10

11

12

13

14

15

16

17

18

19

20

21

22

23

24

A broadband active sound absorber with adjustable absorption coefficient and

bandwidth

Kangkang Wang,* Li Shi,* Haishan Zou,® Sipei Zhao,? Chen Shen,® and Jing Lu*

'Key Laboratory of Modern Acoustics, MOE, Institute of Acoustics, Department of Physics,
Nanjing University, Nanjing 210093, P. R. China

2Centre for Audio, Acoustics and Vibration, Faculty of Engineering and IT, University of
Technology Sydney, Ultimo NSW 2007, Australia

3Department of Mechanical Engineering, Rowan University, Glassboro, New Jersey 08028,

USA

Abstract: Broadband adjustable sound absorbers are desired for controlling the acoustic
conditions within enclosed spaces. Existing studies on acoustic absorbers, either passive or
active, aim to maximize the sound absorption coefficients over an extended frequency band.
By contrast, this paper introduces a tunable acoustic absorber, whose working frequency band
and sound absorption characteristics can be defined by users for different applications. The
approach leverages an error signal that can be synthesized using a standing wave separation
technique. The error signal encodes different target reflection coefficients, leading to arbitrary
absorption coefficients between 0 and 1. Experimental validation is conducted in a one-
dimensional standing wave tube, demonstrating that the proposed active absorber achieves
near-perfect absorption within the 150-1600 Hz frequency range, boasting an average
absorption coefficient of 0.98. Adjustable absorption is demonstrated across three octave
bands, aligning closely with theoretical predictions. Furthermore, when coupled with a shaping

filter, the absorber exhibits spectrally tunable broadband absorption capabilities, selectively
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reflecting specific frequency bands while effectively absorbing others. These outcomes
underscore the versatile tunability of the proposed active acoustic absorber, which is expected

to pave the way for personalized regulating of the indoor acoustic environment.

Keywords: Broadband sound absorption, active control, standing wave separation, FeLMS

algorithm, flexible tunability

I. INTRODUCTION

As urbanization progresses, multipurpose rooms integrating audio rooms, concert halls,
and theatres are increasingly favored for their cost-effectiveness.? Different functions in a
multipurpose room require different acoustic characteristics, including specific reverberation
and diffusion conditions, with audio rooms requiring a low reverberation time to increase
speech intelligibility, while concert halls and theatres require a certain amount of reverberation
for optimal auditory experience. Traditionally, room reverberation has been manipulated
through methods like rotatable walls or rollable curtains to alter the absorption area of the room
walls.> However, these approaches are often unwieldy and demand considerable space,
particularly for managing low-frequency sound waves. Therefore, the development of flexibly
adjustable broadband absorbers is imperative to regulate room acoustics and achieve cost-
effective multifunctional spaces.

In recent years, the emergence of metamaterials has expanded the design possibilities for
tunable absorbers. Various subwavelength absorbers based on Helmholtz resonators,®*?
spatially folded Fabry-Pé&ot (FP) resonators®>?° and thin film structures®?® have been
proposed. These absorbers offer adjustable acoustic absorption characteristics achieved by
modifying parameters such as the neck opening size®>° and cavity volume!**? of the Helmholtz

resonators, the effective length of the FP resonators,*>*° and the additional mass block of the
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thin-film structures.??> These absorbers have shown promise in controlling sound fields in
room acoustics. For example, Qu et al.?” designed a metamaterial absorber using a hybrid
structure comprising Helmholtz resonators and FP resonators to manipulate the reverberation
characteristics of a small room. This absorber can be precisely adjusted to achieve a
reverberation time of 0.1 s. A meta-equalizer is also proposed based on a combined resonator
structure. By manually switching on/off the resonators, functional filters, signal reproductions,
and sound-effect controls can be implemented.?® Additionally, utilizing the thermoacoustic
effect is also a potential technical solution to design tunable sound absorbers.?>* However,
their passive nature inherently restricts their tunability. Adjusting their acoustic performance
often necessitates mechanically altering their physical structures, posing practical challenges
in real-world applications.

