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ABSTRACT:

Understanding the sound power characteristics of parametric array loudspeakers (PALSs) poses a unique challenge
due to the nonlinear process involved. This work addresses this issue by employing the spherical convolution
directivity model to obtain the far field intensity, which is then used to calculate the sound power radiated by a PAL.
The results reveal that the audio sound power is approximately proportional to the square of the audio frequency and
the aperture size, while inversely proportional to the ultrasound frequency. Additionally, the conversion efficiency
from ultrasound to audio sound is found to be generally below 0.15% for typical configurations.
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I. INTRODUCTION

The parametric array loudspeaker (PAL) is an applica-
tion of parametric acoustic arrays for radiating highly direc-
tional audio beams using an ultrasound carrier wave in air.'
Although the sound field properties of PALs have been
extensively investigated in existing literature, ™ there
remains a significant gap in our knowledge concerning the
sound power, a fundamental metric for characterizing sound
sources, produced by PALs. An accurate assessment of the
sound power of PALs can enhance our understanding of
their energy conversion characteristics. Furthermore, it is
imperative to consider the sound power in some practical
applications. For example, PALs have been used in active
noise control systems as the control sources to minimize the
radiated sound power by noise sources.*> In such scenarios,
accurate analysis of the power outputs of the sources,
including PALs, is essential.

The power conversion from ultrasound to audio sound
is widely recognized as highly inefficient for a PAL.
However, the exact level of sound power produced by the
PAL remains unclear due to the intricate nature of the non-
linear process it entails. In linear acoustics, for a conven-
tional acoustic source, electric energy is converted into
mechanical vibration to emit sound waves, and the corre-
sponding sound power is well known. However, the power
conversion process is different for a PAL. In a PAL, electri-
cal energy is converted into mechanical vibration to emit
ultrasound, which is subsequently self-demodulated in air,
resulting in the generation of an audio sound wave. It should
be noted that the sound power of the audio sound wave is
transferred from the ultrasound wave.
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The audio sound produced by a PAL can be considered
as radiation from an infinitely large virtual volume source,
where the source density is proportional to the ultrasound
field.> Consequently, measuring the sound power becomes
challenging using conventional sound power measurement
methods, including those based on sound pressure, sound
intensity, and vibration measurements.®'® ISO 3745 pro-
vides a sound-pressure-based method to determine the sound
power by measuring the sound pressure on a spherical enve-
lope surface in the far field in an anechoic room.? However,
the far field of the audio sound generated by a PAL is gener-
ally located more than 10 m away from the source,” making
it challenging to implement this method under practical
measurement conditions as it requires a large anechoic room
and accurate positioning of a huge number of measurement
microphones. ISO 3741 offers a precision method based on
sound pressure measurement in a reverberation chamber,
where the sound power is proportional to the square of the
sound pressure for locations far away from the source or
chamber walls.” However, the virtual audio sound source
produced by a PAL tends to spread throughout the space in
a reverberation chamber, making it difficult to identify a
suitable measurement region far away from the source.
Moreover, the direct ultrasound will interact with the
reflected ultrasound and produce new virtual audio sound
sources, indicating that the audio sound power is different
from that measured in free field. ISO 9614 specifies sound-
intensity-based methods to obtain the sound power by mea-
suring the sound intensity on a measurement surface that
either completely surrounds or hemispherically surrounds
the sound source.'® However, this method is also not suit-
able for PALs as it is challenging to identify a suitable mea-
surement surface, which needs to be large enough to enclose
the infinite virtual source. Other measurement methods,
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such as vibration-based measurements,9’ll the sound inten-
sity scaling method using beamforming,'? and a method
based on energy density measurement in a reverberation
chamber,'® also cannot be applied to PAL sound power
measurement because of similar reasons as mentioned
before. Due to the inherent difficulty of accurate measure-
ment, theoretical prediction of the audio sound power of a
PAL becomes crucial for its application and for gaining a
better understanding of its radiation characteristics.

