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Towards altering sound frequency at will by a linear
meta-layer with time-varying and quantized
properties
Yumin Zhang 1,3✉, Keming Wu1,2,3, Chunqi Wang1 & Lixi Huang 1,2✉

Wave frequency is a critical parameter for applications ranging from human hearing, acoustic

non-reciprocity, medical imaging to quantum of energy in matter. Frequency alteration holds

the promise of breaking limits imposed by the physics laws such as Rayleigh’s criterion and

Planck–Einstein relation. We introduce a linear mechanism to convert the wave frequency to

any value at will by creating a digitally pre-defined, time-varying material property. The device

is based on an electromagnetic diaphragm with a MOSFET-controlled shunt circuit. The

measured ratio of acoustic impedance modulation is up to 45, much higher than nonlinearity-

based techniques. A significant portion of the incoming source frequency is scattered to

sidebands. We demonstrate the conversion of audible sounds to infrasound and ultrasound,

respectively, and a monochromatic tone to white noise by a randomized MOSFET time

sequence, raising the prospect of applications such as super-resolution imaging, deep sub-

wavelength energy flow control, and encrypted underwater communication.
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Frequency, the reciprocal of wavelength, is one of the fun-
damental parameters governing wave behaviors and its
interaction with matters. Most laws on wave propagation,

wave–matter interaction, such as Rayleigh’s criterion,
Planck–Einstein’s energy–frequency relation, diffraction law,
mass-density law, are frequency-dependent. Altering frequency
can break the limits currently imposed by laws of physics for a
given frequency condition, such as imaging resolution limits,
energy capacity, and propagation behavior of a wave. Conven-
tional materials, including spatial modulation metamaterials, such
as photonic and sonic crystals1–4, have time-invariant physical
properties, which may be called static materials. They shape the
wave front and change wavenumbers, but the wave frequency is
unaffected. Time-variant materials, or dynamic materials, how-
ever, can enable the control of wave in terms of time-base, which
offers more possibilities for wave manipulation. Pursuit of
dynamic materials5 normally begins with material nonlinearity,
such as nonlinear optical crystal6 and ultrasound contrast agent7.
Nonlinearity produces higher harmonics of signals, and offers
super-resolution in optical8,9 and ultrasonic7,10,11 imaging, rec-
tification and reciprocity breaking12–16, and directional
radiation16–18. However, such desirable nonlinear effects require
a high level of excitation not readily available in daily life.
Alternatively, active metamaterials with sensors offer more pos-
sibilities such as tuning the effective material parameters19 and
shaping the frequency spectra of sound waves20. Recently, active
nonlinear metamaterials greatly lower the requirement for
excitation21. However, these extra benefits of active control often
come with the extra cost of a sensor or extra complication of
having to deal with system instability. On the other hand, non-
linearity converts waves between discrete harmonic frequencies,
and the time-variant properties of nonlinear materials are
amplitude-dependent, limiting its scope of application. A linear
mechanism of time-base conversion independent of local wave
amplitude, without a sensor, will offer far more freedom in wave
manipulation, which is the motivation behind the current study.

Temporal modulation materials have been attracting
researchers’ attention and achieving great successes in breaking
reciprocity22–36 in a linear manner. Existing temporal modulation
of materials include two mechanisms, moving medium (biasing)
and wave modulation34,35. Biasing is similar to the Doppler
effect24,25, which requires sufficient speed or momentum to
obtain significant frequency shift. The wave modulation, on the
other hand, changes the local medium properties, such as the
impedance, in a space–time sequence similar to a traveling
wave28–33. Total frequency shift, hence mode transition in a
waveguide, is theoretically achieved at about 10 wavelengths of
the incident wave22,36. The temporal materials share the same
mechanism with the method of amplitude modulation (AM)
which can be traced to Bell’s work for multiplex telephony
system37,38. AM utilizes time-varying circuit to mount the signal
onto the carrier to produce a long-distance transmittable wave.
The transmitted signal contains the difference and sum fre-
quencies of the signal and the carrier. This forms the foundation
of telephony network and long-distance wireless radio, which
heralds a new era of communication. Pure temporal modulation
materials35 are expected to alter wave frequencies in a linear
manner. However, such potential has not been fully materialized.

