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Abstract: Nonlinear acoustic signals, specifically the parametric effect, offer significant advantages
over linear signals because the low frequencies generated in the medium due to the intermodulation
of the emitted frequencies are highly directional and can propagate over long distances. Due to these
characteristics, a detailed analysis of these signals is necessary to accurately estimate the Time of
Arrival (ToA) and amplitude parameters. This is crucial for various communication applications,
such as sonar and underwater location systems. The research addresses a notable gap in the literature
regarding comparative methods for analyzing nonlinear acoustic signals, particularly focusing on
ToA estimation and amplitude parameterization. Two types of nonlinear modulations are examined:
parametric Frequency-Shift Keying (FSK) and parametric sine-sweep modulation, which correspond
to narrowband and broadband signals, respectively. The first study evaluates three ToA estimation
methods—threshold, power variation (Pvar), and cross-correlation methods for the modulations in
question. Following ToA estimation, the amplitude of the received signals is analyzed using acoustic
signal processing techniques such as time-domain, frequency-domain, and cross-correlation methods.
The practical application is validated through controlled laboratory experiments, which confirm the
robustness and effectiveness of the existing methods proposed under study for nonlinear (parametric)
acoustic signals.

Keywords: acoustic signal processing; time of arrival (ToA) estimation; ultrasound; underwater
acoustic communication; modulation; nonlinear acoustic; sensor; parametric effect

1. Introduction

Underwater acoustic communication has emerged as a critical area of acoustic research
due to its capacity to study the interaction processes of signals in water and its ability to
leverage their properties across various applications, including marine environmental
monitoring for biodiversity conservation, seafloor profiling for enhanced understanding,
navigation [1-3], marine traffic control, positioning [4,5], defense, and security [6,7], among
others [8,9]. However, such communication systems encounter significant challenges due
to signal interference caused by multiple reflections within the medium, the presence of
ambient noise, and other disturbances that impede the optimal reception of acoustic signals
as they propagate.

To mitigate these adverse effects, communication techniques based on the nonlinear
propagation phenomenon known as the parametric effect have been proposed. This phe-
nomenon facilitates directional communication through the use of high-frequency (primary
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frequencies) and high-intensity transducers. The nonlinear waves generated during this
process induce the emergence of low-frequency (secondary frequencies) components in
the medium. This approach offers several advantages, such as the ability to communicate
exclusively in the desired direction and significantly reducing multiple reflections, which
can degrade the quality of the communication signal.

Since the initial studies on the theory of the parametric effect by Westervelt [10,11] and
Berktay [12,13], among others [14-19], nonlinear (parametric effect) processing techniques
for acoustic signals have been developed [20-24]. These techniques are crucial for enhanc-
ing the reception and quality of underwater communications. This processing involves
the manipulation, transformation, and representation of signals to obtain characteristics
or parameters suited to specific applications, such as underwater communications and
transducer calibration, among others.

Identifying the Time of Arrival (ToA) and characteristics of underwater acoustic signals
is a critical and challenging task. As the signal propagates through the underwater channel,
it experiences delays and is partially masked by system or ambient noise. Additionally, it is
attenuated by propagation loss and the multipath effect. The received signal is interpreted
relative to the location of the transmitting system, necessitating an accurate estimation of
the ToA of the received signal [25].

To identify the characteristics of these signals, various processing techniques are
employed to extract relevant parameters or information that may be obscured or masked in
their original representation. These parameters can be used to characterize or distinguish
between different signals. Techniques such as Fourier analysis, correlation methods, and
adaptive filtering algorithms [26-29] are utilized to enhance the accuracy of underwater
signal detection and classification.

An overview of ToA estimation methods is provided in [30-32], which can be used
when there is a change in the received signal or by identifying the first arrival; the latter
approach is more accurate for wideband signals when employing the cross-correlation
method, as will be discussed in the following sections. In [33], narrow autocorrelation
Direct Sequence Spread Spectrum (DSSS) signals are utilized to achieve better separation
between channel taps. A similar approach is presented in [34], where curve fitting is applied
to DSSS signals. Exploiting the fact that underwater acoustic signals are characterized by a
large temporal bandwidth product, a method for estimating signal time delay using the
Multiple Signal Classification (MUSIC) algorithm is discussed in [35].

Recent studies have developed methods for estimating the ToA of signals using deep
learning [36], with approaches modeling ToA and Distance of Arrival (DoA) estimation
as either on-grid classification [37-40] or off-grid regression [41-43], employing deep
neural networks.

Although recent studies have addressed the estimation of the ToA, the current lit-
erature lacks specific comparative methods for analyzing nonlinear acoustic signals in
underwater communications, particularly regarding ToA estimation and its parameteriza-
tion in terms of the amplitude of the received signal. This gap highlights the need for the
development and implementation of such methods. The application of these approaches is
crucial, as nonlinear acoustic signals often contain critical information that cannot be di-
rectly extracted. Advanced detection techniques are essential for the accurate identification
of the information embedded in these signals. This enables better discrimination of the bits
in the transmitted communication signals, thereby improving the efficiency and accuracy
of nonlinear underwater acoustic communications.

To address this need, this work implements and validates two studies utilizing two
types of nonlinear modulations with the bit sequence [1010010110010110]: the first is
parametric Frequency-Shift Keying (FSK) modulation, and the second is parametric sine-
sweep modulation. The first modulation corresponds to a narrowband signal, while
the second represents a broadband signal modulation that was previously developed
theoretically by the authors of [44].
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1. The first study involves three methods of acoustic signal analysis for estimating
the ToA: the threshold method, the power variation method (Pvar), and the cross-
correlation method. For each of these methods, the accuracy and advantages relative
to the Signal-to-Noise Ratio (SNR) for this type of modulation are evaluated.

