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Parametric arrays (PA) offer exceptional directivity and compactness compared to conventional loudspeakers,
facilitating various acoustic applications. However, accurate measurement of audio signals generated by PA
remains challenging due to spurious ultrasonic sounds arising from microphone nonlinearities. Existing filtering
methods, including Helmholtz resonators, phononic crystals, polymer films, and grazing incidence techniques,
exhibit practical constraints such as size limitations, fabrication complexity, or insufficient attenuation. To address
these issues, we propose and demonstrate a novel acoustic filter based on the design of a half-wavelength
resonator. The developed filter exploits the nodal plane in acoustic pressure distribution, effectively minimizing
microphone exposure to targeted ultrasonic frequencies. Fabrication via stereolithography 3D printing ensures
high dimensional accuracy, which is crucial for high-frequency acoustic filters. Finite element method simulations
guided filter optimization for suppression frequencies at 40 kHz and 60 kHz, achieving high transmission
loss around 60 dB. Experimental validations confirm the filter’s superior performance in significantly reducing
spurious acoustic signals, as reflected in frequency response, beam pattern, and propagation curve measurements.
The proposed filter ensures stable and precise acoustic characterization, independent of measurement distances
and incidence angles. This new approach not only improves measurement accuracy but also enhances reliability
and reproducibility in parametric array research and development.

Transmission loss

1. Introduction difference-frequency component measured by a microphone that does
not correspond to the true acoustic signal in the air, significantly affects

Parametric acoustic arrays, first theorized by Westervelt [1], exploit measurement accuracy [8], particularly in the near-field region where

the nonlinear interaction of intense ultrasonic waves to produce highly
directional audible sound beams. Owing to their exceptional acoustic di-
rectivity and compactness compared to conventional acoustic sources,
parametric arrays (PAs) have found applications in directional audio sys-
tems, personal audio communication, and active noise control [2-4].
Despite their versatility, the practical measurement and evaluation of
PAs, particularly in the near-field region [5,6], remain technically chal-
lenging due to the inherent presence of spurious sound signals. These
undesired signals primarily arise from the nonlinear responses of mi-
crophones and associated electronics when exposed to intense primary
ultrasonic waves [7-10]. The spurious sound, defined as the erroneous
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primary ultrasonic wave amplitudes are elevated [5].

Several strategies have been proposed to mitigate the influence of
spurious sounds in PA measurements, as comprehensively reviewed
in previous literature [11,12]. Orientation of the microphone, lever-
aging its angular sensitivity characteristics, has been widely adopted
as a simple approach. However, the efficacy of this method is signif-
icantly limited due to the modest transmission loss (TL) achievable
at grazing incidence angles (e.g., 90°), which is insufficient for effec-
tively suppressing intense ultrasonic signals and thus compromising
measurement accuracy [9,13]. Physical acoustic filters placed in front
of microphones represent another common approach. Early experiments
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by Bennett and Blackstock [7] employed dome-shaped acoustic filters,
which significantly reduced ultrasonic signals while maintaining rela-
tively low attenuation at audible frequencies. Subsequent studies uti-
lized various materials, such as polymer films, aluminum plates, and
phononic crystals, achieving considerable insertion losses at ultrasound
frequencies [11,14,15]. For example, Ye et al. implemented an alu-
minum plate filter providing more than 15 dB attenuation at ultrasonic
frequencies above 30 kHz, yet less than 5 dB attenuation below 10 kHz
[15]. However, conventional filters often suffered limitations such as
physical bulkiness, complex construction, or acoustic interference, sig-
nificantly altering the measured acoustic fields, especially in the near
field. The phase-cancellation technique offers an alternative solution by
employing ultrasonic transducers excited with opposite phases to cancel
the spurious signals along specific measurement axes. Despite its effec-
tiveness, this approach is inherently limited in its spatial applicability
[16]. An optical interferometric method, utilizing interferometric detec-
tion of acoustic pressure without any mechanical components, has also
been demonstrated as a promising spurious-sound-free measurement
technique. Although optical interferometry offers contactless measure-
ment capability and completely eliminates the spurious signal issue, it
requires expensive, sophisticated equipment and complex numerical re-
construction, restricting its practical accessibility [17].

In this work, we propose a type of acoustic filter that effectively
suppresses spurious sounds in PA measurements, thereby enhancing
measurement accuracy and reliability to overcome the aforementioned
limitations. Unlike conventional filters, the proposed filter excels in
high-frequency suppression capability, compact size, minimal acoustic
field perturbation, and notably, angular insensitivity. These advantages
render the filter exceptionally well-suited to the growing interest in
complex near-field measurements of parametric arrays exploiting local
nonlinearities [5,6], significantly enhancing its practical applicability in
such challenging acoustic environments. Through numerical and exper-
imental validation, the present work aims to quantify the proposed fil-
ter’s effectiveness, analyze its influence on the measured acoustic fields,
and verify its applicability under diverse incidence angles and acoustic
conditions.

