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1 Introduction
1.1 Background

Engineering structures are widely employed across various industries, including construc-
tion, shipping, and aviation. The integrity of these structures is critical to public safety
and economic sustainability. However, factors such as corrosion, impact damage, fatigue,
and material aging can degrade structural integrity and result in severe consequences, in-
cluding property damage, loss of life, and even catastrophic failures. An example is the
2010 San Bruno pipeline explosion in California, USA, where the rupture of a high-pressure
natural gas transmission pipeline resulted in substantial loss of life and extensive prop-
erty damage [1]. Such incidents highlight the importance of reliable structural integrity
assessment. Nondestructive testing (NDT), which enables the inspection of engineering
structures without causing damage or interrupting their operation, is an essential tool to
ensure their safety, reliability and integrity [2].

Among various NDT techniques, ultrasonic testing (UT) is one of the most important
and widely adopted methods owing to its high testing efficiency and ability to detect
a wide range of defects [3-5]. Compared with visual inspection, which is often labor-
intensive and relies heavily on inspector experience, UT is more efficient and objective [6].
Unlike radiographic testing, UT does not involve ionizing radiation, making it safer for both
operators and the surrounding environment [7]. In addition, whereas vision-based inspec-
tion techniques are generally limited to surface-visible defects, UT can detect and char-
acterize internal defects within a structure [8]. UT involves the generation, transmission,
and reception of ultrasonic waves, and the structural integrity is subsequently assessed
by analyzing the received signals.

The performance of UT depends not only on the inspection accuracy but also on the
measurement efficiency. In many UT applications, repeated signal acquisitions and multi-
ple measurement locations are commonly employed to obtain reliable inspections, result-
ing in prolonged measurement times. As the size of the inspected structure increases, or
in high-throughput manufacturing applications that require near real-time quality assess-
ment [9], measurement time becomes a major factor limiting measurement efficiency.
This limitation is particularly significant in industrial applications such as aircraft mainte-
nance, pipeline inspection, wind turbine monitoring, and manufacturing quality control,
where prolonged inspections increase operational downtime, reduce inspection through-
put, and raise labour and maintenance costs [10-13]. Consequently, improving measure-
ment efficiency has become increasingly important for the practical deployment of UT.
Moreover, faster measurement enables more frequent inspections, facilitates the inspec-
tion of large structures within limited maintenance windows, supports automated and
robotic inspection systems, and provides the temporal capability required for near real-
time quality assessment in high-throughput manufacturing. Therefore, enhancing mea-
surement efficiency has become an important research direction for advancing the prac-
ticality and capability of modern UT systems.

1.2 Research Problems

To improve the efficiency of UT, various approaches have been explored. An intuitive ap-
proach is to employ an array transducer consisting of multiple transducer elements. As
illustrated in Figure 1, pitch-catch inspections using a transmitter-receiver pair require
transducers to be mechanically repositioned to cover the whole inspection area, resulting
in lengthy acquisition times. In contrast, array transducers enable inspection using multi-
ple transmitter-receiver pairs from fixed locations, thereby eliminating repeated mechan-
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ical transducer repositioning and significantly improving measurement efficiency. Another
increasingly adopted approach is the use of ultrasonic guided waves (UGWSs). Compared
with ultrasonic bulk waves, UGWSs can propagate over much longer distances, enabling
a substantially larger inspection area to be covered from a single measurement location
and consequently reducing the number of required signal acquisitions [14].

Although existing approaches have significantly improved the efficiency of UT, there
remains considerable potential for improvements. Even when guided waves and array
transducers are employed, measurements relying on sequential transmissions still require
sufficient time delays between successive transmissions to prevent signal overlap (Figure
1b) and repeated signal acquisitions for temporal averaging to obtain an adequate signal-
to-noise ratio (SNR).

Transmitter % - - - % ‘ Transmitters % % %
Transducer moving direction
s |
| = |
5 Ultrasonic wave 5 ‘ ‘

W

Receiver % % | Receivers

(a) (b)

Transmitters % % % % ] Transmitters % % % % |

= s =z = =
> 2 = | |

Receivers % % % % | Recelvers % % % % |

(e) (@)

Figure 1: A schematic comparison of different UT approaches. (a) A transmitter-receiver pair re-
quiring mechanical scanning. (b) An array transducer with sufficient transmission time delay. (c) An
array transducer with reduced transmission time delay. (d) An array transducer with parallel trans-
mission.

To further improve the measurement efficiency of UT, three approaches are investi-
gated in this thesis: (1) reducing the time delay between successive transmissions (publication
1), (2) reducing the number of signal acquisitions required for temporal averaging (publication
), and (3) reducing the number of transmission events through parallel transmission
(publication II). Based on these three approaches, three corresponding research prob-
lems are formulated.

Research problem 1: need for signal separation caused by reduced time delays.

Array transducers have become increasingly popular in UT due to several advantages,
particularly their enhanced flexibility, which reduces the need for transducer reconfigu-
ration during inspections [15]. Conventionally, signals are acquired by exciting each trans-
ducer sequentially with a sufficient time delay (Figure 1b). To reduce the overall mea-
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surement time, one approach is to shorten the delay (Figure 1c). However, decreasing
the delay can cause the received signals to overlap in the time domain, making individ-
ual responses difficult to distinguish within the measured signal. This complicates signal
interpretation and may render it unsuitable for subsequent signal analysis.

Various methods have been proposed to separate overlapped signals. One straightfor-
ward approach is to employ high-frequency broadband excitation signals with short time
durations, thereby reducing the likelihood of signal overlap in the time domain. In this
case, signals may overlap in the frequency domain while remaining temporally orthog-
onal, allowing them to be separated using time windowing. However, the use of high-
frequency signals is often impractical in many applications because signal attenuation in-
creases significantly with frequency, thereby reducing SNR. Another straightforward ap-
proach is to employ frequency-division-based techniques, which separate overlapped sig-
nals in the frequency domain by exploiting the orthogonality of signals occupying distinct
frequency bands [16]. However, these methods generally require different excitations to
be transmitted by different transducers. Many UT applications prefer identical excitations
for all transducers to ensure consistent interpretation of the received signals. This re-
quirement limits the applicability of frequency-division-based techniques [17, 18]. There-
fore, reducing the time delay (Figure 1c) causes ultrasonic signals to overlap in both the
time and frequency domains (Figure 2), such that neither time windowing nor frequency-
division-based methods can achieve reliable signal separation. Therefore, one of the key
motivations of this thesis is to investigate signal separation approaches capable of sepa-
rating overlapping ultrasonic signals caused by reduced delays, thereby enabling shorter
delays and improving measurement efficiency.
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Figure 2: Overlapping linear chirps. (a) Time domain signals. (b) Frequency spectrum.

Research problem 2: need for temporal averaging.

Ultrasonic waves are often subject to significant attenuation due to long distance prop-
agation and contamination by noise from various sources, such as electronic instrumenta-
tion and environmental disturbances, resulting in a reduced SNR. One direct method for
improving the SNR is to increase the excitation voltage. Nevertheless, high excitation volt-
ages can be undesirable because of safety concerns, particularly in hazardous or explosive
environments, as well as limitations imposed by measurement hardware systems [19,20].
Temporal averaging offers an alternative solution by averaging received signals from re-
peated signal acquisitions, thereby improving the SNR through coherent signal enhance-
ment and uncorrelated noise suppression. This method can be incorporated into existing
UT systems without additional hardware or complex algorithms. However, achieving a
substantial SNR improvement often requires a large number of averages, that is, repeated
signal acquisitions, which considerably decreases measurement efficiency (Figure 3). This
motivates the investigation of approaches that reduce the number of repeated signal ac-
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quisitions for temporal averaging while maintaining an adequate SNR, thereby improving
the measurement efficiency of UT.
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Figure 3: Trade-off between SNR improvement and measurement efficiency.

Research problem 3: need for parallel transmission in convolved coding schemes.

Unlike sequential transmission, which excites transducers one by one, parallel trans-
mission simultaneously excites multiple transducers, thereby reducing the number of trans-
mission events and improving measurement efficiency. Asillustrated in Figures 1b and d, if
four transducers are excited simultaneously, the number of transmission events can the-
oretically be reduced to a quarter of that required for sequential transmission.

However, parallel transmission inevitably causes signals from multiple transducers to
overlap at the receiver, making reliable signal separation essential. Nevertheless, signal
separation in parallel transmission can be achieved by exploiting the orthogonality be-
tween coded excitations.

Recently, convolved codes have attracted increasing attention because of their supe-
rior magnitude enhancement capability. However, existing convolved codes do not satisfy
the orthogonality requirement for parallel transmission [20, 21]. Consequently, they can-
not be directly employed for parallel transmission. This motivates the development of
convolved coding schemes capable of supporting parallel transmission while preserving
the advantages of convolved codes.

1.3 Research Objectives

The overall objective of this thesis is to improve the efficiency of UT while maintaining
reliable UT performance.

To address the dual-domain signal overlap caused by reduced transmission delays,
several signal separation techniques have been proposed, including matching pursuit,
the Wigner-Ville distribution (WVD), and the fractional Fourier transform (FrFT) [22-27].
Among them, FrFT is particularly attractive because it provides superior energy concen-
tration for chirp-like signals, enabling effective separation of overlapping signals in the
fractional Fourier domain. Compared with matching pursuit, it avoids iterative dictionary
searches and therefore has lower computational complexity. In addition, unlike the WVD,
the FrFT is free from cross-term interference. Furthermore, since linear chirps are widely
employed in ultrasonic testing for pulse compression, the FrFT provides a compact rep-
resentation of these signals and is therefore well suited for separating overlapping linear
chirps. Although the FrFT has been successfully applied in optics, medical ultrasonics, and
NDT [27-29], to the best of the author’s knowledge, its application to separate overlap-
ping signals caused by reduced time delays in array transducer measurements has not yet
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been reported. Accordingly, the first objective of this thesis is to develop and evaluate a
FrFT-based signal separation method for separating overlapping ultrasonic signals under
reduced delays, thereby enabling more efficient ultrasonic measurements. The proposed
method will be validated through both numerical simulations and laboratory experiments
under different delay settings.

To reduce the need for temporal averaging, coded excitations are investigated in this
thesis. Unlike temporal averaging, coded excitations improve the SNR by increasing the
transmitted signal energy through a longer signal duration. Consequently, for a given SNR
requirement, fewer temporal averages are required than with conventional excitation
methods, such as the single-cycle pulse [20]. Although coded excitations have demon-
strated considerable potential for improving SNR, systematic experimental validation and
quantification of the relationship between coded excitations and temporal averaging re-
main limited. Therefore, the second objective of this thesis is to investigate the effective-
ness of coded excitations in reducing the need for temporal averaging while maintaining
an adequate SNR. Specifically, widely used Barker and Golay codes [20] will be experimen-
tally evaluated under different excitation voltages and averaging numbers to quantify the
extent to which coded excitations can reduce the need for temporal averaging, with com-
parisons made against conventional excitations.

The third objective of this thesis is to develop a convolved coding scheme for par-
allel transmission. Mutually orthogonal Golay complementary codes (MOGCC), which
have demonstrated to be effective for parallel transmission in medical ultrasonics [30],
are adopted to provide the required orthogonality. Barker codes are then convolved with
MOGCC to combine the SNR enhancement capability of convolved coding with the or-
thogonality required for signal separation. The proposed coding scheme will be validated
through both numerical simulations and laboratory experiments.

1.4 Research Hypothesis

The research hypotheses of this thesis are:

1. Itis hypothesized that the FrFT can reliably separate overlapping ultrasonic signals
caused by reduced transmission delays, thereby improving the overall measure-
ment efficiency.

2. It is hypothesized that coded excitations can achieve a given SNR with significantly
fewer temporal averages than conventional excitations, thereby reducing the num-
ber of repeated signal acquisitions and improving measurement efficiency.

3. It is hypothesized that the proposed convolved coding scheme can enable parallel
transmission while preserving the magnitude gain achieved by conventional con-
volved coding, thereby reducing the number of transmission events and improving
measurement efficiency.

1.5 Research Contributions

This thesis makes several contributions to improving the measurement efficiency of UT,
by extending the application of the FrFT and coded excitations to practical measurement
scenarios. The findings and methodologies presented in this thesis have the potential to
stimulate further research and development in efficient UT techniques. More specifically,
its contribution lies in:
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1. In publication I, a FrFT-based signal separation method is proposed for separat-
ing overlapping ultrasonic signals. By demonstrating the effectiveness of the FrFT-
based method through both finite-element simulations and experiments conducted
on an aluminum plate, this study provides a new approach to improving the time
efficiency of UT in scenarios where reduced transmission time delays lead to signal
overlap.

2. In publication Ill, the effectiveness of coded excitations in reducing the number of
temporal averages is experimentally demonstrated. Compared with conventional
excitations, coded excitations achieve a given SNR with fewer averages, thereby
improving the measurement efficiency. This work provides practical guidelines for
reducing the reliance on temporal averaging using coded excitations.

3. In publication Il, a novel convolved coding scheme is proposed to make convolved
coding compatible with parallel transmission. The proposed coding scheme com-
bines the magnitude enhancement capability of convolved coding with the orthog-
onality required for parallel transmission. Its effectiveness is demonstrated through
numerical simulations and experiments conducted on a steel block, providing a
practical solution for parallel transmission in UT.

1.6 Thesis Structure

The overall structure of this thesis is illustrated in Figure 4, which summarizes the relation-
ships among the three research objectives and the corresponding publications. The thesis
is organized around the common objective of improving the measurement efficiency of
UT. To achieve this objective, three approaches are investigated: reducing the time de-
lay between successive transmissions, reducing the number of temporal averages, and
reducing the number of transmission events through parallel transmission. These three
approaches correspond to publications L,1ll, and Il, respectively.

:’Reduce the number of transmission events via parallel transmission }
[ Proposed convolved code (parallel transmission) i
! Publication |l ]

Transmitter
s

g """ Time delay reduction
1

——————————————————— ' --""'i FrFT-based signal separation i

=" {_____ Publication!

Y

- = =

Receivers

/ \
1 1
| Coded excitations to reduce the number of averages i
i Publication Ill |

Figure 4: Conceptual framework of the thesis, illustrating the three approaches investigated to im-
prove the measurement efficiency of UT.
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The remainder of this thesis is organized as follows. Chapter 2 introduces the back-
ground knowledge and theoretical foundations relevant to this thesis. Chapter 3 presents
the proposed methods for improving the measurement efficiency. Chapter 4 describes
the experimental investigations and discusses the corresponding results. Finally, Chapter
5 concludes this thesis and discusses directions for future work.
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2 Theory

Following the research problems and objectives presented in chapter 1, this chapter intro-
duces the theoretical background required for the proposed methods. It begins with the
fundamental principles of ultrasonic bulk waves and guided waves, followed by signal rep-
resentation and coded excitation techniques. Signal representation forms the theoretical
foundation for analyzing ultrasonic signals in different domains and is essential for under-
standing the FrFT-based signal separation method presented in the subsequent chapters,
while coded excitation techniques provide the theoretical basis for the coded excitation
methods developed later in this thesis.

2.1 Bulk Waves

Ultrasonic bulk waves refer to ultrasonic waves that propagate in the bulk of the medium
without encountering boundaries, such as in an infinite medium [1]. According to the re-
lationship between the particle vibration direction and the wave propagation direction,
bulk waves can generally be classified into two types: longitudinal waves and shear waves.
In longitudinal waves, the particle motion is parallel to the propagation direction, whereas
in shear waves, the particle motion is perpendicular to the propagation direction. Longi-
tudinal waves are capable of propagating in solids, liquids, and gases due to their com-
pressional nature. Since shear deformation requires resistance to tangential stress, shear
waves can only propagate in solid materials.

An important characteristic of bulk waves is that, in isotropic elastic solids, their ve-
locities are determined by the material properties of the medium and are independent of
wave frequency; therefore, bulk waves are considered non-dispersive. The velocities of
longitudinal and shear waves in solid media are respectively given by [14]:

B E(1—-v)
T\ p(1+v)(T—20)

o E
2\ 2p(1+v)

where ¢y, ¢; are longitudinal wave velocity and shear wave velocity, respectively; E is the
material’s Young'’s modulus; v is the Poisson’s ratio; and p denotes the material density.
For a given material, the velocities of longitudinal and shear waves are constant. In gen-
eral, longitudinal waves propagate faster than shear waves.

Bulk waves are widely used in UT owing to their relatively simple propagation charac-
teristics and well-established inspection methodologies. One common application based
on bulk waves is thickness measurement, where the material thickness is typically calcu-
lated by the time-of-flight method [31]. Another important application of bulk waves is de-
fect detection in materials. In bulk wave testing, the ultrasonic wave energy is mainly con-
centrated below the transducer, meaning that only a localized region can be examined at a
single measurement point. Consequently, inspection of large structures requires point-by-
point scanning through mechanical movement of the transducer. Such scanning processes
not only increase inspection time but also require highly accurate mechanical positioning
systems. Array transducers could be used to alleviate this issue; however, they require
more complex measurement circuitry and multiple transducer elements. Figure 5 illus-
trates a schematic diagram (cross-sectional view) of bulk wave testing for a plate, show-
ing that complete inspection of the plate requires the transducer to be scanned across
the entire surface. However, even when array transducers are employed, measurements

(1)
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based on sequential transmission still require multiple transmission events and sufficient
delays between transmissions, leaving considerable potential for improving measurement
efficiency through advanced signal processing methods.

Ultrasonic transducer

U Bulk wave B Defect

Figure 5: Schematic diagram of ultrasonic bulk wave testing.

2.2 Guided Waves

Ultrasonic guided waves are elastic waves that propagate in waveguide structures, such as
plates and pipes. Unlike bulk waves, which are generally assumed to propagate in effec-
tively infinite media, guided waves are strongly influenced by the geometry and boundary
conditions of the waveguide. Because the wave energy is confined within the waveguide,
guided waves can propagate over relatively long distances, making them particularly suit-
able for the inspection of large structures.

Guided waves exhibit two important characteristics: multimodality and dispersion.
Multiple wave modes may coexist at a given frequency, and each mode possesses distinct
propagation characteristics, including phase velocity, group velocity, and displacement
distribution. In isotropic plate-like structures, guided waves are commonly referred to as
Lamb waves and are classified into symmetric (S) and antisymmetric (A) modes according
to their displacement distributions with respect to the plate mid-plane. The propagation
of these modes is governed by the Rayleigh-Lamb frequency equations [14], which are
expressed as follows:

tan(gh)  —4k*pq )
tan(ph) — (q> —k*)*’
tan (qh) _ (qz _k2)2 (3)
tan(ph)  —4k%pq ’

where k is the wavenumber, /4 is the half of the plate thickness, p = , /‘;’—22 —k2, g =

1

%2 —k2,and k = 27” By solving Equations 2 and 3, the relationship between the wave
2

number and frequency can be obtained. Subsequently, dispersion curves describing wave
velocities as functions of frequency can be plotted. The phase velocity ¢, and group ve-
locity ¢, can be calculated as follows:

o 2nf
p = )

k

i (@
ngznﬁ.

Equation 4 indicates that the phase velocity of guided waves depends on frequency, demon-
strating their dispersive nature. The phase and group velocities are generally different,
and both vary with frequency for a given structure. An example of the dispersion curves
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for a 5 mm thick aluminum plate is shown in Figure 6, illustrating the multimodal and
dispersive characteristics of guided waves.

Unlike bulk waves, which are limited to inspecting a localized region from a single mea-
surement location, guided waves can propagate over much longer distances, enabling the
inspection of much larger areas from the same measurement location. Consequently,
guided wave testing generally offers higher measurement efficiency than bulk wave test-
ing for large structures. A schematic diagram of guided wave testing is shown in Figure 7.
As illustrated in Figure 7, guided waves enable the detection of defects over long propa-
gation distances without mechanically moving the transducer.
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Figure 6: Dispersion curves for a 5 mm thick aluminum plate [3].

Ultrasonic transducer

Guided wave .l Defect

Figure 7: Schematic diagram of ultrasonic guided wave testing.

Owing to their high measurement efficiency, UGWs are widely used in UT, particularly
for the inspection of pipelines, plate structures, and railway tracks. For example, guided
wave tomography has been employed for the inspection of pipe bends [32], structural
health monitoring of plate structures has been achieved using UGWs [33], and the detec-
tion of internal defects in rail heads has also been investigated using UGWSs [34]. How-
ever, the multimodal and dispersive characteristics of UGWs often result in waveform
distortion. In addition, mode conversion may occur at defects or structural discontinu-
ities, further increasing the complexity of signal interpretation and analysis. Therefore,
low-frequency narrowband excitation signals are commonly employed in practical appli-
cations. Lower frequencies generally excite fewer propagating modes than higher fre-
guencies, while narrowband excitation reduces dispersion-induced waveform distortion.

2.3 Signal Representation

2.3.1 Signals in the Time Domain
The time domain representation is the most fundamental and intuitive form of signal rep-
resentation, in which a signal is expressed as a function of time. In this domain, the am-
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plitude variation of a signal can be directly observed with respect to time. A continuous
time signal is generally expressed as s(¢), where ¢ denotes time. In practical applications,
continuous time signals need to be sampled and converted into discrete time signals. The
sampling process should satisfy the Nyquist-Shannon sampling theorem [35]. The discrete
time signal can be written as s[n] where n is the discrete index.

In UT, ultrasonic waves received by transducers are converted into electrical signals in
the time domain. Time domain signals preserve the original waveform information and
directly reflect the propagation characteristics of ultrasonic waves within the inspected
structure. Important signal features, including arrival time, echo amplitude, pulse dura-
tion, and attenuation, can be directly extracted from time domain signals.

Many signal processing techniques in the time domain, including temporal averaging,
time windowing, and correlation-based techniques, are widely used in UT. Since these
techniques do not require transformations into other signal domains, they can often be
implemented efficiently in UT systems. Despite these advantages, processing signals in
the time domain also has limitations. The frequency content of a signal cannot be ex-
plicitly observed, making it difficult to analyze frequency-dependent wave phenomena.
Furthermore, when multiple signals overlap in the time domain, reliable signal separa-
tion becomes difficult using simple time windowing. These limitations can be alleviated
by representing signals in the frequency domain and the time-frequency domain, which
are introduced in the following subsections.

2.3.2 Signals in the Frequency Domain

The frequency domain representation describes a signal in terms of its spectral compo-
nents as a function of frequency. Unlike time domain signals, which focus on amplitude
variations with respect to time, frequency domain signals reveal how the signal energy
is distributed across different frequency components. This representation is particularly
useful for analyzing the frequency characteristics of ultrasonic signals. Fourier analysis
establishes the relationship between the time domain and the frequency domain. The
principal transformations in Fourier analysis include the continuous time Fourier trans-
form (CTFT), the discrete time Fourier transform (DTFT), and the discrete Fourier trans-
form (DFT). The CTFT and DFT are expressed as follows [35]:

S(f) = /w s(t)e 2"t qy, (5)
N—1 o
Sik] =Y slnje /¥, (6)
n=0

where f is the frequency, j is the imaginary unit, S(f) represents the continuous spec-
trum, k is the discrete frequency index, N is the total number of sampling points, and
S(k) denotes the discrete spectrum. The commonly used fast Fourier transform (FFT) is
an efficient algorithm for computing the DFT.

Frequency domain analysis plays an important role in UT because many signal char-
acteristics, such as centre frequency and bandwidth, are more readily observed in the
frequency domain. In UGWs, different wave modes exhibit different propagation char-
acteristics over different frequency ranges, and their propagation velocities vary with fre-
quency. In practical UT applications, frequency domain analysis is widely used for spectral
analysis, such as band-pass filtering to suppress unwanted frequency components. One
major limitation of frequency domain analysis is that the temporal information of a signal
is lost after Fourier transformation, meaning that the exact occurrence time of individ-
ual frequency components cannot be determined. This limitation becomes particularly
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restrictive for non-stationary ultrasonic signals whose spectral characteristics vary with
time. In such cases, time-frequency representations provide a more suitable framework
by simultaneously representing signals in both the time and frequency domains.

2.3.3 Signals in the Time-Frequency Domain

Signals represented in the time-frequency domain simultaneously illustrate signal charac-
teristics in both the time and frequency domains. Unlike the time domain or the frequency
domain representations, the time-frequency represented signal not only reveal which fre-
quency components are present, but also indicates when these frequency components
occur. Time-frequency analysis is particularly suitable for analyzing non-stationary signals
whose spectral characteristics vary with time. In UT, time-frequency analysis is especially
valuable because practical ultrasonic signals may overlap in both the time and frequency
domains. Under such circumstances, time domain or frequency domain analysis alone is
often insufficient to effectively distinguish and characterize the signals.

Various methods have been developed for time-frequency analysis. A classical method
is the short-time Fourier transform (STFT), which divides a time domain signal into a se-
guence of short segments using a window function and then performs the Fourier trans-
form on each segment individually [35]. In addition to the STFT, time-frequency analy-
sis methods can be formulated within the framework of atomic decomposition. Repre-
sentative examples include the wavelet transform, based on scaled and shifted wavelet
atoms, and Gabor decomposition, based on shifted Gaussian-windowed complex expo-
nential atoms [36, 37].

Another important category of time-frequency analysis methods is based on energy
distribution. Unlike atomic decomposition methods, which represent a signal using a
set of basis atoms, energy distribution methods distribute signal energy over the joint
time-frequency plane. Cohen'’s class distributions are among the most widely used time-
frequency energy distributions and are defined as a class of distributions that are covariant
under translations in both time and frequency [38]. In UT, the Wigner-Ville distribution
(WVD), which belongs to Cohen'’s class, is often employed because it provides high time
and frequency resolution with very limited spread in the time-frequency plane [39, 40].
However, the WVD also generates artificial interference terms (cross-terms), which may
obscure the true signal components and limit its performance in practical applications [41].