2. Once the ToA has been estimated, the amplitude of the received signals is evalu-
ated through a comprehensive analysis using time-domain, frequency-domain, and
cross-correlation signal processing techniques. For each of these techniques, relevant
parameters, such as voltage, are extracted for the proposed modulations.

Additionally, the practicality and robustness of these studies have been assessed
through experiments conducted in a controlled laboratory environment. These experiments
validate the effectiveness of the proposed methods, providing a solid foundation for their
practical applications.

The paper is organized as follows: Section 2 presents the theoretical description of the
first proposed study, which covers three methods used to estimate the ToA: the threshold
method, the Pvar method, and the cross-correlation method. Theoretical examples are
included to facilitate understanding. Section 3 develops the second study of the research,
focusing on the detection of the amplitude of the received signals using time-domain,
frequency-domain, and cross-correlation methods. Section 4 details the experimental setup
and measurement configuration for accurate signal evaluation in water. Section 5 presents,
discusses, and contrasts the results obtained from experimental measurements with the
previously mentioned theoretical models. Finally, Section 6 provides final observations and
conclusions of the study.

2. Methods for Estimation the Time of Arrival of Acoustic Signals

When an acoustic signal is recorded, it is crucial to conduct a thorough analysis to
extract the relevant parameters based on the specific application. The recorded signal is
inevitably influenced by environmental noise, commonly referred to as background noise.
Therefore, accurately determining the ToA of the signal is essential to distinguish between
the signal of interest and any existing noise or interference. This distinction is fundamental
in communication applications, where effectively separating the signal of interest from
ambient noise is critical for ensuring reliable and efficient data transmission.

This section proposes several methods to determine the ToA in parametric signals
when two transducers are facing each other. To achieve this, the mathematical expressions
associated with each method are implemented analytically, and the corresponding figures
are generated.

2.1. Threshold Method

The threshold method involves identifying the moment when the signal exceeds a
predetermined amplitude level. This method requires a high SNR and a comprehensive
analysis of the emitted signal to establish an optimal threshold, defined as the minimum
signal level. A higher SNR significantly enhances the accuracy of the results, as it represents
the most straightforward scenario for this method. In many cases, filtering is necessary
to ensure that the signal of interest is recorded with greater precision. An example of this
method can be seen in Figure 1.

As an example, the signal in Figure 1 will be used for the rest of the visual explanations
of the ToA calculation.

2.2. Power Variation Method (Pvar)

The power variation method (Pvar) also requires a high SNR and effective signal
filtering. This method has two variants: “Cumulative Pvar” and “Saw Pvar”.

To apply the mathematical formulas Pvare,;, and Pvars,,, a custom analysis function
was developed. This code evaluates the signal using the Pvar-transform within a specific
time window, detecting changes in the slope of the transformed signal. Appendix C
provides a detailed breakdown of the operation.
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Figure 1. Example of the ToA estimation using the threshold method on a simulated signal with
a SNR of 10dB. The distance between the emitter and receiver is 0.5 m and the speed of sound in
water is approximately 1480 m/s, so the expected ToA is 336.00 ps. Due to the SNR conditions, the
estimated ToA by the threshold method is 338.00 ps. The 30 % threshold level is calculated on the
maximum level of the signal.

The experimental case demonstrating this method can be seen in Figure 9a,b, where
the ToA detection is applied to real-world signals.

The intersection point between two slopes is then calculated, corresponding to the
estimated ToA.

2.2.1. Cumulative Power Variation (Pvar ;)

The cumulative power variation method calculates the cumulative sum of the absolute
values of the recorded waveform’s amplitude [45], as shown in Equation (1). This method
reveals an increasing trend in values, with a noticeable change in slope when the signal
to be detected appears. By adjusting a specific factor, the steepness of the slope can be
increased, making the identification of the ToA easier. An example of this is shown in
Figure 2.

no sk
Poargym[n] = S=110 1
where k represents the power to which each data point x; is raised, and N represents the
total number of data points in the dataset.

I I
= s
T T

Amplitude (a.u.)
o
~
T

0.2 ToA = 336.21 ps

pvarcum

——— Slope for T'oA calculation

0 1 2 3 4 5 6
Time (ms)

Figure 2. Scheme for the ToA estimation using the Pvar ,,; method in an ideal signal (no noise). The
periods of noise (no signal) and the presence of signal are indicated, as well as the two slopes that the
algorithm has considered for the calculation of the ToA (where they intersect), the ToA is 336.21 ps.



Electronics 2024, 13, 4192

50f 20

2.2.2. Saw Pvar (Pvargy)

The Saw Pvar method subtracts the mean value of the recorded waveform from
Pvarcyy, (1), resulting in a sawtooth-like signal that accounts for the contribution of back-
ground noise, potentially eliminating the need for additional filtering. The ToA of the signal
corresponds to the initial change in slope observed in Pvargy, as illustrated in Figure 3.

0.05

—0.05

Amplitude (a.u.)

|
e
—

ToA = 330.42 s

_015 - pvarcum
——— Slope for T'oA calculation
0 1 2 3 4 5 6

Time (ms)

Figure 3. Scheme for the ToA estimation using the Pvars;,, method in an ideal signal (no noise). The
periods of noise (no signal) and the presence of signal are indicated, as well as the two slopes that
the algorithm has considered for the calculation of the ToA (where they intersect), the ToA Pvarsay

is 330.42 ps.