2. Current techniques and proposed alternative

Several acoustic filtering strategies have been investigated to sup-
press unwanted spurious sounds induced during the measurement of
PAs [7,9,11,13,14,18]. Each of these methods, however, exhibits inher-
ent limitations from the practical perspective, particularly in near-field
environments or high-frequency ultrasound.

2.1. Plastic thin film-based acoustic filters

Plastic thin films have been utilized as acoustic filters to attenuate
primary ultrasonic components in PA measurements. These filters func-
tion by exploiting the impedance mismatch between the thin film and
the surrounding air, resulting in selective attenuation of high-frequency
components while preserving the difference-frequency signal. Previous
studies have demonstrated that such filters can provide attenuation lev-
els of approximately 20 — 30 dB at ultrasonic frequencies, depending on
the material properties and layer configuration [7,14,18]. In particular,
multilayer polymer film arrangements have been employed to enhance
attenuation performance within the 30 — 40 kHz range. Despite their
potential, plastic thin film filters exhibit several practical limitations.
The attenuation characteristics are highly sensitive to the spacing be-
tween layers, necessitating precise fabrication and alignment to achieve
optimal performance. Additionally, single-layer films provide only mod-
erate attenuation, requiring multi-layered configurations that introduce
complexity in fabrication and handling. These factors limit the practical
applicability of plastic thin film filters in PA measurements.
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2.2. Helmholtz resonators

Helmholtz resonators (HRs) possess promising filtering capabilities
for targeted acoustic frequencies. However, at ultrasonic frequencies
typically around 40 kHz and 60 kHz encountered in PAs, the physi-
cal dimensions required become exceedingly small. Specifically, cavity
volumes and neck dimensions approach sub-millimeter scales, render-
ing precise fabrication extremely challenging or practically infeasible.
Moreover, at these scales, even minor manufacturing deviations sig-
nificantly alter the designed resonance conditions. Additionally, vis-
cous and thermal losses become increasingly pronounced as dimensions
shrink, reducing the quality factor (Q-factor) and diminishing the filter’s
selectivity. Consequently, despite the theoretical advantages of HRs,
practical implementation as acoustic notch filters at ultrasonic frequen-
cies around 40 — 60 kHz remains severely limited by manufacturing
constraints and physical realities.

2.3. Phononic crystals

Phononic crystals have attracted significant interest due to their
unique capability to form band gaps through Bragg scattering. By ar-
ranging periodic structures (unit cells or scatterers) at distances satisfy-
ing the Bragg condition (@ = ¢/2f), phononic crystals effectively serve
as frequency-selective acoustic barriers [19,20]. However, this method-
ology presents two significant limitations. First, creating band gaps at
relatively lower ultrasonic frequencies inherently requires a larger lat-
tice constant, which leads to an increased overall filter size. For instance,
lattice constants at 40 kHz and 60 kHz are approximately 4.3 mm and
2.9 mm, respectively. This requirement poses practical challenges for
filter miniaturization and restricts the achievable number of unit cells
within a limited spatial footprint, subsequently limiting performance
enhancement. Second, phononic crystals fundamentally depend on pla-
nar wave incidence, causing a significant deterioration in performance
under oblique incident angles. Consequently, their effectiveness is sub-
stantially reduced in complex near-field acoustic environments charac-
terized by diverse incident wave directions.

Moreover, the attenuation effect within the Bragg scattering bandgap
is relatively weak, as seen in comparison to the local resonance bandgap.
This is associated with the complex wavenumber in the band structure,
which influences wave attenuation, and has been extensively explored
in studies on phononic and photonic crystals [21,22]. Indeed, Ref. [11]
reported a moderate TL of around 30 dB, which is insufficient for ac-
curate measurements in high-intensity ultrasound. Therefore, the use of
phononic crystals is not suitable for applications requiring strong atten-
uation.

2.4. Grazing incidence of microphones

Adjusting the angle of incidence of microphones (e.g., placing mi-
crophones at grazing angles) provides a straightforward technique for
spurious sound reduction by exploiting microphone directivity at ul-
trasonic frequencies [9,13]. This method offers significant practical ad-
vantages as it requires no specialized equipment or additional acoustic
components, enabling direct and uncomplicated application of measure-
ment microphones. Moreover, its simplicity makes it particularly useful
in near-field measurements, where space limitations favor this method.
However, the limited attenuation achievable with this approach restricts
its effectiveness, making it less suitable for spurious sound suppression
in such conditions. The achievable attenuation using this method is
modest, typically limited to approximately 20 dB at best. In scenarios
characterized by high-intensity ultrasonic fields, such as near-field mea-
surements, this limited attenuation proves insufficient for effectively
reducing intermodulation distortion (IMD) [13]. Furthermore, because
this method does not allow explicit control over attenuation character-
istics specifically tailored to the source frequency spectrum, its practical
efficacy remains restricted compared to dedicated acoustic filtering so-
lutions.
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(d