Regardless of the specific time-frequency analysis method employed, time-frequency
representations are fundamentally constrained by the Fourier uncertainty principle, which
states that the product of a signal’s time spread and frequency spread has a lower bound.
The Fourier uncertainty principle can be expressed as follows [42]:

1

where A; and Ay are the standard deviations of time and frequency of a signal. Accord-
ing to the Fourier uncertainty principle, it is impossible to simultaneously localize a signal
with arbitrarily high resolution in both the time and frequency domains. In other words,
achieving higher resolution in the time domain results in lower resolution in the frequency
domain, and vice versa. This limitation is particularly relevant to ultrasonic measurement
efficiency. Pursuing extremely short-duration excitation signals improves time-domain
separability but requires a broad frequency bandwidth, which may exceed the usable
bandwidth of practical ultrasonic transducers. Conversely, pursuing extremely narrow-
band excitation signals inevitably increases the signal duration, resulting in reduced mea-
surement efficiency.
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Compared with time domain and frequency domain representations, time-frequency
representations generally require higher computational complexity and greater memory
requirements. Nevertheless, because they simultaneously provide temporal and spec-
tral information, time-frequency representations have become an important tool for an-
alyzing non-stationary ultrasonic signals in modern ultrasonic signal processing. Figure
8 shows the representation of two overlapping signals in the time domain with their
corresponding time-frequency representation obtained using the WVD. The joint time-
frequency information enables signals that overlap in both the time and frequency do-
mains to become more distinguishable, thereby providing an effective basis for subse-
quent signal separation. As the FrFT is a time-frequency analysis method, the concepts
presented in the preceding discussion provide the theoretical background for understand-
ing the FrFT-based signal separation method presented in Chapter 3.
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Figure 8: Signal representations. (a) Time domain representation. (b) Time-frequency representa-
tion obtained with the WVD.

2.4 Coded Excitation

Coded excitation is a signal coding technique widely used in UT to improve the SNR. In-
stead of transmitting a short signal, such as a five-cycle sinusoidal waveform, the system
transmits a longer coded waveform, which is subsequently processed using pulse com-
pression. This process, also referred to as decoding, compresses the coded waveform into
a narrow pulse, thereby increasing the peak amplitude while preserving temporal resolu-
tion. A schematic diagram of a UT system utilizing coded excitation is shown in Figure 9.
Asiillustrated in Figure 9, the decoded signal exhibits a significantly higher peak amplitude
than the received uncoded waveform.

Transmitter
l Short pulse }-— —-‘ Coded excitation signal ‘
<
‘ Wave propagation in media ‘ | Wave propagation in media ‘ \

I Simple receiving |<— ——{ Decoding

Receiver

Figure 9: Schematic diagram of a UT system employing coded excitation [16].
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2.4.1 The Matched Filter

In ultrasonic signal processing, pulse compression is generally implemented using matched
filtering. Since the signals received by ultrasonic transducers are generally contaminated
by noise, filtering is required before further signal analysis. Assuming that the noise is
additive white Gaussian noise (AWGN), the matched filter is the optimal linear filter to
maximize the SNR [43]. A schematic diagram of the matched-filter-based ultrasonic signal
processing is shown in Figure 10.

n(t)

r(t)
s(t)— + —— H(f) @40

Figure 10: Matched-filter-based ultrasonic signal processing.

In Figure 10, s(¢) is the noise-free ultrasonic signal, n(t) represents the AWGN, and
r(t) = s(t) + n(t) is the received signal. H(w) denotes the frequency response of the
filter and y(z) is the filter output. The SNR, defined as the ratio of the instantaneous signal
power to the average noise power, satisfies the following inequality:

2F

where E is the energy of the s(¢) and N is the noise spectral density. When the impulse
response of the filter satisfies h(r) = ks(t; — 1), the SNR after matched filtering reaches its
maximum value of zzv% where k and 7; are the gain factor and the time delay, respectively
[43]. In this case, A(t) is referred to as the matched filter.

The maximum achievable SNR is determined by the energy of the excitation signal
and the noise power density. When the noise cannot be eliminated, the SNR can only be
improved by increasing the transmitted signal energy. The signal energy can be increased
either by increasing the amplitude of the excitation signal or by extending its duration.
This observation explains why coded excitation can effectively improve the SNR.

The increment in SNR can be described by the SNR gain before and after matched
filtering as [43]

SNR, _ 7B, 9)
SNR),
where SNR, and SNR;, denote the SNR before and after matched filtering, respectively.
Equation 9 indicates that a larger TB leads to a higher SNR gain. However, in practice,
the achievable T B is constrained by factors such as the bandwidth of the ultrasonic trans-
ducer and the allowable excitation duration. Therefore, the signal duration and band-
width should be jointly considered in the design of coded excitations to maximize the T'B,
thereby improving the SNR.

GSNR =

2.4.2 Frequency Modulation

Based on the modulation type, coded excitation techniques can generally be classified
into frequency modulation (FM), phase modulation (PM), and amplitude modulation (AM)
[18,19,20]. FM signals exhibit a varying instantaneous frequency, which provides enhanced
pulse compression performance. Among various FM techniques, linear frequency modu-
lation (LFM), in which the instantaneous frequency varies linearly with time, is one of the
simplest and most widely used FM methods in UT. The LFM signal, commonly known as
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the chirp s(¢), can be defined as

2) ( )

s(t) = a(r)e o371 5 <i<
where fj denotes the center frequency of the chirp, T is the signal duration, B represents
the bandwidth, and a(z) is generally assumed to be a rectangular window with unit am-
plitude. The corresponding real-valued chirp can also be written as s(t) = a(t) cos(fot +
£.12). The instantaneous frequency of s(t) is given by
fim d(fot + £1%)

' dt

where ? is the chirp rate that determines the rate of frequency variation. Consequently,
the chirp sweeps over the frequency range [fo — g,fo + %] Assuming that a(r) = 1, the
matched filter output of the chirp can be written as [43]

:h+§h ()

sin[zBt(1— 2]
Brt
where R(7) denotes the matched filter output and 7 is the time delay. According to Equa-
tion 12, R(t) exhibits a sinc-like shape. A comparison of a chirp and two sinusoidal signals
after matched filtering is shown in Figure 11. Increasing the duration of a sinusoidal sig-
nal increases the transmitted signal energy but also significantly degrades the temporal
resolution after pulse compression, as can be observed by comparing Figures 11c and f.
In contrast, a chirp with the same duration preserves the temporal resolution. Moreover,
because the chirp has a much larger TB the sinusoidal signals, it provides a higher SNR

gain according to Equation (9).

R(t) = Te /2mh" (12)

)

1 1 1

()
©
2
50 05 05
£
<
-1 0 0
0 20 40 60 80 100 g 0.1 ) 0.3 04 O 50 100 150 200
time (us) MHz time (us)
(a) (b) (c)
1 1 1
(o)
©
2
=0 05 0.5
£
<
-1 0 0
0 20 40 60 80 100 o 0.1 0.2 03 04 O 50 100 150 200
time (us) MHz time (us)
(d) (e) (f)
1 1 1
()
©
2
=0 05 0.5
£
<
-1 0 0
0 20 40 60 80 100 0 01 0.2 03 04 O 50 100 150 200
time (us) MHz time (us)
(s) (h) (i)

Figure 11: Comparison of a chirp and two sinusoidal signals after matched filtering. (a)-(c) show the
time domain waveform, frequency spectrum, and matched filter output of a 5-cycle sinusoidal signal
with a frequency of 200 kHz. (d)-(f) show the corresponding results for a 20-cycle sinusoidal signal
with the same frequency. (g)-(i) show the corresponding results for a chirp with a center frequency
of 200 kHz and a bandwidth of 200 kHz. All amplitudes are normalized.
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2.4.3 Phase Modulation

PM maintains a constant carrier wave amplitude and frequency, while achieving modula-
tion through controlled phase shifts. These phase shifts enable low sidelobe levels after
pulse compression. Various PM codes have been applied in UT, among which Barker and
Golay codes are the most widely adopted. Barker codes possess several desirable prop-
erties. As binary phase codes, they require less complex hardware implementation than
multiphase codes. Furthermore, they exhibit the lowest sidelobe levels among all known
binary sequences of the same length [20]. A Barker code is a binary sequence composed
of bits —1 and 1. Known Barker codes exist for only seven sequence lengths, with the max-
imum sequence length limited to 13. Table 1 summarizes all known Barker codes, where
the codes of lengths 2 and 4 each have two different bit sequences. For a Barker code By
of length N, composed of bit b, by, ..., by, its autocorrelation, Cg is defined as [44]:

N N, m=0
Cs(m) =Y bubyim=< 0or £1, 0<m<N. (13)
n=1 0, m>N

Equation 13 shows that the peak of the autocorrelation equals the code length N, whereas
the sidelobe magnitude is limited to 1. This demonstrates the excellent sidelobe suppres-
sion capability of Barker codes. Furthermore, the autocorrelation peak increases with the
code length, indicating that longer Barker codes produce higher peak amplitudes. Since
the longest known Barker code has a length of 13, the maximum achievable autocorre-
lation peak is therefore limited to 13. Figure 12 presents the 5-bit Barker code and its
corresponding autocorrelation. It can be observed that the autocorrelation peak equals
the code length of 5, while the sidelobe magnitude is 1.

Table 1: Barker codes.

Code Length Code Bits
2 {1,13 or {1,-1}
3 {1,1,-13}
4 {1,11,-1} or {1,1,-1,13
5 {1,11,-1,13
7 {1,1,1,-1,-1,1,-1}
1 {1,1,1,-1,-1,-1,1,-1,-1,1,-13
13 {1,1,1,1,1,-1,-1,1,1,-1,1,-1,1}

5-bit Barker code Autocorrelation of 5-bit Barker code

2 6
$Lrorr 1|
= =
= = 3t
£ - 2) AR B S B B
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2O 2 4 6 0 2 4 6 8 10
Bits Samples
(a) (b)

Figure 12: 5-bit Barker code and its autocorrelation. (a) 5-bit Barker code. (b) Autocorrelation.

Although Barker codes exhibit relatively low sidelobe levels, sidelobes remain unavoid-
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able. In contrast, Golay codes achieve zero sidelobes while maintaining a high autocorre-
lation peak. Golay codes consist of a pair of binary sequences consisting of 1 and —1. The
autocorrelations of the two sequences have identical peak values, whereas their sidelobes
have equal magnitudes but opposite signs. Consequently, when the two autocorrelations
are summed, the sidelobes cancel each other completely while the peaks add construc-
tively [23]. For a Golay code pair consisting of two sequences GAy and GBy, where GAy
is composed of the bits Ga;, Gay, ..., Gay and GBy is composed of bits Gb,Gb», ..., Gby,
their autocorrelations are given by

N
Cea (m) = Z Ga,Gayqm,
n=1 (14)

N
Cgp(m) =Y. GbyGbyim,

n=1

where Cg4 and Cgp are autocorrelations of GAy and GBy respectively. Summing Cga
and Cgp yields
2N, m=0

0, m=#0. 15}

CG(m) =Cga (m) —I—CGB(m) = {
Equation 15 shows that the peak value of Cg is 2N for a Golay code pair of length N, while
sidelobes are eliminated. However, this sidelobe-free performance requires two trans-
missions, reducing the measurement efficiency by a factor of two. Table 2 lists examples
of length-8 and length-16 Golay codes. It should be noted that multiple Golay code pairs
may exist for the same length. Figure 13 illustrates GAg, GBg, and their autocorrelations.
The sum of autocorrelation shows a peak value of 16, which is twice the length of the
code, while all sidelobes are canceled.

Table 2: Examples of 8-bit and 16-bit Golay codes.

Code Notation Code Bits

GAg {11,-11,-1,13

GB8 {1v1r1,_1,_1,_1y11_1}

GA16 {171)17_1y1v1y_1y1$1y1v1:-1:-1)-1)17_1}

GBi6 {11,-11,1,-11,-1,-1,-1,11,1,-1,1}
) GAs ) Autocorrelation
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Figure 13: Sidelobe cancellation using GAg and GBg [44].
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In practical UT, the selected code is used to modulate a carrier wave to generate the
coded excitation. This process, referred to as coding, can be expressed as

N
s(t) =Y ciw(t—iT), 0<t<NT, (16)
i=1

where s(t) is the coded excitation, ¢; is the i-th code bit, and w(¢) is the carrier wave with
duration T. After transmission and reception by the ultrasonic transducer, the coded ex-
citation is decoded using the matched filter or correlation to improve the SNR. The coding
and decoding processes for the 7-bit Barker code are illustrated in Figure 14.
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Figure 14: Coding and decoding using the 7-length Barker code [44].

2.4.4 Evaluation Criteria

Several metrics can be used to evaluate the performance of coded excitations, such as
peak sidelobe level (PSL), SNR, SNR gain, integrated sidelobe level, and temporal resolu-
tion. Among these, PSL, temporal resolution, and SNR are the most commonly adopted.
The PSL characterizes the capability of coded excitations to suppress self-induced inter-
ference after pulse compression. It can be defined as the logarithmic ratio between the
amplitude of the mainlobe and the maximum amplitude of sidelobes [45]:

A
PSL = 20logy, A—’", (17)
S

where A,, is the mainblobe amplitude, and A; is the maximum amplitude of sidelobes.
Temporal resolution is commonly evaluated by the full width at half maximum (FWHM)
of the decoded signal envelope [46]. The SNR can be defined as the ratio between the
mainlobe amplitude of the decoded signal and the root mean square (RMS) of the noise-
only region in decoded signal [47]:

A
SNR = 20log,, 1 -, (18)

rms
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where A,,,; denotes the RMS value of the noise. In addition to PSL, temporal resolution,
and SNR, magnitude gain (MG) can also be used to evaluate the coded excitation perfor-
mance [20]:

A

MG =20log,y, -, (19)

Ap
where A, is the peak amplitude of the matched filter output of the carrier wave. Figure 15
compares the decoded outputs of a Hanning-windowed 2.25 MHz sinusoidal pulse and a 5-
bit Barker-coded excitation generated using the same pulse as the carrier wave, illustrating
the mainlobe, sidelobes, and temporal resolution.
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Figure 15: Comparison of a 1-bit pulse and a Barker-coded excitation [44]. (a) shows the 1-bit carrier
wave. (b) shows the 5-bit Barker coded signal. (c) represents the decoded signals.
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3 Methods

This chapter presents the methods developed for the three approaches investigated in
this thesis to improve the efficiency of UT. The first subsection introduces the FrFT-based
method for separating overlapping ultrasonic signals caused by reduced transmission time
delays. The second subsection presents the use of coded excitations to reduce the num-
ber of repeated signal acquisitions required for temporal averaging. The final subsection
introduces a novel convolved excitation coding technique for parallel transmission.

3.1 Signal Separation using the FrFT

3.1.1 Signal Overlap under the Reduced Time Delay

As discussed in Chapter 1, reducing the time delay between successive transmissions im-
proves the efficiency of array transducer inspections but can cause overlap between the
received ultrasonic signals. Figure 1 illustrates the conventional sequential transmission
strategy and the reduced-delay transmission strategy. In the conventional approach (Fig-
ure 1b), a transmission delay greater than the duration of the transmitted signal is used to
prevent interference between adjacent transmissions. By reducing the transmission delay
to a shorter interval (Figure 1c), the overall measurement time can be reduced. However,
reducing the delay results in overlap between adjacent received signals, making subse-
quent signal interpretation and analysis more challenging.

Due to the requirement that transmitted signals should be identical in many appli-
cations, they consequently share the same frequency spectrum [3, 32]. As a result, the
received signals overlap in both the time and frequency domains. In such cases, con-
ventional time windowing or frequency filtering techniques are insufficient for effective
signal separation. In contrast, the FrFT represents signals in the fractional Fourier domain,
enabling effective separation of chirps overlapping simultaneously in both the time and
frequency domains [48].

3.1.2 Related Works

The concept of the fractional Fourier transform (FrFT), a generalized Fourier transform,
was first proposed in 1920s; however, it was not until the 1980s that it gained widespread
attention, largely due to the significant contributions of Namias [49,50]. For practical engi-
neering applications, the FrFT must be discretized, analogous to the use of the FFT is used
for efficient computation for the Fourier transform. The development of efficient digital
calculation algorithms for the FrFT by researchers such as Ozaktas and Pei has paved the
way for broad engineering applications [51-54]. Since then, the FrFT has been successfully
applied in a wide range of fields. For example, lwai et al. used the FrFT for the fingerprints
image analysis [55]. Subramaniam et al. proposed an FrFT-based filtering scheme for elas-
togram denoising [56]. Norman et al. compensated the dispersion in optical coherence
tomography using the FrFT [57].

Recent studies demonstrate that the FrFT is an effective tool for separating overlap-
ping ultrasonic signals. Harput et al. demonstrated its use in human tooth imaging, where
it effectively separated overlapping ultrasonic signals to improve image clarity [58]. Cow-
ell et al. employed the FrFT to separate ultrasonic echoes created by transmission of a
chirp signal in a steel plate [59]. Amir et al. used the FrFT to isolate ultrasonic echo signals
in simulations performed using the software Field Il [60]. Zheng et al. achieved signal
separation in ultrasonic range systems using the FrFT [61]. Pachauri investigated the sep-
aration of synthetic ultrasonic signals using the short-time FrFT [62]. In addition, Li et al.
employed the FrFT to monitor elbow erosion of pipes by separating useful signal compo-
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nents from noise [63].

Despite these advancements, existing studies on the application of the FrFT for ultra-
sonic signal separation have mainly focused on single-transducer configurations or simu-
lations. The application of the FrFT to array transducer inspection systems under reduced
transmission delays has not been systematically investigated.

3.1.3 Principles of the FrFT

The FrFT can be defined in several equivalent forms, such as a linear integral transform and
differential equation solutions [64, 65]. The definition using the linear integral transform
is expressed as

oo
Xp(u) =Aq / s(t) exp[jmeota(t? + u?) — 2ut csc aldr, (20)
where msgn(eing) .
— jmsgn(sina jo
Ay = exp[ L= ] + 5] 21)
| sin o| 2
and
-1, t<0
sgn(t)=4¢0, t=0. (22)
1, t>0

In Equation 20, s(z) is the time domain signal, j is the imaginary unit, and u is the
fractional domain variable. The parameter « denotes the rotation angle of the FrFT, and
the corresponding fractional power is defined as p = 270‘ Since « ranges from —x to 7,
p ranges from —2 to 2 with 4 as the period. By comparing Equations 20 and 5, it can
be observed that a set of chirps with a chirp rate of cotoa serves as the kernel of the
FrFT, analogous to the exp(—2jnft) of the CTFT. Unlike the CTFT, the FrFT includes an
additional parameter o, which rotates the signal representation between the time domain
and the frequency domain. When o = %, the FrFT becomes the CTFT. In the following, the
FrFT with the rotation angle o is denoted as Fr®. The FrFT possesses several important

properties [66, 67]:
o FrO[f(t)] = s(1).

i3

o Fr2[s(t)] equals the CTFT of s(z).

e Fr7 [s(t)] equals the inverse CTFT of s(r).

o Linearity: Fre[L3_; ase(r)] = X3y ax{Fr®[se(1)]}.
o Additivity: FrotB[s(e)] = Fro{FrP[s(r)]}.

e Rotation invariance: the WVD of Fr%[s(¢)] equals the WVD of s(¢) with the axis
rotated by «.

With the rotation invariance property, it is known that the FrFT does not change the
energy distribution of a signal in the time-frequency domain. This property provides a
geometric interpretation of the FrFT as a rotation in the time-frequency plane, as illus-
trated in Figure 16a, where the fractional domain lies between the time domain and the
frequency domain. For a linear chirp signal, the signal energy becomes maximally con-
centrated at an optimal rotation angle in the fractional domain, as shown in Figure 16b.

30



This optimal angle «, is given by —arctan%, where T and B are the time duration and
bandwidth of the chirp, respectively.
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Figure 16: lllustration of the FrFT. (a) Rotation invariance: the location of spectral components re-
mains unchanged with the axis rotation. (b) Chirp compression: a long chirp signal is compressed
as a narrow peak by the FrFT [68].

The availability of fast digital algorithms is crucial for the practical application of the
FrFT. Among various fast algorithms, Ozaktas’ algorithm is one of the most widely used
due to its high accuracy and low computational complexity [59]. The preliminary step of
Ozaktas’ algorithm is dimensional normalization, which equalizes the support lengths of
the FrFT in the fractional domain regardless of the rotation angles, thereby significantly
reducing the computational complexity. Next, Equation 20 is decomposed into a set of
simpler equations. Finally, the decomposed equations are discretized using Shannon’s in-
terpolation formula to enable numerical computation. For a digital signal with N sampling
points, the computational complexity of the algorithm is O(NlogN'), which is comparable
to that of the FFT. The optimal angle o, for a digital chirp using Ozaktas’ algorithm is
given by:

2
fsT : (23)
BN
where f; is the sampling frequency for the digital chirp.

0,4 = — arctan

3.1.4 Procedure of the FrFT-Based Signal Separation

Using the properties of the FrFT described above, signals overlapping in both the time
and frequency domains can be separated. It should be noted that successful separation
requires the overlapping signals to be distinguishable in the time-frequency plane, even
though they overlap in both the time and frequency domains. Therefore, for two signals
with identical spectra, a time delay is required to enable their separation. As illustrated in
Figure 17, the separation procedure consists of three main steps:

¢ Transform overlapping signals into the fractional domain, with a rotation angle .
As shown in Figure 17, the signal A and B overlap in both the time and frequency
domains but become distinguishable in the fractional domain.
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e Separate the FrFT transformed signals using a window function. In this work, a rect-
angular window is used to isolate each signal in the fractional domain.

e Transform the separated fractional domain signals back to the time domain. This
transformation is performed by the inverse FrFT, which corresponds to the FrFT with
an angle equal to the negative of that used in the first step, —a. The inverse FrFT is
expressed as

s@)=Fr*%[s(t)] = Fr *{Fr%[s(1)]}. (24)

Signal A
7 Signal B

f / V‘

u
FrFT wit}loc

Windowing / E \Windowing
v
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-+
-

Figure 17: Schematic diagram of signal separation using the FrFT [68].

3.2 Number of Temporal Averages Reduction using Coded Excitations

3.2.1 Repeated Measurements Caused by Temporal Averaging

In UT, measured signals are often contaminated by noise, making subsequent signal anal-
ysis difficult or even impossible. A widely used approach for extracting useful signal com-
ponents or improving the SNR is to perform repeated measurements and average the
acquired signals. This process is commonly referred to as temporal averaging or signal
averaging. Temporal averaging typically relies on the following assumptions [69]:

e The signal and noise are uncorrelated.
¢ The signal remains unchanged throughout repeated measurements.
¢ The noise is random with zero mean.

Although these assumptions may only be approximately satisfied in practice, temporal av-
eraging has been shown to remain effective under minor deviations of these assumptions.
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Consider a signal s contaminated by AWGN, from which N repeated measurements are
acquired. The averaged signal 5 is given by

N
anl Sn
N b
where s, is the signal acquired from the n-th measurement. If the variance of noise in
. . I S . .
s is 02, the variance of noise in 5 is GW Since the noise is assumed to be zero-mean, its

RMS value is equal to the square root of its variance. Based on the definition of SNR in
Equation 18, the SNR from a single measurement is

5= (25)

A
SNRS = 2010g10 ?m, (26)
and the SNR from the averaged signal is
v NA,

where A,, is the peak amplitude of the signal. Comparing the above equations shows
that temporal averaging improves the SNR by 20 loglo(\/ﬁ). However, this improvement
comes at the cost of an increased signal acquisition time because repeated signal acqui-
sitions are required. For weak signals, the number of required averages can become pro-
hibitively large, thereby significantly reducing the measurement efficiency.

Unlike temporal averaging, coded excitations improve the SNR by increasing the trans-
mitted signal energy and subsequently applying pulse compression, thereby reducing the
number of required averages to achieve a given SNR. Figure 18 illustrates this concept by
comparing conventional temporal averaging with coded excitations in measurements. It
should be noted that coded excitations are generally longer than conventional pulse ex-
citations, particularly in the case of long phase coded excitations, and therefore increase
the signal acquisition time of an individual measurement. However, increasing the code
length generally provides greater SNR enhancement. Consequently, practical coded exci-
tation design requires a trade-off between code length and SNR improvement.

(a) 1%t measurement h’\fﬁ
2nd measurement J\Iﬂ Average
— ) — [Recerver]— Aveage )

Nt measurement u‘\,-

15t measurement 2nd measurement Nth measurement

t Total time: NT

(b)

l
Coding —» - VWN\W —> — ‘MA]NJW\" — Matched filtering —— 'J\f

Phase code: Single measurement

Figure 18: Comparison between temporal averaging and coded excitations. (a) Temporal averaging.
(b) Measurement using coded excitations.

t Total time: T,pq, < NT
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3.2.2 Related Works
Originally developed for radar applications, coded excitations were later adopted in ultra-
sonic systems. The earliest application of coded excitations in ultrasound can be traced
back to Takeuchi’s work in 1979, where the technique was introduced for medical ultra-
sound systems [70]. Several studies have explored the potential of coded excitations to
reduce the number of required averages. Song et al. explored the application of Golay
codes to accelerate bone ultrasonic thickness measurements and demonstrated that the
overall measurement time could be reduced from minutes to seconds [71]. Nevertheless,
only the 16-bit Golay code was investigated. Xia et al. evaluated the enhancement of SNR
provided by a 13-bit Barker code and compared it with that achieved by signal averaging
in ultrasonic thickness measurements [72]. The 13-bit Barker code demonstrated superior
performance. Nevertheless, only a single Barker code was investigated and the number
of temporal averages was kept constant throughout the study. Zhang et al. compared
the SNR achieved using an 8-bit Golay code with that obtained from a single-cycle pulse
averaged over a fixed number of measurements in airborne ultrasonic inspection [73].
Although coded excitations improved the SNR without reducing the measurement effi-
ciency, only a single Golay code length and a fixed number of averages were considered.
Despite these studies, existing investigations have generally been limited to a single
code type, fixed code lengths, or a fixed number of temporal averages. Consequently,
the influence of code type, code length, excitation voltage, and the number of temporal
averages on SNR improvement remains unclear. This study therefore systematically inves-
tigates these factors through comprehensive experimental measurements and quantifies
the extent to which coded excitations can reduce the need for temporal averaging.