Puarg,, can be obtained as follows [46]:

Poarsay[n] = Pvarcym|[n] — Noise[n] (2)

Noise[n) =a-itn+Db, (3)

where, in Equation (3), 4 and b represent the coefficients resulting from the linear fit of
Pvarcyum, and t[n] represents the time vector of the discrete-mode signal.

2.3. Cross-Correlation Method

This method analyzes the similarity between the emitted signal and the recorded
waveform by generating a correlation signal [45]. The amplitude peaks of the correla-
tion signal are higher when the two signals coincide, with the ToA corresponding to the
maximum peak of the correlation signal. A key distinction from the previously described
methods is that this approach is effective at low SNR and does not require additional
filtering. Furthermore, it provides improved results for sine-sweep signals, as will be
discussed in subsequent sections. This method is defined as [47]

N

roylll = ) x[nlyln +1] 4)
i=1

Let x[n] and y[n] denote the signals digitized by the transmitting transducer and
the hydrophone, respectively. In this context, let I = 1,2,..., N represent the number
of samples by which y is delayed relative to x. The cross-correlation method involves
computing the cross-correlation function for a range of delay values I. The delay time
estimate is then determined as the value of [ that maximizes the cross-correlation function.

An example of this is shown in Figure 4.
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Figure 4. Example of the ToA estimation using the cross-correlation method in an ideal signal (no
noise). This signal is the result of correlating a transmitted signal with a received signal, the ToA is
335.00 ps.

3. Amplitude Analysis of the Received Signal

Once the ToA of the signal at the receiver is determined, its amplitude can be analyzed.
This analysis is conducted through three methods: time-domain (Time parameterization),
frequency-domain (Frequency parameterization), and cross-correlation (Cross-correlation pa-
rameterization). Each technique is described below, highlighting the specific information it
provides about the received signal, which is measured in Volts (V) in this work.

3.1. Time Parameterization

Time parameterization describes the behavior of a signal with respect to time. Time is
the inherent domain of any acoustic signal, and although it is the most basic representation,
and can be obtained using appropriate tools and measurement conditions, it can still be
used to extract relevant information from the signal.

In the discrete time domain, the value of the signal or function is known only at specific
instants along the time axis, and its amplitudes are discretized, meaning they cannot take
any value but are limited to those defined by the bit depth of quantization. Therefore, the
signals are digitized before processing and consist of a sequence of N samples taken at
regular intervals separated by a period T = 1/ f;, where f; is the sampling frequency.

In the context of this work, it is useful to know the signal parameters at certain
frequencies and/or frequency bands. To obtain such information in the time domain,
the basic tool used is filtering, a process that separates the useful or necessary part of a
signal from other unwanted frequency components. By filtering the signal, its time profile
for that frequency range is obtained, revealing only the amplitude corresponding to the
desired bandwidth.

In digital processing of analyzed acoustic signals, filtering serves two primary purposes:

1. To remove unwanted noise from the received signals, specifically filtering out fre-
quency components outside the desired range.

2. To analyze information across different frequency bands within the target frequency
range.

Signals in the time domain can be described using amplitude parameters such as
peak, peak-to-peak, or root mean square (rms). In this work, to compare amplitudes across
different analysis domains, the peak value, V), time, is used. For stationary harmonic signals,
this peak value can be estimated as [48]

VprtimE{x[n}} = V‘/ms,time{x[n]} : \/E/ (5)

where V5 time is the value of the signal, defined as follows [48]:
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Vrms,time{x[n]} = (6)

Figure 5 shows an example of the peak voltage, V), time, and rms voltage, Vi time,
values obtained from a given frequency band signal.

40 b

Voltage (mV)

- Received signal
Filtered + cut signal
| | | | I I I

0 0.1 0.2 0.3 0.4 0.5 0.6 0.7
Time (ms)

—40 H

Figure 5. Example of the time domain amplitude estimation, where V), time is 20mV and Viys time 18
14.14mV for the filtered and clipped received signal.

Before filtering the signal to extract information in the time domain, the received signal
is trimmed to the time interval where it is assumed to be stationary.

3.2. Frequency Parameterization

The Fourier Transform Xr(f) converts a signal from the time domain to the frequency
domain. It is a widely used technique for analyzing stationary signals, providing the
spectral characteristics of one or more frequencies without altering their content.

In the Fourier Transform, the signal is interpreted as a superposition of sine waves
with periodic amplitude, constant frequency, and phase, i.e., harmonic components. The
relationship between the original signal in the time domain, x(f), and the signal in the
frequency domain, X(f), is given by the following expressions [49,50]:

Xp(f) = \/1271 [ a0y e Pl e x(e) = \/%T | xe()- e e @)

In the case of discrete signals, such as those analyzed in this work, the Discrete Fourier
Transform (DFT) transforms a set of values obtained by sampling N, the continuous
signal x[n] to be transformed into the discrete frequency domain represented by k. This
transformation is given by [51]

X[n) =) x[kle™¥ 8)
k=0

The amplitude from the frequency method is determined by analyzing the energy
of the signal within a specified frequency range. Initially, the signal is transformed from
the time domain to the frequency domain using the FFT, which provides information
about the signal’s frequency components [50]. The amplitude at a specific frequency is
then calculated based on the corresponding value in the frequency spectrum. If a range
of frequencies is specified, the amplitudes across that range are summed to yield a total

amplitude value, V), freq-
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3.3. Cross-Correlation Parameterization