Fig. 1. (a) Schematic representation of a half-wavelength closed-end pipe resonator. (b) Modified half-wavelength resonator geometry designed to shift the nodal
plane outward for practical measurement applications. (c) Conventional half-wavelength resonator geometry integrated with a standard measurement microphone,
illustrating the inherent limitation at high frequencies. (d) Proposed modified resonator geometry integrated with a microphone, effectively relocating the nodal
plane to an accessible external position, enabling practical high-frequency acoustic pressure measurements. (Red regions represent the acoustic pressure inlet (port),
blue regions indicate acoustically closed ends, and green regions denote the nodal plane.)

2.5. Motivation for the proposed half-wavelength acoustic filter

Considering the aforementioned limitations, there remains a long-
standing demand for a compact, easily manufacturable acoustic filter
that can effectively suppress spurious sound components without signif-
icant dependence on wave incidence angles. To address these require-
ments, this study presents a half-wavelength resonator-based filter that
effectively reduces spurious sound, ensuring that the measured acous-
tic pressure accurately reflects the true signal from a PA by reducing
IMD-induced distortions. Furthermore, drawing on the concept of us-
ing a single, simple-shaped homogeneous element, much simpler than
the periodic structures found in phononic crystal filters [23], the pro-
posed design can be readily fabricated via widely available 3D printing
technologies, thereby overcoming practical manufacturing challenges.

3. Concept and design of proposed spurious sound filter
3.1. Operational principle of half-wavelength resonator

The proposed acoustic filter operates based on the acoustic reso-
nance phenomenon occurring within a half-wavelength resonator pipe
with one end acoustically closed. As illustrated in Fig. 1a, when acoustic
waves enter from the open port, a standing wave is formed inside the res-
onator at a frequency determined by the pipe length. Specifically, if the
pipe length is exactly half the wavelength of the targeted frequency, a
distinctive pressure distribution emerges: a nodal plane (pressure node)
naturally forms at the midpoint of the pipe [24]. At this nodal plane, the
acoustic pressure theoretically approaches zero, effectively resulting in
maximum TL at that frequency. Thus, placing a measurement micro-
phone precisely at this nodal plane enables significant suppression of
the corresponding acoustic frequency, greatly minimizing the measured
acoustic pressure.

However, the practical implementation of this structure is chal-
lenging at higher frequencies due to shorter wavelengths, resulting in
resonator dimensions significantly smaller than typical microphone di-
mensions. This limitation is illustrated clearly in Fig. 1c, where the
conventional resonator structure becomes impractical, making accurate
pressure measurement at the internal nodal plane difficult or impossi-
ble. To overcome this issue, the resonator geometry should be modified,
as shown in Fig. 1b. Consequently, the modified design can be im-
plemented in practice using the measurement microphone depicted in
Fig. 1d. This reshaped resonator preserves fundamental resonant charac-
teristics while relocating the nodal plane outward as an external surface,
ensuring direct and convenient placement of the microphone for accu-
rate acoustic measurements.

These two configurations, conventional (Figs. 1a and 1¢) and modi-
fied (Figs. 1b and 1d), are topologically equivalent. One can be smoothly
deformed into the other without breaking or adding boundaries, while
preserving the port, closed end, and the half-wavelength propagation
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Fig. 2. Cross-sectional schematic of the proposed acoustic filter illustrating its
simplified geometry. The red boundary at the top represents the acoustic input
port with a normal velocity boundary condition. The blue boundaries denote
acoustically closed ends, and thermal-viscous boundary layer impedance con-
ditions are applied to both the blue and gray boundaries. The green boundary
at the bottom indicates the nodal plane, where the measurement microphone is
positioned.

path that determines the pressure node pattern [25]. As these acoustical
characteristics remain unchanged, both geometries exhibit identical TL
peaks at the target frequency. This topological transformation preserves
the essential filtering behavior and greatly enhances practical applica-
bility, enabling precise measurements even in high-frequency acoustic
scenarios.

3.2. Design methodology

The proposed acoustic filter features a simple structure, as illustrated
in Fig. 2. This simplicity reduces the number of required design pa-
rameters, facilitating straightforward optimization, and enables precise
fabrication via stereolithography (SLA) 3D printing, particularly advan-
tageous when working at submillimeter scales. The principal design
parameters include the primary duct radius a;, and its length /), where [,
also represents the minimum achievable wall thickness in the 3D print-
ing process. The expanded duct length, /;, is also a design parameter,
while the expanded duct radius, a;, serves as sole design variables in
the optimization process.