3.3 Parallel Transmission using Convolved Coded Excitations

3.3.1 Parallel Transmission using Coded Excitations

For a UT system consisting of multiple transducers, sequential transmission significantly
limits measurement efficiency, particularly as the number of transducer increases. In con-
trast, parallel transmission substantially improves measurement efficiency by allowing all
transducers to transmit simultaneously. However, simultaneous transmission causes se-
vere signal overlap, making reliable signal separation a major challenge.

In parallel transmission, the transmission delay is zero. Consequently, transmitted sig-
nals are no longer distinguishable in the time-frequency plane, rendering FrFT-based sig-
nal separation ineffective. Therefore, an alternative separation strategy is required. Al-
though coded excitations are primarily employed to improve the SNR, the orthogonality
between different coding sequences also enables the separation of signals transmitted
simultaneously from multiple transducers, making coded excitations suitable for parallel
transmission.

3.3.2 Related Works

Golay codes and Barker codes are among the most widely used codes in UT owing to
their favorable correlation properties, which enable efficient pulse compression [74-76].
Nevertheless, the maximum length of Barker codes is limited to 13, and the length of Go-
lay codes is not arbitrary selectable. Furthermore, for Golay codes, a twofold increase in
compressed signal amplitude requires a corresponding doubling of the code length. These
limitations reduce the flexibility in selecting appropriate code lengths to satisfy different
SNR requirements in practical measurements. To overcome these limitations, convolved
codes have recently been proposed. By convolving existing codes, they provide greater
flexibility in code length while achieving higher MG. Kim et al. first proposed the Barker-
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convolved Golay code (BCGC) for medical ultrasound imaging [77]. However, the proposed
BCGC was evaluated only through simulations and was constructed exclusively using the
3-bit Barker code. Zeng et al. subsequently performed a comprehensive theoretical inves-
tigation considering all available Barker code lengths [20] and later evaluated the BCGC
for pipeline inspection [21]. Nevertheless, BCGC are not suitable for parallel transmission.

Reliable parallel transmission requires orthogonal or near-orthogonal coding sequences
to enable signal separation. Mutually orthogonal Golay complementary codes (MOGCC)
provide an orthogonal coding scheme by enabling simultaneous transmission from two
transducers while preserving the SNR enhancement capability of conventional Golay codes
[78]. For example, Tasinkevych et al. successfully applied MOGCC in medical ultrasound,
achieving improved imaging efficiency [30]. However, although MOGCC improve mea-
surement efficiency through parallel transmission, their SNR performance remains inferior
to that of BCGC with comparable code lengths. Therefore, this work develops a convolved
coding scheme that combines the high MG of convolved coding with the orthogonality of
MOGCC, thereby enabling parallel transmission while retaining a high MG.

3.3.3 Barker Convolved Mutually Orthogonal Golay Complementary Code

First transmission event  Second transmission event Third transmission event Fourth transmission event

7
/ /

Transmitter
= S = =
Receiver
g 7 % /
(a)
First transmission event Second transmission event
M X,
e / f {
Transmitters 2 il 2
& = =7 &5
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Figure 19: Comparison of conventional Golay codes and BMOGCC for measurements at two mea-
surement locations. (a) Conventional Golay codes requiring four transmission events. (b) BMOGCC
requiring two transmission events through parallel transmission.

The Barker convolved mutually orthogonal complementary Golay code (BMOGCC) is pro-
posed in this thesis by convolving the Barker code with the MOGCC. When conventional
Golay codes consisting of two sequences, GA and GB, are employed, each transducer
requires two transmission events to achieve zero sidelobes. Consequently, four trans-
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mission events are required to complete the inspection at two measurement locations,
as illustrated in Figure 19a. In contrast, BMOGCC consists of four sequences ByMyX|,
ByMyX,, BvMy Y1, and ByMyY,, enabling the simultaneous transmission of two trans-
ducers and thereby improving the measurement efficiency by a factor of two (Figure 19b).
As aresult, each receiver receives overlapping signals originating from both transmitters.
The orthogonality property inherited from the MOGCC enables these overlapping signals
to be separated into distinct components corresponding to each transmitter. As an exam-
ple, the procedure for separating the signal transmitted from transmitter 1 at receiver 1is
illustrated in Figure 20. The process consists of five steps, beginning with the generation
of the BMOGCC followed by four decoding steps.

Convolved sequence
— % iy MyX,(-n)
My

Decoded sequence
+ ByMy Xy + By My¥y |—>% —— By

M Convolved sequence
ByMuY;
Barker code By i i DecodedD sequence
5
Convolved sequence o
x ByMyX, *m

Decoded sequence
+ By My X, + By My ¥y —>% ——| b,
- Convolved sequence
ByMy,Y,

Figure 20: Generation and decoding of BMOGCC for separating the signal transmitted from trans-
mitter 1at receiver 1.

Step 1: Each of the four MOGCC sequences, My X1, MyX>, MyY;, and MY, is con-
volved with the Barker code By. The resulting sequences, namely ByMy X, ByMy; X,
ByMy Yy, and ByMyY,, are given by

BNMMX1 ZMMX1 *BN,BNMMXQZMMXQ*BN, 8

BNMMY1 :MMYI *BN,BNMMY2 :MMY2 *BN. ( )
The resulting BMOGCC has a code length Ngyy = N+ N — 1, where N and M are the lengths
of the Barker code and MOGCC, respectively.

Step 2: The received signals corresponding to the first transmission event ByM;X;
and ByM,,Y; are summed. Similarly, the received signals corresponding to the second
transmission event ByMj; X, and ByMy,Y> are summed.

Step 3: Two summations obtained in the previous step are convolved with My, X (—n)
and My, X, (—n), which are time-reversed versions of My, X; and My X,, respectively, yield-
ing the decoded sequences D; and D5, as follows:

D, = (BNMMX1 +BNMMY1) *MMX1(—n) = By * (MMX1 +MMY1) *MMX1(—I’Z),

(29)
D, = (BNMMX2 +BNMMY2) *MMX2(7I1) = By * (MMX2 +MMY2) *MMX2(7I’Z).

Step 4: The decoded sequences D; and D, are summed.
Step 5: The summed sequence from Step 4 is convolved with the time-reversed Barker
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code By(—n) to obtain the final decoded sequence Ds:

D; = (D1 —I—Dz) *BN(—}’Z)
= By * [(My X +MyYy) % My X (—n) + (MyXa + My Ys) % My X (—n)]
*By(—n)
= By % By (—n) * [MyX) % MX; (—n) + My Xa(—n) * My X (30)
+ My Yy % My X1 (—n) + My Y (—n) = My Xa)
= By * By(—n) * [My Xy * MX;| (—n) + My Xo (—n) * My Xs)]
=CgxCxy.

Equation 30 is obtained by exploiting the orthogonality property of the MOGCC, M,Y; *
My Xi(—n) + My Y2 (—n) « MyX, = 0 [84]. Cg = By x By(—n) is the autocorrelation of
the Barker code. Cxy denotes the decoded result of the MOGCC, given by

Cxy (I’I’l) = (MMX1 +MMY1) * My X, (—I’l) + (MMX2 + MMYZ) * MMX2(_’1)
= MyX, *MX; (—I’l) +MMX2(—I’L) * My Xo
2M, m=0
0, m# 0,
where m is the correlation delay.

The decoded result D3 of the BMOGCC equal to the convolution of decoded results of
the Barker code and the MOGCC. Consequently, the proposed BMOGCC achieves a higher
pulse compression peak than either the Barker code or the MOGCC alone. Moreover, its
pulse compression peak is identical to that of the BCGC, which is constructed by convolving
Barker codes with Golay codes [82]. Furthermore, the proposed BMOGCC preserves the
parallel transmission capability of the MOGCC, enabling inspections to be completed in
half the transmission events required by either the BCGC or conventional Golay codes.

Figrue 21 presents an example of the BMOGCC decoding process using B;M4. The code
B7My, is constructed by convolving the 7-bit Barker code B; with the 4-bit MOGCC listed
in Table 3. The resulting B7M, consists of four sequences ByMyX,, BiM4X>, ByM,Y,, and
B7M,Y,. The decoded sequence D3 of the 10-bit B;M, exhibits a peak amplitude of 56,
which is significantly higher than the corresponding peaks of 13 and 32 obtained with
the 13-bit Barker code and the 16-bit MOGCC, respectively. These results demonstrate
that the proposed BMOGCC provides a substantially higher compressed peak than either

Barker codes or MOGCC with a shorter code length while retaining signal separability re-
quired for parallel transmission.

(31)

Table 3: Examples of 4-bit and 8-bit MOGCC.

Coded Sequence Notation Code Bit Value
MyX, 1,-1,—-1,—1
MYy —-1,1,—-1,—1
MyX> —-1,-1,1,—1
M4Yr 1,1, 1, 1
MsgX, 1, —-1,1,1,—-1
MgY; 1,— 1,—-1,—1
MgX> 1,1,1, 1
MgY> 1,—1, 1,

1
—1
1

)

1,1,
1,1,
L—1—1,—1,
1,-1,1,

1,
—1 —
1, 1
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Figure 21: Decoding for B7Mj.
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4 Experiments and Results

This chapter presents the experimental validation of the three methods proposed in this
thesis. The first subsection investigates FrFT-based signal separation for overlapping ul-
trasonic signals in plate inspections. The second subsection evaluates the effectiveness
of coded excitations in reducing the need for temporal averaging. The final subsection
validates the capability of the proposed BMOGCC for parallel transmission in bulk-wave
inspections.

4.1 FrFT-Based Signal Separation for UGWs Inspection of a Plate

4.1.1 Numerical Simulations

Numerical simulations of UGWSs propagation in plates were carried out using the software
Abaqus [79], as demonstrated in Figure 22. A three-dimensional finite element model
was developed to represent a 1000 mm x 1000 mm x2 mm aluminum plate containing a
centrally located circular hole with a diameter of 11 mm. The model was meshed using the
C3D8R element type with element size of 1 mm. Generation of the Aj mode UGWSs was
achieved by applying out-of-plane forces at two source nodes on the plate surface. The
resulting out-of-plane displacements at two receiving nodes positioned on the surface of
the plate were recorded as the received signals. To minimize interference from boundary
reflections, both the source and receiving nodes were positioned with enough distance
from the plate boundaries.

Two linearly increasing chirps, generated according to Equation 10, were used as ex-
citations. The first excitation chirpso had a bandwidth 50 kHz, a center frequency of 100
kHz, a duration of 0.2 ms, and was windowed by a Hanning function. The second excita-
tion chirpioo retained the same center frequency, duration, and windowing function, but
its bandwidth was increased to 100 kHz to evaluate the influence of excitation bandwidth
on separation performance. The center frequency was selected to match the nominal
frequency of the transducer used in the experiments, ensuring consistency between sim-
ulations and experimental measurements. Since the excitation frequency falls within the
dispersive region of the plate’s dispersion curves (Figure 23), waveform distortion occurs
during wave propagation. Together with the scattering introduced by the circular hole,
these effects provide a realistic simulation environment for evaluating the capability of
the FrFT-based method to separate overlapping ultrasonic signals.

After establishing the finite element model and selecting the excitations, simulations
were performed using transmission delays shorter than half of the excitation length be-
tween the two source nodes. The reduced transmission delays caused the received signals
from the two source nodes to overlap in both the time and frequency domains. Differ-
ent transmission delays produced different degrees of signal overlap, allowing the perfor-
mance of the FrFT-based method to be evaluated under varying overlap conditions. The
transmission delay settings used in each simulation are summarized in Table 4. Simula-
tions 1-3 employed chirpsg with three different transmission delays, whereas simulations
4-5 employed chirpoo with two different transmission delays to investigate the influence
of signal bandwidth on the separation performance. Simulations 1-5 were all conducted
on the plate containing the circular hole. To provide reference signals for comparison with
the separated signals, each source was excited individually to obtain the original non-
overlapping signals. Furthermore, to examine the effect of dispersion on the separation
performance, two chirpsg were delayed and summed according to the signal locations
observed in simulation 6, and the same separation procedure was subsequently applied
to the resulting overlapping signals.
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Figure 22: Numerical simulations performed in Abaqus: model of the aluminum plate.
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Figure 23: Dispersion curves of Ay and Sy modes in a 2 mm thick aluminum plate [68]. (a) Phase
velocity. (b) Group velocity.

Table 4: Time delay settings.

Hole Presence  Simulation No. Excitation Signal Source 1 Source 2
Yes 1 chirpsg No delay 100 us delay
Yes 2 chirpsg No delay 80 us delay
Yes 3 chirpsg No delay 60 us delay
Yes 4 chirpioo Nodelay 80 us delay
Yes 5 chirpioo No delay 60 us delay
No 6 chirpso No delay 60 us delay

The overlapping signals received at receiving node 1 were separated using the FrFT.
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Here, S11 denotes the signal received at receiving point 1 when only source 1 was excited,
while S21 denotes the signal received at receiving node 1 when only source 2 was excited.
Figure 24 presents the detailed separation results for simulations 1-3. The columns cor-
respond to simulations 1-3, arranged sequentially from left to right. The first row shows
the original reference signals obtained by exciting the two sources individually. The sec-
ond row presents the overlapped signals obtained by summing the two reference signals.
The signals were transformed into the fractional domain using the optimal rotation angle
calculated from Equation 23, where the signal components were compressed into distinct
peaks, as shown in the third row. As the delay decreases, the overlap between the com-
pressed peaks becomes more pronounced. The individual peaks were isolated using rect-
angular windows, whose boundaries are indicated by the black dashed lines. Finally, the
windowed signals were transformed back into the time domain using the inverse FrFT.
The separated S21 are shown in the fourth row together with the corresponding refer-
ence signals for comparison. Additional details about the separation results are provided
in [68].
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Figure 24: Separation of overlapping signals collected at receiving node 1 using chirps (simula-
tions 1—3) [68]. The first row (a—c) shows the original signals from each source. The second row
(d—f) represents the summation of these signals, resulting in overlap. The third row (g—i) displays
the FrFT of the overlapping signals. In the fourth row (j—I), the separated signal from source 2 is
compared with its original reference signal.
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4.1.2 Experimental Validation

To validate the FrFT-based signal separation method under practical conditions, laboratory
experiments were conducted. The experimental setup, shown in Figure 25, consisted of a
1000 mm x 1000 mm x 2 mm aluminum plate with a centrally located hole of 11 mm di-
ameter, two ultrasonic transducers, a laser vibrometer, and a data acquisition (DAQ) box.
The ultrasonic transducers (50208, ACS Ltd., Saarbriicken, Germany), with a center fre-
guency of 100 kHz and a bandwidth of 50 kHz were attached to the plate using coupling
gel to ensure efficient acoustic coupling. Vibrations at the plate surface were measured
using a VFX-I-160 laser vibrometer (Polytec GmbH, Waldbronn, Germany). The DAQ box
has functions such as signal generation, signal amplification, and signal averaging, was
connected to a computer and controlled through LabVIEW-based software for data ac-
quisition [80].

The experimental geometry (Figure 25b) was consistent with the Abaqus simulation
model (Figure 22). Two transducers were used to generate Ay mode waves, which prop-
agated along the plate to two receiving points on the plate surface. The chirpsy was em-
ployed to validate the FrFT-based signal separation, whereas the chirpgg used in numeri-
cal simulations was not considered because its bandwidth exceeded that of the transduc-
ers. The delay settings in experiments 1-3 were selected to match those used in simula-
tions 1-3. Unlike the simulations, temporal averaging was performed during the experi-
mental measurements to improve the SNR. Specifically, the signals acquired by the laser
vibrometer were averaged over 100 repeated measurements to reduce the influence of
mechanical vibrations, ambient disturbances, and DAQ system noise.

3.6 cm

— Réceiving po{nt"z 3

100 cm

(a) (b)

Figure 25: Experimental setup for FrFT validation [68]. (a) Experimental setup including an aluminum
plate, ultrasonic transducers, a laser vibrometer, and a DAQ system. (b) Geometry of the transducers,
the hole, and the receiving positions.

After the overlapping signals were acquired at the receiving points, they were sepa-
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rated using the same FrFT-based procedure as that employed in the numerical simulations.
The corresponding results are presented in Figure 26. The four rows show the original ref-
erence signals, the overlapping signals, the transformed signals in the fractional domain,
and the separated 521 signals together with their corresponding reference signals, respec-
tively.
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Figure 26: Experimental separation results for signals collected at receiving point 1[68]. The first row
(a—c) displays the original signals from each source. The second row (d—f) shows the summation of
these signals. The third row (3—i) represents the FrFT of the overlapping signals. In the fourth row
(j—1), the separated signal from source 2 is compared with its original reference signal.

4.1.3 Results Analysis

Results of simulations 1-3 (Figure 24), all conducted using chirpso, showed that reduc-
ing the time delay increased the overlap between the compressed peaks in the fractional
domain. Accurate separations were achieved for delays of 100 us and 80 us. When the
delay was reduced to 60 us, the separation performance degraded significantly, with no-
ticeable deviations between the separated signal and the reference signal observed at the
sidelobes because of harmonic-like artifacts. Results of simulations 4-5, conducted using
chirpioo, exhibited a similar trend, confirming that a shorter time delay resulted in de-
graded separation performance. Additionally, at the time delay of 60 us, the separation
performance achieved using chirpigp was superior to that achieved using chirpsg, indi-
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cating that a larger signal bandwidth improves the separation capability of the FrFT under
severe signal overlap.

Comparison between simulation 6 (without a hole) and simulation 3 (with a hole)
showed that the presence of the hole had little influence on the separation performance.
This is because the time delay between the scattered waves and the corresponding in-
cident waves was much smaller than the time delay between the signals generated by
the two source nodes. Consequently, the scattered waves did not significantly affect the
separation of the two overlapping source signals. Furthermore, comparison between the
dispersive signals in simulation 6 and the corresponding non-dispersive signals showed
that the wave dispersion accumulated over the relatively short propagation distance was
limited and therefore had a negligible influence on the separation performance.

Experimental results also showed that the separation performance degraded as the
time delay decreased, with a significant deterioration observed at a delay of 60 us. Com-
parison between Figures 24 and 26 shows that the experimental results exhibited poorer
separation performance than the corresponding simulation results under the same delay.

To quantitatively evaluate the separation performance, the maximum magnitude error
(MME) and the root mean square error (RMSE) were used. The MME is defined as the
maximum relative magnitude error between the reference signal and the separated signal,

max|s,(n) — ss(n)|

MME =
max|(s, ()]

; (32)

where s,(n) and s;(n) denote the reference signal and the separated signal, respectively.
RMSE is defined as the square root of the mean squared difference between the reference
signal and the separated signal,

= \/Zgzl [s0() = ss(m) (33)
N

where N is the number of discrete signal sampling points. Figure 27 summarizes the MME
and RMSE obtained for simulations 1-5. For both chirpioo and chirpsg, the MME and
RMSE increased as the delay decreased, indicating that shorter delays resulted in poorer
separation performance. Although chirpigp exhibited a significantly lower MME at the
60 us delay, it produced a slightly higher MME at the 80 ps delay. This is because effec-
tive separation was achieved for both excitations at the 80 us delay, and the resulting
MME was dominated by numerical errors rather than by limitations in the separation pro-
cess itself. Moreover, chirpigy consistently yielded lower RMSE values than chirpsg at all
delays, indicating superior separation performance. This is attributed to the larger band-
width of chirpgg, which produces greater energy concentration in the fractional domain
and thereby facilitates more effective separation of the overlapping signals (Figure 28).
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Figure 27: FrFT-based separation errors for simulations 1-5. (a) MME. (b) RMSE.
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Figure 29: FrFT-based separation errors for experiments. (a) MME. (b) RMSE.

Figure 29 shows that both MME and RMSE for the experiments increase as the time
delay decreases. The comparison of Figures 27 and 29 shows that the experimental MME
values were generally higher than those obtained from the simulations, particularly at
the 60 us delay. The experimental RMSE values were several orders of magnitude larger
than those obtained from the simulations. One of the primary reasons for this is the in-
fluence of the transducers on the transmitted excitations. The actual transmitted excita-
tions differed from the designed excitations, resulting in a mismatch between the practical
transmitted excitations and the designed excitations used by the FrFT-based separation
method, thereby increasing the separation errors.

Both the simulations and experiments demonstrated accurate signal separation at de-
lays of 100 us and 80 us, whereas a noticeable degradation in separation performance
was observed at a delay of 60 us due to the increased overlap between the signals, which
constitutes a major source of error in FrFT-based signal separation. Overall, the experi-
mental results showed good agreement with the numerical simulations, confirming the ef-
fectiveness of the proposed FrFT-based signal separation method. Under the investigated
conditions, accurate signal separation was maintained with a time delay corresponding
to approximately 40% of the excitation length. In conventional ultrasonic measurements,
the transmission delay is typically selected to be longer than the excitation duration due
to factors such as the transducer response and wave dispersion, which increase the dura-
tion of the received signals. Therefore, reducing the transmission delay directly shortens
the waiting time between successive transmissions, thereby improving the efficiency of
sequential ultrasonic measurements.

An additional practical advantage arises in DAQ systems employing short signal ac-
quisition windows. In sequential transmission, if the signal acquisition window is suf-
ficiently long, multiple transmissions can be accommodated within a single acquisition
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cycle. However, when a shorter acquisition window is required, for example to separate
the direct wave from nearby reflections, conventional transmission delays may prevent
successive transmissions from being accommodated within the same acquisition cycle.
Consequently, an additional acquisition cycle is required, increasing the overall measure-
ment time. Since the duration of a signal acquisition cycle is often considerably longer
than the signal acquisition window itself, depending on the DAQ system and the measure-
ment setup, avoiding additional acquisition cycles can result in a substantial reduction in
measurement time. Figure 30 illustrates how reducing the transmission delay enables
successive transmissions to be accommodated within a single acquisition cycle under a
short signal acquisition window, whereas conventional sequential transmission requires
multiple acquisition cycles. By reducing the transmission delay while maintaining signal
separability, the proposed method makes it possible for successive transmissions to be
accommodated within a single acquisition cycle under such conditions, thereby further
improving the acquisition efficiency.
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Figure 30: Effect of the signal acquisition window on sequential transmission. (a) Conventional ac-
quisition with a sufficiently long signal acquisition window. (b) A short signal acquisition window
requires two acquisition cycles when a conventional transmission delay is used.(c) Reduced delay
enables both transmissions to be accommodated within a single acquisition cycle.

Key findings:

e The FrFT-based method enables reliable separation of overlapping ultrasonic signals
under reduced time delays, demonstrating its suitability for accelerating measure-
ments based on sequential transmissions.

e The separation performance is primarily governed by the degree of signal overlap,
while increasing the excitation bandwidth improves robustness under severe over-
lap conditions.
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e For the investigated plate, defect scattering and the accumulated wave dispersion
have a minor influence on the separation performance.

e The experimental results are in good agreement with the numerical simulation re-
sults, confirming the practical feasibility of the proposed method.

e Under the investigated conditions, accurate signal separation was maintained with
a transmission delay of only approximately 40% of the excitation duration. This
reduction in transmission delay not only shortens the waiting time between suc-
cessive transmissions but also makes it possible for successive transmissions to be
accommodated within a single acquisition cycle in DAQ systems employing short
signal acquisition windows, thereby improving the acquisition efficiency.

4.2 Temporal Averaging Reduction in UGWs Inspection of a Plate

4.2.1 Experimental Validation

To evaluate the effectiveness of coded excitations in reducing the need for temporal av-
eraging, laboratory experiments were conducted. The experimental setup, shown in Fig-
ure 31, consisted of a 2000 mm x 2000 mm x 2 mm aluminum plate, a piezoelectric
transducer (50208, ACS Ltd., Saarbriicken, Germany) with a nominal frequency 100 kHz, a
VFX-I-160 laser vibrometer, and a DAQ system consisting of a homemade amplifier and
a commercial DAQ box (Analog Discovery 3, Digilent Inc. Austin, TX, USA). The trans-
ducer was coupled to the plate using coupling gel and a 100 g weight was placed on top
of the transducer to ensure efficient coupling. The DAQ box was connected to a com-
puter and controlled using custom LabVIEW-based software (LabVIEW 2014) to configure
the excitation voltage, triggering, and the number of temporal averages. A pitch-catch
measurement configuration was used throughout the experiments. To minimize complex
multimodal wave propagation, 100 kHz Ag mode UGWSs were generated by applying an
out-of-plane force to the plate surface using the transducer. The out-of-plane displace-
ments at the receiving point were measured by the laser vibrometer. As shown in Figure
31, the transducer and laser measurement point were positioned sufficiently far from the
plate boundaries to prevent boundary reflections from interfering with the direct waves
propagating between them.

The excitations used in the experiments included two Barker coded excitations, a pair
of 16-bit Golay coded excitations and a one-cycle pulse, defined as a Hanning-windowed
100 kHz sine wave with a duration of one cycle. The one-cycle pulse was used as the
carrier wave to construct coded excitations. Figure 32 shows the one-cycle pulse together
with the corresponding 13-bit Barker coded excitation generated using the one-cycle pulse
as the carrier waveform. The experimental parameters, including the excitations, volt-
ages, and temporal averaging numbers, are summarized in Table 5. Experiments were
conducted for all combinations of these parameters. The voltage was limited to 10 V by
the DAQ system. As this voltage level is practically low, noise became more pronounced,
making the experiments suitable for evaluating the performance of coded excitations [20].
The required number of averages depends on the specific measurement. For example, an
averaging number of 50 was used in the work [81]. In this thesis, the number of temporal
averages varied from 1 to 40 because further averaging beyond 40 measurements pro-
vided negligible improvement in SNR. By quantifying the relationship among excitation
type, excitation voltage, temporal averaging number, and SNR, the effectiveness of coded
excitations in reducing the need for temporal averaging can be systematically evaluated.
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Figure 31: Experiment setup for evaluating coded excitations in UGWs measurements [82]. (a) Ex-
periment platform. (b) Geometry of the transducer and the laser measurement point. (c) DAQ box
and the laser front-end.

Table 5: Experimental excitation parameters and averaging numbers.

