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Abstract

Acoustic equalization is the process of adjusting the frequency response of a broadband
sound signal, which is widely used in communication system and audio acoustics. Here, we
introduce the unique concept of acoustic meta-equalizer, viz.,, a passive acoustic
metamaterial-based filter that has tunable frequency response within ultra-broadband (200Hz —
20000Hz), and capable to generate a frequency equalization on the input sound signal. By
exploiting two kinds of acoustic resonant elements, viz., Helmholtz and Fabry—Perot resonators,
we realize and demonstrate ultra-broadband and tunable filters, within an integrated
meta-structure. In analogy with the conventional equalizer concept in signal processing, we
numerically, analytically, and experimentally demonstrate functional filters, signal reproductions,

and sound effect controls by the conceived acoustic meta-equalizer.
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I. INTRODUCTION

Equalization is an important concept in signal processing, that is, adjusting the frequency
response of a broadband signal. It has been and still widely used in telecommunications [1-3],
and various acoustic applications including audio device [3-5], room acoustics [6-10] and
underwater communications [11-12]. The resulting filter device is known as equalizer (EQ). The
acoustic equalizer device can adjust the loudness curve of a broadband sound signal to improve
the quality of audio sound, because the tone color of sound is influenced by different frequency
ingredients [4-5]. In room acoustics [6-8], different complex acoustic environments will
influence the uniformity of the frequency response, so that acoustic equalization can be used to
reproduce the sound signals [6-8], or to realize active noise control [9-10]. In hydroacoustics,
similarly, the complex environment makes the acoustic equalization process necessary in
underwater acoustic communications [11-12].

On the other hand, during the last decade, acoustic metamaterials have been actively studied
[13-14], providing different design strategy for various acoustic devices. For example, acoustic
metamaterials have been proposed to actively control specific interesting acoustic phenomena
such as cocktail effect [15], acoustic reverberation [16], and acoustic hologram [17]. Acoustic
metamaterials are also exploited for underwater communications [18-19]. For the designs of
sound absorber, acoustic metamaterials can bring a real added value to the absorption
performance with large bandwidth and reduced sample thickness [20]. To further decrease the
thickness of acoustic resonant units, the concept of acoustic metasurfaces was proposed [21] to
design unconventional ultra-thin acoustic devices. For instance, a metasurface-based Schroeder
diffuser design [22] is only 1/10 thickness of the conventional ones [23]. For sound absorber,

deep-subwavelength metasurface-based absorber was evidenced [24], which is much thinner



than the absorber from classical materials, showing the great flexibilities and potentials of
acoustic metamaterials and metasurfaces.

In this research, we extend the general concept of acoustic metamaterials to equalizer, by
proposing the unique concept of acoustic meta-equalizer (AMEQ), viz.,, a tunable and
ultra-broadband passive acoustic metamaterial filter. Previous designs of acoustic filters [25-28]
have shown limited bandwidth (narrow band) or limited amplitude values (only 0 and 1).
Therefore, an ultra-broadband and tunable acoustic filter is highly desired for practical acoustic
applications. In our proposed concept, the designed AMEQ can realize different specific
amplitude controls with different values (-2dB to -10dB, with a step of -2dB) within
ultra-broadband (200Hz-20000Hz). This design goal is realized by using two kinds of acoustic
resonant elements, viz., Helmholtz resonators (HRs) [29, 30] and Fabry—Perot resonators (FPRs),
that is, an array of narrow tubes with different depths [20, 31]. We realize both low-frequency
and high-frequency equalizations with these two acoustic elements, respectively, in an integrated
acoustic meta-structure. Although these acoustic resonant elements have been demonstrated for
sound absorption [20, 31, 32] before, realizing ultra-broadband filter is challenging due to the
very large span of the targeted frequencies (7 octaves). This makes the size of whole structure
sub-wavelength for low frequencies, but larger than wavelength for high frequencies. Therefore,
the low frequency filters are owing to the coupled resonance of the whole structure, while the
high frequency filters are determined by both the resonance of FPRs and geometry acoustics
effect. This complex case requires deliberate design (including the geometric feature of the
channel, the size and position of each resonator). It is distinct from conventional acoustic
absorber designs, which will be demonstrated numerically, analytically, and experimentally in

the following sections of this article.