In this work, a linear temporal modulation device called
acoustic meta-layer (AML) is introduced, which converts the
color, or rather the frequency in acoustics, of a monochromatic
sound wave to another color with two orders of magnitude higher
efficiency when compared to the existing nonlinearity-based
devices7. The fact that it is a programmable material means that
we can change wave frequencies at will. Two special cases are
demonstrated. The first is the altering of an audible sound to an

infrasound in experiment, and the second is the shifting of an
audible sound to an ultrasound in calculation. The experiment for
the latter is beyond the current reach in our lab. In perception,
both infrasound and ultrasound are silent to humans. The former
has a wavelength longer than 17m and decays little in trans-
mission. The latter has a wavelength shorter than 17 mm and
hardly travels far. In addition, we also demonstrate a randomized
AML capable of dispersing a monochromatic sound to white
noise of any prescribed frequency band. The dynamic response of
the randomized AML is random in time and broadband in fre-
quency content. It contrasts with all conventional static and
dynamic materials and has many potential applications. First,
random modulation dilutes the time-signature of the incident
sound, rendering its echo undetectable. Second, the broadband
modulation widens the frequency scope of energy pumping and
can be a building block for parametric gain-medium39–41 for
sound and offer better ultrasound and underwater imaging.
Third, random material may become an alternative tool in
environment noise control. For instance, tonal noise found in our
living, working, and hospital environments is a nuisance at best
leading to serious health issues42. As a contrast, clinical trials
show that random noise (white or pink) promotes sleep for the
neonates43, patients in intensive care unit44, and coronary care
unit45.

Results and discussion
Acoustic meta-layer architecture. The proposed AML is shown
in Fig. 1a. It consists of a suspended diaphragm of a moving-coil
loudspeaker, shunted by an analogue circuit. The coil is immersed
in a permanent magnetic field and gives an electromechanical
coupling between the series shunt circuit and the diaphragm. Our
previous work46,47 demonstrates that the passive shunt circuit can
significantly alter the system dynamic properties, including mass,
stiffness and damping. When the shunt circuit is connected, the
extra acoustic impedance induced by the electromagnetic forces
is46 ΔZ ¼ Blð Þ2Z�1

e , where Ze ¼ Rþ Liωþ Ciωð Þ�1 is the elec-
trical impedance of the circuit with net resistance R, inductance L
and capacitance C, Bl is the force factor, and ω is the angular
frequency. In this work, a metal-oxide-semiconductor field-effect
transistor (MOSFET) is introduced to connect or disconnect the
shunt circuit using a pre-defined time sequence as shown in
Fig. 1b. When the G terminal of the MOSFET, cf. Fig. 1a, is
applied with a bias voltage exceeding a threshold, Vg >V0, the
resistance between terminals D and S is 4 mΩ, and the shunt
acoustic impedance for the diaphragm, ΔZ; is loaded. Otherwise,
the circuit resistance is very high, Roff = 4400Ω, and ΔZ is
unloaded. The MOSFET state is described by the function of
g tð Þ ¼ HðVg tð Þ � V0Þ, where H is the Heaviside step function.
Figure 1b illustrates g tð Þ when a periodical and random gating
voltage Vg tð Þ is applied, respectively. Figure 1c, d illustrates,
respectively, the working of AML when Vg tð Þ follows harmonic
and random patterns, respectively. As shown in Fig. 1c, when the
state of the MOSFET is set by a periodical voltage of frequency fm,
the energy of the incident sound wave at the source frequency of
fs is dispersed to the difference and sum frequencies of

f� ¼ fs � fm and fþ ¼ fs þ fm:

When the gating voltage sequence is band-limited random with
fm 2 f1; f2

� �
, we expect the harmonic source is scattered to a

random wave with side frequencies to cover the same linear
bandwidth of f2 � f1 as illustrated in Fig. 1d. The time sequence of
the MOSFET is pre-defined and unrelated to the incident or
transmitted waves, contrasting with traditional active control
which is derived from a sensor signal and is thus subject to
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stability constraints. In this sense, AML is therefore a robust
frequency scatterer which does not radiate sound on its own. A
tiny amount of voltage leakage from MOSFET is always present
and its sound-radiation potential will be discussed in the
experimental results.

