentially be reduced below 5V since the folded output
remains confined within the interval [−1.25, 1.25]V .
The current circuit is already capable of supporting up to four folds, and it was shown that this number
could be increased further by reducing the DAC step size.
At present, the DAC step size is 100mV for a maximum output of 400mV. Reducing the step size to 20mV
would theoretically allow up to 20 folds, while a step size of 5mV could enable up to 80 folds, provided
that careful noise isolation is implemented to preserve accuracy at such low correction levels.
Achieving this improvement would require modifications to the FSM implemented on the CPLD, as well
as adjustments to resistor values in order to modify the gains of the V/I and I/V converters.
Although this improvement has already been validated through simulations, it has not yet been exper-
imentally tested. Future work could therefore focus on replacing the input operational amplifier and
the other required components directly on the PCB in order to experimentally validate these extended
operating conditions.
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Another important improvement concerns the increase of the maximum input frequency.
One possible solution consists of further reducing the feedback delay, which would require replacing
certain components, particularly the operational amplifiers, with devices exhibiting shorter settling times.
In addition, the feedback delay also depends on the clock frequency used within the digital correction loop.
Consequently, increasing the clock frequency could further improve the maximum operating frequency,
since the CPLD itself supports clock frequencies up to 152MHz. However, the currently used DAC cannot
support clock frequencies above 40MHz and would therefore need to be replaced.
Another possibility for increasing the maximum operating frequency consists of lowering the threshold λ,
allowing earlier fold detection and therefore earlier correction. It was shown, for example, that reducing
the threshold from 1V to 0.6V could theoretically increase the maximum allowable input frequency by
approximately a factor of two.

In a longer-term perspective, the proposed hardware implementation could serve as the basis for a
fully integrated System-on-Chip (SoC) solution, where the complete modulo-ADC architecture would be
implemented within a single integrated circuit.
In such an implementation, the threshold λ could also become a configurable parameter, allowing the
system to be adapted to a wide range of applications and operating requirements.

In conclusion, this work constitutes an important step toward the practical implementation of Unlimited
Sampling theory in real electronic systems. While several technological challenges still remain, the
obtained results demonstrate that modulo-based conversion techniques represent a promising alternative
to conventional ADC architectures for high-dynamic-range signal acquisition.
Future research could therefore focus on fully integrated implementations, faster feedback paths, and
adaptive reconstruction algorithms in order to ultimately overcome the dynamic range limitations of
conventional ADCs in a wide range of scientific and industrial applications.
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Applying Kirchhoff’s Current Law (KCL) at the non-inverting and inverting input nodes gives:

Vi − V+

R1
= V+ − Vx

R2
(81)

and:
−V−

R4
= V− − Vo

R5
(82)

From (81), V+ can be isolated as:
V+ = R2Vi + R1Vx

R1 + R2
(83)

Similarly, from (82), V− is obtained as:

V− = R4

R4 + R5
Vo (84)

Assuming an ideal operational amplifier with infinite open-loop gain, the virtual short condition
applies:

V+ = V− (85)
Equating the two previous expressions and solving for Vo yields:

Vo = ViR2(R4 + R5) + VxR1(R4 + R5)
R4(R1 + R2) (86)

The output current is defined as:

Iout = V+ − Vx

R2
+ Vo − Vx

R3
(87)
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Substituting the expressions of V+ and Vo into the previous equation and simplifying gives:

Iout = Vi(R3R4 + R2R4 + R2R5) + Vx(R1R5 − R2R4 − R3R4)
R3R4(R1 + R2) (88)

In order to make the output current independent of Vx, the coefficient multiplying Vx must be equal
to zero:

R1R5 − R2R4 − R3R4 = 0 (89)

This leads to the matching condition:

R1

R2 + R3
= R4

R5
(90)

Applying this condition to the expression of Iout results in:

Iout = R1R5 + R2R5

R3R4(R1 + R2)Vi (91)

Finally, if the additional condition:
R4 = R5 (92)

is satisfied, the expression simplifies to:
Iout = Vi

R3
(93)
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B.1 Top Sheet: Block Schematic
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B.2 Input Voltage to Current Converter
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B.3 Output Curren to Voltage Converter
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Figure 72: Altium Schematic: Output Current to Voltage Converter

B.4 Comparator comp-N
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B.5 Comparator comp-P
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Figure 74: Altium Schematic: Comparator - P

B.6 Programmable Voltage Generator (PVG)
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Figure 75: Altium Schematic: PVG

B.7 Counter: CPLD
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Figure 76: Altium Schematic: CPLD
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Figure 77: Altium Schematic: Reset CPLD
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Figure 78: Altium Schematic: Clock
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Figure 79: Altium Schematic: DAC-N
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Figure 80: Altium Schematic: DAC-P
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Figure 81: Altium Schematic: Subtractor