The dimensions of the acoustic duct were conceptually established
based on the targeted frequency for suppression, f,. For a 60 kHz, the
half-wavelength is approximately 2.9 mm (% = ;700 = 23‘2) T::Z) The in-
put port diameter was set to a comparable dimension of 3 mm. This
choice ensures that the duct dimension exceeds the quarter-wavelength
limit, promoting the formation of a two-dimensional cylindrical wave
distribution instead of a one-dimensional wave along the duct axis.
Consequently, this structure relocates the nodal plane externally, mak-
ing it practical for microphone placement and accurate pressure mea-
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Fig. 3. TL characteristics of the acoustic filters optimized for suppression frequencies of (a) 40 kHz and (b) 60 kHz, respectively. Each curve corresponds to different

pairs of fixed duct lengths, /,, and their optimized duct radii, a,.

surement. Furthermore, restricting the acoustic wave path exclusively
through the microphone protection grid’s center hole simplifies bound-
ary condition definitions for modeling purposes. Specifically, the Briiel
& Kjaer Type 4192 measurement microphone features a protection grid
with a center hole diameter of 1.15 mm, while the grid’s acoustic slit
wedge starts from a diameter of approximately 3.8 mm. Setting the in-
put port diameter to 3 mm thus ensures a direct and exclusive acoustic
connection through the center hole.

In the finite element model, a normal velocity boundary condi-
tion was applied to the acoustic input boundary, indicated in red.
At the targeted suppression frequency, f, the boundary condition on
the nodal plane (marked in green), the surface at which the micro-
phone diaphragm measures acoustic pressure, should be modeled as an
impedance boundary condition based on the microphone diaphragm’s
acoustic impedance and calibrator load volume data provided by the
manufacturer [26]. Here, the calibrator load volume refers to the com-
bined volume consisting of the effective acoustic volume associated with
diaphragm compliance and the air trapped between the diaphragm and
the interior surfaces of the microphone protection grid [27]. However,
since acoustic wave propagation to the diaphragm occurs solely through
the center hole of the protection grid, the volume occupied by this
hole was subtracted from the calibrator load volume. Thus, the acous-
tic impedance boundary condition at the microphone interface (nodal
plane) could be expressed as

Vie

1
1 (joLy + Ry, + - ) )
Ve Vch< TS oy

cal =

7 =

where Vj; represents the low-frequency volume, while Cy, Ly, and Ry
correspond to the acoustic compliance, mass, and damping resistance
of the diaphragm system, respectively. V, denotes the calibrator load
volume. Additionally, V;, represents the volume of the protection grid’s
center hole, which is calculated as ndczh /4X1,,, where d, is the diameter
of the center hole and 7, is the thickness of the protection grid. Addi-
tionally, given the narrow geometry of the acoustic duct, thermal and
viscous boundary layer impedances were applied to the duct walls (col-
ored gray and blue), ensuring accurate representation of acoustic losses.
The model was solved as an axisymmetric 2D simulation using COMSOL
Multiphysics with the pressure acoustics-frequency domain module. Op-
timization of the duct dimensions was conducted using the BOBYQA
method, aiming to maximize TL at the desired suppression frequency,
fo, with the expanded duct radius a, as the design variable, for a fixed
duct length /,. The optimization process was terminated upon reaching
an optimality tolerance of 1 x 1073, The geometry of a resonant filter el-
ement in a variable-cross-section waveguide has a profound impact on
its transmission coefficient [23].

3.3. Practical design examples

Fig. 3a illustrates the TL characteristics obtained through finite ele-
ment method (FEM)-based optimization of the proposed acoustic filter
for spurious sound suppression at a target frequency of 40 kHz. Opti-
mization was performed by pairing fixed values of the design parameter,
[, with their corresponding optimized values of the design variable, a;.
Due to the underlying resonant principle, extremely high TLs around
60 dB were achieved precisely at the desired suppression frequency,
fo. Furthermore, the bandwidth over which TL remains above 40 dB
extends approximately 10 kHz, indicating a highly effective filtering ca-
pability within the typical audio frequency range generated by PAs. The
microphone’s IMD, which causes spurious sounds, increases when the
difference between the carrier and sideband frequencies is small, that is,
at low audio or difference frequencies. Consequently, even a filter with
a 10 kHz bandwidth can effectively eliminate strong spurious sounds,
making it sufficient for practical applications. Similarly, Fig. 3b presents
optimized results for the acoustic filter designed for a suppression fre-
quency of 60 kHz, showing nearly identical performance trends. This
consistent TL response characteristic demonstrates that the proposed
principle and optimization method allow for the design of filters tai-
lored to different suppression frequencies, illustrating that suppression
can be achieved at various target frequencies by systematically adjust-
ing the design parameters and optimization variables.