Theoretical considerations. The lumped-parameter, governing
equation for the motion of the diaphragm is

M
dv
dt

þ Dþ 2ρ0c0A
� �

v þ Kηþ BlI ¼ 2ApI tð Þ; ð1Þ

where v ¼ dη=dt is the vibration velocity, η is the displacement, I
is the electric current in the shunt circuit, M, D, and K are,
respectively, the dynamic mass, damping, and stiffness of the
diaphragm, A is the cross-section of the waveguide, pIðtÞ is the
incident wave pressure felt at the diaphragm surface, ρ0 and c0 are
the air density and speed of sound, respectively. The term 2ρ0c0A
accounts for the fluid loading on the downstream and upstream
sides of the diaphragm when the waveguide is terminated by
anechoic ends48. The governing equation for the shunt circuit is
given below together with parameter definitions:

L
dI
dt

þ R tð ÞI þ qeC
�1 ¼ Blv; I ¼ dqe

dt
; R tð Þ ¼ Ron þ Roff 1� g tð Þ� �

;

ð2Þ
where qe is the electric charge, RðtÞ is the instantaneous electric
resistance, Ron is the total circuit resistance when MOSFET is
switched on, g ¼ 1, and Roff is the huge resistance value when
MOSFET is switched off. Note that Roff will be treated as infinity
in theory but is kept as a finite value for initial analysis.

Applying Fourier transform to the Eqs. (1) and (2) and keeping
only the diaphragm velocity and electric current as the primary

variables,

iωMv̂ þ Dþ 2ρ0c0A
� �

v̂ þ Kv̂= iωð Þ þ Bl̂I ¼ 2Ap̂I ;

iωLÎ þ Ron þ 1
2Roff

� �
Î � 1

2Roff Î � Ĝþ Î
iωCð Þ ¼ Blv̂;

Ĝ ωð Þ ¼ Rþ1

�1
2g tð Þ � 1
� �

eiωtdt; Î � Ĝ ¼ Rþ1

�1
Ĝ ω0ð Þ̂I ω� ω0ð Þdω0;

8>>>><
>>>>:

ð3Þ
where over-hats denote Fourier transforms, and Ĝ ωð Þ is the
Fourier transform of 2g tð Þ � 1 (square wave with zero bias). The
presence of the convolution term, Î � Ĝ, is the essence of the
modulation device. It makes the solution of Eq. (3) complicated as
responses at one frequency are coupled to the material properties
at all other frequencies. However, preliminary analysis is still
possible for simplistic modulations. For a periodic square wave
2g tð Þ � 1, with period 2π=ωm; ĜðωÞ, takes the sinc
form,Ĝ ωð Þ ¼ ∑þ1

n¼�1
1

2n�1δ ω� 2n� 1ð Þωm

� �
; where δ is Dirac

delta function. Note that the convolution Î � Ĝ shifts the angular
frequency of the electrical current Î by 2n� 1ð Þωm. The amplitude
factor of 1= 2n� 1ð Þ implies the dominance of the lowest
(fundamental) orders of n= 0, 1 and this is confirmed by
experimental results presented below. However, the convergence
of the series involving 2n� 1ð Þ�1 is likely to be slow. Direct time-
domain solution is used in numerical study.