To enhance the flexibility of regulating resonator characteristics, active control methods
can be introduced. Helmholtz resonators based on program-controlled motors have been
proposed,3! whose resonance frequency can be flexibly adjusted. A metasurface designed using
200 such tunable resonators can efficiently modulate the reverberant sound field in a room for
crosstalk-free acoustic communication. An active resonator can also be designed based on
impedance synthesis,*> which enables effective control of the resonant frequency and
bandwidth. Additionally, some scholars suggested that the voltage?* or magnetic field?® can be
applied to control the internal tension of the thin-film structures to modulate the sound
absorption performance of thin-film absorbers. Although these structures provide certain
adjustability, their strong resonance characteristics make them effective only in a narrow
bandwidth around the resonance frequency, which limits their broader applicability.

Recently, the shunt loudspeaker has garnered significant attention as a promising option
for designing tunable absorbers with broader bandwidth. This approach is based on the idea of

impedance synthesis, which can adjust the acoustic impedance of the loudspeaker diaphragm
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by modulating the electrical impedance of the shunt circuit. Cong et al.*® devised a multi-
resonance shunt circuit to expand the absorption bandwidth of the shunt loudspeaker.
Subsequently, they assessed the sound absorption capabilities of an array comprising 64 dual-
resonance shunted loudspeakers in a diffuse sound field within a reverberant room, achieving
near-perfect absorption at 100 Hz and 200 Hz.3* Zhang et al.®>% introduced the concept of a
shunted electro-magnetic diaphragm (SEMD), which is characterised by an RLC shunt circuit
based on a negative impedance converter to counteract the mechanical impedance of the
loudspeaker, thereby enabling broadband sound absorption. Ref. 36 presented an extensive
parametric analysis of shunted loudspeakers and proposed a methodology for designing
broadband tunable sound absorbers. Additionally, the shunt loudspeaker can also be combined
with other acoustic materials to enhance its performance, such as broadening the absorption
band when combined with a microperforated plate.>3"° Nevertheless, as a semi-active
absorber, the tunability of the shunt loudspeaker remains constrained, necessitating alterations
to the resistance, inductance, or capacitance in the shunt circuit to modulate its sound
absorption performance.

Active impedance synthesis with sensors can further enhance the sound absorption capacity
and modulation potential of a shunt loudspeaker, which can be programmed with a digital
controller to achieve a targeted impedance without changing any components within the circuit.
Boulandet et al.*> conducted a comparative study on the efficacy of proportional feedback
control, proportional-integral-derivative (PID) control, and phase-compensated control
methods. Their findings indicate that PID and phase-compensated control techniques yield
superior results by mitigating the adverse effects of higher-order vibration modes in the
loudspeaker diaphragm. Rivet et al.*! proposed the control of current rather than voltage to
drive the loudspeaker, aiming to circumvent the deterioration of high-frequency acoustic

absorption by voice coil inductance and broaden the absorption bandwidth effectively.
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Furthermore, a novel device called plasmacoustic metalayers is proposed to achieve impedance
synthesis through feedback control, enabling near-perfect acoustic absorption in the 20—-2000
Hz frequency band.*> However, precise identification of the loudspeaker’s Thiele-Small (TS)
parameters is crucial for this non-adaptive control approach, and inevitable identification
deviation will deteriorate the sound absorption effect. Although mixed feedforward-feedback
architecture can help alleviate this problem,* the modelling process for loudspeaker-based
active impedance synthesis techniques primarily accounts for the piston vibration mode,
neglecting higher-order vibration modes, thus inherently constraining their effective
bandwidth.