The cross-correlation method can locate the onset of the signal in time, but does not
directly provide the amplitude value in original units, such as volts or pascals. However,
studies have shown that this amplitude value can be estimated from the peak of the cross-
correlation between the received signal and the reference signal. If the amplitude of the
transmitted signal, V), senq, the number of samples, N4, and the maximum value of the
correlation between the received and transmitted signal, Vinax, corr (located at the instant of
detection), are known, the peak amplitude voltage of the received signal can be estimated
using the following expression [52]:

2Vmax, corr (9)

\% ,COTT []/rec] =
P Vp,send * Niend

This contrasts with the time and frequency domains, where the information is based
on sections of the signal. In correlation, the amplitudes of the resulting signal indicate how
similar two signals are (the signal of interest compared to a reference signal with which it
is correlated). This results in a time-domain representation where the amplitude of these
peaks provides an identification or characteristic of the signal, showing where these peaks
occur relative to the time origin of the transmitted signal. An example of this is shown in

Figure 6.

40 - . i ]

Z 20| :
o)
s O\ 7
§ =20 1 f \/ ~_ Emitted signal n

—40 | v Filtered + cut signal | |

! ! ! ! ! ! ! : : : :
0 0.01 0.02 0.03 0.04 0.05 0.06 0.07 0.08 0.09 0.1 0.11
(a) Time (ms)
40 i
>§ 20 - i bai i
- |
o 0
2 di
ﬁo —20 | l V ~L_ Received signal n
> —40 ! Filtered + cut signal | |
! ! ! ! : : :
0 0.1 0.2 0.3 0.4 0.5 0.6 0.7
(b) Time (ms)
10*
4 X

Amplitude (a.u.)
b

0 Al on, | |
0 0.1 0.2 0.3 0.4 0.5 0.6 0.7

(c) Time (ms)

Figure 6. Amplitude estimation by the cross-correlation method. (a) Signal to be correlated; (b) re-
ceived signal with a f; = 20 MHz; (c) cross-correlation result where Vp,corr [Vrec] is 19.5mV.
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4. Experimental Set-Up

This section describes the setup used for experimental measurements in a cylindrical
pool with an approximate volume of 19 m?. The Airmar P19 transducer, with an emission
sensitivity of 167 dB (re 1 pPa/V at 1 m) and a resonance frequency of 200 kHz, is used as the
emitter. The Reson TC4040 transducer, with a receiver sensitivity of —206dB (re 1 V/pPa
at 1 m) within its frequency bandwidth, serves as the receiver. The distance between the
two transducers is approximately 32 cm.

Figure 7 illustrates the experimental setup and connection configuration for calibration.
The E&I 1040L amplifier, along with the data generation and acquisition system comprising
a National Instruments PXI-1073 chassis, PXIe-5433 generator card, and PXIe-5122 oscillo-
scope, is controlled by a laptop via the NI PXI ExpressCard-8360. Additionally, a TES TECT
HV series x100 attenuator probe is used to attenuate the signal at the amplifier output,
allowing it to be recorded by the PXI system.

No hardware measurement system is ideal, as all introduce some electromechanical
delay, however small, into the received signal. To mitigate this problem, high-quality
commercial equipment that is characterized and calibrated in the laboratory is essential.
These devices provide delay values to be considered in the analysis and are designed to
minimize noise and increase SNR, thereby improving the accuracy of the ToA methods
presented in this study.

In real-world environments where the receiver operates independently of the transmit-
ter, synchronization of both devices using a common reference, such as Global Positioning
System (GPS), is critical for accurate ToA measurements. However, if the primary objective
is to detect signals containing information (bit strings), synchronization may not be neces-
sary; once detected, these signals can be “read” based on the internal clock of the receiving
system, whether it is Coordinated Universal Time (UTC) or not. However, if an accurate
ToA is required for further analysis, the reliability of the results will depend on the level of
synchronization achieved between the systems.

(a) (b)

Figure 7. Experimental set-up for signals in a laboratory pool. (a) On the right, the AIRMAR P19 as
emitter, and on the left, the RESON TC4040 hydrophone receiver distanced 32 cm apart; (b) devices
and connections used: computer, PXI, and amplifier.

Figure 8 shows a block diagram of the experimental setup used in the measurements.

The measurements were performed using the NI PXIe 5433 function generator, which
is connected to the PC and uses LabVIEW to send the user-selected signal to the input
of the E&I 1040L RF amplifier. The amplifier boosts the signal and transmits it through
its output to a piezoelectric transducer. Additionally, a probe connected to the amplifier
output attenuates the signal by a factor of 100 so that it can be recorded at the PXI input
through channel 0 (ch. 0). The pressure waves propagating through the water are received
by the hydrophone, converted into an electrical signal, and recorded at the input of channel
1 (ch. 1) of the PXI. The LabVIEW program generates files for the transmitted and received
signals, which are analyzed using MATLAB software R2023a.
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Figure 8. Block diagram of the laboratory pool measurement setup.

5. Analysis and Results of the Nonlinear Modulated Signals

In the analysis of the studied signals, two types of parametric modulations used in
underwater acoustic communications are proposed: (i) Frequency-Shift Keying (FSK) and
(ii) sine-sweep modulation, as explained theoretically in [53,54], respectively. The carrier
signal for each measurement was defined as w, = sin(27f.t), where the carrier frequency
fec was 200 kHz, and the sampling frequency fs was 20 Ms/s.

