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We propose the design of a ﬂat active wall panel and demonstrate its eﬀectiveness in modulating the
wall impedance, which can lead to the total absorption of incident sound waves in the low-frequency range
of 50–120 Hz, or alter its reﬂection phase. Such an acoustic frequency range is usually the most diﬃcult
to handle for passive acoustic components, owing to the long wavelength, and consequently, the bulky
size of the materials required. The active panel is actuated by a piezoelectric transducer, with its vibrational displacement ampliﬁed by a specially designed mechanical ampliﬁer. Through both simulations and
impedance-tube experiments, we show that simply tuning the active panel’s displacement amplitude can
vary its impedance from that of the hard wall, to impedance matching with air (leading to total absorption),
to zero (leading to reﬂection phase reversal). No feedback loop is necessary for the active-panel device;
only an initial adjustment during installation is necessary. We simulate the room-acoustics application for
a 1 × 1 m2 wall panel that occupies only 1/48 of the total wall area of the room and show that it can
introduce switchable elements to the audio experience.
DOI: 10.1103/PhysRevApplied.17.044037

I. INTRODUCTION
It is common knowledge that low-frequency noise, or,
in general, low-frequency acoustic waves in the range of
50 to 100 Hz, is always the most diﬃcult to either absorb
or manipulate. The advent of artiﬁcial sound-absorbing
materials, or metamaterials [1–13], has made it possible
for eﬀective sound attenuation, but such passive acoustic structures are still limited by the size of the structure, especially in the low-frequency range. Blocking or
absorbing the low-frequency acoustic waves requires a
thick sample size as dictated, respectively, by either the
mass-density law or the causal minimum-sample thickness [14,15]. However, the slow rhythm of low-frequency
acoustic waves oﬀers an opportunity for active devices
that can circumvent the limitations of the passive acoustic components. This is because low frequencies imply
not only a lower power requirement for active devices,
but also a diminished eﬀect of the inevitable time delay
due to the need for sensing the incident wave and processing the active response. As the acoustic characteristics
of active devices can be tuned by electronic components,
hence, they oﬀer the potential of ﬂexible tunability to suit
application requirements [16–27].
For active sound extinction, active-noise-cancellation
(ANC) technology represents a mature ﬁeld [28–30]. It
relies on the interference between incident noise waves
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and actively emitted responding waves to cancel the noise
within a given volume. In contrast to ANC, in this work,
we propose an active-panel device that focuses on wallimpedance manipulations in the low-frequency range of 50
to 120 Hz that can not only totally absorb low-frequency
sound, but also invert the reﬂection phase, as well as modulate the amplitude of the reﬂected wave. Owing to its
ﬂat-panel geometry, our active panels can be installed as
part of a wall or ceiling to introduce switchable elements
into room acoustics and its reverberation characteristics. In
addition, diﬀerent from the loudspeakers commonly used
in ANC technology, here, we use a piezoelectric actuator,
with a designed displacement ampliﬁer, as the active component to attain the goal of surface-impedance tunability in
room-acoustics applications [31,32], where the ﬂat design
is much desired. The operation of our active panel also
requires no feedback loop. In the initial installation stage
of the active panel, only the phase of the panel displacement needs to be adjusted to coincide with the incident
wave and locked from that point of time onward. The
amplitude of the displacement, on the other hand, can be
continuously tuned to attain the desired eﬀect, as detailed
below.
In what follows, Sec. II ﬁrst introduces the overall
design strategy of the active-panel device, followed by the
optimization strategy of the displacement ampliﬁer. The
process of experimental veriﬁcation is then detailed. We
use COMSOL simulations to delineate the application of the
active panel in room acoustics in Sec. III, and conclude in
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Sec. IV with a brief recapitulation of the salient features of
this work.
II. RESULTS
A. Overall design strategy
1. Intended eﬀects
For a cuboid space shown in Fig. 1(a), consider an active
panel with the same area placed opposite to the incidentwave side. The frequency, amplitude, and phase of the
active panel are actuated in accordance with the known
incident plane-wave signal, so that its impedance can satisfy either impedance matching to minimize the reﬂection
or the soft boundary condition. That is,