The sound power can be determined by integrating the
sound intensity over an envelope enclosing the sound source,
where the sound intensity is defined as the product of sound
pressure and particle velocity. As the near field is complex
and difficult to calculate, the envelope is typically chosen in
the far field, where the sound wave can be approximated as
spherical spreading with a directivity. Consequently, the
sound pressure can be described in terms of directivity, while
the particle velocity has only a radial component and exhibits
a simple linear relationship with the sound pressure. Based
on this framework, obtaining the directivity of the audio
sound is the first step to calculate the sound power.

Westervelt was the first to derive the directivity for the
audio sound generated by a PAL, which was then used to
obtain a closed-form expression for the sound power.'* The
expression shows that the audio sound power is proportional
to the 4th power of the on-surface pressure amplitude, the
3rd power of audio frequency, and the 4th power of aperture
size, while inversely proportional to the square of ultrasound
frequency. This is found to be different from the sound
power for a linear acoustic source, which is proportional to
the square of the on-surface pressure amplitude, the square
of the frequency, and the 4th power of the aperture size
when the wavelength of sound is sufficiently larger than the
aperture size, while almost independent of frequency and
proportional to the square of the aperture size when the
wavelength of sound is much smaller than the aperture size.

The prediction of sound power obtained by Westervelt
is inaccurate as the Westervelt directivity contains signifi-
cant inaccuracies. The accuracy of Westervelt directivity
was then improved by Berktay and Leahy by taking into
account the aperture factor and the wave shape.'>'®
However, they are only applicable for piston sources with
uniform velocity profile across the radiation surface. Gan
et al. proposed a product directivity model in 2006, which
approximates the audio sound directivity by the product of
the directivity of two ultrasound waves.'” This model pro-
vides the basis for calculating the far field directivity of a
PAL with an arbitrary profile, but the predicted sidelobe
level was found to be much smaller than measurements. In
2015, Shi and Kajikawa proposed the convolution model,
which shows better agreement with measurements and is
valid for a PAL with an arbitrary profile.'® This model uses
the convolution of the Westervelt directivity and ultrasound
directivities to predict the audio directivity. However, the
convolution model is only valid for two-dimensional radia-
tion problems and cannot be used to calculate the sound
power of PALs.
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Recently, Zhong et al. proposed the spherical convolu-
tion model, which can be seen as an extension of the convo-
lution model to three-dimensional problems.'® The
fundamental idea is to approximate the exact ultrasound
field by the inward-extrapolated far field pressure, thus, sim-
plifying the directivity of the audio sound to a spherical con-
volution of the ultrasound directivity and Westervelt
directivity. In addition, the aperture factor of audio sound is
incorporated in this model to further improve accuracy. This
model shows commendable accuracy and computational
efficiency for calculating the audio sound directivity, which
will be employed in this article to determine the sound power
of the audio generated by a PAL. The calculated sound power
is then used to examine the power conversion efficiency from
the ultrasound to the audio sound. Simulations are carried out
for a circular PAL with a uniform profile to explore the
effects of various physical parameters.

Il. THEORY
A. Calculating sound power using the directivity

The sound power of an acoustic source can be deter-
mined by integrating the sound intensity over an enveloping
surface that surrounds the source. In the case of a spherical
envelope and when the envelope is in the far field, this cal-
culation is expressed as W = [ [(/;dS, where S is the enve-
lope surface, I, represents the radial sound intensity and can
be obtained using the equation I, = |p|*/(2pyco) in the far
field of the sound source, p is the sound pressure, pg is the
ambient density, and ¢ is the sound speed. The sound pres-
sure in the far field can be written as p = AD(0, ¢)e’ /r,
where i is the imaginary unit, A is a constant with the unit of
Pa-m, and D(0, ¢) represents the far field directivity of the
source. It should be noted that k represents the real part of
wavenumber here, as attenuation is not considered when cal-
culating sound power. Consequently, the sound power can
be calculated as”

W:ﬂ“ [D(0, @) (1
2pco ) Jan 7
where the element of the solid angle is dQ = sin 6d0d.