Excitations Excitation voltage (V)  Averaging number
one-cycle pulse, B7, B13, Gi¢ 0.5,1,2,5,10 1,5,10,20,30,40
One-cycle pulse 13-bit Barker coded signal
0.5t 05
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kel kel
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Figure 32: Representative excitations used in the temporal averaging experiments. [82]. (a) One-
cycle pulse. (b) 13-bit Barker coded signal.

The received signals were first windowed in the time domain to remove boundary
reflections and then filtering using an 8 kHz high-pass filter to suppress low-frequency
noise. The filtered signals were subsequently decoded, after which their envelopes were
extracted and normalized. The SNR was then calculated from the normalized envelopes
according to Equation 18. Figure 33 presents the representative decoded signals obtained
at an excitation voltage of 2 V. The figure contains four subfigures, each corresponding to
a different excitation. Within each subfigure, three representative signals obtained with
averaging numbers of 1, 10, and 30 are shown from top to bottom, respectively. More
experimental results are provided in [82].
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Figure 33: Decoded signal envelopes obtained under a 2 V excitation voltage [82]. (a-d) represent
the signals correspond to the one-cycle pulse, B7, B3, and Gg, respectively.

4.2.2 Results Analysis

The results show that the noise level decreases as the number of averages increases, con-
firming the effectiveness of temporal averaging in improving the SNR. This improvement is
pronounced when comparing the signals obtained after ten temporal averages with those
obtained without averaging. It is observed that coded excitations require fewer temporal
averages than the one-cycle pulse to achieve a comparable SNR. At an excitation voltage
of 0.5V, a clearly identifiable mainlobe is obtained using coded excitations after temporal
averaging, whereas this is not achievable with the one-cycle pulse regardless of the num-
ber of averages. At 1V, coded excitations with 10 averages yield a lower noise level than
the one-cycle pulse with 30 averages. At 2 V, coded excitations without temporal averag-
ing achieve a noise level comparable to that obtained with the one-cycle pulse with 10
averages. Furthermore, at excitation voltages of 5 V and 10V, coded excitations without
temporal averaging provide substantially higher SNR than the one-cycle pulse without av-
eraging. In terms of sidelobe performance, B; exhibits higher sidelobe levels than B3, as
expected from theory. For G1¢, the sidelobes are substantially suppressed due to its side-
lobe cancellation property. Nevertheless, perfect sidelobe cancellation is not achieved in
practice due to waveform distortions introduced by the transducer response and propa-
gation dispersion. Overall, these results qualitatively demonstrate that coded excitations
provide SNR performance comparable to or better than that of the one-cycle pulse while
requiring substantially fewer temporal averages.

To quantitatively evaluate the effectiveness of coded excitations in reducing number
of averages, SNR was calculated under a series of excitation voltages, as shown in Figure
34. For all excitation types, the SNR generally increases with the number of temporal
averages. Moreover, coded excitations consistently achieve higher SNR than the one-cycle
pulse under identical excitation voltages and average numbers. The measured SNR follows
the order Gi¢ > B13 > B7 > one-cycle pulse, which agrees well with the theory. The SNR
improvement is not strictly linear with the number of temporal averages because of the
random nature of noise.
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Figure 34: SNR for different excitations under various voltages [82]. (a-e) represent the SNR obtained
using the 0.5V, 1V, 2V, 5V, and 10V voltage, respectively. The horizontal dashed line indicates
the maximum SNR achieved by the one-cycle pulse.

To further quantify the improvement in measurement efficiency, the minimum num-
ber of averages required for coded excitations to achieve the maximum SNR obtained
by the one-cycle pulse was determined. The one-cycle pulse reached its maximum SNR
using 40 temporal averages. Coded excitations achieved comparable SNR levels with sig-
nificantly fewer averages. Table 6 summarizes the minimum number of averages required
for the coded excitations to achieve the maximum SNR obtained by the one-cycle pulse
under the same excitation voltage. As listed in Table 6, G4 without temporal averaging or
with only five averages achieved a higher SNR than the one-cycle pulse with 40 averages,
depending on the voltage. For B3, five averages are sufficient to obtain a comparable SNR
achieved by the one-cycle pulse with 40 averages, except at 0.5 V, where ten averages are
required. For By, five averages are sufficient to achive the maximum SNR of on-cycle pulse
at excitation voltages of 1V, 5V, and 10V, whereas ten averages are required at 0.5 V and
2 V. It should be noted that, each average of G¢, requires two transmission events; con-
sequently, its signal acquisition efficiency is reduced by a factor of two compared with
single-transmission excitations. Overall, the investigated coded excitations reduced the
required number of temporal averages from 40 to as few as one, while maintaining com-
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parable or higher SNR. These results quantitatively demonstrate that coded excitations
can substantially reduce the number of repeated signal acquisitions required for ultra-
sonic measurements, thereby significantly improving the efficiency of UT.

Table 6: Minimum number of averages required by coded excitations.

Voltage (V) Excitation No. of Averages SNR (dB)

0.5 one-cycle pulse 40 12.3
0.5 By 10 14.6
0.5 B3 10 16.2
0.5 Gie 5 16.1
1 one-cycle pulse 40 17.2
1 B 5 17.2
1 B3 5 20.0
1 Gie 1 20.5
2 one-cycle pulse 40 24.1
2 B 10 25.7
2 B3 5 27.5
2 Gis 5 30.4
5 one-cycle pulse 40 30.9
5 By 5 31.6
5 Bis 5 33.9
5 Gie 1 33.0
10 one-cycle pulse 40 37.0
10 By 5 37.2
10 B3 5 39.4
10 Gig 1 37.4

From a physical perspective, the SNR improvement provided by coded excitations orig-
inates from the increased signal energy. Pulse compression concentrates this energy into a
narrow mainlobe, thereby improving the SNR. Unlike the one-cycle pulse, which requires
higher excitation voltages to increase the transmitted signal energy, coded excitations can
achieve higher energy without increasing the excitation voltage, thereby providing a safer
operating condition. This advantage is obtained at the expense of longer excitation dura-
tions, and in general, longer codes produce higher SNR. It should be noted that the dura-
tion of the coded excitations is very small compared with that of a complete acquisition
cycle in the present experiments. The excitation duration was less than 1 ms, whereas the
fixed signal acquisition window was 10 ms and a complete acquisition cycle required ap-
proximately 300 ms because sufficient time was needed for the hardware to prepare for
the next signal acquisition. Therefore, the duration of the coded excitations has a small
impact on the measurement efficiency, whereas reducing the number of signal acquisi-
tion cycles provides a substantial improvement in measurement efficiency. Overall, the
results demonstrate that coded excitations are particularly advantageous for low-voltage
and time-constrained ultrasonic measurements, where extensive temporal averaging is
impractical.

Key findings:

e Coded excitations consistently achieved comparable or higher SNR than the one-
cycle pulse, while requiring substantially fewer temporal averages, demonstrating
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their effectiveness in reducing repeated signal acquisitions for temporal averaging.

¢ Increasing the code length generally improved the achievable SNR, following the
order Gi6 > Bj3 > B7 > one-cycle pulse, which is consistent with the theoretical
pulse-compression gain.

e Under the investigated conditions, the required number of temporal averages was
reduced from 40 for the one-cycle pulse to as few as one for coded excitations.

e The proposed coded excitation strategy is particularly advantageous for low-voltage
and time-constrained ultrasonic measurements, where extensive temporal averag-
ing is impractical.

4.3 BMOGCC for Bulk Wave Inspection of a Steel Block

4.3.1 Numerical Simulations

Numerical simulations were conducted using the software Abaqus. A two-dimensional
model was established consisting of a steel block of 75 mm x 140 mm, two excitation
source nodes, two receiver nodes, as shown in Figure 35. The steel has a Young’s modulus
of 195 GPa, a Poisson ratio of 0.3, and a density of 7910 kg/m3. The model was meshed
using CPE4R elements. To minimize reflections from the model boundaries, absorbing
boundaries were implemented by meshing the outer boundary with a layer of CINPE4
infinite elements. Vertical forces at the sources were applied as excitations, and vertical
displacements were recorded at the receivers.

140 mm

Receiver 1 Receiver 2

U, Magnitude
+5.04e-13
+4.62e-13
+4.20e-13
+3.78e-13
+3.36e-13
+2.94e-13
+2.52e-13
+2.10e-13
+1.68e-13
+1.26e-13
+8.40e-14
+4.20e-14
+0.00e+00

75 mm

Absorbing boundary Source 1 Source 2

Figure 35: Steel block model in Abaqus, showing the displacement field for simulation 5 at 3 s [44].

The 1-bit pulse, which was a Hanning-windowed sinusoidal wave with a center fre-
quency of 2.25 MHz, was used as the carrier wave to construct the coded excitations. The
center frequency was selected to match the nominal frequency of the transducers used
in laboratory experiments. In Abaqus, the upper frequency limit of a simulation is con-
strained by the element size, and smaller elements are required to accurately simulate
higher-frequency wave propagation [83]. Coded excitations may contain frequency com-
ponents several times higher than the center frequency, making the use of a sufficiently
small element size essential to ensure the convergence of the solution. In this model, an
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element size of 0.025 mm was adopted. A larger element size, such as 0.05 mm, leads
to non-convergent solutions. The 1-bit pulse, Barker codes, MOGCC, and the proposed
BMOGCC were used as excitations, with the 1-bit pulse serving as the reference excitation
for calculating the MG. For simulations involving two excitation sources, the excitations
were transmitted simultaneously. Table 7 lists the excitations for all simulations. Figure
35 illustrates the displacement field for simulation 5. The faster propagating longitudinal
waves were selected for subsequent signal analysis, whereas the slower shear waves were
removed through time windowing.

Table 7: Coded excitations used in the steel block model.

Simulation No. Code Source1  Source 2

1 - 1-bit pulse -
2 Barker Bs -
3 Barker By -
4 Barker B11 -
5 M4 My X MY,
6 M4 My X> M4Y,
7 M8 MgX; MgY;
8 M8 MgX> MgY,
9 B5M4 BsM, X, BsM,Y,
10 B5M4 BsMyX> BsM,Y,
1 B5M8 BsMgX, BsMgY,
12 B5M8 BsMgX, BsMgY,
13 B7M4 B7M4 X, B7M4Y,
14 B7M4 BiMyX> BiM4Y,
15 B7M8 B7MgX, B7MgY,
16 B7M8 B7MgX, B7MgY,
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Figure 36: Decoded signals for simulations 1-8 [44]. (a-f) show the decoded signals for the 1-bit pulse
(simulation 1), 5-bit Barker (simulation 2), 7-bit Barker (simulation 3), 11-bit Barker (simulation 4), M4
(simulations 5-6), and M8 (simulations 7-8), respectively.
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Figure 37: Decoded signals for simulations 9-16 [44]. (a-d) show the decoded signals for B5M4 (sim-
ulations 9-10), B5M8 (simulations 11-12), B7M4 (simulations 13-14), and B7M8 (simulations 15-16),
respectively.

Figure 36 presents the decoded signals obtained using the 1-bit pulse, Barker codes,
and MOGCC. Figure 37 presents the decoded signals obtained using BMOGCC. For MOGCC
and BMOGCC, only the decoded signals from receiver 1 are presented, since the decoded
signals at both receivers were symmetric. To facilitate comparison, all decoded signals
were normalized with respect to the maximum peak amplitude observed among all sim-
ulations.

4.3.2 Experimental Validation

To further evaluate the performance of the proposed BMOGCC under practical conditions,
laboratory experiments were conducted. The experimental setup, illustrated in Figure 38,
consisted of a steel block, two ultrasonic transducers, and a DAQ system. The steel block
had dimensions of 140 mm x 74 mm x 100 mm. Two M1036 transducers (Olympus, Ham-
burg, Germany) with a center frequency of 2.25 MHz were mounted on the steel block us-
ing magnetic holders. To ensure efficient acoustic coupling between the transducers and
the steel surface, ultrasonic coupling gel was applied. The DAQ system incorporated an
HS805 signal generator (TiePie, Sneek, The Netherlands) with an 8-bit amplitude resolu-
tion. The signal generator was connected to a computer and controlled using TiePie soft-
ware. It generated excitations, which were applied to the transducers. Ultrasonic waves
propagated through the steel block were measured by the receiving transducer and con-
verted back into electrical signals. These signals were then digitized by the DAQ system
and transferred to the computer for subsequent signal processing.

A pitch-catch configuration was used, with the transmitting and receiving transduc-
ers positioned on opposite sides of the steel block. The transducer locations (Figure 38)
were selected to match those used in the numerical model (Figure 35). To maintain con-
sistency with the Abaqus model, the experimental setup included two transmission and
two receiving locations, which would normally require a total of four transducers. How-
ever, only two suitable transducers were available. An equivalent measurement approach
was employed, whereby one transducer was sequentially positioned at the two transmis-
sion locations, and the signals acquired at the same receiving location were subsequently
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superimposed. This approach reproduced the response that would have been obtained
if all transducers had operated simultaneously. The same excitations were employed in
both numerical simulations and experiments. Accordingly, the excitation configurations
for experiments 1-16 were identical to those used in simulations 1-16.

Only the decoded signals from receiving location 1 are presented, as the decoded sig-
nals at two locations were symmetric. Figure 39 presents the decoded signals obtained
using the 1-bit pulse, Barker codes, and MOGCC, whereas Figure 40 presents the decoded
signals obtained using the proposed BMOGCC. To facilitate comparison, all decoded sig-
nals were normalized using the same procedure as that adopted in the numerical simula-
tions.

Ultrasonic transducers

Transmission location 1

0]
Steel bloc]

Figure 38: Ultrasonic measurements on a steel block [44]. (a) Experimental setup. (b) Transmission
locations on the steel block with a spacing of 13 mm; two receiving locations were positioned at the
corresponding locations on the opposite side of the block.
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Figure 39: Decoded signals for experiments 1—8 [44]. (a-f) show the decoded signals of the 1-bit pulse
(experiment 1), 5-bit Barker (experiment 2), 7-bit Barker (experiment 3), 11-bit Barker (experiment 4),
M4 (experiments 5-6), and M8 (experiments 7-8), respectively.
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Figure 40: Decoded signals for experiments 9—16 [44]. (a-d) present the decoded signals for B5M4
(experiments 9—10), B5M8 (experiments 11—12), B7/M4 (experiments 13—14), and B7M8 (experi-
ments 15—16), respectively.

4.3.3 Results Analysis

Simulation results showed that the amplitudes of decoded signals depend on the cod-
ing scheme. As shown in Figure 36, the amplitude of the decoded signals increased with
Barker code length, and sidelobes are observed in all decoded signals obtained using the
Barker codes. In contrast, the decoded signals obtained using MOGCC exhibited sidelobe-
free characteristics. Figure 37 shows that BMOGCC achieved a higher decoded signal am-
plitude than both MOGCC and the Barker codes. This result agrees well with the theo-
retical derivation in Equation 31, which shows that the decoded BMOGCC is obtained by
convolving the decoded Barker code with the decoded MOGCC.

The experimentally obtained decoded signals were in good agreement with the simu-
lated signals. As shown in Figure 39, the decoded peak amplitude increased with Barker
code length while maintaining relatively low sidelobe levels. Moreover, M8 achieved a
higher peak amplitude than M4 because of its longer code length. Figure 40 further
shows that the proposed BMOGCC produced higher decoded peak amplitudes than both
MOGCC and the Barker codes. Compared with the simulation results, the sidelobes ob-
served experimentally were less uniform because the transducer impulse response and
other system characteristics distorted the transmitted waveforms.

To quantitatively evaluate the code performance, two key metrics, PSL and MG, were
employed. Figure 41 presents the MG values obtained from simulations and experiments,
both of which are in good agreement with the theoretical predictions. Notably, BMOGCC
exhibited significantly higher MG values than either the Barker codes or MOGCC, reach-
ing the highest value for B7/M8. As predicted by the theoretical analysis, the MG of each
BMOGCC was approximately equal to the sum of the MG values of its constituent Barker
code and MOGCC. For example, in the experiments, B7M4, B7, and M4 achieved MG val-
ues of 34.90 dB, 16.84 dB, and 18.19 dB, respectively, with the MG value of B7M4 differ-
ing from the sum of those of B7 and M4 by only 0.13 dB. Besides, the 8-bit B5SM4 and
10-bit B7M4 achieved higher MG values than the 11-bit Barker code, demonstrating that
BMOGCC can provide greater decoded signal amplitude even with shorter code lengths.
This characteristic is particularly advantageous in applications requiring short excitations,
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for example when the DAQ memory is limited or boundary reflections interfere with the
valid signals [84]. Overall, these results demonstrate that BMOGCC provides higher MG
than conventional Barker codes and MOGCC while maintaining signal separability for par-
allel transmission.
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Figure 41: MG of different coded excitations [44].
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Figure 42: PSL of different coded excitations [44].

The theoretical, simulated, and experimental PSL values are compared in Figure 42.
The simulated results agree well with the theoretical predictions, with the maximum de-
viation being only 0.37 dB for the 11-bit Barker code. Furthermore, B5M4 and B5M8 exhib-
ited PSL values nearly identical to that of the 5-bit Barker code, whereas B7M4 and B7M8
exhibited PSL values nearly identical to that of the 7-bit Barker code. These results are con-
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sistent with Equation 31, which predicts that the PSL of a BMOGCC is determined by that of
its constituent Barker code. The experimentally measured PSL values were generally lower
than those obtained in the simulations, with the largest difference of 2.40 dB observed
for the 11-bit Barker code. This difference is attributed primarily to the impulse response
of the transducers, which distorted the transmitted waveforms and consequently altered
the sidelobe characteristics. Nevertheless, the experimental and simulation results show
good overall agreement. These findings confirm the theoretical prediction that BMOGCC
retains the sidelobe performance of its constituent Barker code.

In addition to PSL and MG, the temporal resolution was evaluated using the FWHM of
the decoded signal envelope [85]. The FWHM values obtained from both the simulations
and experiments are listed in Table 8. All decoded signals in the simulations exhibited an
identical FWHM of 0.35 us. In the experiments, the FWHM values ranged from 0.67 us to
0.89 us and were generally larger than those obtained in the simulations, primarily due to
the transducer impulse response. Nevertheless, the proposed BMOGCC achieved FWHM
values comparable to those of the 1-bit pulse, Barker codes, and MOGCC, demonstrating
that the increased MG was achieved without sacrificing the temporal resolution.

Table 8: Temporal resolution for different excitations.

Excitation FWHM of Simulations (us) FWHM of Experiments (is)

1-bit Pulse 0.35 0.75
5-bit Barker 0.35 0.89
7-bit Barker 0.35 0.78
11-bit Barker 0.35 0.78

M4 0.35 0.70
M8 0.35 0.69
B5M4 0.35 0.68
B5M8 0.35 0.67
B7M4 0.35 0.67
B7M8 0.35 0.68

Overall, the simulation and experimental results confirm the effectiveness of the pro-
posed BMOGCC for UT. The proposed BMOGCC retains the low sidelobe levels of Barker
codes while achieving substantially higher decoded peaks than either Barker codes or
MOGCC, even with shorter code lengths, thereby providing greater flexibility in code de-
sign. Furthermore, it preserves temporal resolution and the signal separability required
for parallel transmission. Compared with the recently proposed BCGC, the proposed BMOGCC
doubles the measurement efficiency.

Key findings:

e The proposed BMOGCC achieves substantially higher decoded peaks than both the
Barker codes and MOGCC at comparable code lengths.

e BMOGCC retains the PSL of its constituent Barker code.

e The proposed BMOGCC maintains temporal resolution comparable to that of the
one-bit pulse, indicating that the increased decoded peak is achieved without de-
grading the temporal resolution.

e Compared with the Barker codes and MOGCC, BMOGCC provides greater flexibility
in code-length selection by achieving higher MG with shorter code lengths.
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e Compared with BCGC, the proposed BMOGCC retains the signal separability of MOGCC,
thereby enabling parallel transmission and doubling the measurement efficiency.
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5 Conclusions and Future Work

This thesis presents a comprehensive framework for improving the measurement effi-
ciency of UT through advanced signal processing techniques, a topic of significant inter-
est in the field. The proposed framework addresses three factors contributing to mea-
surement efficiency, namely the time delay between successive transmissions, the need
for temporal averaging, and the inability of existing coded excitations to support parallel
transmission.

The successful implementation of this framework relies on three complementary ap-
proaches. Firstly, a signal separation method based on the FrFT is developed to sepa-
rate overlapping chirps, enabling shorter transmission delays between successive trans-
missions. Secondly, coded excitations are employed to reduce the required number of
temporal averages for a given SNR. Finally, BMOGCC is proposed to enable parallel trans-
mission while preserving signal separability, thereby reducing the number of transmission
events required for ultrasonic measurements. Together, these approaches address com-
plementary bottlenecks in the measurement efficiency of UT.

The methods presented in this thesis have not previously been investigated in such
a systematic manner for improving the measurement efficiency of UT, making this thesis
unique.

5.1 Summary of Results

The first work of this thesis focused on reducing the time delay between successive trans-
missions by separating overlapping signals. The use of transmission delays shorter than
the excitation length can cause signal overlap, making reliable signal separation essential.
Publication | developed an FrFT-based signal separation method to separate overlapping
chirp signals caused by reduced transmission delays. Numerical simulations and exper-
imental investigations demonstrated that the proposed method successfully separated
overlapping signals, enabling the use of shorter transmission delays. Additionally, in ap-
plications with limited signal acquisition window lengths, where two temporally separated
signals cannot be accommodated, the proposed method enables overlapping signals to
be separated within a single acquisition window, thereby reducing the number of required
signal acquisitions.

The second work addressed the need for repeated signal acquisitions for temporal
averaging. In publication Ill, the relationship between coded excitation and temporal av-
eraging was systematically investigated to evaluate the trade-off between the SNR and
the number of temporal averages. This work experimentally demonstrated that coded
excitations substantially reduce the number of temporal averages required to achieve a
given SNR, providing practical guidance for reducing the reliance on temporal averaging
in ultrasonic measurements.

The third work focused on improving the measurement efficiency by enabling parallel
transmission. Existing BCGC only supports sequential transmission, limiting its measure-
ment efficiency. Consequently, publication Il proposed BMOGCC, which is constructed
by convolving Barker codes with MOGCC. The proposed BMOGCC retains the high MG of
BCGC while inheriting the parallel transmission capability of MOGCC. Simulation and ex-
perimental results demonstrated that BMOGCC doubles the measurement efficiency com-
pared with BCGC while achieving substantially higher decoded peaks than either Barker
codes or MOGCC despite using shorter code lengths. This work extended convolved cod-
ing from sequential to parallel transmission while preserving the advantages of BCGC.

Together, these three studies demonstrate that measurement efficiency of UT can be
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improved through three complementary strategies: reducing transmission delay, reduc-
ing the need for temporal averaging, and enabling parallel transmission. Collectively, the
proposed methods establish a comprehensive framework for improving the measurement
efficiency and contribute to advancement of efficient UT technologies and provide a foun-
dation for future high-speed, automated, and intelligent NDT systems.

5.2 Limitations

Although the proposed methods have demonstrated their effectiveness through numer-
ical simulations and experimental investigations, several limitations should be acknowl-
edged. The FrFT-based signal separation method is primarily applicable to chirps, since its
performance relies on the sparse representation of chirps.

The proposed BMOGCC was developed and validated for parallel transmission from
two transducers. Extending the coding scheme to support parallel transmission from a
larger number of transducers remains to be investigated.

The relationship between coded excitations and temporal averaging was investigated
under laboratory conditions. The influence of practical industrial environments on this
relationship remains to be investigated. Further validation under representative industrial
environments is therefore desirable.

5.3 Key Conclusions Presented for Defense

¢ Neither conventional time domain windowing nor frequency domain filtering can
effectively separate ultrasonic chirps that overlap in both the time and frequency
domains. The FrFT overcomes this limitation by enabling reliable signal separation,
allowing transmission delays shorter than the excitation length and improving ul-
trasonic measurement efficiency.

¢ Coded excitations reduce the need for temporal averaging to achieve a given SNR,
providing an effective approach to improving ultrasonic measurement efficiency.

e Compared with BCGC, BMOGCC doubles the measurement efficiency by enabling
parallel transmission, while extending the convolved coding from sequential to par-
allel transmission.

e Reducing transmission time delay, reducing the need for temporal averaging, and
enabling parallel transmission constitute three complementary strategies for im-
proving the measurement efficiency of UT without requiring modifications to ultra-
sonic hardware.

5.4 Future Work

Future work could extend the methods developed in this thesis to more complex engi-
neering structures. The proposed methods were validated on relatively simple structures,
namely aluminum plates and steel blocks. Their applicability to more complex structures,
such as pipes, pressure vessels, and other curved components, remains to be investigated.
Extending these methods to practical engineering structures would broaden their appli-
cability and facilitate their adoption in a wider range of industrial UT applications.

The FrFT represents only one of many available time-frequency analysis methods for
ultrasonic signal separation. Future research could investigate other time-frequency meth-
ods, such as the Born-Jordan transform [86], to further improve the separation of over-
lapping ultrasonic signals under more challenging measurement conditions. Comparative
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studies among different time-frequency methods may also provide a better understand-
ing of their respective advantages and limitations for ultrasonic signal separation.

The proposed BMOGCC currently supports parallel transmission from two transduc-
ers. Future work could investigate coded excitation schemes capable of supporting paral-
lel transmission from multiple transducers. In particular, the recently proposed Hadamard
aperiodic interval codes [87] provide a promising direction for enabling parallel transmis-
sion from multiple transducers.

Future work could also investigate the implementation of the proposed algorithms on
FPGA or GPU platforms for real-time ultrasonic inspection. Furthermore, integrating the
proposed techniques into autonomous robotic inspection systems and digital twin frame-
works for continuous structural health monitoring would further advance high-speed, au-
tomated, and intelligent UT.
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Abstract
Efficient Ultrasonic Measurements based on Signal Processing

Ultrasonic testing (UT) is one of the most widely adopted nondestructive testing (NDT)
techniques for structural integrity assessment. However, the efficiency of UT is often lim-
ited by the need for sufficiently long transmission delays to avoid signal overlap, repeated
signal acquisitions for temporal averaging to achieve an adequate signal-to-noise ratio
(SNR), and sequential transmission strategies. These limitations increase measurement
time and restrict the applicability of UT in large-scale structures and high-throughput in-
dustrial inspections. Accordingly, this thesis investigates signal processing techniques for
improving the measurement efficiency of UT by addressing these limitations.