The experimental results for the parametric modulations tested in the laboratory
pool are presented, where a binary message [1010010110010110] was transmitted with
the transducers facing each other at an approximate distance of 32 cm. Three methods
for obtaining the ToA were studied: the threshold, Pvar, and cross-correlation methods.
Additionally, their amplitude parameterization in the time and frequency domains, as well
as the cross-correlation method discussed in Section 2, were analyzed.

Since the proposed modulations have been theoretically explained in [53,54], they will
be briefly summarized in this paper.

5.1. Frequency-Shift Keying (FSK) Modulation

Parametrically, this modulation can be achieved using two modulating signals, f,,1
and f,», with frequencies that are half of the frequencies associated with each bit to be
received (fy,;1 = fpir1 /2 for bit ‘1, and fro = frirg/2 for bit ‘0”). The alternation between
these frequencies represents the corresponding bit changes until the desired binary code is
reproduced. Using this nonlinear technique of modulating a carrier with FSK results in
another FSK signal at twice the frequency (secondary frequency) [53].

The parametric expression for FSK modulation is given in Equation (10) [53],

Xpit1 (t) = AEFsk,,, (t) - we, t = tyin (10)
Xpito () = AEFsk,;, (t) - we, t = tyiro,

where X1 piro is the FSK modulated signal (primary frequency) for each bit, defined as the
product of the modulating signal E(t) = sin(27f,,t) and the carrier signal w, = sin(27tf.t).
Here, A represents the amplitude of the modulated signal, and ¢ is the time for each bit.
FSK modulation is proposed with two modulating frequencies, f,; = 20kHz and
fmz = 15kHz, each with a duration of 1 ms per bit. This modulation is expected to generate
a parametric signal at twice the frequency, specifically 40 kHz for f,,; and 30 kHz for f;5.

5.2. Sine-Sweep Modulation

Sine-sweep nonlinear modulation is a type of broadband signal modulation where
bit 1’ is represented by an upward sine-sweep from f,,; to f,,2 (Equation (11)) over time,
and bit ‘0’ by a downward sine-sweep from f;» to f,;1 (Equation (12)). To derive these
expressions parametrically, it is important to note that the modulating signal will be half
the frequency of the parametric signal, as discussed in [44]. The desired bit sequence is
generated by concatenating the individual bits, as follows [44]:
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Euss (1) = sin[(“’ml:“””ztwml) t],o << Ty (11)
SS
. w — W
Eges(t) = 51n|:(mzl_ml(t — Tss) + wml) (t— Tss):| ,0<t < T, (12)
SS

where T4 is the bit duration.

In the experiments, a sine-sweep modulation ranging from 5kHz to 25kHz is pro-
posed, with a duration of 1ms per bit. Additionally, a carrier frequency f. = 200kHz
is used. It is expected that this modulation will generate a parametric signal (secondary
frequency) at twice the frequency, specifically in the range of 10 kHz to 50 kHz.

5.3. Signal Processing for ToA Estimation

Since both proposed modulations were measured at a distance of 30 cm for sine-sweep
modulation and 32 cm for the FSK modulation between transducers, only the ToA results for
the sine-sweep modulation are presented in Figure 9. The ToA results for both modulations
are detailed in Table 1.

Appendix A provides a flowchart for a better understanding of the signal processing
to the ToA estimation.

Once the sine-sweep modulation, ranging from 5kHz to 25 kHz with a bit duration of
1ms, was measured in the laboratory pool with a distance of 30 cm between the transducers,
the ToA of the received signal, concatenated with the bit sequence [1010010110010110],
was estimated.

Figure 9 shows that the ToA aligns with the three methods studied in Section 2. For the
threshold method, the ToA is 232.6 ps, with the threshold set at 30% of the maximum value
of the received signal. Given the high SNR is around 7.8 dB, this threshold is adequate for
accurate detection. The ToA obtained using the Pvar,,;, method is 241.32 ps and Pvaraq
is 241.43pus. The maximum peak obtained by correlating the received signal with the
transmitted signal establishes the ToA of the received signal, with a value of 231.0 ps. These
results confirm the consistency of the methods and enable the next step: bit detection and
amplitude parameterization. This analysis is conducted in the time domain, the frequency
domain, and using the cross-correlation method.

x1072
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Figure 9. ToA estimation for the sine-sweep received signal concatenated with the bit sequence
[1010010110010110]. (a) Using the threshold method; (b) using the Pvar.,; method; (c) using the
Poarsay method; (d) zoom in close to the ToA estimated by the cross-correlation method.

Table 1 shows the ToA results for both the FSK and sine-sweep modulation. A total
of five measurements were taken, with their mean and standard deviation calculated.



Electronics 2024, 13, 4192

12 of 20

These values are crucial for evaluating the accuracy and repeatability of the methods used,
providing a solid foundation for validating the communication system within the controlled
environment (a laboratory pool).

For a distance between transmitter and receiver of 32 cm and the speed of sound in
water of approximately 1480m/s, a ToA= 216.2 ps is expected, so that the ToA threshold
is the closest to this value, as shown in Table 1. However, the cross-correlation method
is particularly effective for signal analysis under high SNR conditions. When the SNR is
high, cross-correlation facilitates the accurate identification of the arrival times of each bit,
significantly improving temporal resolution and reducing errors associated with interfer-
ence or noise. This behavior allows for more precise ToA estimations, which is crucial in
applications where temporal accuracy is essential, such as in the transmission and reception
of parametric nonlinear acoustic signals.