To obtain the sound power of the audio sound generated
by a PAL, a baffled circular PAL with a radius of a is con-
sidered in this work, which is a typical configuration in the
literature as well as applications.>! The sketch of the sound
power calculation for a baffled circular PAL is shown in
Fig. 1. In the model, Cartesian (x, y, z) and spherical
(r, 0, @) coordinate systems are established with their origin,
0, at the centroid of the PAL and the positive z axis pointing
to the radiation direction, where r, 0, and ¢ are the radial,
zenithal, and azimuthal coordinates, respectively. When the
PAL radiates two harmonic ultrasound waves with frequen-
cies f1 and f> (fi < f»), the boundary condition on the surface
is v(rg) = vou; (rg)e 1 + vouy (rg)e 7 ry < a, where vy is
a constant with a unit of m/s, u;(rs) is an arbitrary complex
velocity profile at the source point rg, w; = 2nf; is the
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FIG. 1. (Color online) The sketch for the calculation of the sound power of
a PAL.

angular frequency of the ultrasound, and the subscript i =1, 2.
Since the generated ultrasound pressure level is limited to
ensure safety, the nonlinearity is weak, and the derivation
can employ the quasilinear approximation." With the suc-
cessive method, the ultrasound pressure can be expressed as
a twofold Rayleigh integral over the surface area of the
PAL, and the audio sound pressure can be considered as a
superposition of the pressure radiated by infinite virtual audio
sources in air with the source density proportional to the
ultrasound pressure. The audio sound pressure is then
obtained by integrating the Green’s function over the entire
virtual source.’

The Rayleigh integral of the ultrasound pressure can be
approximated in the far field as*>

_ Powia2

ik'rDj 0 2
ZiCOI‘ € ( 7()0)7 ( )

pi(r)

where pg = pocovp is the on-surface pressure amplitude,
ki = w;/co +ia; is the complex wavenumber of the ultra-
sound, and «; is the ultrasound attenuation coefficient. By
substituting Eq. (2) into Eq. (1) and neglecting the imagi-
nary part of k;, the ultrasound power can be obtained as

2,2 4 (27 (%
W, :powa; J Jz ID;(0, @)|* sin 0d0d¢. ©)
8pocy Jo Jo

Note that it integrates over a hemisphere in front of the
PAL, as shown in Fig. 1, as it only radiates into half space.
The spherical convolution model' is an accurate and
computationally efficient model for calculating the far field
sound pressure of PALs. The key of this model is to approx-
imate the exact ultrasound pressure by the inward-
extrapolated far field pressure given by Eq. (2), so as to
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obtain the approximated virtual source density of audio
sound. By substituting the approximated source density into
the integral expression of audio sound field and making a far
field approximation of the Green’s function, the spherical
convolution model predicts the far field audio sound pres-
sure as'’

Bpimiwmrw?ia

ikar
D, (0, ), 4
167047 poc§ ¢ (0:9) @

pa(r) =

where o, = o + o, represents the total ultrasound attenua-
tion coefficient, and the audio sound directivity, D,(0, @), is
expressed as'’

Da(e’ (P) = (DTDZ@)DW)(ev (P)

2n pm
- J J DT(HU,QDU)DZ(HMQDU)
0 Jo
X Dy (7) sin 0,d0,de,. ®)

In Eq. (5), ® denotes the spherical convolution operator,
and 7y is the angle between (0,¢) and (0,,¢,), where
cosy = cosBcos B, + sinfsinb,cos (¢ — ¢,). Dw is the
Westervelt directivity, which is defined as

1

1 — ikaor ! sin® (§>

and o, = (o1 + op)/2 represents the average ultrasound
attenuation coefficient.