Adaptive active control techniques offer alternatives for absorber design, circumventing
the need for precise identification of loudspeakers’ TS parameters. Beyene et al.* proposed an
active-passive hybrid absorber employing an impedance matching strategy to actively cancel
the reflected waves separated by the two-microphone method, achieving efficient absorption
over a broad bandwidth (100-2000 Hz) with a coefficient exceeding 0.8. Additionally, Cobo
et al.*® developed an analytical model to compare the efficacy of impedance matching and
pressure release strategies. It is revealed that the pressure release method outperforms
impedance matching when the flow resistance of porous materials matches air’s characteristic
acoustic impedance. Subsequently, a large-area active absorber panel was designed based on
the pressure release strategy, and it could achieve up to 0.94 absorption in the frequency range
of 266-1500 Hz even for obliquely incident waves at a 20 =angle of incidence.*® Because of
these hybrid active absorbers, combining active units with passive absorbing materials in a
cascade form, often results in considerable thickness. Employing adaptive impedance control
techniques, An et al.*’ proposed a hybrid absorber with a parallel form with a thickness of only

80 mm and an absorption performance exceeding 0.9 above 20 Hz. However, most of these
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studies focus on enhancing sound absorption efficiency across a broader frequency range, and
the broadband tunability of active absorbers remains largely unexplored.

In this paper, we present a flexibly tunable active sound absorber, which can attain arbitrary
absorption coefficients ranging from 0 to 1 across more than three octave bands by regulating
the target reflection coefficient. Moreover, in combination with the filtered-e least mean square
(FeLMS) algorithm“® and a band-stop filter, this active absorber can achieve spectrally tunable
broadband acoustic absorption. Experiments are conducted to exemplify the flexible tunability
of the designed active absorber, without necessitating any alterations to its physical structure.
This absorber is expected to provide a rich means of adjustment for the individualized acoustic
environment requirements of multipurpose rooms.

The remainder of this paper is organized as follows. Section 2 presents the control
mechanism and algorithm of our active absorber, which are compared with the existing design
scheme. In Section 3, experiments are carried out in a standing wave tube to validate the
effectiveness of the designed active absorber, and arbitrarily adjustable absorption coefficients
between 0 and 1 are realized. Subsequently, a spectrally tunable broadband absorption effect
is demonstrated with the use of a band-stop filter. Finally, conclusions are summarized in

Section 4.
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FIG. 1. (Color online) The schematic diagram of the designed active absorber. The main
structure of the absorber with thickness d is marked by the red dashed box, which contains the

loudspeaker and the cavity.

Il. THEORY

The configuration of the active sound absorber is shown in Fig. 1. The physical structure
of the absorber is marked in the red dashed box, and consists of a loudspeaker in air and the
cavity between the loudspeaker and the hard boundary backing. Two microphones M1 and M2
are located in front of the absorber and are utilized to separate the incident and reflected waves
in the one-dimensional standing wave tube to generate the error signal, which is the difference
between the desired signal and the output signal of the active absorber. The energy of the error
signal is minimized by manipulating the secondary source through a controller, facilitating

broadband control with adjustable acoustic absorption performance.
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A. Current active absorber

Let the incident wave sound pressure be pi(t) and the reflected wave sound pressure be pe(t)

at microphone M1, then the total sound pressure pi(t) is:

P.(0) = pi () + p, (1).

(1)

When the spacing between microphones M1 and M2 is s, the acoustic time delay between them

IS T = s/co, Where o is the speed of sound in air. Moreover, given that the tube’s radius is

significantly larger than the boundary layer thickness and this paper focuses on low and

medium frequency bands below 2000 Hz, the viscothermal loss of sound waves in this tube is

minimal and can be reasonably neglected. Therefore, the total sound pressure px(t) at

microphone M2 can be expressed as
P (t) = pi(t—7) + p, (t+7).
The Fourier transform of Egs. (1) and (2) yields
F(0) =R(0)+F (),
P,(®) = P(w)e " + P.(w)e".
The incident and reflected waves can be extracted from Egs. (3) and (4) as follows
P.(0)(€™"" =) = P,(w)e” " ~ P, (),

P (@)eh (71" ~1) = B (@)e " ~ P, (o).

2

3)

“4)

)

(6)
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FIG. 2. (Color online) Module diagram illustrating the FXLMS algorithm for current active

absorbers.