1
Zactive /Z0 =
,
(1)
0
where Z0 is the impedance of air and Zactive is the
impedance of the active wall. Here, one is for impedance
matching, i.e., total absorption, and zero is for the soft
boundary, which can lead to reﬂection phase inversion.
The displacement velocity of the active panel is given by
vactive = kv0 = k

p0
,
ρ 0 c0

(2)

where v0 is the displacement velocity of the incident
wave, p0 denotes its pressure-modulation amplitude, ρ0 =
1.225 kg/m3 is the density of air, and c0 = 340 m/s is the
speed of sound in air. Here, k is a parameter introduced to
tune the displacement amplitude of the active panel, and
we assume the active panel to have been tuned to move
with the same phase as the incident wave. How that can
be done is detailed below. When k = 1, the impedancematching condition is satisﬁed, i.e., Zactive /Z0 = 1, so that
there is no reﬂection; total absorption is achieved for the
normally incident wave on the active panel. This is noted to
diﬀer from the ANC technology commonly used in active
noise cancellation. In addition, another important function
of the active wall is the realization of the soft-boundary
condition, i.e., Zactive /Z0 = 0, which is a very important
concept in the acoustic ﬁeld [33]. This type of boundary
impedance condition can be heuristically regarded as a virtual hard boundary that is extended quarter of a wavelength
beyond the actual wall, thereby realizing phase inversion
of the reﬂected wave in the same room position, as seen
below. This characteristic makes it of great signiﬁcance in
practical applications in room acoustics, since the active
panel can, for example, enhance the low-frequency sound
pressure at a quarter-wavelength distance from the (actual)
wall to alter the audio experience similar to that of a somewhat larger room. To realize the soft boundary, we just
have to change the value of k to two. Under this displacement velocity amplitude, the impedance of the active
panel is the soft boundary, created by the condition of

∇ · vr = 0 in the vicinity of active panel’s surface, where
vr denotes the displacement velocity in the comoving
frame of the active panel, so that, in accordance with
the mass-conservation law, the density and pressure modulations must both be zero. Details of the k = 2 state
are described in Text 1 within the Supplemental Material [34]. Under the soft-boundary condition, the reﬂected
wave’s phase becomes inverted from that of the incident
wave. This is conﬁrmed in subsequent simulations and
experiment.
2. Veriﬁcation by simulations
Based on the above, we use the commercial ﬁniteelement software COMSOL to verify the intended eﬀects
for the simpliﬁed model, as shown in Fig. 1(a). Simulation details are given in Sec. V. In Fig. 1(b), we choose a
plane-wave frequency of 50 Hz. By comparing the normalized sound-pressure amplitude on the surface of the active
panel with diﬀerent values of k, it can be found that, at
k = 1, the active panel’s surface-pressure amplitude is the
same as that of the incident wave, and total absorption is
achieved (since there is no reﬂection or transmission). At
k = 2, the surface-pressure amplitude of the active panel is
very close to zero, which means the soft-boundary condition. At k = 0, the active panel is stationary and acts as a
hard wall.
The consequences of the altered boundary conditions
can be veriﬁed by looking at the reﬂection coeﬃcients, as
shown in Fig. 1(c), in which the incident wave is chosen
to comprise a combination of four diﬀerent frequencies
(50, 73, 92, and 120 Hz). The simulation results show
that, when k changes from zero to one and then to two,
the boundary can be regarded as varying from a stationary
hard boundary to no reﬂection (total absorption) and then
to phase inversion with the soft boundary, respectively.
3. Time-domain operation
The active panel operates in the time domain by
responding, with minimal delay, to the incident soundwave train that can comprise a mixture of diverse frequencies. To restrict the actuation-frequency range of the active
panel to the low-frequency operational range, the incident sound wave, converted into an electrical time series,
is digitally ﬁltered through a simple digital-convolution
operation, to result in a ﬁltered output time series that
comprises only those frequencies in the active panel’s
operational range. Details of the digital-convolution ﬁltering operation is detailed in Text 2 within the Supplemental
Material [34].
4. Sensing, time delay, and initial tuning of the active
panel
An active device needs to have a sensor to “recognize”
the incident sound and process this input to generate the
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FIG. 1. Active panel and its intended eﬀects. (a) Upper panel, schematic diagram of the active panel located opposite to the incident
plane-wave source. Lower panel, on the left is an illustrated eﬀect of total absorption with no reﬂection from the active wall panel. On
the right is an illustrated eﬀect of inverted phase of the reﬂected wave (drawn in blue line). Latter resembles the reﬂection from a virtual
hard wall (shown by dashed border) situated a quarter of a wavelength beyond the actual wall. (b) Simulation results on the pressure
amplitude at the surface of the active panel normalized by the incident sound. By varying the displacement amplitude factor, k, of the
active panel at 50 Hz, it is shown that the boundary condition can be tuned. When k = 1 (red line), the surface pressure amplitude is the
same as the incident wave. When k = 2 (green line), the pressure amplitude is close to zero at the active-panel position, consistent with
the soft-boundary condition. When the active panel is not moving, i.e., k = 0 (blue line), we have the hard-wall boundary condition,
and the pressure amplitude is double that of the incident wave. (c) Simulation results showing the consequences of the altered boundary
condition on the surface of the active panel. Here, we plot the reﬂection coeﬃcient with multifrequencies, which shows that the eﬀect
of total absorption with no reﬂection at k = 1, and soft boundary with inverted phase at k = 2. For k = 0, the reﬂection coeﬃcient is
identical to that from the hard wall.