Notably, both designs consistently exhibit a TL dip around 3 kHz
within the audio frequency band, which is attributed to the micro-
phone’s characteristic. Since this behavior is predictable and repro-
ducible, it can be effectively compensated during practical implemen-
tations by measuring the actual TL prior to experiments and applying
appropriate corrections. Thus, the presence of this low-frequency reso-
nance is unlikely to result in significant operational challenges.

4. Fabrication and experimental validation
4.1. Fabrication using 3D printing technology

The proposed acoustic filter was fabricated using SLA 3D printing
technology, which was selected for its high precision and ability to pro-
duce fine structural details critical to achieving the resonator’s intended
frequency response in the design. The SLA 3D printing process offers
dimensional accuracy within tens of micrometers, ensuring that the de-
signed acoustic filter can be manufactured with high fidelity [28].

The dimensional accuracy of the fabricated duct geometry is partic-
ularly important, as small variations in the design parameters directly
influence the filter’s acoustic performance. For example, when the ex-
tended duct length, /;, changes from 1.2 to 1.4 mm of the 40 kHz
filter, the corresponding optimized duct radius, a;, changes from 3.21
to 3.26 mm. Since the resolution of SLA 3D printing is well within this
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Fig. 4. Photograph of the fabricated acoustic filter using SLA 3D printing. (Left)
The top view shows the port aligned with the protection grid center hole of
the microphone, allowing controlled acoustic transmission. (Right) The bottom
view displays the O-ring, which is seated in the O-ring groove, ensuring a secure
seal when the microphone is inserted into the designated mounting space.

range, the printer can reliably produce these dimensional variations, en-
suring the filter functions as intended. This precision level ensures that
the TL characteristics predicted during optimization are accurately real-
ized in the fabricated filter. Fig. 4 shows the filter fabricated using SLA
3D printing, where both the 40 kHz and 60 kHz designs have an /; of
1.4 mm.

4.2. Experimental setup and methodology

Acoustic measurements were conducted in a semi-anechoic cham-
ber at Pohang University of Science and Technology (POSTECH) (see
Fig. 5a). The chamber had a background noise level below 30 dB SPL,
a free-field effective volume of 3 x 3 x 2 m>, an estimated absorption
coefficient near 0.99, and a low cutoff frequency of 150 Hz. During mea-
surements, environmental conditions were maintained at a temperature
of 20°C and a relative humidity of 30%. A modified version of stepped
plate parametric array loudspeaker (SPPAL) [29] was mounted on a mo-
torized rotational stage using a custom-made fixture, and positioned at
1.4 m above the chamber floor, used lower sideband amplitude modula-
tion (LSB-AM) to generate audio signals. The audio sound acoustic field
measurements were performed using a Briiel & Kjer 1/2-inch micro-
phone (Type 4192), both with and without the acoustic filter installed.
The angle of incidence was adjusted by controlling the relative orien-
tation between the acoustic source and the measurement microphone,
as illustrated in Fig. 5b. This was achieved by rotating the microphone
holder to set the acoustic axis at incidence angles of 0°, 30°, 60°, and
90°, allowing an angular robustness of the filter’s performance across
different incident angles. A dynamic signal analyzer (SR785, Stanford
Research Systems) was utilized to generate the excitation signals driv-
ing the transducer through a power amplifier (HSA4052, NF Corpo-
ration), and to simultaneously acquire the microphone output signals
conditioned via a conditioning amplifier (Type 2690, Briiel & Kjer). An
electrical filter with a passband from 20 Hz to 100 kHz was incorporated
to prevent electrical attenuation from influencing the measured results.
MATLAB software was employed for automated data acquisition and in-
strument control.

4.3. Measurement results

4.3.1. Transmission loss of acoustic filter

TL quantifies the reduction in acoustic energy as a wave propagates
through a system, typically expressed in decibels (dB) as a function of
the power ratio. Since TL is inherently a power-based measure, while
microphone measurements capture acoustic pressure, TL is derived from
pressure measurements as follows:
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Fig. 5. Experimental setup for measuring the TL of the acoustic filter. (a)
Overview of the measurement system inside the semi-anechoic chamber, con-
sisting of a SPPAL as the acoustic source, a measurement microphone with a
holder mounted on a stand, and a motorized system comprising a rotational
stage and a linear stage for precise positioning. (b) Adjustment of the micro-
phone holder to control the angle of incidence (6;), set at 0°, 30°, 60°, and 90°,
respectively, to evaluate the filter’s response across different incidence angles.

Pwithout

TL=20logg 2)

DPwith
where piihour ad pyip, denote the measured sound pressures at the
microphone position without and with the acoustic filter installed, re-
spectively. To obtain TL values, measurements were first conducted with
the microphone exposed directly to the incident sound field without the
filter, followed by a second set of measurements with the filter in place.
The difference in recorded pressure levels was then used to compute TL
at each frequency of interest.