The primary objective of current active absorber designs is to achieve efficient broadband
sound absorption by cancelling reflected waves.**#® Control algorithms for such systems often
leverage the filtered-x least mean square (FXLMS) algorithm,®® whose module diagram is
depicted in Fig. 2. In this diagram, W(z) represents the z-transform®* of the control filter w(n).
x(n) refers to the reference signal, r(n) is the filtered-x signal, y(n) is the control signal fed to
the control source, and e(n) denotes the error signal. G1(z) and G2(z) represent the primary paths
from the noise source to microphones M1 and M2, while H1(z) and Hz(z) denote the secondary
paths from the secondary source to microphones M1 and M2, respectively. The sound
absorption performance depends on the amplitude of the reflected wave Pr(w) and is
independent of its phase. Given the amplitude for the coefficient of Pr(w) on the left side of the
Eqg. (6) is a constant, the error signal can be defined accordingly as

E(®) =P (0)e ~P,(o). (7

The corresponding z-domain error signal E(z) of Eq. (7) can be expressed as
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E(z)=R(z)z" -R,(2), ®)
where N = ¢-fs and fs represents the sampling rate of the system. Meanwhile, P1(z) and P2(z) can
also be represented by the primary sound pressure and the secondary sound pressure, i.e.,

R(2) =R, (@) + k() ©)
P,(z) = P,,(2) + P (2), (10)
where P1p(z) = X(2)G1(z) and P1s(z) = Y(z)H1(z) represent the primary and secondary acoustic
signals at microphone M1 respectively, while P2p(z) = X(z)G2(z) and P2s(z) = Y(z)H2(z) denote
the primary and secondary acoustic signals at microphone M2 respectively. X(z) and Y(z) are
the z-transform of the reference signal x(n) and the secondary source signal y(n), respectively.
Bringing Egs. (9) and (10) into Eq. (8) yields
E(2) = X(2)[G,(2)z " -G, (2)]+Y (2)[H,(2)z " = H,(2)]. (11)
At this point, microphones M1 and M2 can be considered as a virtual microphone, termed M.
The primary path of the virtual microphone M is G(z) = G1(z)z N — G2(z), while the secondary
path is H(z) = Hi(z)z N — H2(2), as shown in Fig. 2. The corresponding time-domain error signal
e(n) of Eq. (8) can be calculated by the inverse z-transform as
e(n) = p,(n—N) - p,(n). (12)
To minimize the energy of the error signal e(n), the cost function J(n) is defined as
J(n) = E[e*(n)], (13)
where E(*) is the expectation operator. Following the FXLMS algorithm, the update formula for
the control filter coefficients w(n) can be derived as>
w(n+1) =w(n)—2ze(n)r(n), (14)
where u represents the convergence coefficient, r(n) is the filtered-x signal vector, which is

obtained by filtering the reference signal x(n) by the secondary path model h(n). ii(n) = ha(n —

10
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N) — ha(n) is the the impulse response of the secondary path estimation A(z) in Fig. 2, with

hi(n) and hz(n) being estimates of the true secondary paths hi(n) and hz(n) respectively.

B. Proposed adjustable active absorber

To expand the tunability of the absorber, this paper introduces a scheme that can not only
realize broadband absorption with arbitrarily adjustable absorption coefficients, but also
tunable absorption spectra where reflection is still enabled within certain frequency bands.

Since the reflection coefficient is expressed as R = P,/Pi, combining Egs. (5) and (6) yields

R(@)e P, (@)

R(@)=e g o)™ —R(@)

(15)

Likewise, only controlling the amplitude of the reflection coefficient is enough to achieve a
specific sound absorption coefficient. According to Eq. (15), the error signal E(w) can be
defined as

E(w) = P(0)e”"" ~P,(0) - Ry (P, (0)e™” ~ P ()), (16)
where Ro is the target reflection coefficient, which corresponds to the desired target absorption

coefficient Ao = 1 — |Ro|%. The corresponding z-domain error signal E(z) of Eq. (16) can also be

formulated as
E(2)=R(2)z" -R,(2) - R,(R,(2)2™" ~R(2)). (17)
Bringing Egs. (9) and (10) into Eq. (17) yields

E(2)=X(D[G,(2)2" -G,(2) - Ry(G,(2)z " -G, (2))] (18)
+Y (2)[H(2)27" = H,(2) =Ry (H,(2)2" = H,(2))].