required actuation signal for the active device to respond.
In the case of the active panel, the sensor is a small microphone, which can convert the sound source into an electrical time series. This time series will be ﬁltered through a
digital convolution, to restrict the actuation signal input to
the active panel comprising only the low-frequency operational range. Since such digital processing requires some
time duration, the response of the active panel may lag
behind that of incident-wave arrival on the active panel,
which is undesirable since, in that case, the active panel
will not be able to be in the “in-phase” condition that is crucial for attaining the intended eﬀects. To avoid such delay,
it is imperative that the sensing microphone be placed
close to the sound source, which is preferably at a distance
between 1 and 3 m away from the active panel, so that the
electrical signal can reach the actuation device ahead of
the arrival of the incident sound wave, owing to the fact
that the electrical signals travel much faster than the sound

wave. For a separation distance of 1 to 3 m between the
sensor and the active panel, it would mean the electrical
actuation signal could arrive 3 to 10 ms earlier, before the
arrival of the incident sound wave at the active panel. The
early arrival of the electrical signals implies that there can
be time for digital processing and other inevitable time
delays, as well as some leeway for phase adjustment of the
active panel. In the case of diverse sound-source locations
in a room, the sensing microphone should be placed in the
middle of the room ceiling, and the active panel would
only be able to respond to the synthesized sound train from
diverse sources that reaches the microphone location.
When the active panel is initially installed, the in-phase
condition of operation can be attained by using k = 1,
i.e., minimum or no reﬂection condition, as the target by
varying both the actuation signal’s amplitude and phase.
Once the desired no-reﬂection condition—which can be
determined by sensing the minimum in reﬂection—is
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attained, the phase-actuation setting is locked for subsequent operations and only the amplitude setting, i.e.,
varying k, is allowed. In this manner, the active panel
requires no feedback loops.
Our design is mainly targeted at low-frequency sound.
For high-frequency acoustic waves, our active-panel
design has some limitations, in terms of synchronization
caused by the response-processing time delay and the
increased input power. However, we note that, for highfrequency sound manipulation, passive acoustic metamaterials generally have excellent performance. Hence,
for those cases requiring very broadband acoustic wave
manipulations, we can use the advantage of the combination of active and passive control.
B. Design of the active-panel device
We use piezoelectric ceramics as the actuator for the
active panel; piezoelectric ceramic stacks (Coremorrow
NAC2021-H70-A01) are selected as the signal excitation

source. However, piezoelectric materials have the output
characteristics of large force and small displacement. For
the purpose of responding to low-frequency incident signals, large mechanical output displacement, usually much
larger than what can be realized by the peizoelectric
ceramic stacks, is required for the active panel. Hence,
amplifying the output displacement of the piezoelectric
ceramic stack is a key element in the active-panel design.
We design a mechanical displacement amplifer, shown
in Fig. 2(a), to enhance the displacement of the input
signal from the piezostack actuator. The mechanical ampliﬁer is composed of a displacement output disk with a
diameter of 8 cm (the disk is used to match the circular section waveguide in follow-up experiments) and
three “legs” composed of 5-mm-thick stainless-steel thin
plates, as shown in Fig. 2(b). During its operation, ﬁxed
constraints are applied at the positions labeled O1 and
O2 of the ampliﬁer, so that the whole structure can be
regarded as a double-displacement ampliﬁcation lever with
fulcrums at O1 and O2 , leading to an order of magnitude

Output

(b)

(d)

(e)

(a)
Input

(c)

(g)

(h)