Two factors in Î � Ĝ determine the extent of frequency spread
by the modulation. First, when g tð Þ follows a completely random
time sequence, Ĝ ωð Þ becomes a constant for all frequencies.
Second, the finite jump of the circuit resistance during MOSFET
switching (over nanoseconds) means an electric current impulse
with spectral spill-over to all frequencies. In terms of acoustic
impedance, the system jumps between the states of pure
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Fig. 1 Schematic of the proposed acoustic meta-layer (AML) and the conceptual diagram of frequency conversion. a AML formed by a shunted
loudspeaker cascading a MOSFET unit (see Supplementary Note 1). G, D, and S represent gate, drain, and source ports of the MOSFET. The voltage
supplied to G (Vg) determines the effective resistance between D and S. b Schematic of the MOSFET state function, g tð Þ = 1 for switch-on state, when the
gating voltage Vg > 2 volt (see (a)), and g tð Þ= 0 for switch-off state. c Schematic of harmonic scattering in the waveguide and the measurement system.
Four waves are established in the waveguide, which are the incident (pI), reflected (pRu), transmitted (pT), and the downstream reflected (pRd) waves. The
downstream transmitted wave contains components of f�, fs, and fþ. d Schematic of randomized AML with a random gating voltage, converting part of a
tonal input to white noise.
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mechanical impedance of Zm ¼ Miωþ ðDþ 2ρ0c0AÞ þ K=ðiωÞ,
and Zm þ ΔZ, where ΔZ ¼ Blð Þ2=Ze is the electromagnetically
induced acoustic impedance increment. The meta-layer may be
said to operate on two quantized impedance states. Together with
the randomized switching, AML offers a giant modulation ratio
(see the ‘Modulation ratio’ section).

Following these frequency-domain observations, we now
return to the time-domain governing Eqs. (1) and (2), which
can be numerically solved for the velocity response v tð Þ. The
transmitted and reflected sound pressures at the two sides of the
diaphragm are48

pT x; tð Þ ¼ ρ0c0v t � x=c0
� �

; pR x; tð Þ ¼ pI t þ x=c0
� �� ρ0c0v t þ x=c0

� �
:

ð4Þ
Analysis is mainly conducted for the transmitted sound, pT , for
both harmonic and randomized modulations. The rate of energy
scattering from the source frequency fs, which may cover a band
of fs 2 fs1; fs2

� �
, to all orders of sidebands is calculated from the

diaphragm velocity spectrum v̂ðf Þ,

as ¼ 1� Rfs2
fs1

v̂ f
� ��� ��2dt= R1

0
v̂ f
� ��� ��2dt: ð5Þ

Variation of αs with respect to various control parameters is
analyzed following the presentation of experimental results.

To solve the coupled Eq. (1) and Eq. (2) in time-domain, we
use a mechanics-based normalization scheme in which time is
measured by in vacuo oscillation frequency of the diaphragm,ffiffiffiffiffiffiffiffiffiffiffi

K=M
p

, and a normalized electric charge variable q is also
defined,

�t ¼ t
ffiffiffiffiffiffiffiffiffiffiffi
K=M

p
; q ¼ Blqe=

ffiffiffiffiffiffiffiffi
KM

p
: ð6Þ

Here, q has the dimension of mechanical displacement. The
governing equations in (1) and (2) can be rewritten in terms of η,
q and their time derivatives as follows

d
d�t

dη=d�t

dq=d�t

η

q

2
6664

3
7775

|fflfflfflfflfflffl{zfflfflfflfflfflffl}
U

þ

dm 1 1 0

�Bx de 0 ke
�1 0 0 0

0 �1 0 0

2
6664

3
7775

|fflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflffl{zfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflfflffl}
DM

dη=d�t

dq=d�t

η

q

2
6664

3
7775

|fflfflfflfflfflffl{zfflfflfflfflfflffl}
U

¼

F

0

0

0

2
6664

3
7775

|fflffl{zfflffl}
F

; ð7Þ

where F ¼ 2pI tð ÞA=K is the incident wave pressure having the

displacement dimension, DM is the damping matrix consisting of
four dimensionless parameters,

dm ¼ Dþ2ρ0c0Affiffiffiffiffiffi
KM

p ; de ¼ R tð Þ
L

ffiffiffiffiffiffiffiffi
K=M

p ; Bx ¼ Blð Þ2
LK ; ke ¼ M

LCK : ð8Þ

Here, dm represents the total mechanical loading, with both
diaphragm damping and sound-radiation factor 2ρ0c0A included,
de is an electrical damping coefficient, Bx is the magnetic coupling
strength, and ke is the quadratic ratio of electrical resonance
frequency, 1=

ffiffiffiffiffiffi
LC

p
, to the mechanical resonance frequency,ffiffiffiffiffiffiffiffiffiffiffi

K=M
p

, which may also be regarded as an electric spring
constant.