Therefore, the primary path of the virtual microphone M is converted as G(z) = G1(2)z N — G2(2)

— Ro(G2(2)z™N - Gi(z)), while the secondary path is converted as H(z) = Hi(z2)z™N — Ha(z) —

Ro(H2(2)z N - Hai(2)). The corresponding time-domain error signal e(n) of Eq. (17) can also be

calculated by the inverse z-transform as

11
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e(n) = p,(n—N) - p,(n) — R, (p,(n—N) - p,(n)). (19)
The target absorption coefficient Ao is obtained by minimizing the energy of e(n) in Eq. (19).
In contrast to Eq. (12), which requires only the reflected wave to achieve perfect broadband
absorption, the proposed approach leverages both incident and reflected wave information to
attain broadband absorption with adjustable absorption coefficients.
The control algorithm can be implemented using the FeLMS algorithm,* illustrated in Fig.
3. Compared to Fig. 2, the primary and secondary path models contain information about
incident and reflected sound, allowing the algorithm to achieve broadband sound absorption
with adjustable coefficients by setting different target reflection coefficients Ro. Additionally,
a shaping filter f(n) is applied based on the FeLMS algorithm to filter the error signal and
reference signal before updating the control filter w(n). This constrains the frequency band of
the control filter and achieves spectrally tunable broadband sound absorption. In Fig. 3, F(z)
within the light blue box signifies the z-transform of the shaping filter f(n). The filtered error
signal e'(n) is obtained by filtering the error signal e(n) by the shaping filter F(z), i.e., e'(n) =
e(n) * f(n), and the cost function is correspondingly modified to J'(n) as
J'(n) = E[e”(n)]. (20)
Like the derivation of the FXLMS algorithm, the update formula for the controller w(n) in the
FeLMS algorithm can be derived as
w(n+1) =w(n)—2e'(N)r'(n), 21
where r'(n) is the signal vector obtained by filtering r(n) by the shaping filter F(z2), i.e., r'(n) =
r(n) * f(n). At this point, the secondary path estimate h(n) that generates the filtered reference
signal vector r(n) is expressed as h(n) = hi(n — N) — ha(n) — Ro(hz2(n — N) — hy(n)).
In the case where F(z) = 1, the FeLMS algorithm reverts to the FXLMS algorithm. In this
scenario, the active absorber modulates solely the absorption coefficients according to the

specified target reflection coefficient Ro. The update formula for the control filter w(n) in Eq.

12
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(21) is formally simplified as in Eq. (14), however, e(n) and r(n) are different between the two.

The two formulas are identical only when Ro = 0.

x(n) e(n
p Gi(2)T N G2(2) - Ro(G2(2)7 N. G1(2))

f

t—» W@ —» Hi(2)z" - H2(z) - Ro(Hx(2)z"™ - H1(2))|

~
—_
=
~
‘.—.

L LMS [«—— F(2) |«
r'(n) e'(n)

FIG. 3. (Color online) Module diagram illustrating the control algorithm for the designed active

absorber.

IH1.EXPERIMENTS

To validate the effectiveness of the proposed active absorber, experiments were conducted
in a circular standing-wave tube shown in Fig. 4 with a diameter of do = 12 cm, which has a
cutoff frequency of 1658 Hz for the plane wave mode. The tube wall is made of 20 mm thick
plexiglass, which provides good sound insulation, predicted by the mass law to exceed 25 dB
above 150 Hz. The primary noise source, powered by an amplifier, was positioned at the left
end of the tube, while the active absorber was placed at the opposite end, maintaining a spacing
of I = 1.5 m. Acoustic foams were placed in front of the noise source to mitigate the influence
of multiple sound wave reflections within the tube. The active absorber consists of a 4-inch

Hivi B4N loudspeaker (see detailed Thiele&Small parameters in Supplementary Table SI) and