(f)
Output plate

Input signal from
piezo actuator

Normalized amplitude

Input

Normalized amplitude

Output

FIG. 2. Design of the displacement ampliﬁer. (a) Schematic diagram of displacement ampliﬁer. (b) Schematic diagram of one “leg,”
as shown in the green box in (a), where positions O1 , O2 , and X are applied with ﬁxed constraints, and θ1 , θ2 are the two geometric
parameters that are to be optimized. (c) Input and output displacements of the ampliﬁer, as indicated by color, where red represents
the maximum displacement, and blue represents zero displacement, with in-between colors in the color bar indicating intermediate
values of displacement. (d) Values of the ﬁrst-order natural vibrational frequency of the ampliﬁer plotted in color, as a function of
θ1 and θ2 . Blue represents the minimum and yellow represents the maximum values. (e) Values of the ampliﬁcation factor, γ , under
50-Hz incidence plotted in color as a function of θ1 and θ2 , where blue represents the minimum and yellow represents the maximum;
schematic point indicated by the star is the ﬁnal selected parameter combination; (f) photographs of the ﬁnal design with a stainlesssteel base; (g) single frequency and (h) multifrequency simulation results under diﬀerent k with the displacement ampliﬁer. In (g),(h),
vertical axis denotes the simulated reﬂection amplitude normalized by the incident-wave amplitude, plotted as a function of time for
various k values, as noted in each ﬁgure.
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amplitude-ampliﬁcation factor. However, since the displacement ampliﬁer is a mechanical structure, we need
to prevent its own natural vibration modes from aﬀecting
the stability and linearity of the displacement ampliﬁcation. To this end, we need its ﬁrst-order eigenfrequency
to be higher than the working-frequency range. We add
some additional thin legs [shaded parts in Fig. 2(b)] and
apply a ﬁxed constraint at the position labeled X to elevate
the natural mechanical resonance frequency of the ampliﬁer. The resulting displacement output of the ampliﬁer is
shown in Fig. 2(c), which shows that a small displacement
velocity input at the bottom position can lead to a large
(approximately a factor of 10) displacement velocity at the
top output plate. We deﬁne an ampliﬁcation factor, γ , as
the ratio of the displacement velocity at the output plate,
vout , to the displacement velocity at the input position, i.e,
γ = vout /vin . Constancy in the value of γ as a function
of frequency is essential to guarantee the linearity of the
ampliﬁed output displacement at diﬀerent frequencies.
During the operation of the ampliﬁer, the input signal
will inevitably lose part of its power to overcome the stiﬀness of the mechanical ampliﬁer. To achieve a balance
between the required high-ampliﬁcation coeﬃcient and the
consequence of low natural frequency, which is undesirable, we select two geometric parameters, θ1 and θ2 , to
optimize the design conﬁguration. The simulation results
on the ﬁrst-order natural frequency of the ampliﬁer, and the
attendant ampliﬁcation coeﬃcient, are shown in Figs. 2(d)
and 2(e), respectively, both plotted as a function of θ1 and
θ2 . By considering a working frequency of 50–120 Hz in
follow-up experiments, θ1 = 30◦ and θ2 = 25◦ are chosen. Under these material parameters, the stiﬀness of the
overall structure is 5.96 MPa, the ﬁrst natural frequency is
562.3 Hz, and the ampliﬁcation factor is γ = 8.7 at 50 Hz
and γ = 9.1 at 120 Hz. Hence, the ampliﬁcation factor is
very close to being a constant in the operating-frequency
range, that is, the design has good linearity. This characteristic is better than that of a speaker horn with the same
aperture size, because the latter will be aﬀected by its own
resonance frequency at low frequencies. Photographs of
the ﬁnal conﬁguration are shown in Fig. 2(f). The whole
ampliﬁer is made of stainless steel with a Young’s modulus of E = 195 GPa, mass density of ρ = 7930 kg/m3 ,
and Poisson’s ratio of μ = 0.247. The displacement ampliﬁer is ﬁxed to the stainless-steel base with fasteners. In
addition, the base is installed on the optical platform to
maintain the stability of the whole device. Figures 2(g)
and 2(h) show, respectively, the simulation results at the
50 Hz actuation input and dual-frequency superposition of
50 and 60 Hz input to the ampliﬁer. As the simulations take
into account the actual material parameters and geometric
design of the mechanical ampliﬁer, the results hereby verify the feasibility of the ampliﬁer design (see Text 3 within
the Supplemental Material for details of optimization and
geometric parameters of the displacement ampliﬁer [34]).