The research presented in this thesis is structured around three key components: de-
veloping a signal separation method based on the fractional Fourier transform (FrFT) to
separate overlapping ultrasonic signals caused by reduced transmission delays, investi-
gating the effectiveness of coded excitations in reducing the required number of tempo-
ral averages while maintaining a given SNR, and developing Barker convolved mutually
orthogonal Golay complementary codes (BMOGCC) to enable parallel transmission. The
proposed methods were validated through numerical simulations and experimental in-
vestigations using guided-wave measurements on aluminum plates and bulk-wave mea-
surements on steel blocks, demonstrating their effectiveness under practical ultrasonic
measurement conditions.

Key findings include the successful separation of overlapping chirps using the FrFT un-
der reduced transmission delays, thereby enabling shorter transmission delays. The coded
excitation approach reduced the number of temporal averages required to achieve a given
SNR from 40 repeated acquisitions to only one or a few acquisitions, thereby substantially
reducing the overall acquisition time. Furthermore, the proposed BMOGCC retained the
high magnitude gain of Barker convolved Golay codes (BCGC) while inheriting the paral-
lel transmission capability of mutually orthogonal Golay complementary codes (MOGCC),
thereby halving the number of required transmission events compared with BCGC. The
findings demonstrate that the three proposed approaches provide complementary strate-
gies for improving ultrasonic measurement efficiency by addressing its key limitations.

This thesis makes contributions to the field by systematically investigating three ap-
proaches for improving the measurement efficiency of UT. The proposed methodologies
establish a comprehensive framework for improving the measurement efficiency while
maintaining signal reliability. The proposed methodologies and findings have the poten-
tial to drive further research and development toward more efficient UT.
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Kokkuvote
Signaalitootlusel pohinevad efektiivsed ultrahelim6otmised

Ultrahelitestimine (UT) on Uiks enim kasutatavaid mittepurustava katsetamise meetodeid
konstruktsioonide terviklikkuse hindamiseks. UT meetodi efektiivsust piirab sageli vajadus
kasutada piisavalt pikki edastusviivitusi signaalide kattumise valtimiseks, teha signaali ja
mira suhte parandamiseks korduvaid méotmisi ajalise keskmistamise abil ning rakenda-
da jarjestikust signaaliedastust. Need piirangud pikendavad mé6tmisaega ning vahenda-
vad UT rakendatavust suuremodtmeliste konstruktsioonide kontrollimisel ja suure labilas-
kevoimega toostuslikes inspekteerimissiisteemides. Kaesolevas doktoritdos arendatakse
signaalitootlusmeetodeid, mille eesmark on suurendada ultrahelimootmiste efektiivsust
nende piirangute lletamise kaudu.

Doktorit6d koosneb kolmest pdhisuunast. Esmalt té6tatakse vélja murdarvulisel Fou-
rier’ teisendusel (fractional Fourier transform, FrFT) pohinev signaalide eraldamise mee-
tod, mis voimaldab lahutada liihendatud edastusviivituste tottu kattuvaid ultrahelisignaa-
le. Teiseks uuritakse kodeeritud ergastuse ja ajalise keskmistamise vahelist seost eesmar-
giga vahendada korduvate mootmiste arvu, sailitades seejuures etteantud signaali ja miira
suhte. Kolmandaks tootatakse valja Barkeri ja vastastikku ortogonaalsete Golay komple-
mentaarkoodide konvolutsioonil pdhinev kodeerimisskeem (Barker Convolved Mutually
Orthogonal Golay Complementary Codes, BMOGCC), mis véimaldab kasutada paralleel-
set signaaliedastust. Valjatootatud meetodeid valideeriti nii arvutuslike simulatsioonide
kui ka eksperimentaalsete uuringutega, kasutades juhitud lainetel pohinevaid mootmisi
alumiiniumplaatidel ja ruumilainetel pohinevaid méotmisi terasplokkidel. Tulemused kin-
nitavad meetodite tohusust praktilistes ultraheliméotmise tingimustes.

Olulisemate tulemustena naidati, et FrFT voimaldab edukalt eraldada kattuvaid lineaar-
se sagedusmodulatsiooniga ultrahelisignaale liihendatud edastusviivituste korral, voimal-
dades seelabi kasutada lihemaid edastusviivitusi ja parandada mé6tmiste efektiivsust.
Kodeeritud ergastuse kasutamine voimaldas vahendada etteantud signaali ja mira suhte
saavutamiseks vajalike ajaliste keskmistamiste arvu 40 kordusm&dtmiselt Gihe véi méne
mootmiseni, parandades markimisvaarselt mootmiste efektiivsust. Lisaks sailitas valjatoo-
tatud BMOGCC Barkeri ja Golay koodide konvolutsioonil péhinevate koodide (BCGC) suure
amplituudivéimenduse, omandades samal ajal vastastikku ortogonaalsete Golay komple-
mentaarkoodide (MOGCC) paralleelse signaaliedastuse voimekuse. Tulemused naitavad,
et koik kolm vilja pakutud lahenemist tdiendavad Uiksteist ning pakuvad téhusaid véima-
lusi ultrahelimdotmiste efektiivsuse suurendamiseks.

Doktoritd6 panustab ultraheliuuringute valdkonda kolme ultrahelimé6tmiste efektiiv-
suse suurendamisele suunatud ldhenemise slistemaatilise uurimisega. Valjatootatud me-
toodikad moodustavad tervikliku raamistiku ultrahelimé6tmiste efektiivsuse parandamise-
ks, sailitades samal ajal mootetulemuste usaldusvaarsuse. Kaesolevas t66s esitatud me-
toodikad ja tulemused loovad eeldused edasiseks teadus- ja arendustegevuseks veelgi t6-
husamate ultraheliuuringute meetodite valjatootamisel.
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Abstract: Detecting defects in plates is crucial across various industries due to safety risks. While
ultrasonic bulk waves offer point-by-point inspections, they are time-consuming and limited in
coverage. In contrast, guided waves enable the rapid inspection of larger areas. Array transducers
are typically used for more efficient coverage, but conventional excitation methods require sufficient
time delays between the excitation of array elements that prolong inspection time, necessitating data
acquisition time optimization. Reducing time delays can lead to signal overlapping, complicating
signal separation. Conventional frequency domain or time-domain filtering methods often yield
unsatisfactory separation results due to the signal overlapping in both domains. This study focuses
on the application of the Fractional Fourier Transform (FrFT) for separating overlapping ultrasonic
signals, leveraging the FrFI’s ability to distinguish signals that overlap in both the time and frequency
domains. Numerical simulations and experiments were conducted to investigate the FrFI’s separation
performance for guided waves inspection with array transducers. Results showed that a smaller
time delay worsened separation, while using a chirp signal with a broader bandwidth improved
separation for signals of fixed duration. Additionally, the effect of signal dispersion on the results was
minimal. The findings confirm that the FrFT can effectively separate overlapping signals, enhancing
time efficiency in guided wave inspections using array transducers.

Keywords: ultrasonic guided waves; array transducer; signal separation; fractional Fourier
transform; time efficiency

1. Introduction

Plates are extensively used in various industries, such as construction, aviation, and
shipping [1-3]. However, defects can form in these metal plates during or after manu-
facturing. The occurrence of defects can be attributed to various reasons, such as rolling
processes or large mechanical impact [4,5]. Different types of defects including holes, cracks,
and corrosion are commonly observed in plates [6]. These defects lead to reduced structure
integrity, increasing the risk of structural failure, which can, in turn, result in property
damage, loss of life, and even catastrophic incidents. For example, the collapse of the
1-35W Mississippi River bridge was caused by a defective metal plate, demonstrating that
even minor defects can lead to catastrophic failures [7]. Ensuring the proper functioning
and safety monitoring of structures incorporating plates is essential, making it crucial to
develop reliable methods to detect and quantify these defects.

Numerous techniques have been developed for plate inspection, including radiog-
raphy, visual inspection, and ultrasonic bulk wave testing. Radiography uses X-rays to
penetrate the inspected objects, offering high accuracy and the ability to detect the internal
defects beneath the object’s surface. However, X-ray inspection systems pose a risk of
radiation exposure to users [8]. Visual inspection performed by humans in industries
is simple but not time-efficient and can be tedious, leading to the popularity of camera-
based inspection [9]. Camera-based inspection is widely used due to its high accuracy,
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convenience, and low labor requirements; however, it is generally restricted to surface
defects [10]. Ultrasonic bulk wave inspection, while safer than radiography and requiring
less complex image processing compared to camera-based methods, involves inspecting
objects point by point, which demands high-performance mechanical control systems and
is time-consuming [11].

Ultrasonic guided waves (UGWs) have become a promising tool for non-destructive
evaluation due to their remarkable advantages. UGW-based inspection methods are cost-
effective, capable of detecting both surface and internal defects, and able to inspect large
areas without the need to move transducers point by point [12]. Consequently, UGW-
based methods are widely employed for both inspecting and long-term monitoring of
plates. The use of UGWs in plate inspection has been investigated by numerous researchers.
For instance, Cho et al. studied crack growth in plates using UGWSs, while Sharma et al.
investigated the defects for submerged plates using UGWs [13,14]. UGW inspection tech-
niques can be categorized based on signal reception methods: pulse-echo techniques, which
collect reflected signals, and pitch—catch techniques, which collect transmission-through
signals [15,16]. Additionally, UGW inspection techniques can be classified according to
the number of transducers used: array techniques that utilize multiple transducers and
non-array techniques that employ only one or two transducers [17,18].

UGW inspection using a single transducer or a pair of transducers can only scan a
limited area, making it inefficient for covering large areas, as shown in Figure 1a. In contrast,
an array transducer enables rapid data collection through multiple transducers without
needing to move them, facilitating more accurate and efficient inspection over large ar-
eas [19]. Conventionally, transducers in an array are excited individually, often with one
transducer repeatedly excited multiple times to improve the signal-to-noise ratio through
signal averaging [20]. Additionally, a sufficient time delay TD greater than the excitation
duration between successive excitations is necessary to ensure that received signals are not
interfered with by adjacent excitations, as shown in Figure 1b. However, this approach
reduces data acquisition efficiency. To improve the time efficiency of conventional array
transducer inspections, the time delay between successive excitations can be shortened
to less than the excitation duration, as shown in Figure 1c. By comparing Figure 1b and
Figure 1c, the signals emitted by the four sensors on the right in Figure 1c arrive earlier
than those in Figure 1b due to the reduced time delay. In conventional array transducer
inspection, if the number of signal averaging and transducers in an array is denoted as P
and Q, the total time delay is P x Q x TD. With the reduced time delay td, the total time
delay becomes P x Q X td, which can significantly reduce time costs, particularly when
the array contains a large number of transducers or requires extensive signal averaging.
However, reducing the time delay may cause received signals to overlap, making them
challenging to identify within a measured signal. This can complicate signal interpretation,
rendering it unsuitable for further data processing.

Various methods have been employed to separate ultrasonic signals. For signals that
overlap only in the frequency domain, appropriate frequency filtering can effectively sepa-
rate them. Similarly, if signals overlap only in the time domain, time-domain windowing
can be sufficient for separation. The most challenging case arises when signals overlap in
both time and frequency domains, where simple time windowing or frequency filtering
alone are inadequate. Eliminating overlap in both domains requires the signal duration
to be as short as possible while maintaining a narrow bandwidth. However, according
to the uncertainty principle, achieving both a short duration and a narrow bandwidth
simultaneously is impossible [21]. Several studies have attempted to address this challenge
of dual-domain overlap. High-frequency broadband signals with short durations are of-
ten recommended to reduce time-domain overlap, yet high-frequency signals are often
impractical due to significant attenuation [22,23]. Frequency-division-based techniques
minimize overlap in the frequency domain; however, they often require identical trans-
mitted signals across applications to allow for a consistent interpretation of the received
signals, limiting the applicability of frequency-division-based techniques [24-27]. Matching
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pursuit methods approximate overlapping signals from a dictionary of atom signals to
enable separation in both domains, though constructing an efficient dictionary remains a
practical challenge [28-30]. Signal coding techniques, such as Barker and Golay codes, help
compress signals into narrow peaks, improving signal component localization, but may
not always guarantee complete signal separation [31,32].

transmitter transmitter array transmitter array

e T T Y

c
0 8398
O hole elT v O hole eiﬁd O hole

866060 866080

receiver receiver array receiver array

‘ moving direction
__moving direction

(@) (b) ()
Figure 1. Schematic of UGW inspections. (a) Single transmitter-receiver inspection requiring
transducer movement for larger areas. (b) Array transducer inspection with sufficient time delay.
(c) Array transducer inspection with reduced time delay.

The limitations of traditional separation methods can be addressed by the Fractional
Fourier Transform (FrFT), a generalized Fourier Transform (FT) that has gained increasing
attention for ultrasonic signal separation in recent years. Although the concept of the FrFT
first appeared in the mathematical literature in the 1920s, it gained significant traction in
the 1980s with contributions from Namias [33,34]. Digital computation algorithms for the
FrFT, developed by researchers like Ozaktas and Pei have further facilitated its widespread
application [35-41]. Similar to the FT, which decomposes signals into a series of sinusoids,
the FrFT represents signals as a decomposition of a series of linear chirps, enabling sharp
compression of linear chirp signals. This property allows the FrFT to effectively separate
linear chirp signals that overlap in both the time and frequency domains. Recent research
has successfully applied the FrFT for ultrasonic signal separation. For instance, Cowell et al.
utilized the FrFT to separate echoes generated by a single linear chirp transmitted through
a steel plate [42]. Harput et al. explored the FrFT for human tooth imaging, separating
overlapping chirp signals for enhanced image clarity [43]. Pachauri applied the short-time
FrFT to separate synthetic ultrasonic composite signals [44]. Additionally, Li et al. proposed
an FrFT-based method for monitoring pipe elbow erosion by isolating useful signals from
interfering signals [45]. Despite these advancements, most FrFT-based ultrasonic signal
separation techniques have been limited to single-transducer inspection. Its application
in array transducer inspection, along with the effects of chirp parameters and signal
dispersion, remain underexplored areas for further research.

The main aim of this paper is to investigate the application of the FrFT in separating
overlapping signals for UGW array transducer inspection. To evaluate the effectiveness
of the FrFT, we simulated the UGW propagation of the Ag mode in an aluminum plate
with a hole using finite element (FE) modeling, and conducted corresponding laboratory
experiments. Instead of driving each transducer individually, we excited all transducers
simultaneously with a reduced time delay to enhance time efficiency. In addition, the
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performance of the FrFT under different delay settings was compared and analyzed. This
paper is organized as follows: Section 2 covers the fundamentals of the FrFT, including
its calculation, key properties, and mechanism for separating signals that overlap in both
the time and frequency domains. Section 3 validates the separation performance of the
FrFT through numerical simulations. Section 4 demonstrates the FrFT’s separation perfor-
mance based on experimental data. Section 5 discusses the results, and Section 6 provides
the conclusions.

2. Fractional Fourier Transform Theory and Methods for Signal Separation
2.1. Principles of the FrFT

The FrFT has been defined and interpreted in various ways, including as a linear inte-
gral transform, a rotation of the time-frequency plane, and as the solutions of differential
equations[46,47]. A common definition of the FrFT involves a linear integral transform,
expressed as follows:

+o0
Xp(u) = Ay / F(t)expljm cota(t? + u?) — 2ut csc a]dt, 1)
J —00
where sen(sing) | i
—jmsgn(sina ja
PR Sk @
| sina|2
and
-1, t<0
sgn(t) =40, +t=0. @)
1, t>0

Here, f(t) represents the time-domain function to be transformed, j is the imaginary
unit, and u is the fractional domain variable, functioning as the time in a time-domain
signal or the frequency of the FT of a signal. The parameter a represents the rotation angle
of the FrFT, and the fractional power given by p = 2%. The range of a is [, + 7] with a
period of 271, making p range within [—2,2] with a period of 4. The function sgn () denotes
the sign function.

The chirp signal, characterized by a frequency that varies with time, is widely used
in ultrasonic testing due to its frequency-sweeping nature [48]. A common example is the
linear chirp signal, where frequency changes linearly over time, defined as

B B
o(t) = exp2jm(fet — —t+-=t*),0<t < T, @
22T
where T is the time duration, B is the sweeping bandwidth, and f, is the center frequency.
The swept frequency range is (fc — g, fe+ g), and the chirp rate is % The instantaneous
frequency of a linear chirp is defined as

d B B B B
filt) = S (fet = St omt) = fo— 5 + 2t ®)

By comparing Equations (1) and (4), it is clear that the kernel of the FrFT consists of a
set of linear chirps with a chirp rate of cota, similar to the FT, exp(—2jmft). Unlike the FT,
the FrFT includes an additional parameter «, and the FrFT becomes the FT when a = %
In the following, Fr* denotes the FrFT with angle . Some key properties of the FrFT are

given as follows [49,50]:

.« FOF) = ()

o Frif(t)isequal to the FT of f(t);

o Fro2f(t)is equal to the inverse FT of f(t);

e Linearity: Fr*[L, befi(t)] = iy bl Fr[fie(B)]};
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e Index additivity: Fr*+tP[f(t)] = Fr*{FrP[f(1)]};
¢ Rotation invariance: the Wigner—Ville Distribution (WVD) of Fr*[f(t)] is identical to
the WVD of f(t) with the axis rotated by a.

The rotation invariance property indicates that the FrFT preserves a signal’s time-
frequency distribution. With this, the FrFT can be viewed as a rotation of the time—frequency
plane (Figure 2a), where the fractional domain is a domain between the time domain and
frequency domain. Additionally, Figure 2b shows that a linear chirp signal can be sharply
compressed at an optimal angle in the fractional domain. This optimal angle «, is calculated
as — arctan(%), with the corresponding fractional power _72 arctan( %) [51].

wo

rV

Tf

o

()

(b)

Figure 2. Schematic diagram of the FrFT. (a) Rotation invariance: the location of spectral components

is unaffected by the rotation angle. (b) Chirp compression: the transformation of a long chirp signal
into a narrow peak.

2.2. Calculation of the FrFT

Similar to how the Fast Fourier Transform (FFT) significantly advanced the devel-
opment of the FT, the fast calculation algorithm for the FrFT is crucial for its successful
application in signal processing. However, unlike the FFT, which strictly adheres to the
properties of the FT, current fast digital FrFT calculation algorithms do not fully conform
to all FrFT properties of the FrFT [49]. Despite this limitation, some algorithms effectively
approximate these properties for practical use. In this study, we employed Ozaktas’ fast
FrFT calculation algorithm due to its high accuracy and low calculation complexity [35].

The preliminary step of Ozaktas’ algorithm involves dimension normalization, which
equalizes the support for the FrFT regardless of the rotation angle. To achieve this normal-

ization, a scaling factor S = ﬁ—} is used to rescale the signal, where At and Af represent

the signal’s time length and bandwidth, respectively. Following rescaling, the time and
frequency coordinates are transformed into new coordinates as tey = é and fuew = fS,
keeping the same signal length Ax = /AfAt in both t,., and fyew. The next step is to
decompose Equation (1) into simpler equations and perform discretization using Shannon’s
interpolation formula. For a digital signal with N sampling points, the computational com-
plexity of the algorithm is O(NlogN), which matches that of the FFT. Due to dimension
normalization and discretization, the optimal angle «,; for the digitized signal, aimed at
achieving the best compression of the linear chirp signal ¢(#) in the fractional domain, is
modified as
£T
N

B

) (6)

a,q = — arctan(

where f; is the sampling frequency.
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2.3. The FrFT Separation Process for Overlapping Signals

The separation of overlapping linear chirp signals using the FrFT relies on its properties
of linearity and rotation invariance. Linearity ensures that the FrFT of a sum of signals
equals the sum of the FrFT of each individual signal. Rotation invariance enables the
sharp compression of a linear chirp by rotating the axis to a suitable angle. Utilizing these
properties, overlapping linear chirp signals in both the time and frequency domains can be
decomposed into separated, compressed signals in the fractional domain, as illustrated in
Figure 3.

Signal A
’7 Signal B
f /
A '
[ o FrFT with:a ‘
Windowing / ; \Windowing
vt \4
u u

FrFT with - « l 1 FrFT with - «

N 1\

‘ t t

Figure 3. Flow chart of the three-step FrFT separation.

The separation process involves three main steps:

e  Transformation to the Fractional Domain: the overlapping signals are transformed
into the fractional domain, with the selection of a suitable rotation angle a being
critical. Effective separation depends on choosing an optimal angle determined by
Equation (6).

*  Peak Separation: in the fractional domain, each individual signal appears as a distinct
peak. These peaks are separated using a window function, typically a rectangular
window, to minimize distortion.

*  Restoration to the Original Time Domain: once separated in the fractional domain,
the signals are transformed back to the time domain via the inverse FrFT. To achieve
signal restoration, the inverse FrFT is employed. Based on the index additivity prop-
erty, the inverse FrFT can be obtained simply by applying the FrFT with the opposite
angle —a, as shown in

f(8) = Fr2[f(6)] = Fr=*{Fr[f(D)]}. @)

Therefore, unlike the inverse FT, the inverse FrFT is simply the FrFT with the opposite
angle. A key requirement for separation is a time delay between the overlapping signals,
ensuring that the signals are distinguishable in the time—frequency plane even though they
overlap in both the time and frequency domains. Figure 4 illustrates the flow of signal
separation using the FrFT. Figure 5 provides an example of how a synthetic overlapping
signal is separated as two individual signals, where a linear chirp signal is overlapped by
another chirp with a time delay.
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Figure 4. Separation of overlapping linear chirps. The two chirps share a bandwidth of 50 kHz and a
center frequency of 100 kHz, with signal 2 delayed by 0.1 ms. Peak 1 corresponds to signal 1, while
peak 2 corresponds to signal 2. The boundary between the peaks is marked with the black dashed line.
The amplitude error represents the difference between the separated signal and the original signal.
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Figure 5. (a) chirpsg. (b) chirpygo. (c) The FrFT of chirpygg and chirpsp. (d) Geometry of the simula-
tion setup.

3. Numerical Simulations
3.1. Finite Element Modeling

Simulations were performed in ABAQUS software (Version 6.9) [52] to evaluate the
FrFT’s effectiveness in separating signals. A three-dimensional (3D) finite element model
was created, consisting of an aluminum plate of size 1000 mm x 1000 mm x 2 mm, with an
11 mm diameter hole located centrally. The model was meshed with element type C3D8R
with a size of 1 mm. The Ay mode was generated by applying an out-of-plane force at
two source nodes on the plate surface, while out-of-plane displacements were measured at
two receiving nodes. Two different increasing linear chirp signals were used for excitation:
the first, chirpsg (Figure 5a), is a 20-cycle Hanning-windowed chirp with a 100 kHz center
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frequency and 50 kHz bandwidth, matching the bandwidth and center frequency of the
experimental ultrasonic transducer. The 20-cycle length balances high compression in the
fractional domain with minimal plate boundary reflections, as shorter chirps offer less
compression, and longer chirps risk interference from boundary reflections. The second
signal, chirpgo (Figure 5b), retains these parameters but has a 100 kHz bandwidth to
evaluate the influence of bandwidth on FrFT performance. The FrFT of chirpigy and
chirps is shown in Figure 5c. Dispersion curves for this 2 mm aluminum plate, showing
phase and group velocities as functions of frequency, are displayed in Figure 6. Since the
excitation signal frequency lies in a dispersive region of the dispersion curve, the signal
undergoes shape changes due to dispersion. Both the hole and dispersion effects allow for
an assessment of their impact on the FrFT’s separation performance.

6 6
g g
B So b= So
ES >*
£ £
kel <]
[ © Aoy
>2 >2
8 4o s
g s
. 0 © 0
0 200 400 600 800 0 200 400 600 800
Frequency (kHz) Frequency (kHz)

(a) (b)
Figure 6. Dispersion curves of Lamb waves in a 2 mm thick aluminum plate. (a) Phase velocity.
(b) Group velocity.

Simulations were performed with reduced time delays (see Figure 5d), covering two
groups: one with chirpsg as the excitation signal and another with chirp;qg. Table 1 lists the
time delay settings. Due to the reduced delay, the received signals overlapped in time and
were separated using the FrFT.

Table 1. Delay setting for simulations.

Group No. Simulation No. Receiving Point No.  Excitation Signal Source 1 Source 2
1 1 chirpsg No delay 100 ps delay
1 1 chirpsg No delay 80 us delay
3 1 chirpso No delay 60 ps delay
5 4 1 chirpyoo No delay 80 s delay
5 1 chirpigo No delay 60 ps delay

To assess separation performance, each source was also excited individually, allowing
the collection of original, non-overlapping signals for reference. Additionally, simulation 6
used the same delay as simulation 3 but was conducted on a plate without a hole, examining
the hole’s impact on separation. To further study dispersion’s influence on separation,
two chirpsy signals were delayed and summed based on signal locations of simulation 6,
and separation was performed on this overlapping summation signal.

3.2. Results of Signal Separation

The signal collected at receiving point 1 when only source 1 is excited was labeled
511, with S21 following the same naming convention. Figure 7 illustrates the detailed
separation results for simulation group 1, with each column representing the separation
process for simulations 1 to 3 in sequence from left to right. The first-row figures show the
original signals from individual sources with different delays. The second row displays the
summations of two overlapping signals, showing the complexity of signal interpretation.
By applying Equation (6) and using known chirp parameters, the optimal rotation angle
was determined. Transforming the signals into the fractional domain using this angle
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achieved signal compression, as seen in the third-row figures. In this domain, signal
components appear as distinct peaks, with smaller delays resulting in greater peak overlap.
The peaks were isolated by windowing in the fractional domain, with peak boundaries
indicated by black dashed lines. The windowed signals were then transformed to the time
domain using the inverse FrFT. The separated signals are compared to the original signals
in the fourth and fifth rows, with the fourth row corresponding to 511, and the fifth to S21.
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Figure 7. Separation of overlapping signals collected at receiving point 1 using chirpsg
(simulations 1-3). The first row (a—c) shows the original signals from each source. The second
row (d—f) represents the summation of these signals, creating overlap. The third row (g—i) displays
the FrFT of the overlapping signals. In the fourth row (j-1), the separated signal from source 1 is
compared with its original signal. The fifth row (m—0) compares the original signal from source 2
with its separated version.