Fig. 6 shows the measured TL characteristics of the fabricated acous-
tic filters designed for suppression frequencies of 40 kHz and 60 kHz,
respectively. The black dash-dotted lines represent the numerical sim-
ulation results obtained from FEM, and the vertical gray dashed lines
indicate the targeted suppression frequencies, f(,. The solid-colored lines
represent experimentally measured TL values, averaged from measure-
ments taken at distances of 0.1, 0.2, 0.5, and 1 m from the source. The
red, blue, green, and purple solid lines correspond to incidence angles
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Fig. 6. TL measurements of the fabricated acoustic filters for suppression frequencies of (a, c) 40 kHz and (b, d) 60 kHz. The black dash-dotted lines represent FEM
simulations, while the vertical gray dashed lines indicate the targeted suppression frequencies, f,. The red, blue, green, and purple solid lines correspond to incidence
angles of 0°, 30°, 60°, and 90°, respectively. Each TL curve represents the average of measurements taken at distances of 0.1, 0.2, 0.5, and 1,0 m, with the small
shaded regions illustrating the standard deviation across distances, demonstrating excellent consistency.

of 0°, 30°, 60°, and 90°, respectively. The shaded regions around each
line, representing the standard deviation across measurements at differ-
ent distances, are nearly indistinguishable due to minimal discrepancies.
This indicates that the measured TL remains consistent and largely inde-
pendent of distance. Moreover, the increase in TL with incidence angle
demonstrates that the proposed acoustic filter benefits not only from
its inherent suppression mechanism but also from the grazing incidence
method, further enhancing its overall performance.

Overall, the experimental results closely follow the trends predicted
by FEM. Although minor variations in TL can be observed with changing
incidence angles, these differences remain relatively small, indicating
that the proposed acoustic filter provides robust suppression across a
wide angular range. Measurements were performed across a frequency
range from approximately 1 kHz to 100 kHz, with higher-frequency mea-
surements carried out using the SPPAL, a source optimized for ultrasonic
frequency generation. Due to limitations in the low-frequency output of
the SPPAL, the TL below 10 kHz was measured separately using a baf-
fled loudspeaker. These low-frequency measurements serve as baseline
references for calibrating and correcting the frequency response, beam
patterns, and propagation characteristics of audio signals generated by
the SPPAL in subsequent analyses.

The slight discrepancies between the FEM results and experimental
data could originate from manufacturing tolerances in the resonant filter
dimensions. Moreover, the FEM analysis performed here did not include
nonlinear acoustic phenomena, such as amplitude-dependent shifts in
resonance frequencies or nonlinear harmonic interactions, which are
known to occur in acoustic resonators with varying cross-sections at
high acoustic amplitudes [23,30]. Nevertheless, considering the overall
close agreement between the numerical predictions and measurements,
these minor deviations do not significantly compromise the reliabil-
ity and applicability of the proposed acoustic filter. In conclusion, the
developed acoustic filter achieves stable, distance-independent TL per-
formance, exhibits a predictable directivity pattern with respect to in-

cidence angles, and provides effective suppression of ultrasound at the
targeted frequencies.

4.3.2. Audio sound frequency response

Fig. 7 shows the measured frequency responses of the audio sound
generated by the SPPAL, evaluated at distances of 0.1, 0.2, 0.5, and 1.0 m
from the acoustic source. The characteristics of the SPPAL and the non-
linear acoustic analysis methodology are briefly provided in Appendix A,
with the results of this nonlinear analysis depicted as thick gray solid
lines. Red circles correspond to an incident angle of 0°, while purple dia-
monds denote an incident angle of 90°. The marker filled color indicates
the filter condition: white-filled markers represent measurements with
the filter installed, while gray-filled markers indicate measurements
without the filter; these line and marker conventions are consistently
applied in the subsequent figures. Measurements conducted without the
acoustic filter demonstrate substantial levels of spurious sound, particu-
larly at the 0° incidence angle, where undesired ultrasonic components
significantly overshadow the true audio signal. Although grazing inci-
dence measurements (90°) reduce the intensity of spurious components
by approximately 20 dB, this reduction deviates significantly from the
behavior observed in the low-frequency, indicating that the grazing
incidence approach alone is inadequate for complete suppression. Addi-
tionally, this approach inherently lacks tunability to specifically account
for the ultrasound frequency characteristics of the acoustic source (refer
to Fig. B.1 for TL measurements using the grazing incidence method),
unlike the proposed acoustic filter.