C. Experimental realization of the active panel
To realize the intended eﬀects of the active panel based
on the above design, the vibration phase of the active
panel must be consistent with the incident wave. Therefore, a sensor for picking up the incident signal needs to
be set near the source, where the collected sound is converted into an electrical signal train and sent to the active
panel’s actuator, which can be some distance away from
the sound source. Since the electrical signal travels much
faster than the sound wave, the sensor’s signals will arrive
ahead of the sound wave. This diﬀerence in the arrival
time oﬀers room for the signal-processing time as well as
phase adjustment for the actuator. Diﬀerent from the ANC,
which requires a complex feedback algorithm, our active
wall needs only to adjust the phase and amplitude required
for the impedance-matching condition.
Our experimental veriﬁcation is carried out in a 1-mlong impedance tube with two sensing microphones set
between the source and the active panel to process the
sensed signals. The speaker source and the active panel are
located at the two ends of the impedance tube; their phase
diﬀerence is given by ϕ = 2π f (ltube /c0 ), where f denotes
the frequency and ltube = 1 m, so that ϕ  0.92–2.2 rad
in the 50–120 Hz range. In addition, there is the inevitable
time delay, ϕ0 , brought by the mechanical structure, which
is about ϕ0 = 1.17–1.29 rad in the same frequency range.
In the experiment, we take the source to be the reference,
i.e., as the zero phase, and the initial phase of the active
panel should, therefore, be adjusted to be at the phase
ϕactive = ϕ + ϕ0 .
In actual operation, only the amplitude of the active
plate i.e., changing the value of k, is needed to realize
the tuning of diﬀerent boundary situations. A schematic
diagram illustrating the experiment setup is shown in
Fig. 3(a). The speaker is at one end of the impedance
tube and the circular active panel, about 9 cm in diameter, is at the other end. Two microphones, mic 1 and
mic 2, are installed on the sidewall of the impedance
tube. The distance between them and the end of the active
panel is l1 = 0.65 m and l2 = 0.1 m, respectively. The
two microphones are connected to the two channels of
the oscilloscope, as well as to the two input channels of
the lock-in ampliﬁer after the conditioning ampliﬁer. The
former is to record the time-domain waveform signals,
whereas the latter is to record the amplitude and phase
information of the frequency-domain signal. A photograph
of the experimental setups is shown in Fig. 3(b).
A functional signal generator is used to feed the sound
speaker source, while, at the same time, it also feeds the
same signal to the controller, which provides the necessary electrical inputs to the piezoelectric actuator, which,
in turn, is the input to the mechanical ampliﬁer used to
actuate the active panel.
In the experiment, an adapter is ﬁtted on the impedance
tube ﬁrst. A tensioned membrane is used to seal the gap
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FIG. 3. Experimental setup of the active panel. (a) Schematic diagram of the experimental setup. (b) Photograph of the experiment
setup, where the large white dotted square box delineates the active-panel device. (c) Photograph of the adapter that is ﬁtted between
the active panel and the end of the impedance tube. Active panel and output plate of the mechanical displacement ampliﬁer are coupled
by strong magnets. Gap between the active panel and impedance tube is sealed by a tensioned membrane, as shown by the shaded ring
(right). (d) When k = 0, i.e., stationary hard boundary, experimental results on the reﬂectivity for frequencies between 50 and 120 Hz
are shown by the red dashed line linking the blue open circles (real part). Yellow dashed line is the imaginary part of reﬂectivity.
Reﬂection from the hard boundary serves as the reference case.

between the active panel and the impedance tube, as shown
in the shaded ring (5 mm wide) of Fig. 3(c). The output
plate of the mechanical displacement ampliﬁer is coupled
to the active panel by a ring of strong magnets. (See Text 4
within the Supplemental Material for the details of adapter
fabrication with a tensioned membrane [34].) It should be
noted that, for a tensioned membrane ring with a width of
only 5 mm, the low-frequency sound pressure, in the frequency range of 50–120 Hz, cannot excite its eigenmodes.
Therefore, the tensioned membrane is decoupled from the
incident wave, i.e., it acts as a hard wall and completely
reﬂects the incident wave.
To verify the hard-boundary reﬂection at k = 0, we
sweep the frequency in the range of 50–120 Hz, and the
results are shown in Fig. 3(d). It is seen that the real part
of the reﬂectivity, Re(r), is close to one, whereas the imaginary part, Im(r), is close to zero. The magnitude of r is
very close to one, as expected.
By using the above-described setup, we verify the two
cases of k = 1 and k = 2. The dual microphones are
used to measure the reﬂected wave in the time domain.
In the experiment, the source and the active panel are
fed a single-frequency sine wave, with the phase of the
active wall set at ϕactive , as noted above. The displacement