Figure 8 presents the separation results for simulations 4 and 5, where chirp;o was
used. Separation results for simulation 6, which is without a hole, as well as for the
summation of two overlapping chirpsy without dispersion, are shown in Figure 9.
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Figure 8. Separation of overlapping signals using chirpygg at receiving point 1. The first column shows
the separation results for simulation 4, and the results for simulation 5 are shown in the second column.

The first row (a,b) shows the original signals from each source. The second row (c,d) represents the
summation of these signals. The third row (e,f) displays the FrFT of the overlapping signals. In the
fourth row (g h), the separated signal from source 1 is compared with its original signal. The fifth
row (i,j) compares the original signal from source 2 with its separated version.
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Figure 9. Separation results for simulation 6 and summation of two overlapping chirpsy. The sepa-
ration results for simulation 6 are shown in the first column. The separation results for summation
of two overlapping chirpsy are shown in the second column. The first row (a,b) shows the original
signals from each source. The second row (c,d) represents the summation of these signals. The third
row (e,f) displays the FrFT of the overlapping signals. In the fourth row (g,h), the separated signal
from source 1 is compared with its original signal. The fifth row (i,j) compares the original signal
from source 2 with its separated version.

4. Experimental Measurements
4.1. Experimental Setup

To further evaluate the FrFT’s effectiveness, experimental measurements were per-
formed to ensure that factors such as transducer response and data acquisition (DAQ)
did not significantly impact the separation performance. The experimental setup, shown
in Figure 10a, included a 1000 mm x 1000 mm x 2 mm aluminum plate with an 11 mm
diameter central hole, two ultrasonic transducers, a laser vibrometer, and a DAQ system.
The transducers (50208, ACS Ltd., Saarbriicken, Germany) with a center frequency of
100 kHz and a bandwidth of 50 kHz were coupled to the plate using a coupling agent
for optimal contact. Vibrations at the receiving points on the plate surface were mea-
sured using a Polytec VFX-I-160 laser vibrometer. The DAQ box, equipped with functions
such as signal amplification and averaging, connected to the PC via USB and was con-
trolled by LabVIEW-based software to set the excitation signals, time delay, sampling rate,
amplification, and signal averaging [53].

The experiments focused on Ay mode propagation for two excitation sources and two
receiving points. The chirpsg signal was chosen to validate FrFT separation, while chirpig,
used in the simulations, was excluded due to the transducers’ bandwidth limitations.
Delay settings of experiments 1-3 matched simulations 1-3. The positioning of the hole,
transducers, and receiving points in Figure 10b mirrored the simulated setup in Figure 5d.
Signal averaging was used in the experiments, with signals collected by the laser vibrometer
averaged 100 times to minimize mechanical, ambient, and DAQ system noise.
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Figure 10. Experimental setup. (a) Measurement setup including ultrasonic sensors, laser vibrometer,
and DAQ system. (b) Geometry of the sensors, hole, and receiving positions.

4.2. Results of Signal Separation

Figure 11 illustrates the detailed separation results for experiments, with each column
representing the separation process for experiments 1-3 in sequence from left to right.
The separation process follows the same flow as in the simulations: the rows from first
to fifth correspond to the original signals, the summation of the overlapping signals,
the transformed signals in the fractional domain, and the separated signals, respectively.
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Figure 11. Separation of overlapping signals collected at receiving point 1 (experiments 1-3). The first
row (a—c) displays the original signals from each source. The second row (d-f) shows the summation
of these signals. The third row (g—i) represents the FrFT of the overlapping signals. In the fourth
row (j-1), the separated signal from source 1 is compared with its original signal. The fifth row
(m—-o0) compares the original signal from source 2 with its separated version.

5. Discussions

Observations from simulations 1-3 (Figure 7) indicated that overlap in the fractional
domain increased as the time delay decreased, adversely affecting separation performance.
The fourth and fifth rows of Figure 7 demonstrated that harmonic-like artifacts at the
sidelobes significantly contribute to separation errors. As the delay increased, the peaks in
the fractional domain moved further apart, reducing harmonic-like artifacts when applying
the rectangular window to separate the overlapping signals. Acceptable separation was
achieved for two delays: 100 ps and 80 us. However, at the 60 us delay, the separation
performance deteriorated rapidly as the difference between the separated signal and the
original signal became noticeable at the sidelobes.

Simulations 4-5 (Figure 8) revealed similar trends, confirming that a larger time delay
resulted in improved separation performance. Additionally, separation performance using
chirpigo outperformed that of chirpsy under the same time delay.

Figure 9 indicated that the presence of the hole did not significantly impact the FrFT
separation performance, as the shape of the signal scattered from the hole was similar to
that of the incoming signal. Comparing the dispersive signals shown in the first column
with the non-dispersive signals in the figures of the second column, it is evident that the
dispersion was mild due to the short wave propagation distance, posing no apparent
influence on the separation.

Experiments (Figure 11) also showed that a larger time delay yielded a better sepa-
ration, and, at the 60 ps delay, the separation performance decreased rapidly. Comparing
Figures 7 and 11, it can be observed that experimental measurements demonstrated lower
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separation accuracy than simulations due to greater separation errors in the sidelobes,
particularly at the 60 ps delay.

To quantitatively evaluate the signal separation performance, we employed the maxi-
mum magnitude error (MME) and the root mean square error (RMSE) to calculate the error
between the original signal and separated signal. MME is defined as the relative magnitude
difference among all discrete time points as

max |S, (i) — Ss(i)|

MME =
max |S,(7)]

, )
where S, (i) and Ss(i) represent the discrete original and separated signals, respectively.
RMSE is defined as the square root of the squared difference between the original signal

and separated signal:
N i) — S. ()12
RMSE = \/27—1[50(’13] SsF, ©)

where N is the number of discrete time points. Figure 12 shows the MME and RMSE for
simulations 1-3, revealing that both metrics increased as the delay decreased, indicating
that a shorter delay resulted in poorer separation. Figure 13 compares the separation errors
between chirpyog and chirpsy. While chirpygo exhibited lower MME at the 60 ps delay, it had
slightly higher MME at the 80 us delay. At the 80 us delay, signals were effectively separated
using either chirpigg or chirpsp, with numerical error contributing significantly to the MME.
On the other hand, chirp;pp had smaller RMSE than chirpsg at all delays. chirpygp favored
separation over chirpsg, which can be intuitively explained by the greater compression of
chirpigp in the fractional domain. As shown in Figure 5c, the FrFT of chirpsy had a larger
main lobe width than that of chirpygy. Figures 12 and 13 collectively demonstrate that
smaller time delays lead to greater MME and RMSE. This is due to the increased signal
overlap, which becomes a major source of error in FrFI-based signal separation.
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0.081 1o
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s X
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=0.04} 10
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(a) (b)
Figure 12. Signal separation errors for simulations 1-3. (a) MME. (b) RMSE.

Experimental measurement errors, depicted in Figure 14, demonstrated that both
RMSE and MME increased as the time delay decreased. Notably, separation errors at 60 ps
became evident, though the main lobe of the signal remained well separated. By eliminating
the signal before and after the main lobe, ideal separation results could still be obtained. It
can be observed from Figures 12a and 14a that MME values from experiments were greater
than those from simulations. Table 2 lists the MME and RMSE from simulations 1-3 and
experiments 1-3 where chirpsy was used as the excitation signal. Nonetheless, both the
experiments and simulations have shown accurate separation at delays of 100 pus and 80 us,
but accuracy dropped at 60 ps. Overall, the observations from simulations agreed well
with the experimental findings, confirming that signal separation can be achieved using
the FrFT with an appropriate delay. This method allows for reduced time delays between
excitations, facilitating more time-efficient inspections.
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Figure 13. Comparison of signal separation errors using chirp signals with different bandwidths
(simulations 4-5). (a) MME. (b) RMSE.
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Figure 14. Signal separation errors for experiments. (a) MME. (b) RMSE.
Table 2. Maximum values of MME and RMSE.
Sim. No. 1 Sim. No. 2 Sim. No. 3 Exp. No. 1 Exp. No. 2 Exp. No. 3
Time Delay 60 us 80us 100 ps 60 pus 80 us 100 ps
MME 8.3% 2.9% 2.4% 12.7% 5.9% 3.5%
RMSE 33 x 1071 1.0 x 10711 6.7 x 10712 46 x107° 21 x107° 1.1 x 10758

Sim. No.: simulation number. Exp. No.: experiment number.

6. Conclusions

This study presented an efficient method aimed at separating overlapping signals
caused by the reduced time delay between excitations, thereby improving the time effi-
ciency of conventional array-transducer-guided wave inspections for plates. The proposed
method is based on the FrFT, which enables the separation of signals in the rotated time-
frequency domain using an optimal rotation angle. Unlike traditional time or frequency
windowing, the FrFT allows for the separation of signals that overlap in both time and
frequency domains—a challenge often encountered in practical ultrasonic measurements.
The effectiveness of the FrFT was validated through 3D FE simulations and experiments
involving varying time delays and bandwidths, demonstrating good agreement between
simulation and experimental results. Successful separations were achieved with a mini-
mum time delay of 80 ps, while contamination of the separation process became evident at
the 60 us delay. In addition, using chirpigp proved to be more advantageous than chirps
for signal separation. Overall, it was confirmed that larger time delays and wider sig-
nal bandwidths enhance separation accuracy, and the FrFT exhibited robustness against
dispersion and the presence of holes in simulations.
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One limitation of the proposed signal separation method is that it is currently limited
to linear chirp signals due to the inherent properties of the FrFT, which restricts its broader
application in certain scenarios. Another limitation of this study is the use of only two
excitation sources and two receiving points. Future work should explore the application
of the FrFT-based separation method with array transducers having a larger number of
transducers. Additionally, while the dispersion observed in this study was mild, future
research should address scenarios involving severe dispersion. Furthermore, the influence
of various types and sizes of defects on the performance of FrFT separation will also
be investigated.
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Abstract

Ultrasonic testing (UT) is a vital nondestructive testing (NDT) technique used to evaluate
the integrity of materials and structures. However, conventional excitation signals often
suffer from significant attenuation in highly attenuative materials, resulting in low signal
energy and poor signal interpretation. Coded excitation techniques, such as the Barker
code and the complementary Golay code (CGC), have been used to enhance signal energy
and signal-to-noise ratio. Yet, Barker codes are limited by short sequence lengths, while
CGC requires two transmission events, reducing time efficiency. This paper proposes a
novel excitation method: the Barker-convolved mutually orthogonal Golay complementary
code (BMOGCC). By convolving the Barker code with the mutually orthogonal Golay
complementary code (MOGCC), BMOGCC combines the advantages of both, including
flexibility in code length, improved signal amplitude, low sidelobe levels, and enhanced
time efficiency. Performance was evaluated using numerical simulations and laboratory
experiments, with key indices including the peak sidelobe level (PSL), mainlobe gain
(MG), and temporal resolution. The results show that BMOGCC achieves a significantly
higher MG than either the Barker code or MOGCC alone while maintaining a low PSL and
preserving the temporal resolution. These findings demonstrate that BMOGCC is effective
and efficient for coding excitation signals in ultrasonic testing, offering improved signal
quality and measurement time efficiency.

Keywords: nondestructive testing; ultrasonic testing; coded signals; time efficiency

1. Introduction

Nondestructive testing (NDT) enables the inspection of materials, components, and
structures without causing damage or interrupting their operation and is essential to
ensure the safety and integrity of civil structures such as metal plates and pipelines [1-3].
Ultrasonic testing (UT), a critical NDT technique, is widely used in a number of fields,
such as civil engineering, aerospace, and the energy industry, due to its high efficiency and
ability to detect various types of defects [4—6]. UT involves the generation, transmission,
and reception of ultrasonic waves that interact with defects in the material. The health
condition of the material is then assessed by processing the received signals. Consequently,
the quality of the received signals is vital to the reliability of UT.

Ultrasonic signals are vulnerable to attenuation and noise contamination in practical
measurement environments. For example, signals can be heavily distorted due to long-
distance propagation, such as in rail inspections [7]. In UT, signal energy is a valuable
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resource. High energy enables ultrasonic waves to propagate over longer distances, allow-
ing the detection of material defects located farther from the ultrasonic transducer. One
approach to increasing the signal energy under adverse measurement conditions is to raise
the signal voltage. However, high voltage is often prohibited for various reasons, such as
in flammable environments and due to limitations of data acquisition systems [8]. Another
approach to increasing the signal energy is to extend the signal duration. However, simply
extending the duration degrades the temporal resolution and creates strong sidelobes [9].

Coded signals employ extended coded pulses to increase signal energy without raising
pulse voltage, thereby enhancing measurement reliability and safety. For a signal received
from a UT system using a coded excitation signal, a decoding process commonly known
as pulse compression is needed to compress the long coded signal into a narrow peak,
thus enhancing signal amplitude without sacrificing temporal resolution [10,11]. These
advantages make coded excitation signals widely used in UT, particularly for testing highly
attenuated materials and performing long-distance inspections. Figure 1 presents a UT
system using a coded excitation signal.

Transmitter

Short pulse %— —>| Coded excitation signal |

=
<

| Wave propagation in media ‘ | Wave propagation in media |

I

| Simple receiving F— —>| Decoding ‘

Receiver

Figure 1. Schematic diagram of a UT system using a coded excitation signal.

Coded signals were initially used in radar systems and later introduced into ultrasonic
systems. In 1979, Takeuchi was the first to propose their application in medical ultrasound
systems, emphasizing the benefits of spreading signal energy over time and highlighting
the time-bandwidth product for improving the signal-to-noise ratio (SNR) [12]. Based on
the modulation type of the carrier wave used to construct coded signals, coding methods
can be categorized into frequency modulation (FM), amplitude modulation (AM), and
phase modulation (PM). FM signals have a varying instantaneous frequency, resulting
in better pulse compression. Numerous FM techniques, including linear FM, have been
applied in UT. Linear FM is the simplest case, in which the instantaneous frequency changes
linearly over time. Gan et al. demonstrated an SNR improvement in measurements of
metal plates using linear FM [13]. AM encodes the signal by modulating the amplitude
of the carrier wave. Eckersley et al. investigated the effectiveness of AM for imaging at
low acoustic power [14]. In PM, the carrier wave retains constant amplitude and frequency,
while modulation occurs through controlled phase shifts. These phase shifts facilitate
more effective pulse compression by suppressing sidelobes. Various PM codes have been
employed in UT, with Barker codes and the complementary Golay code (CGC) among
the most commonly used. Barker codes are valued for their simplicity and relatively low
sidelobe levels. For example, Jiang et al. used Barker codes to improve the SNR in the
inspection of highly attenuated wood materials [15]. Using Barker codes, Xia et al. achieved
greater effectiveness than average filtering in measuring material thickness [16]. CGC is
capable of eliminating sidelobes, which are inevitable in Barker codes. Garcia-Rodriguez et
al. employed CGC in air-coupled ultrasonic Lamb-wave systems to achieve more precise
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time-of-flight calculations [17]. Germano et al. applied CGC in the ultrasonic total focusing
method, obtaining greater penetration depth and improved image quality [18].

However, Barker codes are limited to only seven unique sequences, with a maximum
length of 13. This restricts their effectiveness in enhancing signal amplitude and SNR, and
limits the flexibility to choose a suitable code length for practical measurements [19,20].
Although CGC shows excellent performance in sidelobe suppression and signal amplitude
enhancement, it requires two transmission events, thereby halving the time efficiency
of measurements [21,22]. Recent studies have attempted to address the limitations of
Barker codes and CGC. Kim et al. proposed the Barker-convolved Golay code (BCGC),
formed by convolving Barker codes with CGC, which expands code length flexibility
and increases signal amplitude [23]. However, the study used only the 3-bit Barker code
to construct the BCGC. Zeng et al. conducted a more comprehensive theoretical study
covering all Barker code lengths [19]. Later, Zeng et al. explored the performance of
BCGC for pipeline inspection [24]. BCGC provides more options in code length and
improves signal amplitude but still suffers from the same low time efficiency as CGC.
Yang et al. developed multivariate codes (MC), constructed from multiple convolutions
of Barker codes and CGC, reducing the number of transmissions to one [25]. However, to
achieve the same peak sidelobe level, MC requires nearly double the code length of BCGC,
again compromising time efficiency. Although still requiring two transmission events,
the mutually orthogonal Golay complementary code (MOGCC) enables simultaneous
transmission from two transducers, thus achieving twice the data acquisition efficiency
compared to CGC [26,27]. Although MOGCC addresses the time efficiency problem, its
improvement in signal amplitude remains equivalent to that of CGC and is still inferior
to BCGC. Therefore, the limitations of Barker codes and CGC have only been partially
addressed, and more research is needed to achieve performance improvement.

In this paper, the Barker-convolved mutually orthogonal Golay complementary code
(BMOGCQC) is proposed for UT. BMOGCC combines the advantages of Barker codes and
MOGCGC, offering improved performance compared to conventional Barker codes, CGC,
and recent developments like MOGCC, BCGC, and MC. Specifically, BMOGCC provides
a higher signal amplitude than Barker codes, CGC, and MOGCC. In addition, BMOGCC
achieves better time efficiency than the recently developed BCGC and MC. Moreover,
BMOGCC offers more flexible code lengths to suit different testing requirements. To
evaluate the effectiveness of BMOGCC, ultrasonic wave propagation in a steel block was
simulated using two-dimensional (2D) finite element (FE) modeling, and corresponding
laboratory experiments were conducted. The performance of BMOGCC was analyzed and
compared with that of Barker codes and MOGCC. The rest of this paper is organized as fol-
lows. Section 2 introduces Barker codes and MOGCC, presents the derivation of BMOGCC,
and defines the performance evaluation criteria. Section 3 validates the performance of
BMOGCC through numerical simulations. Section 4 demonstrates the performance of
BMOGCC on the basis of experimental data. Section 5 discusses the results, and Section 6
concludes this paper.

2. Methodology
2.1. Barker Codes

BMOGCC is formed by convolving the Barker code with MOGCC, thereby inheriting
certain properties of Barker codes. Barker codes are widely used binary phase sequences
due to their low sidelobe level after decoding. For a Barker-coded sequence B of length Np
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composed of B(1), B(2), B(3), ..., B(N), its autocorrelation, namely the decoded sequence
Cg, is as follows [28]:

N Nz, j=0
CB(f)=xB(i)B(i+j)= Oor £1, 0<j< Na. 1)
i=1 0/ ]2 NB

Equation (1) shows that the autocorrelation peak value is equal to the coded sequence
length N, and the sidelobe level is limited to 1, demonstrating the effectiveness of Barker
codes in pulse compression. It is also evident that a longer sequence results in better
compression performance. However, the maximum length of Barker codes is 13, which
limits the maximum value of Cp to 13. Table 1 lists Barker codes of different lengths.

Table 1. Barker codes.

Coded Sequence Notation Np Code Bit Value
B2 2 1,1lorl, —1
B3 3 1,1,-1
B4 4 1,1,1,-1or1,1,-1,1
B5 5 1,1,1,-1,1
B7 7 1,1,1,-1,-1,1,-1
B11 11 1,1,1,-1,-1,-1,1,—-1,-1,1, -1
B13 13 1,1,1,11,-1,-1,1,1,-1,1,-1,1

2.2. MOGCC

When using CGC, a transducer requires two transmissions to achieve zero sidelobes,
resulting in low time efficiency. This issue becomes more serious when inspecting large
areas that require transducer relocation or the use of multiple transducers. For example,
the CGC consisting of two coded sequences GA and GB requires four transmission events
to complete inspection at two locations, as illustrated in Figure 2. MOGCC, which consists
of two pairs of mutually orthogonal complementary sequences, doubles time efficiency
by enabling simultaneous transmission from two transducers, with each still transmitting
twice [26], resulting in two transmission events in total. Due to the orthogonality between
the pairs, the received signal can be separated into components corresponding to each
individual transmitter. For the MOGCC composed of two pairs MX and MY with length
N1, where M X consists of two sequences MX; and MXj,, and MY consists of MY; and
MY,, the combined autocorrelations are given as

Cx(j) = Cx1(j) + Cx2(j) = MXq * MXq(—i) + MXo + MXo(—i) = 2Npmd(j), (2

Cy(j) = Cy1(j) + Cya(j) = MY1 * MY1(—i) + MYz x MY(—i) = 2Npd(j), 3)

where Cx and Cy denote the combined autocorrelations of MX and MY, respectively. Cx1,
Cx2, Cy1, and Cy; are autocorrelations for MX;, MX, MY1, and MY;, respectively. The
symbol * denotes the convolution operation, and MY;(—i) is the time inverse of MY;.
Furthermore, the sum of the cross-correlations between the two pairs is given by

MX1 * MYl(—i) + MXj; * MYz(—i) = MYl * MXl(—l) + MY, * MXz(—l) =0. (4)

Using Equations (2)-(4), MOGCC can be applied in a UT system that includes two
transmitters and two receivers, where MX; and MX; are two transmitted sequences for
one transmitter, and MY; and MY, for another. Figure 3 illustrates a UT system using
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MOGCC, where MX; and MY are sent simultaneously in the first transmission event, and
MX; and MY, are sent simultaneously in the second transmission event.

First transmission event Second transmission event Third transmission event Fourth transmission event

Figure 2. Use of the complementary Golay code (CGC) for ultrasonic testing.

Transmitter

Receiver

First transmission event Second transmission event

Transmitters

Receivers

Figure 3. Implementation of MOGCC in a UT system.

Although the receivers capture overlapping signals from both transmitters, the signals
can be separated so that receiver 1 extracts only the signal from transmitter 1, and receiver
2 from transmitter 2. Taking receiver 1 as an example, to extract the signal originating from
transmitter 1, we have

Cxy = (MX; + MY) * MX;(—i) + (MXp + MYa) % MXp(—i)
= MX * MXq(—i) + MXa * MXa(—i) + MY; % MXq(—i) + MYs % MXp(—i)
= MXj * MXq(—i) + MXp * MXp(—i)
=2Numé(j),

where Cyxy is the separation result, and also the decoded result, in receiver 1. The decoded
sequence Cxy has a peak amplitude of 2Ny;d(j) and zero sidelobes, illustrating the effec-
tiveness of MOGCC in pulse compression. In addition, the separation result for receiver 2
is also 2Np;6(j). Moreover, CGC and MOGCC yield the same peak amplitude Cxy after
decoding, provided that they have the same code length. Comparing Figures 2 and 3, it
is evident that MOGCC requires only two transmission events to complete inspections at
two locations, which is half the time required by CGC. Table 2 lists the 4-bit MOGCC (M4)
and the 8-bit MOGCC (M8), where M4 consists of M4X;, M4X,, M4Y7, and M4Y,, and M8
consists of M8X7, M8X,, M8Y7, and M8Y,.
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Barker code
B(@)

—— %

L %

Convoluted code
BMX,
Convoluted code
BMY,

Convoluted code
BMX,

Table 2. MOGCC.

Coded Sequence Notation Code Bit Value

M4X, 1,-1,-1,—1
M4Y; -1,1,-1,-1
M4X, -1,-1,1,-1
M4Y, 1,1,1,—1

M8X; 1,1,1,-1,1,1,-1,1
M8Y; 1,-1,1,1,1,—-1,-1,-1
M8X, 1,1,1,-1,-1,-1,1,—1
M8Y, 1,-1,1,1,-1,1,1,1

2.3. BMOGCC

BMOGCC is formed by convolving the Barker code and MOGCC, thereby retaining
the advantageous properties of both. The process of generating and decoding BMOGCC is
illustrated in Figure 4.

T _BMX1 MY, M Decodecl‘sequence
1

+ S1+$; *

Decoded sequence
S3
MX,(—1)

Decoded sequence
* s
2

+ BMX, + BMY,

Convoluted code
BMY,

Figure 4. Flow of generating and decoding BMOGCC.

The process consists of five steps. The first step involves the generation of BMOGCC,
while the remaining four steps are dedicated to decoding.

Step 1: The four MOGCC sequences MX;, MX,, MY1, and MY, are each convolved
with the Barker code. The resulting sequences, denoted as BMX;, BMX,, BMY;, and BMY>,
make up the BMOGCC. These codes are calculated as follows:

BMX, = MX; * B, BMX, = MX, # B, BMY; = MY; B, BMY, = MY, +B.  (6)

Step 2: A summation is performed between BMX; and BMY], and separately between
BMXj5 and BMY,.

Step 3: Each summation result from Step 2 is convolved with the time-reversed
versions of MX1 and MX2, respectively, yielding the decoded sequences S; and S,. The
convolution operations are written as

S1 = (BMXy + BMY;) x MX;(—i) = B(i) * (MX; + MY;) * MX;(—i),

(
Sy = (BMX, + BMY,) x MXp(—i) = B(i) * (MXa + MY) * MXp(—i). @

Step 4: The decoded sequences S; and S, are summed.
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Step 5: The sum of S; and S is convolved with the time-reversed Barker code B(—i),
resulting in the final decoded sequence S3, which is written as

S3 = (514 S2) * B(—i)
= B(i) * [(MX; + MY;) * MX; (i) + (MXz + MYz) ¥ MXp(—i)] * B(—i)
— B(i) # B(—i)  (MX1 ¥ MX1 (i) + MXa(—i) * MX)

= CB * ny.

8)

From the steps above, it is clear that the length of BMOGCC is Ny = Np + Ny — 1.
Equation (8) demonstrates that the decoded sequence S3 is the convolution of the decoded
Barker code and MOGCC. Therefore, BMOGCC achieves a higher compression peak than
either the Barker code or MOGCC alone and reaches the same compression peak as BCGC,
which is formed by convolving the Barker code with CGC [23]. Moreover, BMOGCC offers
the same time efficiency as MOGCC, which is twice that of BCGC and CGC.