Table 1. Estimated ToAs for the received signal using the threshold, Pvar, and cross-correlation
methods in the FSK and sine-sweep modulations.

ToA Estimation Methods FSK Modulation Sine-Sweep Modulation
Mean Mean

Threshold (218.43 £ 2.97) us (232.6 = 3.45) us

Poarcym (219.31 £ 2.93) us (241.32 £ 3.65) us

Poarsu, (219.31 & 2.93) us (241.43 % 3.50) s

Cross-correlation (220.23 £ 1.39) us (229.35 £ 2.94) us

5.4. Amplitude Parameterization and Bit Detection of the Proposed Modulations.

When a medium is excited by a high-amplitude signal (primary frequency), mutual
interaction between the waves occurs due to the nonlinear effects of the channel. This
interaction leads to the formation of secondary waves with frequencies that are linear
combinations of the sum ws = w,; + wy, and the difference w; = w,; — wy of the pri-
mary frequencies (signals sent), where w, and wy, are the harmonics corresponding to
the primary frequency. Additionally, the dissipative effects of the medium attenuate the
higher-frequency waves, eventually causing them to disappear. At large distances from the
source, a single frequency signal corresponding to wy prevails. Since w, is a low frequency,
it undergoes less attenuation and can propagate over greater distances. This phenomenon,
known as the parametric effect, generates highly directional low-frequency signals [55,56].

The low amplitude of the difference-frequency signal, w;, generated by the parametric
effect presents a significant challenge for detection in noisy environments, as this signal
tends to be masked by background noise. This highlights the importance of employing
advanced signal processing techniques to extract and analyze such low-intensity signals,
ensuring accurate and reliable detection.

After estimating the ToA for the studied modulated signals, a comprehensive approach
involves analyzing the spectrogram of the recorded modulations to confirm the presence
of the parametric effect. Figure 10 illustrates the Power Spectral Density (PSD) for both
FSK and sine-sweep modulations. The emitted signal around 200 kHz is highlighted,
along with the parametric FSK signal with f,;; = 20kHz and f,;;, = 15kHz, and the sine-
sweep modulation exhibiting upward and downward sweeps from 5kHz to 25 kHz. These
frequency variations, which are associated with the parametric effect, are distinctly visible.

The results obtained from this experiment not only corroborate the underlying the-
ory, but also show that the frequencies generated by the parametric effect are twice the
frequencies of the original signals. This behavior is consistent with the theory of parametric
signal generation, where the nonlinear interaction between high-frequency waves generates
lower-frequency components [57].
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Figure 10. Spectrogram of the received signal using 4096 samples for the FFT with 50% overlap.
(a) Parametric FSK modulation (high frequencies), with a Butterworth low-pass filter of order 6
applied for better visualization of low frequencies (the dotted line differentiates between the two
analyses). Around 200 kHz, the primary frequency is observed, and the bits in 30 kHz and 40 kHz
represent the low frequency parametric signal (secondary frequencies); (b) parametric sine-sweep
modulation. Around 200 kHz, the primary frequency is observed, and between 10 kHz to 50 kHz the
low frequency parametric signal (secondary frequencies).

Once the parametrically generated acoustic signal is obtained, its amplitude is param-
eterized in both the time and frequency domains, as well as using the cross-correlation
method. However, in the analyses performed, filtering the parametric signal at low fre-
quencies and processing it in the time domain does not reveal any variation in the bit
amplitudes. Therefore, the only way to determine the amplitude value for each bit is
through the application of the cross-correlation method. Nevertheless, the peak voltage
and rms value in the time domain, as well as the peak voltage in the frequency domain
for the primary frequency, are obtained, as illustrated in Figure 11. Appendix B provides
a detailed understanding of the step-by-step procedure for processing both the primary
frequency and the secondary (parametric) frequency.

In relation to Figure 11a, for the primary frequency of the FSK modulation, a V), time
and Vs time range of (3.11 & 0.15) mV and (2.02 & 0.11) mV, respectively, are observed,
along with a V), eq range of (0.95 £ 0.43) mV, for bit 1. In contrast, for bit ‘0", the observed
Vi time @nd Vips time values are (4.42 + 0.49) mV and (3.13 + 0.35) mV, respectively, with
a V) freq Of (5.07 & 0.57) mV. In general, the amplitude values for the average of bit ‘0" are
greater than those for bit ‘1’. This can be explained by the fact that nonlinear signals are
amplified or attenuated differently, depending on the frequency. In this context, bit ‘0’
experiences greater gain or response in the medium due to the nonlinear characteristics of
the environment. In water, energy absorption is more significant at higher frequencies than
at lower ones, leading to a decrease in signal power as frequency increases. However, in a
downward sweep, where higher frequencies propagate first and then transition to lower
frequencies, the latter experience less absorption, resulting in a higher signal amplitude.

For the secondary or parametric frequency, the values of V), geq and Vjp,corr are much
smaller, in the order of puV.