Equation (7) degenerates into a set of three equations when the
capacitor is absent and there is no need to calculate electrical
charge from the current, or two equations for η and dη=d�t when
the MOSFET is switched off. The time-domain solution is easiest
when it is separated into MOSFET-on, R tð Þ ¼ Ron; g tð Þ ¼ 1, and
MOSFET-off, Roff ¼ 1; g tð Þ ¼ 0, states. Details of the time-
domain solution for the state vector U are given in the ‘Methods’
section. The transmitted and reflected waves are then obtained by
Eq. (4).

The purpose of the current study is to demonstrate essential
coupling effects instead of full parametric analysis. To this end,
we will only allow the dimensionless system mechanical loading,
dm, to vary. Physically, this can be achieved by modifying the
mechanical damping of the diaphragm, D, as well as modifying
the acoustic boundary conditions. For instance, if the fluid media
(air) on the two sides of the diaphragm is substituted by a lighter
gas like helium, its radiation impedance ρ0c0A will be greatly
reduced. Likewise, an increased diaphragm mass or stiffness for
the given surrounding fluid can also reduce dm, cf. Eq. (8). A
simple parametric study on dm will be conducted following the
presentation of experimental results.

Modulation ratio. We first scrutinize the static acoustic impe-
dance for the meta-layer at MOSFET-on and MOSFET-off states
using the impedance tube illustrated in Fig. 1c. The results are
shown in Fig. 2. A modulation ratio is defined as the ratio of
system acoustic impedances with shunt-on to shunt-off states,

αm ¼ Zm þ ΔZ
�� ��= Zm

�� ��: ð9Þ

Fig. 2 Results of the acoustic impedance measurement. a Acoustic impedance of the meta-layer, Dþ iχ, for MOSFET-on and -off states. Both damping
(D) and reactance (χ) are normalized by the air impedance ρ0c0A. The dynamic mass, damping, and stiffness of the diaphragm are M= 5.8 g,
D= 5.04 N sm−1, and K= 4516 Nm−1, respectively, with force factor Bl= 4.6 Tm. The effective resistance, inductance and capacitance are R= 0.1Ω,
L= 1.2 mH, and C= 1.0 mF, respectively. b Impedance modulation ratio αm. c Sound transmittances showing passband and stopband at MOSFET-off and
-on states, respectively. d Ratio of transmittances for the MOSFET-off and -on states.
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Figure 2a shows the damping and reactance of the AML in
MOSFET-on and MOSFET-off states, respectively, which are
used to calculate the impedance ratio shown in Fig. 2b. The
maximum ratio is found to be αm = 45 at 135 Hz while lower
ratios extend over the entire frequency range. This peak αm is at
least two orders of magnitude higher than that deployed by the
pioneering techniques in literature: 0.14~0.21 for vibration and
sound33,34, or 10−4~10−3 in optics24,25. The modulation
mechanism for AML is therefore described as a giant modulation,
which will be desirable in future applications described in the
‘Introduction’ and indeed beyond. For instance, one technique of
achieving time-reversal-based holography is to create an
instantaneous time mirror49 by suddenly changing the global
wave speed leading to back-propagation of waves without using
an antenna array on an enclosing boundary. A larger time
disruption in wave speed, or modulation ratio in the current
context, will give more substantial back-propagation.