We illustrate in Fig. 1 the classical EQ concept in different domains of applications. Figure
1(a) shows an audio EQ device, which is widely used in sound effects manipulations. Figure 1(b)
exhibits the EQ software which can adapt the sound frequency ingredients of an audio on
computer. The amplitude response of different frequencies can be freely modulated within
specific range. Figure 1(c) shows that underwater communications relay on the frequency
equalization process since the complex hydroacoustic environment needs frequency ingredients
correction. Our proposed acoustic meta-equalizer is shown in Fig. 1(d). It consists of an acoustic
metamaterial with several modulators. The latter are designed for specific amplitude control at
different frequencies. By geometrically optimizing the metamaterial frame size and the
parameters of HRs and FPRs, we can achieve high precise manipulations of the transmission
coefficient for each octave. An integrated physical model is proposed to calculate the
transmission for low and high frequencies, respectively. The corresponding analytical results
agree well with the simulated and measured ones. Here, in analogy with conventional EQ device,
we will show the realization of different functional filters, signal reproduction, and the
modulation of specific sound effects by the AMEQ. Our finding integrating multiple
functionalities will lead to real-world applications of acoustic metamaterials in room acoustics

and architectural acoustics, etc.
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FIG. 1. The concept of equalizer. (EQ) with different potential applications. (a) EQ device in
audio acoustics. (b) EQ software for sound effects control on computer. (¢) Underwater acoustic
communication relies on acoustic frequency equalization process. (d) Photography of the
acoustic meta-equalizer (AMEQ), which is an acoustic metamaterial panel with several

modulators.

I1. RESULTS
A. Meta-structure design and analytical model

The conceived AMEQ is a two-port structure as schematically shown in Fig. 2(a). The
acoustic wave is incident from one port and transmit to another port as the arrows indicate. The
whole structure can be regarded as a “black box™ with frequency equalization function. The
two-dimensional (2D) structure is designed as a furcate channel with several modulators on both

sides of the channel. The main difficulty and challenge for AMEQ design is that the modulators



should cover distinctly different resonant frequencies within ultra-broadband. Inspired by
previous works, such as acoustic absorber and diffuser designs [20, 22], we introduce both HRs
and FPRs as the low and high frequency modulators, respectively. Furthermore, in order to
combine these two elements in an integrated structure, the furcate channel is deliberately
designed with optimized geometry.

The modulators at the bottom and the top are used to control low frequencies (three center
frequencies with fi=250Hz, £=500Hz, and f;=1000Hz). The modulators in the middle are
exploited to modulate high frequencies (four center frequencies with f;=2000Hz, fs=4000Hz,
f6=8000Hz, and f7=16000Hz). Figure 2(b) illustrates the three-dimensional (3D) structure of the
AMEQ. The filters for different center frequencies (f,) are marked in the figure. Figure 2(c)
shows the air channel which is the complementary part of the solid structure in Fig. 2(b). Sound
is propagating in the air channel. Figure 2(d) exhibits the whole 2D meta-structure of the AMEQ.
Dashed box is the enlarged view of the solid box, showing the structural schematic diagram of
each unit cell, with different geometrical parameters marked in the figure. The blue structure is
corresponding to low frequencies. The corresponding filter structure is based on HRs with
different sizes [29, 30]. The red structure is corresponding to high frequencies, and the
corresponding filter structure is based on FPRs with different lengths [20, 31]. The whole
structure is symmetrical in the four quadrants (marked by A, B, C, and D in Fig. 2(c)), so that
each resonator has four same duplicates in the panel. Figure 2(e) shows the effective circuit
model of the AMEQ, which is electrical element analogy [29, 30] corresponding to the analytical
derivations we will present in the following section. The arrows indicate the input and output
ports.

We achieve the precise modulation of the transmitted amplitude by optimizing the resonant



frequencies distributions f,, of the different resonators as shown in Fig. 2(f), in which y-axis is
scaled with log function. Red marks in Fig. 2(f) are the resonant frequencies fu» of m™ HR unit
cell of n'™ (n=1,2,3) supercell contributing to n'" center frequency (f), while blue marks are the
resonant frequencies fom of m™ FPR unit cell of n™ (n=4,5,6,7) supercell contributing to f,. For
example, for 61 center frequency (n=6, /=8000Hz), 6 resonators are designed with the resonant
frequencies of fs1=6400Hz, f5:=7000Hz, f53=7640Hz, fs4=8420Hz, f65=9040Hz and fss=9720Hz to
ensure the broadband feature, as the blue marks in Fig. 2(f) display. The whole structure formed
by these resonant frequency distributions can achieve precise modulations of amplitude with
desired values.