In Figure 11b, for the primary frequency of the sine-sweep modulation, the values of
Vp time and Viys time are observed as (6.47 + 0.13) mV and (4.51 £ 0.09) mV, respectively,
along with a V), freq of (0.43 £ 0.11) mV, for bit “1". In contrast, for bit ‘0, the measured
Vi time and Vs time values are (5.96 £ 0.14) mV and (4.22 + 0.10) mV, respectively, with a
V) freq of (0.44 &+ 0.08) mV. Overall, for this modulation, the peak and rms voltage values
are similar for bits ‘1’ and ‘0’. For the secondary beam, the amplitude values in volts for
bit ‘0" (descending sweep) are greater than those for bit “1’. Both the amplitude values in
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the frequency domain and those obtained using the cross-correlation method are in the
uV range.

Primary frequency (FSK) Primary frequency (sine sweep)
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Figure 11. Amplitude values for primary and secondary frequencies (parametric signal) estimated by
the different methods. (a) For the FSK modulation; (b) for the sine-weep modulation.

The parameter V), soq does not work correctly in the sine-sweep technique due to the
inherent property of this type of signal. A sinusoidal signal concentrates all its energy at a
single frequency. Therefore, to estimate its amplitude, it is sufficient to analyze that specific
frequency using the FFT, as is the case with FSK modulation (Figure 11a). In contrast, in
sine-sweep modulation (Figure 11b), the energy is distributed across a range of frequencies.
This complicates the control of the sine-sweep signal because the resolution of the FFT is
directly related to the number of samples (NFFT) used in the transformation. Due to this
distribution of energy and the limited resolution of the FFT, the calculation of V) freq in
sweep signals becomes inaccurate.

In systems that rely on precise frequency measurements for communication or detec-
tion, such as in underwater communications or sonar systems, such inaccuracies can affect
signal quality and transmission efficiency, ultimately reducing the overall effectiveness of
the system.

Bit Detection for Parametric Modulations: FSK and Sine-Sweep

Cross-correlation is a technique used to identify the presence of specific signals in
a recording by employing an adapted filter. This method not only aids in detecting the
occurrence of the signal, but can also be used to estimate its amplitude (Equation (9)).
The technique relies on correlating a filter with an impulse response designed to match
the target signal within the recording. When a match occurs, a peak is observed in the
correlation function.

To illustrate the procedure, if the received signal (filtered at low frequencies for better
visualization with a Butterworth filter of order 6) for bit ‘1" is correlated with the second
derivative of the squared envelope of the transmitted bit 1’ signal, an event is expected,
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which will appear as a significant peak in the correlation function. This peak indicates a
high similarity between the recorded signal and the expected signal for bit “1’, confirming
the correct detection of this bit.

Conversely, when the received signal for bit ‘0’ is correlated with the second derivative
of the squared envelope of the transmitted bit ‘1" signal, no significant peak should be
observed. This is because the bit ‘0" signal should not match the reference for bit ‘1",
resulting in no match and, consequently, no event detection.

Similarly, for detecting bit ‘0’, the received signal for bit ‘0’ is correlated with the
second derivative of the squared envelope of the transmitted bit ‘0" signal. In this case, a
peak is expected in the correlation function. The presence of this peak will confirm the
accurate detection of bit ‘0’.

Figure 12 illustrates both the received signal and the resulting cross-correlation for
the two bit values, using the parametric modulations FSK (Figure 12a) and sine-sweep
(Figure 12b). Both correlations have been normalized to facilitate comparison. Overlaying
these correlations allows for a clear visualization of the distinction between the two bits
and demonstrates the ease with which this parametric effect can be detected.
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Figure 12. Detection of the bit string [1010010110010110] based on high cross-correlation peaks for
each bit (bit ‘0" and bit “1’) at the expected ToA, once the first is known. (a) For the FSK modulation;
(b) for the sine-sweep modulation.

Once the ToA of the bit string is estimated, with each subsequent bit detected at 1 ms
intervals. In the cross-correlations for both modulated signals, good temporal detection
of each bit is observed. In Figure 12a, for FSK modulation, it is noted that the correlation
peaks are quite broad (on the order of the bit duration, approximately), due to the fact that
this type of modulation is essentially a pure tone that changes frequency. Correlations with
narrowband signals tend to be less efficient in bit discrimination. The average amplitude in
volts of the correctly detected bits ‘1" and ‘0" is 28.8 1V and 83.4 1V, respectively.

To address the limitations of the correlation peak width, which introduces some error
in detecting consecutive identical bits and in estimating each bit’s detection individually,
Figure 12b proposes sine-sweep modulation. This modulation presents much narrower
correlation peaks due to its broader spectral bandwidth. It is observed that the correlation
peaks are significantly narrower compared to those with FSK modulation, and the detected
bits are much clearer to discern. Regarding bit discrimination, the average amplitude in
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volts of the correctly detected bits “1” and ‘0" at the correct instant is 59.0 1V and 66.4 1V,
respectively. These results can be seen in more detail in Table 2 for both modulations.

Table 2. Amplitudes in volts for each bit in the string. The "Diff factor" refers to the difference factor
between bit amplitudes calculated by the peak in the cross-correlation method.