13
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a cavity behind it with a thickness of d = 82.5 mm, surrounded by a 20 mm thick plexiglass
plate that can be considered as a hard boundary. To simplify the design of the experimental
system, microphones M1 and M2 with a spacing of s = 8 cm were employed as error
microphones for the active absorber as well as measurement microphones. The absorption
coefficients of active absorbers could be measured based on the transfer function method. The

resulting measured sound absorption coefficient is denoted as Amea, i.€.,

Aﬂea :1_| Rmea |27 (22)
BTN (23)
i HR - H12 ’

where Hio = p2/p:1 is the transfer function between the sound pressure signals measured by
microphones M2 and M1, and H; = e, Hg = &/, k = w/co denotes the wave number in air,

and x; refers to the distance from microphone M1 to the interface S of the active absorber.

Front view .

e : @MZ’

B e -

fﬁ;is-e. s‘m Pulse / Amplifier

dunjoeq piey

FIG. 4. (Color online) Photograph of the experimental setup based on a one-dimensional

standing wave tube. The two subfigures depict the front and side views of the active absorber.

14
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During the experiments, to exclusively excite the plane wave mode, a low-pass white noise
signal below 1600 Hz is generated by the B&K Pulse, which is then amplified to drive the
noise source. Simultaneously, the signal is also fed into the controller to serve as the reference
signal. The controller is implemented by employing a TMS320C6748 chip with a sampling
rate of f; = 16000 Hz and a 1024-tapped FIR filter is embedded. The identification of secondary
paths hi(n) and hz(n) is conducted using the least mean square (LMS) algorithm, employing

two 512-tapped FIR filters with an modelling accuracy of up to 25 dB.

A. Realization of arbitrarily adjustable sound absorption coefficients

The shaping filter F(z) = 1 in Fig. 3 is set to explore the broadband sound absorption
performance and adjustability of the absorption coefficient of the designed active absorber.
Initially, the active sound absorption effect under the perfect absorption (Ro = 0) condition is
compared with the passive sound absorption effect, with results depicted in Fig. 5(a). Passive
absorption denotes performance achieved by deactivating the active control and relying solely
on the sound absorption capacity of the secondary source loudspeaker. It can be seen that in
the 150-1600 Hz frequency band, the average sound absorption coefficient is merely 0.09,
indicating poor performance in this scenario. By turning on the active control function and
setting Ro = 0 in the error signal, the active absorber can realize near-perfect broadband
absorption performance in the frequency band of 150-1600 Hz with an average absorption
coefficient of 0.98 when the controller converges. Fig. 5(b) compares the reflected wave
amplitudes for passive and active absorption to further demonstrate the attenuation of reflected
wave energy by the active absorber. The results demonstrate that the designed active absorber
significantly reduces the reflected wave energy and achieves near-perfect sound absorption.

This is attributed to the controller adjusting the acoustic impedance at the secondary source

15
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interface S to match the characteristic acoustic impedance Zo of the air (refer to Fig. 5(c), (d)),

thereby significantly enhancing the absorption performance of the absorber.
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FIG. 5. (Color online) Comparison of the active absorption performance under the perfect
absorption condition (Ro = 0) with passive absorption solely by the secondary source
loudspeaker. (a) Spectra of absorption coefficients for passive and active absorption. (b) The
remaining amplitude of reflected waves after passive and active absorption. (c—d) Normalized
acoustic impedance at the absorber interface S for passive and active absorption. This acoustic
impedance can be derived from the measured reflection coefficient Rmea, i.€., Z/Zo = (1 +

Rmea)/(1 — Rmea), Where Zo = poCo is the characteristic acoustic impedance of air. The red dashed
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line indicates the real part of Zo, while the blue dashed line indicates the imaginary part of Zo,
providing a reference for evaluating the matching degree between the acoustic impedance at

the absorber interface S and that of air.