To theoretically approach the properties of our concept, we investigate the specific
resonators design with analytical expressions. For low frequency filters, a HR array is designed.
As shown in Fig. 2(d), the three supercells of the HRs correspond to the three center frequencies
(fi-3), having 3, 4, and 10 HRs, respectively. In principle, the center frequency for each filter
band is the average of resonant frequencies of different HRs, viz., f,= ﬁm, (n=1,2,3). The

resonant frequency of HR is expressed as:

1 1
_L , (1)
om 2n\M_ C

where Moum=polum/Wnm and Cum=Lnmdum/poce® are acoustic masses and acoustic capacitances of the
HR, respectively. po=1.21kg/m? and cy=343m/s are the mass density and the sound speed of air,
respectively. L., and d,» are the height and the width of the cavity as marked in Fig. 2(d). /,»and
wam are the height and the width of the neck, respectively.
Then, the effective impedance of HRs in effective circuit model is calculated by [30, 32]:
Zum=i(0nmMym=1/0nmCrm)*+Rum, (2)
where w.»=2nf,n are the angular frequencies, R.» is the acoustic resistance induced by effects of
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the radiation and thermal-viscosity. It can be formulated as:

+8 N L 40 {1 _2J (knmwnm)} (3)

nm nm

Zlua)nmpo

where ©=1.983x107Pas is the dynamic viscosity of air, and .J; is the Bessel function of the first
kind. Combining the effective circuit model, we can explain the low frequency acoustic filter as
the result of the sound reflection and the thermal-viscous loss (corresponding to the energy
dissipation at R,= R.») at the resonances of the HRs (corresponding to the resonances of the
circuit branch).

After obtaining the acoustic impedance Z,, for each individual HRs, we can get the total
effective impedance Z(n) of the AMEQ for 3 different center frequencies.

8|
Z(n) =[2Lj L (1=123) )
Jj=1 an

On the other hand, for the high frequency filters (red), an FPR array is designed. Similar to
low frequency structure, the center frequency for each high frequency filter band is the average
of all resonant frequencies of different FPRs f,= ﬁm, (n=4,5,6,7). The length and the width is /.

and wym, respectively. The filter frequency of FPR is expressed as [20]:

C
fon= j (5)

The high frequency acoustic filter is directly decided by the sound abospotion in the FPR unit
cells. On the other hand, the high frequency acoustic filter will be also influenced by multiple
sound reflections in the integrated meta-structure. We characterize the high frequency acoustic
filter by acoustic resistance R,= Rum (n=4, 5, 6, 7) in the effective circuit. The effective

impedance of FPRs is calculated by [20]:
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Here, y is the ratio of the surface area occupied by FPR’s cross sections to the effective surface
area exposed to sounds. M is total number of the FPR for n'" center frenquency. S describes the

weak system dissipation for the acoustic metamaterial.
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FIG. 2. The schematic diagram of the acoustic meta-equalizer (AMEQ). (a) The AMEQ device
composed of a 2D channel structure with several modulators on the both sides of the waveguide.
The modulators for high and low frequencies are marked. The arrows indicate the transmission
directions. (b) The 3D structure of the AMEQ. The filters for the different center frequencies are
marked. (¢) The 3D structure of the air channel in which the sound is transmitted. The whole
structure is symmetrical in the four quadrants marked by A, B, C, and D. (d) 2D structure of
AMEQ. Dashed box is the enlarged view of the solid box, showing the structural schematic
diagram of the unit cell, with different geometrical parameters marked in the figure. (e) The
effective circuit model of the AMEQ. The arrows indicate the input and output ports. (f) The
optimized resonant frequencies distributions f,,» of HRs (red marks) and FPRs (blue marks), for

n™ center frequencies. Y-axis is scaled with log function.