Equation (5) shows that the audio sound directivity is a
spherical convolution of the product of ultrasound directiv-
ity D7D, and the Westervelt directivity Dw. Its accuracy
can be further improved by taking into account the aperture
factor of audio sound to give'’

D,(0, ) = Da(0,¢)(D1D2 ® Dw)(0, ¢), 7

where the effective directivity, Da(0, @), is the far field
directivity of an audio source with the same aperture size
and a velocity profile of u,(rs) = uj(rs)uz(rs). In this work,
the audio sound directivities obtained using Egs. (5) and (7)
are referred to as the direct and modified spherical convolu-
tion models, respectively.

By substituting Eq. (5) or Eq. (7) into Eq. (1), the audio
sound power based on the spherical convolution model can
be obtained as

_ Bpidtvloiwt

2n (m/2 5
W, a D.(0, in 0d0dg. 8
o M MR T

Equation (8) is one of the main results in this work. It fol-
lows that the audio sound power, W,, is proportional to the
4th power of the amplitude of the ultrasound, pj. The effects
of other physical parameters, such as audio sound fre-
quency, f,, aperture size, a, and ultrasound frequency, f;,
cannot be directly observed, as the integral term in Eq. (8)
cannot be simplified to a closed-form expression.
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FIG. 2. (Color online) The normalized audio sound power (W/Pa“), W,, of
a circular PAL with a uniform profile for varying (a) audio frequency, (b)
aperture size, and (c) ultrasound frequency. Blue dashed-dotted line,
Westervelt; red solid line, direct spherical convolution model; yellow solid
line, modified spherical convolution model; dashed lines, fitting curves for
spherical convolution models.

It is worth mentioning that Westervelt derived the
far field audio sound pressure as p,(r) = —ppiwia®/
(404rpocg)e Dy (0) and calculated the audio sound power
using the method described by Eq. (1), providing a closed-
form expression as'*

a
Wy = 2 P0% Pa ©)

' 32fxtp(3)c§

_ﬂ2ﬂ244 3

Equation (9) shows that the sound power is proportional to
the 4th power of the amplitude of ultrasound, pg, the 4th
power of the aperture size, a*, and the 3rd power of the audio
sound frequency, fa3, and inversely proportional to the total
attenuation coefficient, ¢;. Since the total attenuation coeffi-
cient is approximately proportional to the square of the ultra-
sound frequency when the relaxation effect is negligible, the
sound power is approximately inversely proportional to the
square of the ultrasound frequency, f7. Additionally, it should
be noted that the sound power given by Westervelt is inde-
pendent of the specific ultrasound velocity profile and the
shape of PALs. In contrast, the sound power calculated using
Eq. (8) remains valid regardless of the profile and shape of

the PAL, as its directivity can be accurately predicated by the
spherical convolution model.

B. Sound power conversion efficiency

For a PAL, the power conversion from ultrasound to
audio sound is widely recognized as highly inefficient due to
the intrinsic nonlinear process. However, the exact level of
power conversion efficiency remains unclear, which will be
investigated in this section. To simplify the analysis, a circu-
lar piston source is considered, indicating that the velocity
profile is uniform across the radiation surface, although the
method presented in this article is applicable for a PAL with
an arbitrary profile. In such a case, the ultrasound directivity
is D;(0) = 2J,(kjasin 0)/(k;a sin 0), where J; represents the
Bessel function of the first kind. Consequently, the effective
directivity is Da = 2J;(kya sin 0)/ (kya sin 0). By substituting
the ultrasound directivity into Eq. (3) and using the approxi-
mation 2J (k;a)/(kia) ~ 1 as k;a > 1, the ultrasound power
is obtained as

na*p}

i~ : 10)
2poco

The conversion efficiency from ultrasound to audio
sound is defined as

W,
=——— % 100%. 11
1 Wi+ W, % ’ an

Therefore, the conversion efficiency of a circular PAL with
a uniform profile can be obtained by substituting Eqs. (8)
and (10) into Eq. (11) as

a

_ Pridoteiol J
o 32 02012
S12maf pgeg

/2
J : 1D, (0, @)|* sin 0d0de x 100%.