Figure 5 presents the decoding results of B7M4, which is the convolution of the 7-bit
Barker code and the M4 from Table 2. The four sequences that make up B7M4 are denoted
as B7M4X1, B7M4X,, B7M4Y;, and B7M4Y;. The decoded sequence S3 of the 10-bit B7M4
clearly shows a main peak amplitude of 56, which is significantly higher than that of the
13-bit Barker code or the 16-bit MOGCC. This highlights the superior signal-amplitude
enhancement capability of BMOGCC compared to both the Barker code and MOGCC.

B7MA4Y; BTMA4X, BTMA4Y,

Figure 5. Decoding process for B7M4.
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2.4. Performance Evaluation of Codes

In practical measurements, the carrier wave is modulated by the code to generate
the coded excitation signal, where each bit of the code modulates the carrier wave. The
modulated excitation signal S, is defined as

Se=Y clw(t—i-T),0<t<T )

where ¢(i) is the i-th bit of the code and w(t) is the carrier wave.

The performance of coded excitation signals, or equivalently, of codes themselves,
is evaluated using several indices, including the peak sidelobe level (PSL), integrated
sidelobe level, mainlobe gain (MG), and mainlobe level. Definitions may vary across
studies [10,19,24-26,29]. Among these indices, the PSL and MG are two of the most critical
for evaluating code performance. The PSL is defined as the logarithmic ratio of the mainlobe
peak to the maximum sidelobe peak of the decoded signal [29]:

PSL = 2010g10(ﬂ), (10)
S

where A, is the amplitude of the mainlobe peak and A is the maximum sidelobe am-
plitude. The PSL quantifies the code’s ability to suppress self-noise introduced in the
decoding process. The MG is the logarithmic ratio of the mainlobe peak amplitude of the
decoded signal obtained using a coded excitation signal to that obtained using a 1-bit pulse
(unmodulated carrier wave) [24]:

MG = 2010g10(ﬂ), (11)
AP
where A, is the peak amplitude of the compressed 1-bit pulse. The MG represents the
ability of a code to enhance signal amplitude. Table 3 lists the theoretical PSL and MG
values. Note that the PSL is not defined for CGC and MOGCC because they ideally produce
zero sidelobes.

Table 3. PSL and MG values of codes.

Code Length PSL MG
Barker Np 201log;(Ng) 201log;(Ng)
CGC Nc - 201log;(2Nc)
MOGCC Nu - 2010g,,(2Ny)
BMOGCC Ng + Ny — 1 2010g;, N5 2010g,,(2N5Ny)

In addition to the PSL and MG, the temporal resolution, estimated by the full width
at half maximum (FWHM) of the decoded signal envelope, is important in certain NDT
imaging methods, such as the total focusing method [30,31]. Figure 6c shows the decoded
signals for a 1-bit pulse and the 5-bit Barker-coded signal, in which the mainlobe, sidelobes,
and temporal resolution are clearly characterized. The 1-bit pulse is a 2.25 MHz sine wave
windowed by a Hanning window and is shown in Figure 6a. The 5-bit Barker-coded
excitation signal generated using this 1-bit pulse as the carrier wave is shown in Figure 6b.
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Figure 6. (a) 1-bit pulse. (b) 5-bit Barker-coded excitation signal. (c) Decoded results.

3. Numerical Simulations
3.1. Finite Element Modeling

Simulations were conducted using the software ABAQUS version 2021 [32] to evaluate
the performance of the coded signals. A 2D finite element model (Figure 7) was developed,
consisting of a steel plate of size 75 mm x 140 mm, with two parallel excitation source
nodes and two parallel receiver nodes aligned accordingly. The vertical distance between
the source nodes and receiver nodes was 74 mm. The material properties of the steel used
in the simulations are listed in Table 4. The model was meshed using the CPE4R element
type. To prevent reflections at the model boundaries, a layer of CINPE4 elements was
applied outside the model perimeter. The excitation was applied as a vertical force at the
source nodes, and the vertical displacements were recorded at the receiver nodes.

140 mm

Receiver 1 Receiver 2

U, Magnitude
+5.04e-13
+4.62e-13
+4.20e-13
+3.78e-13
+3.36e-13
+2.94e-13
+2.52e-13
+2.10e-13
+1.68e-13
+1.26e-13
+8.40e-14
+4.20e-14

+0.00e+00 75 mm

L.

Absorbing boundary Source 1 Source 2

Figure 7. Geometry of the simulation model and the displacement of the propagating waves from

two sources, shown at 3 us.
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The 1-bit pulse used to construct the coded excitation signals is shown in Figure 6a,
with a center frequency of 2.25 MHz, matching that of the ultrasonic transducers used in
the experiments. In ABAQUS, the maximum frequency that can be simulated is limited
by the element size; higher frequencies require smaller elements [33]. Coded excitation
signals may contain high-frequency components that are several times the center frequency
because of the phase modulation. To ensure that the simulations were convergent, an
element size of 0.025 mm was used, which corresponds to approximately 102 elements per
wavelength. If a larger element size, such as 0.05 mm, is used, the resulting wave may fail
to converge, leading to incorrect signals for further analysis.

Table 4. Steel properties.

Young’s Modulus Poisson Ratio Density

195 GPa 0.3 7910 kg/m®

A series of simulations was performed using different excitation signals to evaluate
the performance of BMOGCC. Specifically, codes BSM4, B5M8, B7/M4, and B7M8 were
evaluated. For comparison, three Barker codes (from Table 1), as well as M4 and M8
(from Table 2), were tested. In addition, the 1-bit pulse was included as a reference
excitation signal for calculating the mainlobe gain. Since both BMOGCC and MOGCC
require two transmission events, two separate simulations were conducted for each of these
codes. For simulations involving two sources, the excitations were applied simultaneously.
Table 5 lists the excitation signals applied to each source across all simulations. Figure 7
also illustrates the displacement field for simulation 5 as an example, where the faster-
propagating compression wave was used in the decoding, while the slower-propagating
shear wave was filtered out by a time window.

Table 5. Excitation signals for sources.

Simulation No. Code Source 1 Source 2
1 - 1-bit pulse -
2 Barker B5 -
3 Barker B7 -
4 Barker B11 -
5 M4 MX,4 MY;4
6 M4 MXo4 MYr4
7 M8 MX;8 MY18
8 M8 MX,8 MY,8
9 B5M4 B5MX 14 B5MY;4
10 B5M4 B5MX,4 B5MYa4
11 B5M8 B5MX;8 B5MY;8
12 B5M8 B5MX,8 B5MY>8
13 B7M4 B7MX 4 B7MY34
14 B7M4 B7MX5,4 B7MY,4
15 B7M8 B7MX;8 B7MY18
16 B7M8 B7MX,8 B7MY>8

3.2. Results of Decoding

Figure 8 presents the decoded signals for the 1-bit pulse (simulation 1) and the three
Barker codes (simulations 2-4), where only source 1 was excited. In simulations involving
MOGCC or BMOGCC, only the decoded signals from receiver 1 are shown, as the decoded
signals from both receivers were symmetric. Figure 9 shows the decoded signals for
MOGCC (simulations 5-8), with each decoded signal based on the signals received from
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two transmission events. Figure 10 displays the decoded signals for BMOGCC (simulations
9-16), including B5M4, B5SM8, B7M4, and B7M8. The amplitude of the decoded signals was
normalized to the maximum amplitude value of all decoded signals to clearly illustrate the
amplitude difference among the codes.

§ 0.1 § 0.1
£ E
<<-0.1 <<-0.1
16 18 20 22 24 26 28 16 18 20 22 24 26 28
Time (us) Time (us)
() (b)
£ 0.1 2 01
Z 2
E £
<<-0.1 <<-0.1
16 18 20 22 24 26 28 16 18 20 22 24 26 28
Time (us) Time (us)

() (d)

Figure 8. Decoded signals for the 1-bit pulse and the Barker codes (simulations 1-4). (a-d) 1-bit pulse,
5-bit Barker, 7-bit Barker, and 11-bit Barker, respectively.

3 0.1 3 0.1
= 2
s 0 J\' 3 0
g g
<-01 <-01
16 18 20 22 24 26 28 16 18 20 22 24 26 28
Time (us) Time (us)

(a) (b)
Figure 9. Decoded signals for MOGCC (simulations 5-8). (a,b) M4 (simulations 5-6) and M8
(simulations 7-8), respectively.

It can be observed in Figures 8-10 that the signal amplitudes varied depending on
the code type, reflecting the distinct properties of each coding scheme. As shown in
Figure 8, the amplitude of the decoded signals increased progressively with the length of
the Barker code, and visually uniform sidelobes were present due to the inherent correlation
characteristics of these codes. Figure 9 shows that MOGCC produced no sidelobes and that
M8 exhibited a higher amplitude than M4, attributed to its longer code length. In contrast,
Figure 10 demonstrates that BMOGCC achieved a markedly higher decoded amplitude
compared to both MOGCC and the Barker codes. This result aligns with Equation (8),
which expresses the BMOGCC-decoded signal as the convolution of the MOGCC- and
Barker-code-decoded signals.
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Figure 10. Decoded signals for BMOGCC (simulations 9-16). (a—d) B5M4 (simulations 9-10), BSM8
(simulations 11-12), B7M4 (simulations 13-14), and B7M8 (simulations 15-16), respectively.

4. Experimental Measurements
4.1. Experimental Setup

To further evaluate the performance of the coded signals, experimental measurements
were carried out to ensure that factors such as the transducer response and data acquisition
(DAQ) system characteristics did not significantly impact the results. The experimental
setup, shown in Figure 11a, included a 140 mm X 74 mm x 100 mm steel block, two
ultrasonic transducers, and a DAQ system. The transducers (M1036, Olympus, Hamburg,
Germany) had a center frequency of 2.25 MHz and were attached to the steel block using
magnetic holders. Ultrasonic coupling gel was applied to ensure good acoustic contact.
The DAQ system included a signal generator (HS805, TiePie, Sneek, The Netherlands) with
an 8-bit amplitude resolution. It was connected to a computer via USB and operated using
the TiePie oscilloscope software version 1.33.2.0/0.5.6.2, which allowed configuration of
the excitation signals, voltage, and sampling rate.

A through-transmission scheme was used to capture the ultrasonic compression waves,
with the transducers placed on opposite sides of the steel block. The transmission and
reception locations mirrored the simulation setup shown in Figure 7. As in the simulations,
the setup included two transmission and two receiving locations, requiring four transducers
in total. The distance between the two transmission locations was 13 mm, which is equal to
the diameter of the ultrasonic transducers (Figure 11b). However, due to the availability of
only two suitable transducers, a practical workaround was adopted: one transducer was
moved from one transmission location to the other, and the signals received at the same
receiving location were added. This approach effectively replicated the signal that would
have been obtained if both transmitters had operated simultaneously.

The excitation signals used in the experiments were identical to those used in the
simulations, resulting in a total of 16 experimental trials. The settings of the excitation
signals for experiments 1-16 were identical to those of simulations 1-16.
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Transmission location 1

' o

13 mm

teel block

(@) (b)
Figure 11. Experimental setup. (a) Measurement setup including ultrasonic transducers, a signal
generator, and a laptop. (b) Transmission locations on the steel block.

4.2. Results of Decoding

As in the simulations, only the decoded signals from receiving location 1 are presented,
since the decoded signals from both locations were symmetric. Figure 12 shows the decoded
signals for the 1-bit pulse (experiment 1) and the Barker codes (experiments 2—4). Figure 13
displays the decoded signals for MOGCC (experiments 5-8). Figure 14 presents the decoded
signals for BMOGCC (experiments 9-16), including B5M4, B5SM8, B7/M4, and B7M8. The
decoded signals were normalized using the same method as in the simulations, dividing
by the global maximum amplitude, to facilitate comparison across different codes.

£ 0.1 2 01
= =
= 0 W = 0—</v\/\/\]\/\/\/w-—
€ €
<<-0.1 <<-0.1
16 18 20 22 24 26 28 16 18 20 22 24 26 28
Time (us) Time (us)
(a) (b)
_8 0.1 _8 0.1
2 =
= O—A/WN\/\[\/\/V\N\/\— = 0
€ €
<<-0.1 <<-0.1
16 18 20 22 24 26 28 16 18 20 22 24 26 28
Time (us) Time (us)
(c) (d)

Figure 12. Decoded signals for experiments 1-4. (a—-d) 1-bit pulse, 5-bit Barker, 7-bit Barker, and
11-bit Barker, respectively.
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(a) (b)
Figure 13. Decoded signals for MOGCC (experiments 5-8). (a,b) Decoded signal of M4 (experiments
5-6) and M8 (experiments 7-8), respectively.
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Figure 14. Decoded signals for BMOGCC (experiments 9-16). (a—d) B5M4 (experiments 9-10), B5M8
(experiments 11-12), B7M4 (experiments 13-14), and B7M8 (experiments 15-16), respectively.

The amplitudes of the decoded signals were found to be consistent with the simulation
results. Figure 12 shows that the amplitude increased with the length of the Barker codes,
accompanied by low-level sidelobes. As depicted in Figure 13, M8 yielded a higher ampli-
tude than M4, owing to its doubled code length. Figure 14 demonstrates that BMOGCC
produced a higher decoded signal amplitude than both MOGCC and the Barker codes.
However, the sidelobes were less uniform than those seen in the simulations, likely due
to factors such as modulation by the transducer’s impulse response and increased noise
resulting from the limited amplitude resolution of the DAQ system.

5. Discussion

By comparing Figures 8-10 and 1214, it is evident that all coded signals yielded higher
decoded mainlobe amplitudes than the 1-bit pulse, with BMOGCC yielding the highest am-
plitudes among all the codes evaluated. The experimental results (Figures 12-14) showed
that the mainlobe amplitudes of the decoded signals were approximately consistent with
those of the corresponding simulation results. These observations confirm the capability of
BMOGCC to significantly enhance the mainlobe amplitude.
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Two key indicators, the peak sidelobe level (PSL) and the mainlobe gain (MG), were
calculated and compared to evaluate the code performance, based on the decoded signals
from Figures 8-10 and 12-14. The MG values from both the simulations and experiments
are shown in Figure 15, along with the corresponding theoretical values based on Table 2.
The measured MG values closely matched the theoretical predictions. Notably, BMOGCC
achieved significantly higher MG values than either the Barker codes or MOGCC, reaching
maximum values for BZM8. Moreover, the MG value of each BMOGCC was approximately
equal to the sum of the MG values of the corresponding Barker and MOGCC in its construc-
tion, as expected. For instance, in the experiments, the MG values of B7M4, B7, and M4 were
34.90 dB, 16.84 dB, and 18.19 dB, respectively. The difference between the MG of B7M4 and
the sum of the MG values of B7 and M4 was only 0.13 dB. Significantly, the 8-bit B5SM4 and
10-bit B7M4 outperformed the 11-bit Barker code, demonstrating that BMOGCC achieves
higher signal amplitude even with shorter code lengths. This is particularly advantageous
in scenarios where shorter excitation signals are needed, for example, when DAQ memory
is limited or boundary reflections interfere with useful signals [34]. These results further
validate the superior performance of BMOGCC in enhancing the mainlobe amplitude.

The PSL values obtained from both the simulations and experiments are shown
in Figure 16, along with the theoretical values from Table 2. The PSL values from the
simulations closely matched the theoretical expectations, with a maximum deviation of
only 0.37 dB observed for the 11-bit Barker code. In the simulations, the PSL values of B5SM4
and B5M8 were nearly identical to those of the 5-bit Barker code, while the PSL values of
B7M4 and B7M8 were similar to those of the 7-bit Barker code. In the experimental results,
the PSL values were lower than those of the simulations, with the largest discrepancy being
2.40 dB for the 11-bit Barker code. This variation was likely caused by the impulse response
of the transducers and the quantization noise resulting from the low amplitude resolution
of the DAQ system, both of which influenced the shape of the excitation signals and affected
the PSL. Despite this, the PSL values observed in the experiments and simulations were
generally consistent, confirming that BMOGCC provides sidelobe suppression comparable
to that of the Barker code used in its formation.

The temporal resolution, estimated by the full width at half maximum (FWHM) of the
decoded signal envelope, is shown in Table 6 for both the simulations and experiments.
All decoded signals from simulations had a constant FWHM of 0.35 ps, regardless of the
code type. The experimental FWHM values were higher and varied between 0.67 pus and
0.89 ps, mainly due to the transducer impulse response. Importantly, the results showed
that BMOGCC maintained comparable temporal resolutions to those of the 1-bit pulse and
other codes, confirming that it does not degrade the temporal resolution.

Table 6. Temporal resolution for different excitation signals.

iy . FWHM of Simulations FWHM of Experiments
Excitation Signal

(us) (us)

1-bit Pulse 0.35 0.75
5-bit Barker 0.35 0.89
7-bit Barker 0.35 0.78
11-bit Barker 0.35 0.78
M4 0.35 0.70

M8 0.35 0.69
B5M4 0.35 0.68
B5M8 0.35 0.67
B7M4 0.35 0.67

B7M8 0.35 0.68
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Figure 15. MG values of different codes.
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Figure 16. PSL values of different codes.

Overall, the results from both the simulations and experiments confirm the effective-
ness of BMOGCC as the excitation signal for ultrasonic measurements.

¢  BMOGCC retains the low sidelobe levels of Barker codes and the double time effi-
ciency of MOGCC, offering a key advantage over CGC and BCGC, which require two
sequential transmissions.

¢ BMOGCC also provides a higher mainlobe amplitude than both Barker codes and
MOGCGC, even at shorter lengths, allowing more flexibility in signal design.

¢ Finally, BMOGCC preserves the temporal resolution, making it suitable for imaging
applications where resolution is critical.

6. Conclusions

This study presented a novel coded excitation method, the Barker-convolved mu-
tually orthogonal Golay complementary code (BMOGCC), designed to improve both
time efficiency and signal quality in ultrasonic NDT. The proposed method is based on
convolving the Barker code with MOGCC, combining the beneficial properties of both.
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BMOGCC retains the low sidelobe level of the Barker code and the simultaneous transmis-
sion capability of MOGCC, thereby doubling the time efficiency compared to traditional
complementary Golay codes. In contrast to the Barker code, BMOGCC provides a greater
signal amplitude and allows for flexible code-length selection, enhancing adaptability in
practical measurements. The method was validated through both numerical simulations
and laboratory experiments involving BMOGCC, the Barker code, MOGCC, and the 1-bit
pulse. The results showed strong agreement between the simulations and experimental
data. The findings demonstrated that the PSL of BMOGCC was comparable to that of the
Barker codes used in its construction, confirming effective sidelobe suppression; BMOGCC
achieved a significantly higher mainlobe amplitude than the other tested codes, even when
using shorter sequences, indicating enhanced signal energy; and BMOGCC maintained
the temporal resolution without any degradation compared to other coded excitation sig-
nals, ensuring its suitability for high-resolution ultrasonic imaging applications. Overall,
BMOGCC shows excellent performance and provides a practical advancement in the field
of coded excitation for ultrasonic testing, particularly in applications requiring high energy
or time-efficient measurements.

One limitation of the proposed coded excitation method is that only two excitation
signals can be transmitted simultaneously due to the inherent structure of BMOGCC codes.
This constraint limits its broader applicability in array transducer systems with a larger
number of elements. Future work should focus on developing convolved codes that enable
the simultaneous transmission of multiple excitation signals. Moreover, the present study
concentrated on ultrasonic compression waves, which are non-dispersive. Future research
should be extended to investigate dispersive wave modes. Additionally, the influence of
transducer characteristics on the performance of coded excitation signals warrants further
detailed investigation.
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Abstract

Conventional excitation signals used in ultrasonic measurements, such as the one-cycle
pulse, produce waveforms that experience significant attenuation and dispersion during
propagation in highly attenuative materials, resulting in a low signal-to-noise ratio (SNR)
and unreliable signal interpretation. Coded excitation is a well-established technique for
improving the SNR; however, its practical benefit for ultrasonic guided-wave measurements
under low-voltage and limited averaging conditions has not been systematically quantified.
This paper presents an experimental investigation of coded excitations for accelerating
ultrasonic guided-wave data acquisition through SNR improvement. A one-cycle pulse
is compared with Barker-coded and complementary Golay-coded excitations over a wide
range of excitation voltages (0.5-10 V) and averaging numbers (1-40). Guided waves are
generated using piezoelectric excitation and measured using laser Doppler vibrometry,
ensuring repeatable and coupling-independent measurements. The results show that the
SNR achieved with Barker-coded excitations using fewer than ten averages is comparable
to that obtained with a one-cycle pulse using forty averages. The 16-bit complementary
Golay codes achieve a comparable SNR while requiring fewer than five averages. These
findings demonstrate that coded excitations can significantly reduce the number of data
acquisition cycles in guided-wave measurement, offering a practical pathway toward faster
and more energy-efficient ultrasonic measurement systems.

Keywords: ultrasonic measurement; guided waves; coded excitation; signal-to-noise ratio;
data acquisition efficiency

1. Introduction

Nondestructive testing (NDT) refers to a set of inspection methods used to evaluate
the properties of materials, components, and structures without causing destruction or
interfering with their in-service operation, making it essential for monitoring the structural
health and integrity of civil structures such as pipelines and storage tanks [1-3]. Among var-
ious NDT methods, ultrasound is widely used across various fields, such as infrastructure,
aerospace, and the automation industry, due to its low cost, high efficiency, and ability to
detect a broad range of defects [4-6]. Ultrasonic measurement relies on the transmission
of ultrasonic waves through a material and reflections from defects or material interfaces,
where characteristics such as wave velocity provide valuable information about the mate-
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rial’s condition [7]. By analyzing the characteristics of the ultrasonic waves, the condition
of the material can be assessed.

Ultrasonic guided waves (UGWs) have emerged as a promising tool due to their
unique advantages. Unlike ultrasonic bulk waves, which may require time-consuming
point-by-point transducer scanning and rely on complex, high-precision mechanical posi-
tioning systems, UGWs enable inspection of large areas without the need for mechanical
scanning. As a result, UGWs are becoming increasingly popular in ultrasonic measure-
ments, especially for long-range measurements. Numerous researchers have investigated
the application of UGW-based measurements. For example, Pasadas et al. studied the
localization of fiber breaks in carbon-fiber-reinforced plastic structures using UGWs, while
Li et al. investigated damage detection in pipes using UGWs [8,9].

One critical issue associated with guided waves is that they suffer from significant
attenuation due to long-distance propagation and noise introduced by electronic instru-
mentation, transducer coupling variations, environmental disturbances, and other factors.
Consequently, the signal-to-noise ratio (SNR) is probably insufficient for reliable signal in-
terpretation. One straightforward approach to improve the SNR is to increase the excitation
signal voltage. However, the use of high excitation voltages (above 50 Volts) is restricted for
several reasons, such as safety risks in explosive atmospheres and the hardware limitations
of data acquisition systems [10-12]. Another approach to increase the SNR is temporal
averaging, a technique that can be readily integrated into existing measurement systems
without additional hardware or algorithmic complexity, in which signals acquired from
multiple repeated measurements are averaged. Since the true signal is coherent across
repetitions while the noise is largely uncorrelated, temporal averaging can enhance the
SNR by suppressing uncorrelated random noise. However, temporal averaging increases
the data acquisition duration, which is unfavorable for real-time applications, such as those
in the aviation industry [13].

Coded excitation is a technique that transmits a long coded signal and subsequently
compresses the received signal into a high-intensity temporally narrow signal by utilizing
the correlation properties of the coded signal [14,15]. Coded excitation enhances the SNR
by increasing signal energy through an extended time duration without requiring high
excitation voltage, as the high-intensity temporally narrow signal can be achieved by
pulse compression. Consequently, coded excitation has been widely used in ultrasonic
measurements, particularly for measuring highly attenuative materials and conducting
long-range measurements. As a result of its SNR enhancement capability, coded excitation
requires fewer averages to achieve a sufficient SNR than conventional excitations, such
as the single-cycle pulse [16]. Therefore, coded excitation provides a promising strategy
to maintain a high SNR with reduced data acquisition cycles, which directly enhances
data acquisition efficiency and allows for lower excitation voltages in practical UGW-
based measurements. Figure 1 presents a schematic of an ultrasonic measurement system
employing the coded signal.

One of the most common coding methods is phase modulation (PM). In PM, the mod-
ulation is achieved by varying the phase of the carrier wave in a predefined manner.
The designed phase variation results in better pulse compression and, consequently, a
higher SNR. Barker codes are valued for their simple construction and for yielding the
lowest sidelobes among all binary codes at the same length [17]. For example, Han et al.
proposed the use of Barker codes in the detection of inclined cracks [18]. Complemen-
tary Golay codes (CGCs) provide ideal pulse compression with a single high-amplitude
peak, enabling SNR enhancement without sidelobes, which is impossible for Barker codes.
Wang et al. employed CGCs in ultrasonic air-coupled systems to achieve more accurate
defect detection in wood materials [19].
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Research on ultrasonic coded excitation has mainly focused on SNR improvement,
whereas studies on its use for reducing the number of averages are still limited. Recently,
several studies have begun exploring the potential of coded excitation to reduce the required
number of averages. Song et al. investigated the use of CGCs with a 4-bit carrier wave
to accelerate ultrasonic measurements on bone phantoms [20]. However, only 16-bit
CGCs were evaluated in their measurements. Xia et al. explored the performance of
Barker codes in speeding up the data acquisition efficiency compared to the single-pulse
excitation method [21]. The 13-bit Barker code shows strong potential for reducing the
required number of averages; however, a limitation of the study is that other Barker code
lengths were not examined. Zhang et al. compared the SNR between CGCs and single-
pulse excitation under varying sensor contact forces in ultrasonic airborne inspection [22].
However, only a single fixed number of averages was used, and only 8-bit CGCs were
evaluated. These studies indicate that, although coded excitation shows potential for
reducing the number of averages, the existing research is limited by the use of single code
types such as Barker codes or CGCs, fixed code lengths, or a fixed number of averages.
The quantitative relationships among code type, excitation voltage, and the number of
averages in UGW-based UT remain insufficiently explored through experimental studies.
Consequently, more comprehensive investigations are necessary to further explore the
application of coded excitation in reducing the number of averages.