Bit String FSK Modulation Sine-Sweep Modulation
Bit ‘1" (uV) Bit ‘0" (uV) Diff Factor Bit ‘1" (uV) Bit ‘0’ (uV) Diff Factor
1 21.1 11.3 19 67.3 21.9 3.07
0 35.4 68.2 19.2 12.7 68.9 54
1 16.5 12.1 1.35 58.8 15.2 3.8
0 2.7 91.3 33.4 16.8 83.2 4.9
0 8.3 73.6 8.8 18.7 59.4 3.2
1 31.8 154 2.05 52.3 31.4 1.6
0 12.5 84.5 6.74 144 70.3 4.8
1 27.6 27.6 1.00 58.5 20.3 2.8
1 30.3 39.8 0.76 58.9 26.2 22
0 15.8 101.8 6.4 13.9 65.9 47
0 14.5 87.4 6.02 16.3 69.9 4.3
1 423 65.2 0.6 62.9 15.7 4.0
0 25.6 89.6 3.5 254 65.8 2.6
1 29.1 36.1 0.8 64.3 16.9 3.8
1 32.0 48.8 0.6 49.6 14.0 3.5
0 99.3 70.8 7.1 15.2 47.8 3.1

The results obtained demonstrate that FSK and sine-sweep parametric modulations
are viable alternatives for nonlinear underwater acoustic communications, especially when
employing a wide frequency bandwidth. In particular, sine-sweep signals offer significant
advantages for modulation, including low computational cost and reduced susceptibility to
background noise. These characteristics make these techniques well-suited for applications
where accuracy and efficiency in signal detection are crucial.

6. Conclusions

This work addressed a critical gap in the current literature by developing and vali-
dating methods for ToA estimation and amplitude parameterization of nonlinear acoustic
signals in underwater communications using signal processing. The research introduces
and evaluates two nonlinear modulation techniques, parametric FSK and sine-sweep mod-
ulations, using a structured bit sequence. Moreover, by combining the threshold, power
variation (Pvar) and cross-correlation methods, the study demonstrates the effectiveness
of these approaches in accurately estimating ToA and extracting relevant signal param-
eters. The results, validated through controlled laboratory experiments, provide a solid
framework for improving bit detection and discrimination in nonlinear underwater acous-
tic communications. These advances provide a solid foundation for future research and
practical applications in this area, potentially improving the reliability and efficiency of
communications in underwater environments.

In terms of bit discrimination and detection using the cross-correlation method, the
correlation peaks are detected quite close to the expected times, taking into account the
ToA at which the signal is expected to be received. The behavior of the cross-correlation
and the resulting peak width have implications for both detection and bit discrimination.
In the case of FSK modulation, the narrowband nature of the signals results in relatively
wide correlation peaks, which can make detection difficult. In contrast, nonlinear sine-
sweep modulation has much narrower correlation peaks. This is because the signal is
broadband and attenuates more rapidly, resulting in a sharper correlation amplitude and
width. In addition, amplitude parameterization in both the time and frequency domains
allows for the extraction of values necessary to better understand the generation of the
parametric signal.
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Appendix A

Figure A1l illustrates the process for obtaining ToA for both the primary and secondary
frequencies. To extract the primary frequency, the raw recorded signal is first processed with
a sixth-order low-pass filter, with a cutoff frequency at the carrier frequency f. = 200 Hz,
plus the modulating frequency f;,,. The resulting signal is multiplied by a factor of 1.05
to provide a margin greater than f. + f;;. This modified signal is then used to estimate
the ToA using methods such as cross-correlation, threshold, Pvarc,,;, and Pvars,. The
ToA analysis of each bit of the transmitted chain is performed independently using the
cross-correlation method.

Butterworth
Low Pass Filter
oreere
: Primary frequencies: — ToA threshold
1 .
AL

Raw recorded
signal

Bit1
(2 derivative of the
squared envelope)

Secondary frequencies:

2.05- f,

ToA corr.

Bit0
(2" derivative of the
squared envelope)

Figure A1. Flow char for obtaining the ToA for both primary and secondary frequencies (parametric
signal).

For the secondary frequencies, the raw received signal is processed with a sixth-order
low-pass filter, set to the modulation frequency, and multiplied by a factor of 2.05 to ensure
an upper limit at the modulating frequency f,;,. ToA estimation is again performed using
the cross-correlation method. Additionally, the ToA of each bit is estimated by calculating
the second derivative of the square envelope of the transmitted signal and correlating it
with the received signal for each bit.

Appendix B

The process for Figure A2 is similar to the previous one, with the difference that in
this process the amplitude values are obtained.
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Figure A2. Flowchart for obtaining amplitude values for both primary and secondary frequencies
(parametric signal).

Appendix C

Below is a detailed breakdown of how the function for the Pvar method works:

1. Signal input: The function takes as input the raw signal, the f;, the duration of the
evaluation window T, and the power parameter n for the Pvar method. These inputs
help define the scope and resolution of the ToA analysis.

2. Pvar transform: The function computes the Pvar-transform of the signal, which is
essentially the cumulative sum of the absolute value of the signal raised to the power
n. This operation helps to smooth the signal and highlight key variations.

3. Slope calculation: The function then fits linear segments (slopes) to portions of the
transformed signal within the time window. These slopes represent the changes in
signal intensity over time and are essential for detecting the ToA.

4. Slope intersection and ToA estimation: Once the slopes are determined, the function
calculates the intersection between them. This intersection corresponds to the esti-
mated ToA, as it represents a significant change in the signal’s behavior, likely caused
by the arrival of the transmitted signal.

5. Noise simplification (optional): if enabled, the function includes a noise simplification
step to handle noisy signals, improving the robustness of the ToA estimation in low
SNR environments.

6.  Parallel processing: for large datasets, the function can utilize parallel processing (via
the parforMode parameter) to speed up the Pvar-transform calculations, making the
function scalable for more complex scenarios.

7. Visualization: If required, the function can generate plots to visualize the signal, the
Pvar-transform, and the detected ToA points. This feature can be enabled with the
plotter parameter, helping to visually validate the accuracy of the ToA estimation.
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