0

12)
Equation (12) shows that the conversion efficiency is pro-
portional to the square of the amplitude of the on-surface
pressure, p(z). However, the relationship between the conver-
sion efficiency and other physical parameters cannot be
determined directly.

In Westervelt’s model,14 the ultrasound waves are
assumed to be collimated planar and confined inside the
aperture area H(a — p), where H(-) is the Heaviside func-
tion, and p = /x? +y? is the polar radial coordinate.
Consequently, the sound intensity is approximated by
I = |pol*/(2pyco)H(a — p), and the sound power is obtained
by W; = Ina* = na’p}/(2pco). Finally, the expression for
the conversion efficiency of Westervelt’s model is then
obtained by using Eq. (9) as

TABLE 1. Fitting results for curves of the audio sound power, W,, as a function of the audio frequency, f;, at different aperture sizes, @, and ultrasound fre-

quencies, f,, based on the direct and modified spherical convolution models.

a=0.1m a=02m a=04m a=0.1m a=0.1m
fu = 40kHz fu = 40kHz fu =40kHz fu = 60kHz fu = 80kHz
Direct 127 127 127 128 128
Modified 124 122 fle 125 724
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TABLE II. Fitting results for curves of the audio sound power, W,, as a function of the aperture size, a, at different audio frequencies, f,, and ultrasound fre-

quencies, f;, based on the direct and modified spherical convolution models.

fa=1kHz fa=4kHz fa=8kHz fu=4kHz fa=4kHz
fu = 40kHz fo = 40kHz fo = 40kHz fu = 60kHz f. = 80kHz
Direct a* a* 4 a* a*?
Modified a*? a*® a*? a** a*?
n ﬁngcﬂwg This discrepancy can be attributed to the inaccuracy of audio
Nw = 320,p3¢] x 100%. (13) " Sound pressure predicted by Westervelt, which is reflected in

Equation (13) illustrates that the power conversion effi-
ciency is proportional to the square of the on-surface ultra-
sound amplitude, p(z), the 3rd power of the audio sound
frequency, f, and the square of the aperture size, a.
Additionally, it is approximately inversely proportional to
the square of the ultrasound frequency, f,-z.

lll. NUMERICAL RESULTS

Numerical simulations were conducted using MATLAB
R2022a to obtain the audio sound power given by Eq. (8)
and the conversion efficiency given by Eq. (12) for a circu-
lar PAL with a uniform profile based on both direct and
modified spherical convolution models given by Egs. (5)
and (7), respectively. The simulation results of sound power
are normalized by pg, which is in the coefficient of the sound
power expression Eq. (8). The results obtained by
Westervelt’s model given by Egs. (9) and (13) are also pre-
sented for comparison. In simulations, the audio frequency,
fa, ranges from 500 Hz to 10 kHz; the aperture size, a, ranges
from 0.05 to 0.5m; and the average ultrasound frequency,
fu, ranges from 40 to 80kHz. For the ablation studies, the
audio frequency, the aperture size, and the average ultra-
sound frequency are set as 4 kHz, 0.1 m, and 40 kHz, respec-
tively. The on-surface pressure py is set to 28.3 Pa (120 dB),
which is a typical value for practical applications. The sound
attenuation coefficient due to atmospheric absorption is cal-
culated according to ISO 9613-1, with a relative humidity of
50% and temperature of 25°C.*?