In contrast, measurements with the acoustic filter installed show
notable suppression of spurious sound, improving with increased mea-
surement distance. At the shortest distance (0.1 m), residual spurious
components persist at lower frequencies, especially at the 0° incidence
angle. In this scenario, combining the acoustic filter with the grazing
incidence method, which provides additional TL, enables accurate mea-
surements even in extremely intense ultrasonic fields near the acoustic
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Fig. 8. Measured unnormalized beam patterns of audio signals from the SPPAL at distances of 0.5 m (a—-d) and 1.0 m (e-h) in dB SPL. Each subfigure corresponds
to a specific audio frequency: (a, €) 1 kHz, (b, f) 2 kHz, (c, g) 4 kHz, and (d, h) 8 kHz. The line color and marker type indicate the incidence angle, where red
circles represent 0° and purple diamonds denote 90°. The marker filled color indicates the filter condition: white-filled markers represent measurements with the
filter installed, while gray-filled markers indicate measurements without the filter. The thick gray solid lines depict the beam patterns predicted by the SWE method,

providing a reference for comparison with experimental data.

source. At greater distances (0.2, 0.5, and 1.0 m), the frequency re-
sponses at 0° and 90° incidence angles closely coincide, clearly demon-
strating the proposed filter’s effectiveness in mitigating spurious sounds
across the audible frequency range.

Numerical simulation results obtained from the spherical wave ex-
pansion (SWE) method closely align with experimental measurements,
validating the accuracy of numerical predictions and confirming the
practical efficacy of the fabricated acoustic filter.

4.3.3. Audio sound beam pattern
Fig. 8 presents the measured unnormalized beam patterns of audio
signals generated by the SPPAL at distances of 0.5 m and 1.0 m from

the acoustic source. Beam patterns were evaluated at representative au-
dio frequencies of 1, 2, 4, and 8 kHz, as indicated by the legend. In the
absence of the filter, significant spurious sound components lead to ar-
tificially exaggerated directivity, particularly at the 0° incidence angle,
compared to measurements at 90°. In contrast, with the filter installed,
spurious sound components are effectively suppressed, allowing the true
beam pattern of the audio signals generated by SPPAL to be accurately
captured. Notably, the beam pattern measurements remain consistent
regardless of the incidence angle when the filter is in place.

It should be noted that unnormalized beam patterns are presented
here because normalization tends to obscure critical details. Specifically,
because the grazing incidence method provides insufficient attenuation,
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obtained from the SWE method are depicted as thick gray solid lines.

the beam pattern is sharply exaggerated in the paraxial region while
accurate measurements are obtained off-axis, a discrepancy that nor-
malized beam patterns fail to capture. For example, spurious sound is
evident in the paraxial region but accurately measured away from the
center in Fig. 8e.

4.3.4. Audio sound propagation curve

Fig. 9 presents the measured propagation curves of audio signals
generated by the SPPAL, evaluated along the axial direction at repre-
sentative audio frequencies of 1, 2, 4, and 8 kHz. The measurements
without the acoustic filter reveal significantly elevated sound pressure
levels due to prominent spurious sound components, particularly ev-
ident at the 0° incidence angle. This artificial elevation hampers the
accurate evaluation of the acoustic field of PA.

Conversely, the measurements obtained with the acoustic filter in-
stalled demonstrate stabilized and consistent propagation characteris-
tics. The filter effectively suppresses spurious sound, enabling accurate
representation of the true audio signal propagation. Additionally, mea-
surements taken with the filter exhibit minimal dependency on inci-
dence angle, confirming that the proposed acoustic filter reliably isolates
genuine audio signals from ultrasonic-induced distortions.

5. Results and discussion

The experimental measurements and numerical analysis conducted
in this study demonstrate that the proposed half-wavelength acoustic fil-
ter effectively addresses the long-standing issue of spurious sound in PA
measurements. The measured TL characteristics, frequency responses,
beam patterns, and propagation curves consistently validate the acous-
tic filter’s performance, confirming significant suppression of undesired
ultrasonic signals.

The TL measurement results illustrate extremely high attenuation
precisely at the targeted suppression frequencies of 40 kHz and 60 kHz.
The experimentally obtained TL closely aligns with FEM simulations,
affirming the validity of the simplified, yet robust design methodol-
ogy employed. Additionally, the measured TL exhibits negligible vari-
ability with respect to measurement distance, demonstrating consis-
tent performance throughout typical near-field and far-field scenarios.
This distance-independent characteristic is particularly advantageous in
practical acoustic measurement setups.