Figure 2c shows that, when the MOSFET is switched on, the
meta-layer changes from an acoustic soft state to an acoustic rigid
state within the frequency range of 92–184 Hz, in which the
transmittance changes by 5 times as shown in Fig. 2d. The sound
passband due to structural resonance is transformed to a
stopband due to the extremely large acoustic damping induced
by the shunt circuit. It acts like an instant phase-change material.
Therefore, when the ‘on’ and ‘off’ states of the MOSFET oscillate
with time, the incident sound wave is also scattered in the
frequency spectrum. Note that the gating voltage does not
provide energy for such material property change, nor does the
meta-layer radiate sound on its own except for tiny sounds caused
leakage current and the voltage of the MOSFET.

Harmonic modulation. The results for the harmonic modulation
are shown in Fig. 3 for an incident sound wave of 5.5 Pa at
fs= 135 Hz. The modulation frequency is fm= 75 Hz. Figure 3a
shows that the transmitted wave is distorted by the time-varying
impedance of the meta-layer. The solid line is the measured
signal, while the dashed line, labeled as reconstructed in the fig-
ure, is the sum of three frequency components, fs, f−, and f+, for
which the amplitudes are 0.279, 0.184, and 0.186, respectively,
when normalized against the incident wave amplitude. The close
agreement between the two means that contributions from
higher-order terms of modulation are negligible. Figure 3b
compares the measured spectral amplitudes (bars) with the
numerical prediction (open circles), showing reasonable agree-
ments. The time-domain comparison is made in Fig. 3c for the
total transmitted sound. Discrepancies may be attributed to the
fact that numerical simulation does not account for various fac-
tors that exist in experiment, such as the frequency dependency of
diaphragm damping and electrical resistor, and the residual
sound reflection from the finite-length anechoic wedges illu-
strated in Fig. 1.

For the transmitted waves, the ratios of sound energy at the
difference and sum frequencies to that of the signal frequency are
43.6% and 44.4%, respectively. The energy scattering efficiency is
therefore αs ¼ 1� 1= 1þ 0:436þ 0:444ð Þ ¼ 46:8%.

The system loading parameter dm may be varied to explore
how the energy scattering efficiency αs can be further enhanced.
When all other parameters are fixed as the experimental setting,
Fig. 3d shows that the experimental results (open square with
αs ¼ 0:468 and dm ¼ 2:63) are close to the predicted values (thick
solid line with αs ¼ 0:389 at dm ¼ 2:63). The curves in Fig. 3
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Fig. 3 Measurement and prediction for the harmonic modulation. a Measured time-domain sound pressure (solid curve, normalized against incident
wave amplitude) at downstream and the sum of the three frequency components of fs, f�, and fþ (dashed). b Spectra of the measured (bars) and
numerically predicted (open circles) downstream pressures. c Time-domain prediction (dashed) of the transmitted pressure compared with the measured
(solid line), normalized against the incident wave amplitude. The comparison of the incident (unmodulated) and transmitted (modulated) sound is shown
in Fig. S2. d Energy scattering efficiency αs, defined in Eq. (5), as a function of the system loading parameter, dm defined in Eq. (8), when other control
parameters are perturbed from the experimental setting (open square): mechanical loading dm= 2.63 magnetic coupling strength Bx ¼ 3:905, electrical
damping de ¼ 0:094, and electric spring constant, ke ¼ 1:07. All prediction lines have the same Bx. The thick solid line has the same ke and de as the
experiment and is simply labeled as Prediction in the figure. Lines 1–3 have the same ke as the experiment but with de ¼ 0; 0:3; 1:0, respectively. Line 4
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show that αs could increase significantly when dm ! 0. In fact,
αs ¼ 0:9 is reached when dm ¼ 0:14. The relatively low scattering
efficiency for the current testing rig implies that the diaphragm is
overloaded for the purpose of energy scattering from the signal
frequency to the sidebands. Further parametric study shows that,
when the electric damping de is reduced from the experimental
setting of de ¼ 0:094 to de ¼ 0 (dotted, Line 1), the efficiency αs
increases over the whole range of dm, but the increment is not
significant. When de is increased to 0.3 (Line 2, thin solid line),
and further to 1.0 (Line 3, dashed line), we see a general trend of
decreasing αs. This implies that the reduction of both mechanical
and electrical damping leads to increased αs. Line 4 (dot-dashed
line) is given a different electric spring constant (ke ¼ 2) but the
same de as the experiment, the resulting αs is lower, confirming
that the ke value in the experimental setting is better.