A. Audio sound power

Figure 2 shows the normalized audio sound power for
varying audio frequency, f,, aperture size, a, and average
ultrasound frequency, f,. It is observed that the audio sound
power increases as the audio frequency and aperture size
increase, while it decreases as the ultrasound frequency
increases. Compared with the results based on spherical con-
volution models, the predictions obtained by Westervelt over-
estimate the sound power for the parameters adopted here.

two aspects. First, Westervelt’s prediction for the on-axis
sound pressure is slightly larger. Numerical calculation
shows that the on-axis sound pressure predicted by
Westervelt is approximately 1.06 times as large as that
obtained from the direct spherical convolution model given
by Egs. (4) and (5) and approximately 1.1 times as large as
that obtained from the modified spherical convolution model
given by Egs. (4) and (7). Second, but more importantly, as
demonstrated in Ref. 19, the mainlobe of Westervelt directiv-
ity is normally broader, leading to an overestimation of the
sound pressure in other directions. Meanwhile, it is observed
that the predictions obtained from the direct spherical convo-
lution model are also greater than those from the modified
spherical convolution model. This discrepancy arises because
the aperture factor of audio sound is taken into account by
the modified spherical convolution model to improve the
accuracy. As audio frequency f, and the aperture size a
increase, the discrepancy in predicted directivity between the
two models increases, leading to a greater disparity in inte-
gration results in the sound power calculation.'?

As shown by Eq. (8), it is challenging to directly deter-
mine the relationship between audio sound power and some
key physical parameters in the spherical convolution model,
as closed-form expression for audio sound directivity is
unavailable. To address this, the least square fitting method
is employed to determine the exponent of a power function
in relation to audio frequency, aperture size, and ultrasound
frequency. The obtained fitting results for varying audio fre-
quency, aperture size, and ultrasound frequency are pre-
sented in Tables I, II, and III, respectively (the coefficients
of the fitting results are omitted). The corresponding fitting
curves are also depicted in Fig. 2. The results indicate that
for the direct spherical convolution model, the audio sound
power exhibits proportionality to £>7, a*, and f;'. In con-
trast, for the modified spherical convolution model, the
audio sound power demonstrates proportionality to
24 a*®, and £, !2. These relationships differ from the pre-
dictions of Westervelt’s sound power equation, Eq. (9),
which states a direct proportionality to £, a*, and f; 2.

TABLE III. Fitting results for curves of the audio sound power, W,, as a function of the ultrasound frequency, f,, at different audio frequencies, f,, and aper-

ture sizes, a, based on the direct and modified spherical convolution models.

fa = 1kHz fa =4kHz fa = 8kHz fa =4kHz fa =4kHz

a=0.1m a=0.1m a=0.1m a=02m a=04m
Direct fufl.l fufl fu70.8 f;l f;l
Modified f";l.] f;ll fl'-l—l.Z f;l—l.ﬁ f]'J—Z

J. Acoust. Soc. Am. 154 (6), December 2023

Lietal. 3903

S¥:1G:G1 €202 Jaquwiadeq 02


https://doi.org/10.1121/10.0023955

0.05F e

0.1 0.2 0.3 0.4 0.5

Conversion efficiency

LN-&O\OO

Ultrasound frequency (kHz)

FIG. 3. (Color online) The acoustic conversion efficiency (%), n, of a circu-
lar PAL with a uniform profile for varying (a) audio frequency, (b) aperture
size, and (c) ultrasound frequency. Blue dashed-dotted line, Westervelt; red
solid line, direct spherical convolution model; yellow solid line, modified
spherical convolution model; dashed lines, fitting curves for spherical con-
volution models.

Tables I-III also present the fitted expressions at some
other typical values. It can be observed that for the direct
spherical convolution model, the fitting exponent for audio
frequency, f,, the aperture size, a, and the ultrasound fre-
quency, f,, remains relatively stable across different parame-
ter values. On the other hand, in the modified spherical
convolution model, the fitting exponent for audio frequency
and the ultrasound frequency decreases as the aperture size
increases. Furthermore, the fitting exponent for the aperture
size, a, decreases with an increase in audio frequency, f,.
This can be attributed to the dominance of the effective
directivity, Da (0, ¢), which is introduced in the modified
spherical convolution model and primarily determined by
the product of the audio frequency and the aperture size, f,a.
When the audio frequency and/or the aperture size increase,
the mainlobe of the effective directivity becomes narrower,
resulting in a reduced contribution to the overall integral.