Furthermore, frequency response measurements clearly illustrate the
filter’s effectiveness in eliminating spurious acoustic signals across the
audio frequency range. Without the acoustic filter, significant spuri-
ous signals distort the measured audio response, particularly at lower

frequencies and normal incidence angles. Although grazing incidence
angles slightly reduce the measured spurious signals, the suppression
remains inadequate. In contrast, with the acoustic filter installed, the
audio frequency responses accurately reflect the true audio signals, re-
maining stable and consistent across different angles and distances. This
confirms that the filter’s performance is robust against variations in inci-
dence angle, surpassing limitations encountered in conventional grazing
incidence methods. Beam pattern measurements further substantiate
the filter’s importance in accurately evaluating parametric loudspeakers
(PALs). Without the acoustic filter, spurious sounds cause exaggerated
directivity measurements, falsely indicating higher directional charac-
teristics, particularly at 0° incidence angle. Conversely, the beam pat-
terns measured with the filter installed accurately represent the true
directivity of audio signals produced by parametric acoustic arrays. Nu-
merical simulation results reinforce the reliability of the filter-based
measurements, facilitating correct characterization of the loudspeaker’s
acoustic directivity, which is crucial given the fundamental nature of
PALs as a directional acoustic source. Additionally, propagation curve
measurements validate the filter’s practical utility in characterizing the
spatial distribution of parametric audio fields. Without the acoustic fil-
ter, spurious sounds lead to excessively elevated sound pressure levels
that distort the propagation curves. The filter installation rectifies this is-
sue, providing stable and realistic propagation curves that closely match
the numerical results. Consequently, accurate propagation characteri-
zation facilitated by this acoustic filter directly contributes to reliable
design, testing, and validation of parametric acoustic loudspeakers.

Compared with previously established methods, such as thin poly-
mer film filters, phononic crystals, and grazing incidence microphones,
the proposed acoustic filter demonstrates clear and substantial advan-
tages. It overcomes fabrication difficulties and dimensional constraints
encountered with Helmholtz resonators, avoids the incidence angle limi-
tations associated with phononic crystals [11], and surpasses the modest
attenuation achievable by simple angular adjustments of microphones
[9,13], thus enabling accurate acoustic measurements in complex near-
field induced PA phenomena [5,6]. Moreover, the presented method
maintains an exceptionally simple geometry that is readily manufac-
turable via high-precision SLA 3D printing, facilitating accessibility and
reproducibility in various research and industrial contexts.

In conclusion, the proposed half-wavelength resonator acoustic fil-
ter significantly enhances measurement accuracy in parametric acoustic
array research. By combining the filter with grazing incidence meth-
ods, even greater TL can be achieved, enabling accurate measurements
in high-intensity ultrasonic fields near the acoustic source. By reliably
eliminating spurious signals without complicated apparatus or substan-
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tial influence on the acoustic field, it provides researchers and practi-
tioners with a robust and practical tool. This combined approach of fil-
tering and grazing incidence ensures accurate characterization of para-
metric arrays, making it essential for the precise evaluation and further
development of directional acoustic technologies.
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Appendix A. SPPAL and nonlinear acoustic simulation

The SPPAL used in the experimental investigation closely resem-
bles the configuration presented in [29]. To accurately characterize
the transducer for numerical simulations, the ultrasonic frequency re-
sponse of the fabricated SPPAL was experimentally measured at a dis-
tance of 1 m, as illustrated in Fig. A.1. The measured response served
as the basis for adjusting the transducer parameters employed in sub-
sequent FEM simulations. Fig. A.1 compares the measured ultrasonic
frequency response with corresponding simulation results, highlighting
good agreement yet also indicating minor discrepancies attributable to
slight deviations in transducer characteristics.

The nonlinear acoustic analysis of the SPPAL was conducted fol-
lowing a two-step procedure. First, FEM simulations were performed
to determine the velocity profile on the radiating surface of the stepped
plate. Subsequently, this velocity profile was utilized as the input bound-
ary condition for the nonlinear acoustic field analysis via SWE based
on the solution of the Westervelt equation, employing the numerical
approach detailed in [12,32]. This approach enabled accurate predic-
tion of the parametric acoustic field generated by the SPPAL, facilitating
comprehensive validation and comparison with the experimental mea-
surements.
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Fig. B.1. Measured TL for different incidence angles. The solid-colored lines
represent TL values averaged from measurements taken at distances of 0.1, 0.2,
0.5, and 1 m, with red, blue, green, and purple lines corresponding to incidence
angles of 30°, 60°, and 90°, with the shaded regions illustrating the standard
deviation across distances.

Appendix B. Transmission loss and the angle of incidence

Fig. B.1 shows the measured TL values for different incidence angles
without the acoustic filter. The solid-colored lines represent TL values
averaged from measurements taken at distances of 0.1, 0.2, 0.5, and 1 m,
with blue, green, and purple lines corresponding to incidence angles
of 30°, 60°, and 90°, respectively. Although adjusting the microphone
incidence angle (i.e., grazing incidence method) is a simple approach
for spurious sound suppression, the method inherently lacks the ability
to precisely control or select the frequency at which maximum TL oc-
curs, limiting its applicability and effectiveness for targeted ultrasonic
frequency suppression. In this case, the maximum TL is observed near
50 kHz.

Data availability

The STL files of the proposed filter for 3D printing are available on
[31]. Caution should be exercised when installing this filter onto the mi-
crophone, as blocking the acoustic port may damage the microphone’s
diaphragm.
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