A separate question of technical interest is whether the
scattering to the side frequency bands can be controlled to
achieve the effects of low-pass, namely the scattered energy is
mainly below the source frequency ðf < fsÞ, or high-pass ðf > fsÞ.
This question is discussed in detail in Supplementary Note 2. The
conclusion is that such control is possible with multiple devices
arranged in series, for instance. The control mechanism is derived
from the acoustic interference between devices for the sideband
frequencies. The latter is tuneable by the phase difference between
modulating time sequences gðtÞ fed to different devices.

Conversion of audible sound to infrasound. Using the setup
shown in Fig. 1c, we demonstrate the conversion of an audible
sound to infrasound (< 20 Hz), which is imperceptible by human
ears, by using a modulation frequency very close to the source
frequency: fs= 160 Hz, fm= 141 Hz. It generates
f−= 160 – 141= 19 Hz. The other sideband frequency is
f+= 160+ 141= 301 Hz, and this represents a pathway of fre-
quency doubling towards ultrasound. The analysis below focuses
on the infrasound.

Figure 4a, b shows the incident and reflected waves in the
upstream region. The incident wave is slightly distorted by the
generated infrasound of 19 Hz, which cannot be fully absorbed by
the anechoic wedge. The reflected wave is more distorted due to
the superposition of the blocked field and the scattered field of the
AML48. Those in the downstream are decomposed as the right-
traveling waves in Fig. 4c and the left-traveling waves in Fig. 4d,
showing the dominance by the infrasound. Further decomposi-
tion into the three frequency components is given in Fig. 4e, f

with a right-hand-side Y-axis, illustrating the relative amplitudes
of each component. Small high-frequency ripples in Fig. 4f
confirm that the waves of fs, f+ are mostly absorbed by the
downstream wedge while the infrasound bounces back.

More experimental results can be found in Supplementary
Note 3 which shows that the meta-layer with the same circuit
parameters is broadband effective for the incident waves ranging
from 40 to 640 Hz, which is 4 octaves in bandwidth and is tunable
by impedance design. Conversion of such a broadband noise to
imperceptible infrasound at 19 Hz implies that the giant
modulation mechanism of the meta-layer can be further
developed to an alternative technology for broadband low-
frequency noise control by converting low-frequency audible
sound to infrasound.

Apart from the attribute of being inaudible by human ears,
infrasound can bend around obstacles and travel a long distance
without significant decay in the atmosphere, with a half-
amplitude distance of 100 km for 20 Hz. The demonstrated
frequency conversion is a potential method for long-distance
wave energy transmission.

By scaling up the parameters of the meta-layer, our prediction
using the time-domain model in Eq. (1) shows (see Supplemen-
tary Note 4) a conversion of an audible sound of fs= 5 kHz to
ultrasounds of f−= 20 kHz and f+= 30 kHz when a modulation
frequency of fm= 25 kHz is used. It could be an alternative
technology to break the limitation of spatial resolution described
by Rayleigh’s criterion, and to overcome the conflict of
penetrating depth and spatial resolutions of ultrasound imaging.
Low-frequency sound penetrates the tissue well, but high
frequency is needed for fine image resolution. To realize these,
further effort is needed to fabricate a much smaller device to
avoid diaphragm vibration modes, such as using MEMS speaker
as the base for shunt modulation.