B. Conversion efficiency

Figure 3 shows the conversion efficiency from ultra-
sound to audio sound, as determined by Egs. (12) and (13),
across varying audio frequency, f,, aperture size, a, and

average ultrasound frequency, f;. The results indicate that the
overall conversion efficiency of PALs is remarkably low,
with values below 0.15% for the given parameters.
Westervelt’s model overestimates the conversion efficiency,
yielding the highest estimation, while the modified spherical
convolution model gives the lowest but the most accurate pre-
diction, which is below 0.05% for parameters adopted here.
Moreover, the results reveal a consistent trend between con-
version efficiency and audio sound power. Specifically, the
conversion efficiency increases as the audio frequency and
aperture size increase, while it decreases as the ultrasound
frequency increases. This relationship can be simply deduced
by examining the fitting results of the audio sound power, as
the ultrasound power has a closed-form solution given by
Eq. (10). Considering that the ultrasound power is indepen-
dent of the audio and ultrasound frequencies, it follows the
same trend of the audio sound power as shown in Tables I
and III (the coefficients of the fitting results are omitted).
Since the ultrasound power is proportional to the square of
the aperture size, az, the dependence of conversion efficiency
on the aperture size can be obtained by dividing the expres-
sions presented in Table IT by a?, and the results are shown in
Table IV (the coefficients of the fitting results are omitted).

IV. CONCLUSION

The sound power of the audio sound generated by a
PAL is challenging to measure using the existing conven-
tional sound power measurement methods. In this article,
the sound power as well as the conversion efficiency from
ultrasound to audio sound are calculated by integrating the
far field sound intensity, which is obtained by the spherical
convolution model. Since the spherical convolution model
can accurately predict the directivity of the audio sound gen-
erated by a PAL, the sound power and efficiency calculated
in this work are more accurate than the results obtained by
Westervelt. Simulation results highlight the significantly
low sound power and conversion efficiency exhibited by
PALs, while also uncovering the specific relationships with
several key parameters. It shows that the audio sound power
is proportional to the 4th power of on-surface pressure
amplitude, the 2.4th power of audio frequency, and the 2.6th
power of aperture size, while inversely proportional to the
1.2th power of the ultrasound frequency. The conversion
efficiency is found to be proportional to the 2nd power of
ultrasound amplitude and the 0.6th power of aperture size,
while the relationship with audio frequency and ultrasound
frequency remains consistent with the trend of audio sound
power. Despite the difficulties in direct measurement, the

TABLE IV. Fitting results for curves of the conversion efficiency, #, as a function of the aperture size, a, at different audio frequencies, f,, and ultrasound

frequencies, f,,, based on the direct and modified spherical convolution model.

fu =40kHz fu =40kHz fu=40kHz fu = 60kHz f. = 80kHz

fu=1kHz fu=4kHz fu = 8kHz fu=4KkHz £, = 4kHz
Direct a? a? a? a? a?
Modified a'? 0o &3 04 203
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calculation method proposed in this article offers a reliable
approach for predicting sound power, which may provide
insights and guidance for the applications of PALs. In the
future, further research will be conducted to develop appro-
priate methods for measuring the sound power of PALs. It is
worth noting that the proposed theory relies on the assump-
tion of the quasilinear approximation. However, in certain
applications characterized by strong nonlinearity, the quasi-
linear approximation may not be applicable. In such cases, it
becomes necessary to develop a more comprehensive theory
to accurately predict the sound power generated by a PAL.
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