The designed active absorber also enables broadband absorption with arbitrarily adjustable
absorption coefficient by setting different target reflection coefficients Rq in the error signal
when the shaping filter F(z) = 1. Five cases of Ro = 0, 0.3, 0.5, 0.7, 0.9 are demonstrated and
the results are shown in Fig. 6(a). When the controller converges, the active absorber exhibits
flat broadband absorption spectra with adjustable absorption coefficients within the 150-1600
Hz frequency band, showing an effective control bandwidth exceeding 3 octaves. The residual
amplitude of the reflected wave is compared across different Ro values in Fig. 6(b), as expected
decreasing Ro results in a reduction of the residual reflected wave amplitude. The average
absorption coefficients of the measured absorption spectra within the 150-1600 Hz band for
these five cases are 0.98, 0.94, 0.82, 0.62, and 0.33, respectively, aligning well with the
theoretical absorption coefficient Ao = 1 — |Rof?, as shown in Fig. 6(c). The slight deviation can
be attributed to the fact that the acoustic time delay z between microphones M1 and M2 results
in a non-integer sampling point N = z-fs, which had to be rounded off due to the utilization of a
digital signal processor (DSP) in the experiments. Although only five cases are illustrated here,
it is reasonable to infer that the designed active absorber can achieve arbitrary absorption
coefficients ranging from 0 to 1, showcasing its versatile broadband tunability. This capability
holds significant potential for optimizing acoustic characteristics in multipurpose rooms where

different absorption coefficients and reverberation times are needed.
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FIG. 7. (Color online) The SPL distribution in the waveguide when the active absorber has
different target reflection coefficients Ro. (2) The hard boundary imposed at the right end of the
waveguide for comparison. (b) Passive absorption with the active absorber turned off. (c)
Active absorption with Rg = 0.5. (d) Active absorption with Ro = 0, corresponding to perfect

absorption.

Subsequently, the effect of the active absorber on the sound field distribution in the tube is
analyzed in detail. Utilizing the finite element model developed with commercial software
COMSOL (see detailed model in Supplementary Note S1), and imposing the experimentally
measured interfacial impedance of the active absorber at the right end of the waveguide, the
sound pressure level (SPL) distribution in the tube for various target reflection coefficients Ro

of the active absorber can be obtained, as shown in Fig. 7. Fig. 7(a) illustrates the SPL

19



374

375

376

377

378

379

380

381

382

383

384

385

386

387

388

389

390

391

392

393

394

distribution in the tube with a hard boundary imposed at the waveguide’s right end. Significant
standing wave features can be observed, indicating a highly inhomogeneous sound field. Fig.
7(b) shows the SPL distribution when the active absorber is off, relying only on the
loudspeaker’s passive absorption capability. According to Fig. 5(a), since the loudspeaker only
has limited absorbing ability at 165 Hz and almost none at other frequencies, the sound field
distribution in the tube is still a standing wave field with large fluctuation. When the active
absorber is turned on and the target reflection coefficient Ro = 0.5 is set, the SPL distribution
is illustrated in Fig. 7(c). The result demonstrates significantly reduced fluctuation within all
the 150-1600 Hz band. Setting the target reflection coefficient Ro = 0 further homogenizes the
sound field, as shown in Fig. 7(d). These results indicate the great potential of the designed

active absorber for modulating sound field characteristics in confined spaces.

B. Realization of spectrally tunable broadband sound absorption

By employing a shaping filter f(n), the active absorber can achieve broadband sound
absorption with spectrally tunable characteristics. The time-domain impulse response and
amplitude-frequency response of a 512-tapped band-stop shaping filter f(n) are depicted in Fig.
8(a) and Fig. 8(b), respectively. f(n) has a stopband frequency range of 700-1000 Hz, and its
use to filter the error signal means that there is no need to eliminate the reflected wave within
700-1000 Hz. This characteristic is particularly useful in cases where higher reflection in a

particular band is desired.