We, then, can modulate the transmission coefficient (acoustic presure amplitude) by
controlling the turn on and turn off states of each resonantor using the modulators. Since each
resonator has four same duplicates in A, B, C, D quadrants in the panel. The number of the
activated (turned on) resonantors can be chosen as d(n)=0, 1, 2, 3, or 4. Thus, based on the
effective acoustic impedance Z(n), the transmission 7(n) of the AMEQ for n™ center frequencies

are related to the number of d(#n), calculated as:

T(n)=T,.(5(n) =0) (7a)

oz ]
T(”)‘TO_Z(n>+poco_’(5‘”"” (7b)

Nz ] .
T(n)-n_—Z(n)+poco_,<5<n>-z> (70)
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| Z(n)(Z(n)-pyc,) _
T(n)—TO[ e ],(5<n)—3) (1)
_ Z(n)-pyc, 2 _ R
T(n)—z)[—z(n)wocj (Bn)=4) (7o)

Here, 7o is the transmission of a pure channel without any resonators as shown in Fig. 3(a).
Because the channel has an unusual shape, the transmission curve of 7o is not planar, but related
to the working frequency, as shown in Fig. 3(b), with the averaged closed to 0.8. Here, we
assume 70=0.8 to simplify the following analytical calculations. From the curve of Ty, one can
see the transmission above 1890Hz is oscillating because it is the approximate cutoff frequency
of the channel. Therefore, the low frequency filters from 180Hz to 1890Hz are owing to the
resonance of the whole structure. The high frequency filters from 1890Hz to 22000Hz are
determined by both the resonance of FPR element as well as geometrical acoustics effects. This
is reflected in the parameter y in Eq. (6), that is, an effective filling rate related to the geometric
feature of the channel and the distribution of FPRs. In this case, the filling rate y is smaller than

the previous case for a compact structure [20].

B. Amplitude Control

Owing to the precise modulations by the optimized resonator arrays, the transmitted
amplitude is controlled with Levels 0-4 corresponding to amplitudes 4=0.8, 0.63, 0.5, 0.4, 0.3
(viz., -2dB, -4dB, -6dB, -8dB, -10dB, respectively). Figure 3(c) shows the schematic diagram for
Levels 0-4. In this diagram, the 28 circles represent 28 modulators for different fi (each
frequency has 4 tunable modulators). The red circles represent turn off states, for which we fix a

red slice covering the opening of the resonator to prevent the effect of the resonator. The gray
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circles represent turn on states, indicating no slice is fixed. The photographs of the samples for
Levels 0-4 are also shown in Fig. 3(c). The sample is tunable by introducing the red slices as
modulators [33]. It has a size of 56cmx56cm>4cm (Horizontal size 56cm is about 1/4
wavelength of the lowest working frequency). The samples and the slices are made by 3D printer
with polylactic acid (PLA) having the mass density p=1250kg/m?, Young’s modulus
E=3.2x10°Pa, and Poisson’s ratio v=0.35.

The simulations were performed using commercial finite element analysis software
COMSOL Multiphysics 5.4a with the “Acoustic-Thermoviscous Acoustic Interaction, Frequency
Domain” and “Thermoviscous Acoustic-Solid Interaction, Frequency Domain” modules. The
considered mass density and the sound speed of background medium air are po=1.21kg/m? and
co=343m/s, respectively.

The simulated, analytical, and measured filter curves for 5 samples are shown in Fig. 3(c).
The transmission for one center frequency, such as 8000Hz, is obtained by calculating the
averaged acoustic pressure amplitude within one octave from 5657Hz to 11314Hz (with a step of
1/24 octave, viz., 25 frequencies). For the experiment, the measurements are carried out in 2D
parallel waveguide experimental system [33]. The distance between two parallel waveguides is
4cm. The size of the parallel waveguides is 0.6mx*0.8m. Sound-absorbing cotton is placed at the
boundaries of the parallel waveguides to prevent undesired reflections. A 10cm-diameter
loudspeaker (matches with the input side size 9.6cm) is fixed at the input boundary of the sample.
The acoustic wave is generated continuously and the static acoustic field is measured.