VAN VAN

Short pulse | Wave propagation }—>| Simple receiving |

Transmitter \_#))) F_\ Receiver

Coded excitation | Wave propagation }—>| Pulse compression

Jw

Figure 1. Schematic diagram of an ultrasonic measurement system using a short pulse and coded excitation.

An experimental study was conducted to demonstrate the feasibility of using coded
excitation to improve data acquisition efficiency by reducing the number of required
data acquisition cycles. Coded signals offer improved SNR performance compared to the
conventional one-cycle pulse. This improvement enables the required SNR to be achieved
with fewer averages, thus enhancing the overall time efficiency of the data acquisition.
To evaluate the time efficiency of coded excitation, laboratory experiments on guided-wave
propagation in an aluminum plate were performed. Specifically, two Barker codes of
different lengths and the 16-bit CGC, along with a one-cycle pulse, were employed as
excitation signals under varying excitation voltages and numbers of averages. The time
performance of coded excitation signals was evaluated and compared with that of the one-
cycle pulse based on the SNR as a function of the number of averages. It should be noted
that the present study evaluates coded excitation in terms of the received guided-wave
SNR and data acquisition efficiency, rather than directly demonstrating defect detection or
imaging performance.

The rest of this paper is organized as follows: Section 2 introduces Barker codes and
CGCs, as well as the coding and pulse compression processes, followed by the performance
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evaluation indicators used in this study. Section 3 describes the measurement setup and
presents the experimental data. Section 4 discusses the results, and Section 5 concludes
the paper.

2. Methodology
2.1. Barker Codes

Barker codes are widely used binary phase codes due to several advantages. Com-
pared with multiphase codes, such as convoluted codes, Barker codes are biphase and
therefore impose lower requirements on hardware implementation [23,24]. Compared
with CGCs, Barker codes operate as single-transmission codes and do not require double
transmission, resulting in higher time efficiency. Furthermore, their sidelobe levels are the
lowest among all known binary sequences of the same length.

For a length N Barker code By composed of bits by, by, b3, ..., by, with each bit taking
values of —1 or 1, its autocorrelation Cp is defined as [24]:

N N, =0
Cp(j) = Y bibiyj={00r £1, 0<j<N. )
i=1 0, ]Z N

Equation (1) indicates that the peak value of the autocorrelation is equal to the code length N,
while the sidelobe levels are bounded by 1, demonstrating the effectiveness of Barker codes
in sidelobe suppression. Additionally, the autocorrelation peak grows as the code length
increases. However, Barker codes exist for only seven different lengths, and the maximum
length is 13, which limits the peak value to 13. Table 1 lists all available Barker codes,
with By and By each having two different bit sequences. Figure 2 shows the 7-bit Barker
code and its autocorrelation, where we can see that the peak value equals the code length 7
and the magnitude of the sidelobes is 1, in good agreement with the theoretical result given
in Equation (1).

Table 1. Barker codes.

Code Notation N Code Bit Value
By 2 (1,1) or (1,—1)
B3 3 1,1,-1
By 4 (1,1,1,-1) or (1,1,-1,1)
Bs 5 1,1,1,-1,1
By 7 1,1,1,-1,-1,1,—1
B 11 1,1,1,-1,-1,-1,1,-1,-1,1,—1
B3 13 1,1,1,11,-1,-1,1,1,-1,1,—-1,1
2 7-bit Barker code 8 Autocorrelation of 7-bit Barker code
7.
6_
gl 1] I 1
= = 3t
2’ 22l
< <o
T | Lol
-2 . -2 s L " .
0 2 4 6 8 0 2 4 6 8 10 12 14
Bits Samples

(a) (b)

Figure 2. The 7-bit Barker code and its autocorrelation. (a) The 7-bit Barker code. (b) Autocorrelation.
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2.2. Complementary Golay Codes (CGCs)

One limitation of Barker codes is the presence of sidelobes in their autocorrelations.
CGCs eliminate sidelobes while maintaining a high autocorrelation peak. CGCs consist of a
pair of complementary binary codes with the same length. The autocorrelations of the two
complementary codes have identical peak values, while their sidelobes have equal magni-
tudes but opposite signs. By summing the two autocorrelations, the sidelobes cancel each
other, whereas the main peaks add constructively [25]. For the CGC composed of two com-
plementary length N codes GAy and GBy, GAN consists of bits Gay, Gay, Gas, ..., Gay,
and GBy consists of bits Gby, Gby, Gb3, ..., Gby, with each bit taking values of 1 or —1.
Their autocorrelations are defined as

N

CGa(j) = ) Ga;Gayyj, )
iz

N
CGp(j) = Y Gb;Gbiy;, ®3)
i=1
where CG,4 and CGp denote the autocorrelations of GAy and GBy respectively. Thus,
the sum of the autocorrelations is then given by

2N, j=0

0, j#0. @

CG(j) = CGalj) +CGg(j) = {

Equation (4) shows that for a length-N CGC, the autocorrelation peak value is 2N and no
sidelobes exist. Additionally, it demonstrates that the peak value is proportional to the code
length. However, to eliminate sidelobes and achieve a high peak value, two transmissions
are required. This requirement reduces the data acquisition rate by a factor of two. Conse-
quently, CGCs are not well suited for the inspection of fast-moving targets. Table 2 lists the
length-8 CGC Gg and the length-16 CGC G4, where Gg consists of GAg and GBg, and G,
consists of GA1¢ and GBje. It should be noted that multiple CGCs exist for the same code
length. For example, there are 48 different CGCs of length 8 and 384 different CGCs of
length 16 [26]. Figure 3 shows the length-8 CGCs from Table 2 and their autocorrelations.
The peak value of the summed autocorrelations equals 16, which is twice the code length,
and the sidelobe level is zero. These results correspond well with Equation (4).

Table 2. CGCs.

Code Notation Code Bit Value
GAs 1,1,1,-1,1,1,-1,1
GBg 1,1,1,-1,-1,-1,1,—-1
GAjg i,1,1,-1,1,1,-1,1,1,1,1,-1,—-1,-1,1,—1
GBig i,1,1,-1,1,1,-1,1,-1,-1,-1,1,1,1,-1,1

2.3. Coding and Pulse Compression in Practical Ultrasonic Measurements

In practice, codes cannot be transmitted directly by ultrasonic transducers. Instead,
a code is first modulated onto a carrier wave to generate a coded excitation signal, with each
bit of the code modulating the phase of the carrier wave. The modulation process, referred
to as coding, is defined as

S=) c(Hw(t—i-T),0<t<T ()

M=

Il
A

1
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where S is the coded excitation signal, ¢(i) denotes the i-th bit of the code, w(t) represents
the carrier wave, and T is the period of w(t).
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Figure 3. Sidelobe cancellation using the length-8 CGC.

After coding, the resulting coded excitation signals are transmitted into the medium
by the ultrasonic transducers and are subsequently received by the receiving transducers
after propagating through the medium. Temporal averaging may be applied to the received
signals to reduce noise, depending on the required SNR. After temporal averaging, pulse
compression is performed for further signal analysis. Pulse compression, also referred
to as decoding, compresses the long coded signals into short-duration pulses with high
peak amplitudes, significantly improving the SNR. Decoding is commonly achieved by
applying a matched filter or correlation operation to compress the received signals, where
the reference signal is generally the coded excitation signal itself [23]. Once decoding is
completed, the compressed signals are used for further signal processing to extract valuable
information such as the signal peak location. The flow of coding and pulse compression is
presented in Figure 4, and an example of coding and compressing the 7-bit Barker code is
shown in Figure 5.

‘ Code

}_,_. Coding—»{ Coded excitation signal ‘

l Carrier wave

Transmission, propagation and receiving

‘ Received signals |

Temporal averaging

Averaged signals
Decoded signal }<7 Decoding‘—’_‘ & & |

‘_l—‘ Matched filter |

Figure 4. Coded excitation signal processing flow.
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Figure 5. Coding and pulse compression using the 7-bit Barker code.

2.4. Performance Evaluation of Coded Excitation Signals

The performance of coded excitation signals can be evaluated using several parameters,
including the SNR, peak sidelobe level, and SNR gain (SNRG). Definitions of these evalua-
tion parameters may vary among different research works [10,23,24,27-29]. Among these
parameters, the SNR is one of the most critical metrics. The SNR is the ratio between the
peak value of the compressed signal mainlobe to the root mean square (RMS) of a signal
region containing only noise [29]:

SNR = 2010g10(ﬂ), (6)
Arms
where Ay, and Ay denote the peak of the signal mainlobe and the RMS of the noise,
respectively. In addition to the SNR, SNRG quantifies the improvement in the SNR achieved
by coded excitation relative to uncoded excitation and is defined, under the assumptions of
constant bandwidth and additive white Gaussian noise, as [28]

SNR,
SNR,

where SNR,; and SNR;, are the SNR values after and before matched filtering, respectively.
Here, N is the code length, T is the duration of the carrier wave, H denotes the signal
bandwidth, and  is the number of transmissions; for CGCs, { = 2, whereas for Barker
codes, { = 1. Equation (7) indicates that the SNRG is proportional to N [29].

SNRG = 201og 10( ) = CHNT, @)

3. Experimental Measurements
3.1. Measurement Setup

To evaluate the effectiveness of coded excitations in reducing the need for temporal
averaging, laboratory experiments were conducted. For the experimental measurements,
we used the measurement setup shown in Figure 6. The measurement setup includes a
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2000 mm x 2000 mm x 2 mm aluminum plate, a piezoelectric transducer, a laser vibrom-
eter, and a data acquisition (DAQ) box consisting of a homemade amplifier and a data
acquisition device (Analog Discovery 3, Digilent Inc. Austin, TX, USA). The aluminum
plate dimensions were selected to avoid wave reflections from the plate boundaries, which
could be effectively excluded by time gating. The transducer (50208, ACS Ltd., Saarbriicken,
Germany), with a nominal frequency of 100 kHz, was coupled to the plate using ultrasonic
gel and a 100 g weight placed on top to ensure stable and repeatable acoustic coupling.
The VFX-I-160 laser vibrometer (Polytec GmbH, Waldbronn, Germany) was employed
to perform non-contact measurements of vibrations on the plate surface. The DAQ box,
providing functions such as signal amplification and temporal averaging, was connected to
a computer and operated via custom LabVIEW-based software (LabVIEW version: 2014) to
configure the excitation voltages, triggering, and the number of averages [30].

laser measurement point

20 cm

= .
PO er sensor front-end
Figure 6. Measurement setup. (a) Measurement platform with a transducer, a laser vibrometer,

and an aluminum plate. (b) Locations of the transducer and the laser measurement point. (c) DAQ
box and laser front-end.

A pitch—catch scheme was used to capture UGWs. To avoid complex multimode
propagation, 100 kHz Ayp-mode UGWSs were generated by applying an out-of-plane force
to the plate surface using the piezoelectric transducer. The out-of-plane displacements at
the receiving measurement point were measured using the laser vibrometer. Dispersion
curves for this 2 mm aluminum plate are shown in Figure 7. As the Ap-mode wave is
in a dispersive region, as shown in the dispersion curve, the received signals experience
waveform distortion. The received signals were first processed by the laser vibrometer
front-end unit and then recorded on a computer via the DAQ box for further analysis.
As shown in Figure 6a,b, the distance between the transducer and the laser measurement
point was 20 cm, and both the transducer and laser measurement locations were positioned
sufficiently far from the plate boundaries. This ensured that boundary reflections did
not interfere with the directly propagating waves between the transducer and the laser
measurement point.
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Figure 7. Dispersion curves for the Ay and Sy modes in a 2 mm thick aluminum plate. (a) Phase
velocity. (b) Group velocity.

The excitation signals used in the experiments included a one-cycle pulse, defined as a
Hanning-windowed sine wave with a duration of one cycle; two Barker-coded signals of
different lengths; and a pair of 16-bit CGC-coded signals. The frequency of the one-cycle
pulse was 100 kHz, which matched the transducer’s nominal frequency. The coded excita-
tion signals were generated according to Equation (5), where the carrier wave was identical
to the one-cycle pulse. The one-cycle pulse and the 13-bit Barker-coded signal are shown
in Figure 8. Experiments were performed using different excitation voltages and different
numbers of averages. For each excitation voltage, four different excitation signals were
tested using six averaging numbers, resulting in 24 received signals per voltage. The same
experimental design was applied to all five excitation voltages. Table 3 presents some of the
experimental parameters, and all combinations of the listed parameters were tested. The ex-
citation voltage was restricted to 10 V due to the limitations of the DAQ system, which
is comparable to many commonly used DAQ devices, such as HS5 (TiePie engineering,
Koperslagersstraat, The Netherlands) [31]. In practice, this voltage level is considered low,
leading to increased noise influence and thus providing a suitable condition for assessing
the performance of coded excitations [23]. The choice of the averaging number depends
on the specific measurement setup; for instance, an averaging number of 50 has been
reported in the literature [32]. In this study, averaging numbers ranging from 1 to 40 were
investigated to evaluate the performance of coded excitations. This range was selected
because increasing the averaging number beyond 40 leads to a negligible improvement in
SNR. By comparing the SNR values obtained with different numbers of averaging under a
series of voltage levels, the effectiveness of coded excitation signals in reducing the required
number of averages can be evaluated.

Table 3. Some of the experimental parameters.

Excitation signals one-cycle pulse, By, By3, Gi¢
Excitation voltage (V) 0.5,1,2,5,10
Averaging number 1,5,10,20,30,40
One-cycle pulse 13-bit Barker coded signal
0.5f { o5}

(o] Q

© =4

2 =

3 0 5 0

S S

< <

-05} -05
0 20 0 60 80 100 120 0 20 40 60 80 100 120
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Figure 8. Excitation signals. (a) The one-cycle pulse. (b) The 13-bit Barker-coded signal.
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3.2. Results of Decoding

All received signals were time-windowed to gate the boundary-reflected waves and
were then filtered using the DAQ system’s built-in 8 kHz high-pass filter to remove low-
frequency noise before further processing. After high-pass filtering, the received signals
were decoded and time-shifted to compensate for the time lag introduced by the matched
filtering, followed by envelope extraction. Finally, the envelope was normalized. Using the
normalized envelope, the SNR was computed according to Equation (6), where A,, was
obtained as the peak amplitude of the envelope mainlobe, and A;;s was evaluated from the
noise-only region after 250 ps. A schematic diagram illustrating the practical calculation of
the SNR using a 7-bit Barker code with 40 temporal averages at 5 V is shown in Figure 9.
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Figure 9. Schematic of the signal processing procedure for SNR calculation with a 7-bit Barker code,
40 temporal averages, and 5 V excitation voltage.

Figures 10-14 present the compressed signal envelopes obtained under excitation
voltages of 0.5, 1, 2, 5, and 10 V, respectively. Each figure consists of four subfigures,
labeled (a)—(d), corresponding to different excitation signals. Within each subfigure, three
representative signals corresponding to averaging numbers of 1, 10, and 30 are shown from
top to bottom, respectively.
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Figure 10. Cont.
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Figure 10. Resulting signal envelopes for a 0.5 V excitation voltage. (a—d) The signals obtained using the
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Figure 12. Resulting signal envelopes for a 2 V excitation voltage. (a-d) The signals obtained using

the one-cycle pulse, By, By3, and Gy, respectively.
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Figure 13. Resulting signal envelopes for a 5 V excitation voltage. (a-d) The signals obtained using
the one-cycle pulse, By, By3, and Gy, respectively.
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Figure 14. Resulting signal envelopes for a 10 V excitation voltage. (a—d) The signals obtained using
the one-cycle pulse, By, By3, and Gy, respectively.

4. Discussion

Figures 10-14 show that the noise level decreases as the number of averages increases
across a series of excitation voltages and different excitation signals, confirming the effec-
tiveness of temporal averaging in noise reduction. This effect is particularly evident when
comparing the signals obtained with ten averages to those without temporal averaging,
as shown in the representative results of Figures 10-12 at excitation voltages 0.5V, 1V and
2V, respectively.

It is observed that, to achieve a relatively low-noise signal, coded excitations require
fewer temporal averages than the one-cycle pulse. At an excitation voltage of 0.5 V,
the one-cycle pulse in Figure 10a fails to yield reliable results with a sufficient SNR and a
clean mainlobe. By contrast, the coded excitations in Figure 10b—d achieve an obviously
lower noise level and a clean mainlobe with temporal averaging. As shown in Figure 11,
at an excitation voltage of 1 V, the noise level obtained using coded excitations with only
10 averages is already lower than that of the one-cycle pulse with 30 averages. Figure 12
shows that, at an excitation voltage of 2 V, coded excitations achieve a comparable noise
level without temporal averaging, compared to the one-cycle pulse with 10 averages.
As shown in Figures 13 and 14, at excitation voltages of 5 V and 10V, respectively, the SNR
obtained using coded excitations without temporal averaging is significantly higher than
that of the one-cycle pulse without averaging.

In addition to noise characteristics, By exhibits higher sidelobe levels than By3, which is
consistent with theoretical expectations. For Gy, the sidelobes are significantly suppressed
thanks to the complementary sidelobe cancellation property. However, perfect sidelobe
cancellation is not achieved, as shown in Figure 11d. This occurs because the double
transmission required by CGCs makes perfect sidelobe cancellation difficult to achieve in
practice, particularly in the presence of guided-wave dispersion. Moreover, if the wave
propagation conditions change between the two transmissions, for example, due to slight
motion of the transducer or variations in the measurement setup, the complementary
condition can be violated. In such cases, sidelobe cancellation becomes less effective and
residual sidelobes remain in the compressed signal. Overall, these observations indicate
that coded excitations can achieve comparable SNR levels with substantially fewer temporal
averages, thereby improving data acquisition efficiency.

To quantify the effectiveness of coded excitation in reducing the number of aver-
ages, the SNR was evaluated and compared based on the results shown in Figures 10-14.
The SNR values of the one-cycle pulse, By, Bi3, and Gy under a series of excitation voltages
are compared and presented in Figure 15, where subfigures a—e correspond to the results in
Figures 10-14, respectively. From Figure 15b—e, it can be observed that the SNR generally
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increases with the number of temporal averages, regardless of the type of excitations.
Figure 15 also demonstrates that coded excitations achieve a higher SNR than the one-cycle
pulse under the same excitation voltage and number of averages. The SNR values follow
the order Gy > Biz3 > By > one-cycle pulse, which agrees well with Equation (7). In
addjition, the increase in SNR is not linear with respect to the number of averages. This
behavior can be attributed to random variations in noise.

In this experiment, the one-cycle pulse achieves its maximum SNR when averaged
40 times. In contrast, the coded excitations reach comparable SNR levels with substantially
fewer averages, as shown in Figure 15. The maximum SNR obtained by the one-cycle pulse
is indicated by a horizontal dashed line in Figure 15 to clearly illustrate how many averages
are required for the other excitations to reach the same SNR level. Table 4 summarizes the
minimum number of averages required for coded excitations to achieve the maximum SNR
obtained by the one-cycle pulse under the same excitation voltage. As shown in Table 4,
the Gy code can achieve a higher SNR than the one-cycle pulse with 40 averages either
without averaging or with only five averages, depending on the excitation voltage. For B3,
five averages are sufficient to exceed the SNR of the one-cycle pulse with 40 averages,
except at an excitation voltage of 0.5 V, where ten averages are required. For By, five
averages are sufficient at excitation voltages of 1 V, 5V, and 10 V, whereas ten averages are
required at 0.5 V and 2 V. It should be noted that for Gy, the time efficiency is reduced by a
factor of two, since each temporal average requires two data acquisition cycles. Overall,
these results indicate that coded excitations can achieve comparable SNR levels with fewer
than ten averages compared with the 40 averages required by the one-cycle pulse, thereby
significantly reducing the number of data acquisition cycles.

From a physical perspective, the SNR improvement achieved by coded excitation
arises from the increased transmitted signal energy distributed over a longer time duration.
During pulse compression, this energy is coherently compressed into a narrow mainlobe.
In contrast to the one-cycle pulse, which introduces only limited energy into the struc-
ture, coded signals improve robustness against noise without requiring higher excitation
voltages. Longer codes generally provide higher SNRs due to their increased transmitted
energy, but this comes at the cost of longer signal duration. This explains why Gy consis-
tently achieves the highest SNR. It should be noted that, in this study, the duration of the
coded signals is relatively short compared with the duration of a full data acquisition cycle.
Specifically, the excitation signal duration is less than 1 ms, and the fixed data acquisition
window is 10 ms. In contrast, a complete acquisition cycle takes approximately 300 ms,
because sufficient time is required for reflected waves from plate boundaries to decay,
and the hardware system requires additional time to prepare for the next data acquisition.
Therefore, the duration of the coded signal does not significantly affect the measurement
time efficiency; instead, the measurement time is mainly determined by the number of data
acquisition cycles. However, if substantially longer codes are used—for example, HAPI
codes that may contain tens of thousands of bits—the increased signal duration would
have a pronounced impact on measurement time efficiency [33].

From a practical standpoint, these results indicate that coded excitation is particularly
advantageous in low-voltage and time-constrained applications, such as real-time monitor-
ing or automated inspection systems, where extensive temporal averaging is impractical.
However, the benefits of coded excitation can be limited by guided-wave dispersion. Dis-
persion causes waveform distortion during propagation, whereas the matched filter used
for pulse compression is designed based on the undistorted excitation signal. This mis-
match between the distorted received signal and the reference signal used in matched
filtering reduces the effectiveness of pulse compression and consequently degrades the
achievable SNR.
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Figure 15. SNRs for different excitation signals at various excitation voltages. (a—e) The SNRs
obtained using the 0.5V, 1V,2V,5V, and 10V excitation voltages, respectively.

In this study, the excitation signal was centered at 100 kHz. As shown in Figure 7,
the group velocity of the Ag mode varies around this frequency, which leads to waveform
distortion during propagation. If a higher excitation center frequency, such as 200 kHz,
is employed while maintaining a similar bandwidth, the dispersion effect becomes less
pronounced. Conversely, under more demanding conditions, such as longer propagation
distances, waveform distortion becomes increasingly severe and may further reduce the
achievable SNR. This effect can be mitigated by applying dispersion compensation techniques.

In practice, the choice of carrier waveform should be tailored to the dispersion char-
acteristics of the inspected structure in order to further improvement the achievable SNR.
Dispersion effects can also be reduced by using carrier waves with narrower bandwidths
than that of a one-cycle pulse, such as a five-cycle Hanning-windowed pulse, which is
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commonly used as a conventional excitation signal. However, in this study, only a one-cycle
pulse was used as the conventional baseline excitation. The primary reason is that if a
multi-cycle pulse were used as the conventional excitation, the coded excitations would
also need to adopt the same multi-cycle pulse as the carrier wave to ensure a fair com-
parison and minimize the influence of bandwidth differences. Employing a multi-cycle
carrier wave would significantly increase the duration of the coded signal, which could
lead to overlap between the directly propagating wave and boundary-reflected waves,
thereby compromising the accuracy of SNR estimation. Figure 16 illustrates this effect
by comparing the spectra of the 100 kHz one-cycle and five-cycle Hanning-windowed
pulses together with two 13-bit Barker-coded signals that employ these pulses as their
respective carrier waves. As shown in Figure 16, the carrier waveform strongly influences
the bandwidth of the coded signals.

Table 4. Minimum averages for coded excitations to reach the maximum SNR of the one-cycle pulse.

Voltage (V) Excitation No. of Averages SNR (dB)
0.5 one-cycle pulse 40 12.3
0.5 By 10 14.6
05 Bis 10 16.2
0.5 Gis 5 16.1

1 one-cycle pulse 40 17.2
1 By 5 17.2
1 Bis 5 20.0
1 Gis 1 205
2 one-cycle pulse 40 241
2 By 10 25.7
2 Bis 5 275
2 Gus 5 304
5 one-cycle pulse 40 30.9
5 B, 5 316
5 B3 5 33.9
5 Gis 1 33.0
10 one-cycle pulse 40 37.0
10 By 5 37.2
10 Bis 5 394
10 Gus 1 37.4

In this study, the use of coded excitations is validated for an aluminum plate using the
Ap guided-wave mode under laboratory conditions. However, the methodology presented
here can be extended to more complex structures and other guided-wave modes because
the underlying signal processing procedures remain the same.

One limitation when applying coded excitations in complex structures, such as those
containing rivets, fasteners, or stringers, is the presence of interference waves reflected
from boundaries or interfaces. In such cases, the excitation frequency and code length must
be carefully selected to avoid signal overlap, ensuring that the compressed mainlobes of
different wave packets remain distinguishable.

Ultrasonic guided waves are inherently multimodal, and the simultaneous generation
of multiple modes may further increase the likelihood of signal overlap. Nevertheless,
coded excitation techniques remain applicable provided that signals from different modes
can be effectively separated during signal processing.

In addition, the experiments in this study were conducted in a laboratory environ-
ment using a laser Doppler vibrometer to measure the propagated waves. For practical
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field measurements, conventional ultrasonic transducers can serve as receiving sensors,
providing a more convenient and portable solution for on-site inspections.
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Figure 16. Spectrum of coded signals and their carrier waves.

5. Conclusions

This study experimentally investigated the use of coded excitation to improve the
data acquisition efficiency of ultrasonic guided-wave measurements by increasing the
achievable SNR and thereby reducing the required number of temporal averages. Barker
codes and CGCs were evaluated and compared with a conventional one-cycle pulse under
varying excitation voltages and averaging numbers.

The results demonstrate that coded excitation enables a substantial reduction in
the number of averages required to achieve a given SNR. Compared with the one-cycle
pulse, both Barker codes and CGCs achieved comparable or higher SNRs with signif-
icantly fewer data acquisition cycles. Among the tested codes, longer codes generally
provided higher SNRs, while CGCs exhibited superior sidelobe suppression at the cost of
double transmissions.

These findings confirm that coded excitation is a practical and effective strategy for
improving the efficiency of ultrasonic guided-wave measurements. Future work will
focus on mitigating dispersion-related degradation, investigating how dispersion limits
the usable code length, and extending the approach to more complex structures and
inspection scenarios.
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