B.12 Feedback Voltage to Current Converter
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Figure 82: Altium Schematic: Feedback Voltage to Current Converter
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Figure 83: Altium Schematic: Supply
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C List of Components

C
List of Components

Component Designator(s) Quantity Description
10nF Capacitor C1, C2, C5–C10, C31, C32, C41–C44 14 COG 25V 0603 10%
3pF Capacitor C3, C49 2 COG 50V 0603
13pF Capacitor C4 1 COG 50V 0603 5%
100nF Capacitor C11, C12, C14–C20, C22, C24, C26–C28, C33, C34, C36, C38, C51 18 COG 50V 0603 5%
10uF Capacitor C13, C17, C21, C23, C25, C29, C30, C35, C37, C39, C40, C45–C50 16 COG 25V 0603 10%
3.3V Zener Diode D1, D2 2 BZX84 3V3 SOT23
Ferrite Bead 120R FI1–FI3 3 2A 0603 Ferrite Bead
LT1813CS8 I1, I2, I8, I11, I12 5 Dual 100MHz Operational Amplifier
LT1016CS8 I3, I4 2 Ultra-fast Precision Comparator
5M80ZT100 I5 1 MAX V CPLD TQFP100
MAX5190BEEG I6, I9 2 8-bit 40MHz DAC
ADA4857 I7, I10 2 Operational Amplifier
MAX6444 I13 1 Voltage Supervisor
Input Connector J1 1 BNC Vertical Connector
Output Connector J2 1 BNC Vertical Connector
−5V Connector J3 1 BNC Vertical Connector
+5V Connector J4 1 BNC Vertical Connector
+3.3V Connector J5 1 BNC Vertical Connector
+1.8V Connector J6 1 BNC Vertical Connector
Programming Connector J7 1 Vertical 2×5 Connector
External Clock Connector J8 1 BNC Vertical Connector
6kΩ Resistor R1 1 0603 0.1%
1kΩ Resistor R2, R4, R5, R7, R11, R15, R32–R35 10 0603 0.1%
5kΩ Resistor R3, R6 2 0603 0.1%
100Ω Resistor R9, R12 2 0603 1%
0Ω Resistor R13, R14, R36, R38 4 0603 Jumper
10kΩ Resistor R16, R17, R18, R41 4 0603 0.1%
499Ω Resistor R19–R26 8 0603 1%
1.6kΩ Resistor R29, R30 2 0603 0.5%
2kΩ Resistor R31 1 0603 0.1%
4.7kΩ Resistor R37, R39 2 0603 1%
4kΩ Resistor R8, R10 2 0603 1%
400Ω Resistor R27, R28 2 0603 1%
33Ω Resistor R40, R42 2 0603 1%
Reset Push Button S1 1 SPST SMD Push Button
Test Points TST1–TST16 16 Keystone 5001 Test Point
SiT9005 XT1 1 40MHz MEMS Oscillator

Table 14: Bill of materials of the PCB prototype.
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D
FSM Implementation: Verilog Code

1 module modulo_cpld (
2 input N_trig ,
3 input P_trig ,
4 input rst ,
5 input clk ,
6

7 output reg [7:0] DAC_1 ,
8 output reg [7:0] DAC_2 ,
9 output [2:0] state_out

10 );
11

12 // =====================================================
13 // State Encoding
14 // =====================================================
15 localparam S_IDLE = 3’b000 ,
16 N_Step_1 = 3’b001 ,
17 N_Step_2 = 3’b010 ,
18 P_Step_1 = 3’b011 ,
19 P_Step_2 = 3’b100;
20

21 reg [2:0] state ;
22 assign state_out = state ;
23

24 // =====================================================
25 // Synchronizers for external triggers
26 // =====================================================
27 reg N_sync_0 , N_sync_1 ;
28 reg P_sync_0 , P_sync_1 ;
29

30 always @( posedge clk) begin
31 N_sync_0 <= N_trig ;
32 N_sync_1 <= N_sync_0 ;
33

34 P_sync_0 <= P_trig ;
35 P_sync_1 <= P_sync_0 ;
36 end
37

38 // Rising edge detection
39 wire N_rise = N_sync_0 & ~ N_sync_1 ;
40 wire P_rise = P_sync_0 & ~ P_sync_1 ;
41

42 // =====================================================
43 // Fully synchronous FSM
44 // =====================================================
45 always @( posedge clk or negedge rst) begin
46

47 if (! rst) begin
48 state <= S_IDLE ;
49 DAC_1 <= 8’h00;
50 DAC_2 <= 8’h00;
51 end
52 else begin
53

54 case ( state )
55

56 // ================= IDLE =================
57 S_IDLE : begin
58 if ( N_rise ) begin
59 state <= N_Step_1 ;
60 DAC_2 <= 8’ b0011_0011 ;
61 DAC_1 <= 8’h00;
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D FSM Implementation: Verilog Code