amplitude of the active panel is tuned so that the eﬀect
of total absorption is attained. The relevant amplitude setting is labeled as k = 1 for this state. By locking the initial
phase of the active panel and doubling the amplitude setting, we attain the case of k = 2 for the soft-boundary
impedance eﬀect.
Two channels associated with the same signal generator are used to send signals at the same time, to ensure
the synchronization of the input signals. From the signals of the two sensing microphones of the impedance
tube, the frequency-domain information, i.e., the amplitude
and phase at the two microphone positions, is obtained
by the lock-in ampliﬁer to evaluate the reﬂection coeﬃcient and other correlation coeﬃcients. The oscilloscope
is used to display steady-state waveforms. Details of
time-domain- and frequency-domain-signal measurement
approaches can be found in Texts 5 and 6 within the
Supplemental Material [34].
In Figs. 4(a)–4(c), we show the waveforms of the source
and measured reﬂected waves when k = 1 at a frequency
of 50, 70, and 120 Hz, respectively. It is seen that the
reﬂected wave is almost zero. In Figs. 4(d)–4(f), we show
the waveforms of the source and measured reﬂected waves
when k = 2 at the same three frequencies. It is seen that
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FIG. 4. Experimental results in the time domain, plotted in terms of the measured amplitude normalized by the amplitude of the
incident wave. (a)–(c) Source and reﬂected waveforms when k = 1, at 50, 70, and 120 Hz, respectively. It is seen that the reﬂectedwave amplitude is close to zero, as expected. (d)–(f) Source and reﬂected waveforms when k = 2, at 50, 70, and 120 Hz, respectively.
It is seen that the reﬂected waveform is 180° inverted from the incident wave. (g),(h) k = 1 and k = 2 cases, respectively, for the dualfrequency combination (50 and 60 Hz). Here, blue open circles represent the waveform of the source, and red open circles represent
the reﬂected waveform. It is seen that the reﬂected waveform is close to zero in (g), whereas the reﬂected waveform is phase inverted
in (h). All results are normalized to the maximum value of the source amplitude. Zero point on the time axis represents the reference
point for displaying data.

the amplitudes of the reﬂected wave are close to that of the
source, but the phase is reversed, i.e., the soft-boundary
impedance is attained by the active panel. In Figs. 4(g)
and 4(h), we display the same k = 1 and k = 2 activepanel eﬀect with the superposition of 50 and 60 Hz. Both
the total absorption and soft-boundary eﬀects are fairly
accurately reproduced in the time domain. Thus, the experimental results prove the feasibility of using the active
panel to realize total absorption and a soft boundary with
impedance modulation. In the following, we use simulations to demonstrate the room-acoustic applications of the
active panel.
It should be noted that the working input power to the
piezoelectric actuator is less than 5 W. The required power
is positively correlated with the operating frequency, i.e.,
higher frequencies require higher power. However, at our
low-frequency regime, 5 W is not the total required power,

as the electronic components of the piezoelectric stack
consume power as well; hence, the total power may be
somewhat higher.
III. SIMULATIONS ON ROOM-ACOUSTIC
APPLICATIONS
We simulate the eﬀects of a 1 × 1 m2 active panel
placed on the wall of a room with dimensions of 3 m
(width) × 3 m (depth) × 2.5 m (height), as shown in
Fig. 5(a) (active panel is indicated by blue shading). Our
simulations are carried out with a single monopole sound
point source, S, placed at the center position of the wall
opposite to the active panel, at a distance of 10 cm from the
wall. The point source emits spherical waves with frequencies of 50 and 120 Hz, with a sound-power level of 95 dB.
The distance between the sound source and the active
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FIG. 5. Simulation results for room-acoustic application of a 1 × 1 m2 active panel. (a) (Left panel) Schematics of 3 × 3 × 2.5 m3
enclosed room with a point sound source placed 10 cm away from the center of the wall. 1 × 1 m2 active panel is placed in the middle
of the opposite wall (indicated by blue shading). Point source S is located 2.9 m away from the active panel. (Right panel) Cross
sections 1 and 2 are set to pass through the center of the room and are set parallel to the x-y plane and y-z plane, respectively, as
the observation cross-section surfaces of the subsequent sound-ﬁeld distribution. Given the incident wave and vibration excitation of
point source and active plate with frequencies of (b) 50 Hz and (c) 120 Hz, time-domain variations of room-averaged sound pressure
under diﬀerent amplitude factors, k, in which the blue line denotes k = 0, red line denotes k = 1, and the yellow one represents k = 2.
Sound-pressure amplitude is standardized according to the maximum value at k = 0. Amplitude of sound pressure is extracted to
calculate the sound-pressure levels at two cross sections, in SPL, where (d),(e) are the SPL distributions of cross sections 1 and 2 at
50 Hz with k = 0 − 2, respectively, and (f),(g) are the result of two cross sections at 120 Hz. Here, in cross section 2, the source is
noted by a black dot at top center.