The output cross-section of the sample is scanned to obtain the output average acoustic
wave amplitude, with 1/4-inch-diameter Briiel&Kjer type-4961 microphone and Briiel&Kjaer

PULSE Type 3160. Briiel&Kjer software is used for measurement, in which “Constant
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Percentage Bandwidth Analyzer” (CPB) is chosen that the incident frequency is sweeping from
180Hz to 22000Hz. One can conveniently measure the averaged acoustic pressure amplitude in
real-time for every octave from fj=250Hz to /7=16000Hz. The results in Fig. 3(c) show that, by
controlling the number of the modulators (0, 7, 14, 21, and 28, respectively), we can achieve
predesigned amplitude response (0.3-0.8) at the output side.

The analytical results agree with the simulated and experimental ones. It is noted that the
simulated amplitudes for 1000Hz and 2000Hz are slightly higher than the predesigned ones. This
is an inevitable error, due to the fact that Level 0 is corresponding to the pure channel case,
whose transmission 7o is not exactly planar as shown in Fig. 3(b), but with higher values around
1000Hz-2000Hz. One solution to further improve the amplitude curve is to use modified profiles
of the activated modulators as shown in Fig. 3(e). The amplitude controls based on modified
profiles are more precise. Anyhow, the results in Fig. 3(d) are already sufficient to show the
ability of the proposed structure to control the sound transmission with specific values with small
error for each targeted center frequency, respectively. The realization of the amplitude control is

the foundation for other more complex acoustic equalization operations.
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FIG. 3. Amplitude Control. (a) The pure channel without any resonators. (b) The transmission of
the pure channel without any resonators. X-axis is scaled with log function. (c) The schematic
diagram of modulators distribution and the photographs of the samples. (d) The simulated,
analytical, and experimental results of the amplitude response at different octaves. The amplitude
responses are modulated as Levels 0-4 with 4=0.8, 0.63, 0.5, 0.4, and 0.3, respectively. (-2dB,
-4dB, -6dB, -8dB, and -10dB respectively). The predesigned EQ values are displayed by red
solid lines. (e) The simulated results of the amplitude response at different octaves for the

modified profiles.
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C. Functional filter

Different functional filters are important elements in signal processing [1], such as the
classical ones, i.e., high-pass, low-pass, band-pass, and stop-band. In the following, we show the
realizations of the above four functional filters. The schematic diagram and the samples are
shown in Fig. 4(a) and 4(d). The distributions of the modulators are optimized to achieve the
desired filter curve. The high-pass filter is designed as high-transmission for 4 octaves with
center frequencies from 2000Hz to 16000Hz, while low-transmission is designed for 3 octaves
with center frequencies from 250Hz to 1000Hz. In Fig. 4(e), the numerical and experimental
results show that the amplitude response for 200Hz-1400Hz is about A4=0.3, and for
1400Hz-20000Hz is about 4=0.6. Similar designs are applied to other filters in Fig. 4(f). The
low-pass filter has 4=0.8 for 200Hz-1400Hz, and 4=0.45 for 1400Hz-20000Hz. Regarding the
band-pass filter, it produces a high-transmission band within two octaves (1000Hz and 2000Hz),
and low-transmission for the other octaves. In Fig. 4(g), the numerical, analytical, and
experimental results show that the amplitude responses are approximately A4=0.75 for
700Hz-2800Hz, and 4=0.45 for the other bandwidths (200Hz-700Hz and 2800Hz-20000Hz). On
the contrary, stop-band filter in Fig. 4(h) has a low-transmission band within two octaves
(1000Hz and 2000Hz), and produces high-transmission for the other octaves. The numerical and
experimental results show that the amplitude responses are approximately 4=0.35 for
700Hz-2800Hz, and 4=0.65 for other bandwidths (200Hz-700Hz and 2800Hz-20000Hz). The
realization of such functional filters will lead to applications in noise control with tunable

frequency ranges.
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FIG. 4. Functional filter. (a-d) The schematic diagram of modulators distribution and the
photographs of the samples. (e-h) The simulated, analytical, and experimental results of the
samples for different functional filters, viz., high-pass, low-pass, band-pass, and band-stop,

respectively. The predesigned EQ values are displayed by red solid lines.