62 end
63 else if ( P_rise ) begin
64 state <= P_Step_1 ;
65 DAC_2 <= 8’h00;
66 DAC_1 <= 8’ b0011_0011 ;
67 end
68 end
69

70 // ================= N PATH =================
71 N_Step_1 : begin
72 if ( N_rise ) begin
73 state <= N_Step_2 ;
74 DAC_2 <= 8’ b0110_0110 ;
75 DAC_1 <= 8’h00;
76 end
77 else if ( P_rise ) begin
78 state <= S_IDLE ;
79 DAC_2 <= 8’h00;
80 DAC_1 <= 8’h00;
81 end
82 end
83

84 N_Step_2 : begin
85 if ( P_rise ) begin
86 state <= N_Step_1 ;
87 DAC_2 <= 8’ b0011_0011 ;
88 DAC_1 <= 8’h00;
89 end
90 end
91

92 // ================= P PATH =================
93 P_Step_1 : begin
94 if ( P_rise ) begin
95 state <= P_Step_2 ;
96 DAC_2 <= 8’h00;
97 DAC_1 <= 8’ b0110_0110 ;
98 end
99 else if ( N_rise ) begin

100 state <= S_IDLE ;
101 DAC_2 <= 8’h00;
102 DAC_1 <= 8’h00;
103 end
104 end
105

106 P_Step_2 : begin
107 if ( N_rise ) begin
108 state <= P_Step_1 ;
109 DAC_2 <= 8’h00;
110 DAC_1 <= 8’ b0011_0011 ;
111 end
112 end
113

114 default : begin
115 state <= S_IDLE ;
116 DAC_1 <= 8’h00;
117 DAC_2 <= 8’h00;
118 end
119

120 endcase
121 end
122 end
123

124 endmodule

Listing 1: Verilog implementation of the CPLD finite-state machine.
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E
Recovery Algorithm Implementation

1 import numpy as np
2

3

4 # Round Function
5 def RD(x, L):
6 """
7 x: Original Signal
8 L: Threhsold
9 """

10 return np.round(x / (2 * L)) * 2 * L
11

12 # Origin Centered Modulo Function
13 def M(x, T):
14 """
15 x: Original Signal
16 L: Threhsold
17 """
18 return np.mod(x + L, 2 * L) - L
19

20 def Bg(y, L): # the one to use
21 return np.ceil(np.max(abs(y)) / 2 / L) * 2 * L
22

23 # Difference Order
24 def DO_US(T, L, Bg):
25 """
26 T: Period
27 L: Threhsold
28 Bg: Computed Parameter
29 """
30 return int(np.ceil ((np.log(L) - np.log(Bg)) / np.log(T * np.exp (1))))
31

32 def US_algo (y, Bg , DO , L):
33 DnE = M(np.diff(y, DO), L) - np.diff(y, DO)
34 sn = np.array(DnE)
35 sn1 = 0
36 for i in range(DO - 1):
37 sn1 = S(sn)
38 sn1 = RD(sn1 , L)
39 sn1 += 2 * L * kn(sn , L, Bg)
40 sn = sn1
41 rec = y + S(sn)
42 return rec

Listing 2: Python Implementation of the Reconstruction Algorithm
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F Complementary Graphs

F
Complementary Graphs

F.1 Noise PSD: Measurement Under DC Bias
Figure 84 shows the output noise PSD measured with a 0.5 V DC bias applied at the input using a DC
power supply, instead of short-circuiting the input to ground.
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Figure 84: Measurements: Output Noise PSD with a DC signal

F.2 Clock Signal Measurement
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Figure 85: Measurements: Measured 40 MHz clock signal generated on the PCB
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G
Final Performance Summary

Parameter Final Performance

Core Functionality

Transfer Function Vout(t) = ((Vin(t) + λ) mod 2λ) − λ

Threshold Voltage λ ±λ = ±1 V
Output Voltage Range Vout ∈ [−1.25 V, 1.25 V]
Minimum Number of Folds 0
Maximum Number of Folds 2

Input Signal Characteristics

Minimum Input Voltage Vin,min = −4.6 V
Maximum Input Voltage Vin,max = 4.6 V
Input Dynamic Range 9.2 Vpp

Minimum Input Frequency DC

Maximum Input Frequency
75 kHz for 9 Vpp input
270 kHz for 3 Vpp input

Cutoff Frequency 2.45 MHz
Performance Metrics

Effective Number of Bits (ENOB) 9 bits
Electrical Characteristics

Input Stage Supply Voltage |Vsupply,in| = 5 V
Other Analog Blocks Supply Voltage |Vsupply| = 5 V
Other Digital Blocks Supply Voltage Vsupply = 3.3 V
CPLD Core Supply Voltage Vcore = 1.8 V

Table 15: Final Performance Summary of the Modulo-ADC PCB Prototype
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