panel is 2.9 m. Other than the active panel, all the walls
are assumed to have hard-boundary conditions. To better
display the distribution of the indoor sound ﬁeld under different conditions, we set two sections passing through the
center of the room, namely, cross section 1 parallel to the
x-y plane and cross section 2 parallel to the y-z plane [see
the shaded parts on the right panel of Fig. 5(a)].
Due to the use of the point source, the emitted sound can
arrive at the active panel after multiple scatterings from
the wall. Hence, all the simulations are conducted in the
time domain to accurately account for the interaction of the
active panel with the sound ﬁeld at every instant of time.
In actual room-acoustic applications, a microphone sensor should be placed near the source to pick up the
sound emitted by the source and transmit it electrically
to the active-panel controller after digital processing by
the electronic ﬁlter (see the Supplemental Material for a
description of signal ﬁltering [34]). The resulting outputelectrical-signal time series would have the frequency
content in the relevant low-frequency range of the activepanel operation. Since the electrical signals arrive at the
opposite wall earlier than the emitted sound wave, this time
diﬀerence can be used for digital processing, as well as for
phase adjustment.

To simplify the simulations in this work, we assume that
the above phase adjustment is already done, so that we can
focus on the eﬀects of the active panel that has an area 1/48
of the total wall area (including the ceiling and ﬂoor).
For room acoustics, the wave phenomena are closely
related to the relative ratio between the wavelength of
the source wave and the size of the room.√We deﬁne
a characteristic length of the room as l0 = 3 V, and its
corresponding characteristic frequency, f0 , as
f0 =

c0
.
l0

(3)

In the present model, f0 ∼
= 121.5 Hz serves as a standardized quantity for the subsequent analysis. When the
walls of the rectangular room are all hard-boundary conditions, the lowest nonzero eigenfrequency is 0.47f0 or about
57 Hz. When the walls are all soft sound boundaries, the
lowest eigenfrequency is 0.87f0 or about 106 Hz [35] (see
Text 2 within the Supplemental Material for a description
of signal ﬁltering [34]). Hence, for a 50-Hz incident wave,
its frequency is lower than the lowest eigenfrequency of
the room, and the eigenmode of the room would not be able
to be excited. For the 120-Hz incident wave, its frequency
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is higher than the lowest eigenfrequency. Hence, in the
case of these two frequencies, the introduction of the active
wall will bring diﬀerent eﬀects for the room’s sound ﬁeld.
When the source emits an incident wave of 50 Hz,
we set the phase of the active panel in accordance with
the direct distance to the source and set its amplitude
to be consistent with the source as well, so that, when
the incident wave reaches the active panel, it will meet
the impedance-matching condition for direct arrival. We
regard this condition to be k = 1. After tuning the value of
k from zero to two, the average amplitude of the room’s
sound pressure, in the time domain, is shown in Fig. 5(b).
The results show that, when k = 1, the average soundpressure amplitude is close to half of that when k = 0. This
means an averaged reduction of 7.6 dB in sound-pressure
level (SPL) in the low-frequency range with only 1/48 of
the total wall area.
When k = 2, the volume-averaged pressure amplitude
is slightly less than that for k = 1. In addition, the overall
phase has a nearly 90° shift compared to the k = 0 case.
The phase shift cannot be 180° because not all the arrivals
are like that in the impedance tube, i.e., direct arrival. Nevertheless, a 90° average phase shift can greatly alter the
indoor auditory experience. The average SPL distributions
of the two cross sections in the center of the room are
shown in Figs. 5(d) and 5(e). It can be clearly observed that
the sound-pressure level changes signiﬁcantly at the central position of the room with the change in the vibration
amplitude of the active panel, and the SPL can be reduced
by nearly 10 dB at some positions.
For an incident wave of 120 Hz, it will be able to excite
the resonance modes of the room, thereby making the situation of the indoor sound ﬁeld a bit closer to that of
reverberation. In this case, the phase and amplitude of the
two important parameters of the active panel are set by
adjusting parameters to target the condition of k = 1, i.e.,
“maximum absorption,” which means changing the parameters of the active panel to reach the lowest average sound
pressure and regarding this condition as k = 1. Doubling
the amplitude of the panel is then regarded as the condition
for k = 2. Based on such parameter settings, the simulated
average sound-pressure amplitude in the room is displayed
in Fig. 5(c), which can obviously show that the eﬀect of the
active wall is diﬀerent from that of the 50-Hz case. When
k = 1, the indoor average sound pressure is the smallest,
yielding an averaged reduction of 8.6-dB SPL. Interestingly, the pressure-amplitude values of k = 2 and k = 0 are
very close, but their phases have an oﬀset of about 130°,
which is closer to the “soft-boundary” eﬀect than that for
the 50-Hz case. Such results can also be reﬂected in the
sound-pressure-level distribution of two central cross sections, as shown in Figs. 5(f) and 5(g). From the perspective
of wave propagation, whether the incident wave is direct
arrival or having the characteristic of reverberation after
multiple scattering, there is always a certain probability for