D. Signal reproduction

Signal reproduction is an important concept proposed in room acoustics [8], that uses an
equalization process to reproduce the input signal with random or unbalanced frequency
ingredients, and reconstructs it as a balanced one with a planar frequency response curve. Figure

5(a) shows two examples of predesigned original incident signals (oscillating shapes) with
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unbalanced frequency ingredients, while Fig. 5(b) illustrates two optimized samples to reproduce
the input signal. The frequency response features of the samples need to be complementary to the
input signals. Regarding the results, Fig. 5(c) summarizes simulated, analytical, and experimental
EQ curves of the designed samples, which agree with the predicted complementary curves.
These results are obtained by comparing the output signal with a balanced input signal on the
samples. Figure 5(b) shows the simulated and experimental results for sound reproduction, which
are obtained by comparing the output signal with the unbalanced input signals of Fig. 5(a). The
numerical and experimental results evidence that the reproduced signal has a planar frequency
response, showing the effectiveness of the optimized structures represented in Fig. 5(b) for signal

reproduction.
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FIG. 5. Signal reproduction. (a) The input signals with unbalanced frequency amplitude
ingredients. (b) The schematic diagram of modulators distribution and the photographs of the
complementary samples. (c) The simulated, analytical, and experimental results of the EQ curve
of samples for the signal reproduction. (d) The simulated and experimental transmissions of
output signals after the signal reproduction. The predesigned output values are displayed by

black dashed lines.

E. Sound effect control
Sound effect control [5] is another fascinating application of EQ device which requires a

fine modulation of each frequency ingredient. We predesign four EQ curves (denoted as
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EQI-EQ4) whose sound effects are famous in music productions, viz., EQ1 (Hip-hop), EQ2
(Popular), EQ3 (R&B), and EQ4 (Dance), respectively. The AMEQ structures as well as the
simulated, analytical, and measured data are illustrated in Figs. 6(a-h). By the optimizing the
modulators distribution, we obtain the desired EQ curves at the output side of the AMEQ. The
results show that the low frequency control is more precise than the high-frequency one (such as
the results at 16kHz). This is due to the fact that high frequency filter is more sensitive to the
plane wave incident waveform (direction). The ability of the real sound effect control by AMEQ
is significant for the applications in architectural acoustics, when the high-quality hearing effect

1s desired.
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FIG. 6. Sound effect control. (a-d) The schematic diagram of modulators distribution and the
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photographs of the samples. (e-h) The simulated, analytical, and experimental results of the EQ
curve of the samples for different sound effects, viz., EQl (Hip-hop), EQ2 (Popular), EQ3
(R&B), and EQ4 (Dance), respectively. The predesigned EQ values are displayed by black solid

line.

I11. DISCUSSION AND CONCLUSION

We have proposed the unique concept of acoustic meta-equalizer capable of providing
acoustic wave equalization with a passive acoustic metamaterial. The equalization requires
tunable and ultra-broadband frequency filter. By using two kinds of acoustic resonant unit cells
(Helmholtz resonators and Fabry—Perot resonators), we have realized ultra-broadband filters
within a fully integrated structure. The optimization of the resonators design ensures highly
precise amplitude modulations. The obtained bandwidth can reach 7 octaves, viz.,
200Hz-20000Hz, while the amplitude can be modulated with 5 levels (-2dB to -10dB with the
step of -2dB) realized by tuning 28 modulators. It’s worth mentioning that the tunability of the
current system is manual via designed slices. For further improving the tunability of the system,
a possible method is to introduce origami structure [34] to switch the “turn on” and “turn oft”
states of the system by using folding slices. The bandwidth and the degree of freedom of
amplitude outperform conventional acoustic filters. In analogy with the equalization applications
in communication systems, room acoustics, and audio device, we have numerically and
experimentally demonstrated and provided the proof-of-concept of functional filters, signal
reproduction, and sound effect control, respectively. The proposed concept of acoustic
meta-equalizer aims to connect acoustic metamaterials to the practical acoustic applications.

Although the precision of the proposed meta-equalizer is not as high as the matured electronic

20



counterpart, the proposed meta-equalizer may have unique applications in architectural acoustics.
For example, a passive structure with ultra-broadband feature is a good candidate for noise
control with controllable frequency spectrum. The concept of equalizer extended from electronic
device to acoustic meta-device will lead to more possible applications, such as noise control with

ventilation property [35-36], beyond the applications of conventional electronic equalizer.
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