20



395
396

397

398

399

400

401

402

403

404

405

406

407

408

409

410

411

412

413

1 0
08
~ 207
L 067 %
= 3
B 0.4 2 40
g =]
< £l
0.2 = 60 |
L ' L L L _80 L "
0 100 200 300 400 500 150 400 800 1200 1600
Tap Frequency (Hz)

FIG. 8. (Color online) Designed band-stop shaping filter f(n). (a) Time-domain impulse

response of f(n). (b) Amplitude-frequency response of f(n).

By setting the target reflection coefficient Ro = 0 in Eq. (21) and filtering the error signal
with the shaping filter f(n), the measured sound absorption spectrum is shown in Fig. 9(a).
Comparing the active absorption effect before and after applying the shaping filter, a noticeable
reduction of absorption performance within the stopband range of the filter can be observed.
This reduction indicates the enhanced reflection of sound waves within this frequency range,
consistent with the anticipated outcome. With the shaping filter f(n) utilized, the active absorber
exhibits an average absorption coefficient of merely 0.15 within the 700-1000 Hz band, while
other bands remain almost unaffected, achieving an average absorption coefficient of up to
0.97. The spectrally tunable capacity stems from that the response of the control filter w(n)
within the stopband range is constrained, as illustrated in Fig. 9(b). Within the partial stopband
range, the absorption coefficient may exhibit slight negativity, attributed to the controller’s
response not fully constrained to zero. This amplifies the reflection wave within the stopband
compared to the fully passive case, in line with our design objective. The excessive reflection
wave, on the other hand, can be alleviated by incorporating a fine-tuned shaping filter design

or passive absorption materials if it is not desired.
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FIG. 9. (Color online) Comparison of sound absorption obtained with and without the shaping

filter f(n). (a) Spectra of absorption coefficient. (b) Amplitude-frequency response of the

control filter.

Assigning different values to the target reflection coefficient Ro in Eq. (21), the proposed
active absorber achieves not only a tunable sound absorption spectrum but also modulation of
the absorption coefficient in the passband. Fig. 10 compares the sound absorption effects for
Ro= 0 and Ro = 0.5. When Ro = 0.5, the absorption coefficient within the passband decreases
accordingly, with an average absorption coefficient of 0.81, closely aligning with the
theoretical value of Ao = 1 — |Ro[> = 0.75. Therefore, the system demonstrates the ability to
achieve broadband sound absorption performance with a flexibly tunable spectrum.
Furthermore, a variety of absorption spectra can be synthesized by simply changing the shaping
filter f(n). Such an approach offers tremendous flexibility in reverse engineering by first
defining the desired absorption spectrum and then adjusting the target reflection coefficient Ro

and shaping filter f(n) to match this spectrum.
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FIG. 10. (Color online) Comparison of the sound absorption effect achieved by setting the

target reflection coefficient Ro to 0 and 0.5 in the error signal when utilizing the shaping filter

f(n).

IV.CONCLUSIONS

This study presents an active absorber with flexible tunability in a one-dimensional
standing wave tube. The two-microphone method is employed to separate the incident and
reflected waves so that the error signal can be synthesized, enabling broadband adjustment of
the acoustic absorption performance. This active absorber demonstrates remarkable near-
perfect absorption within the 150-1600 Hz frequency band, with an average absorption
coefficient of 0.98. Through manipulation of the target reflection coefficient in the error signal,
the absorber achieves a tunable absorption coefficient spanning from 0 to 1 across more than
three octave bands. Experimental results closely align with theoretical predictions. Utilizing
the FeLMS algorithm with a band-stop filter, this active absorber obtains spectrally tunable
broadband sound absorption, selectively reflecting specific frequency bands while absorbing
the rest. By adjusting the target reflection coefficient in the error signal, the absorption
coefficient in the passband is also customizable. Importantly, these modulation capabilities are

realized solely through programming in the digital controller, without any alterations to the
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physical structure of the active absorber. Although the active absorber has only been
demonstrated in a one-dimensional waveguide, the concept applies to higher dimensions in
which a large-area active absorber array can be expected by combining more units.*® The
obtained findings highlight the flexible nature of the designed active absorber, promising
versatile solutions for controlling acoustic environments in confined spaces and offering

insights for potential applications in other scenarios.
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