the emitted wave to fall within the physical range of the
active plate. The minimum sound-pressure value obtained
after parameter tuning is the result of reducing the reﬂected
waves by the best impedance matching of the sound wave
falling within the area of the active panel.
There is a heuristic reason why the k = 1, 2 states of the
active panel can be so eﬀective, even with such a small
area fraction of the total wall area. We observe that the
active panel’s impedance is in parallel with the rest of
the hard-wall impedance. Hence, in accordance with the
rule of parallel addition of the impedance, the eﬀective
impedance of the whole wall, including that of the active
panel, should be
1
Z̃

=

η
1−η
+
,
Zact
Zhard

(4)

where Z̃ denotes the eﬀective impedance of the whole wall,
η is the area fraction of the active panel with impedance
Zact , and Zhard is the hard-wall impedance for the remainder
of the wall. Since Zhard  Zact for either k = 1 or 2, it is
clear that even if η is small, the active panel can still have
a large eﬀect on Z̃.
To sum up, the active panel, which occupies only 1/48
of the indoor surface area, can have a very signiﬁcant eﬀect
on the regulation of the room’s sound ﬁeld in the lowfrequency range. It can realize not only the function of
noise reduction, but also the average phase of the sound
ﬁeld, so that there can be a diﬀerent auditory experience
for low-frequency sound, which may have an important
reference value for the design of indoor environments with
speciﬁc acoustic needs.
IV. CONCLUSIONS
Here, we propose an active-panel device that can realize
the ﬂexible and eﬀective manipulation of wall impedance
in the low-frequency range of 50–120 Hz by adjusting its
displacement amplitude, to realize the eﬀect of either total
sound absorption or a soft boundary. The eﬀects are veriﬁed by both simulations and experiments. In the design
of the active-panel device, a piezoelectric actuator and
a designed mechanical displacement ampliﬁer are combined to aﬀect the tunable pistonlike vibrational output and
realize the goal of impedance modulation. Among them,
the structure of the displacement ampliﬁer is composed
of multiple slender thin metal sheets. By imposing ﬁxed
constraints on the speciﬁed positions, we realize the function of displacement ampliﬁcation with a certain stiﬀness.
After optimization, the design is shown to be unaﬀected
by its own natural frequency within the working-frequency
range. In addition, the potential application of the active
panel in room acoustics is analyzed by simulations. The
results show that a small-sized active panel can achieve
a very signiﬁcant sound-ﬁeld-manipulation eﬀect in a relatively large space. In particular, it can not only reduce
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low-frequency noise, but also realize an average phase
shift of the sound ﬁeld, which can signiﬁcantly alter room
occupants’ auditory experiences. Our results provide a reference for the design and application of a room’s acoustic
metamaterials.
V. METHODS
A. Measurement setup
The displacement ampliﬁer is made of stainless steel
by computer numerical controlled machining and welding. The experimental setting is shown in Fig. 3(b).
The two channels of the signal generator (Keysight
33500B) are, respectively, connected with the loudspeaker
of the impedance tube (B&K 4206) and the piezocontroller (Coremorrow E00.C2). They are then connected to
the piezoactuator (Coremorrow NAC2021-H70-A01). The
two microphones of the impedance tube are divided into
two channels through the conditioning ampliﬁer of microphones (B&K Type 2693-A), one being connected to the
lock-in ampliﬁer (SR830) and the other being connected
to the oscilloscope (Keysight EDUX1002G). The former
is used to obtain frequency-domain data, and the latter is
used to obtain the time-domain signal.
B. Numerical simulations
All simulation works are carried out by using COM5.5 Multiphysics. Among them, the time domain and
frequency domain of solid mechanic modules are used
for the design of the displacement ampliﬁer (Sec. II B),
the pressure-acoustic and solid-mechanic-coupling module is also used in this part, and the time domain of the
pressure-acoustic module is used for the simulation of
room acoustics (Sec. III).
SOL
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