Random modulation. The voltage sequence of random mod-
ulation is obtained by setting positive and negative values of a
band-limited white signal to be Vg= 6 volt (g= 1) and Vg= 0
(g= 0). This is illustrated in Fig. 5a as the solid trace on the top.
The rest of Fig. 5 describes the full dataset of randomized AML
with an incident tone set at fs= 135 Hz, and the random mod-
ulation function g tð Þ band-limited to fm∈ [50, 100] Hz. The
difference and sum frequencies fall in the range of f−= [35, 85]
Hz, and f+= [185, 235] Hz, respectively.

Fig. 4 Experimental data for the dispersion of an audible sound of 160 Hz to an infrasound by a harmonic modulation of 141 Hz. a Upstream incident
wave pI of fs= 160 Hz. b Upstream reflected wave pRu. c Downstream transmitted wave pT . d Downstream reflected wave pRd. e Decomposition of pT into
three frequencies of fs ¼ 160 Hz (solid), f� ¼ 19 Hz (dashed), and f+= 301 Hz (dash-dot). f Decomposition of pRd into the three frequencies of
fs; f� and fþ. The measurement setup is shown in Fig. 1c, and a photo in Supplementary Note 1. (a–d) share the Y-axis at the left, while the Y-axes of (e)
and (f) are labeled at the right. All amplitudes are normalized by the incident pressure amplitude (7 Pa).
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Figure 5a illustrates the special design of time windows for the
experimental study. The incident wave signal (dashed line) is
introduced from time 0 to 30 s, while the gating voltage (solid
line) is introduced from 15 to 45 s, producing a total of four time-
segments, labeled as (i–iv) in the abscissa. Figure 5b is the actual
trace of the transmitted wave covering the whole 60 seconds.
Figure 5c is the zoom-in view of the time window marked in
Fig. 5b for the randomization onset around the 15th second,
which shows the transition of the output pressure from the
modulation-off state to the modulation-on state. The incident
sound has an amplitude of 4.56 Pa. Significant distortion by AML
occurs as soon as the modulation is activated. Figure 5d shows a
typical chunk of signal around the 17th second, decomposed into
the residual source frequency (fs= 135 Hz, 1.36 Pa) and the
randomized sound pressure which has an amplitude of 1.19 Pa.
The latter represents some 43.4% of the total transmitted sound
energy. Considering the use of a single AML unit, this percentage
of energy transfer from the tonal sound to broadband noise is
deemed efficient.

Figure 5e–g shares the same vertical coordinate for frequency.
Figure 5e shows the spectra of the incident tone (dashed line,
labeled as fs) and the modulation signal (solid line, labeled as fm).
Figure 5f is the spectrogram of the measured transmitted sound
with color scale in the wide range of 20–100 dB. Sound pressures
below 20 dB (0.2 mPa) are displayed by the color at 20 dB and
treated as the background noise. Time-segment (i) features a
single spectral peak at fs= 135 Hz, as expected. Segment (ii) has
somewhat weakened incident wave at frequency fs, plus two finite
bright bands of f−= [35, 85] Hz, and f+= [185, 235] Hz, which
correspond clearly to the spectrum of the transmitted wave
shown in Fig. 5g. Segment (iii) has modulation on but without

incident sound. Zero output signal is expected here, but, in reality,
there are gate leakage current of the MOSFET and voltage ripples
caused by the imperfect electrical ground lead, which causes the
AML to radiate a tiny amount of sound around 28 dB. Segment
(iv) contains only the electronic noise in the measurement
system.

The most interesting point of this demonstration is that the
output pressure is partially random when the random modulation
is on, as shown in Segment (ii) of Fig. 5f. A random wave is
fundamentally different from a harmonic one. First, it is
unpredictable in time domain while harmonic waves are
governed by deterministic dynamics. Specifically, in this study,
so long as we hide the modulation key gðtÞ, the randomized
output waves cannot be decoded. With one unit of randomized
AML, the transmitted sound has around 1� αs ¼ 56.6% of
residual energy at the source frequency fs. When multiple meta-
layers are cascaded, they are expected to deplete the signature at
the source frequency quickly and the final product is multiple
convolutions of keys. In this sense, randomized AMLs provide
encrypted sound wave, which can be useful for applications like
underwater communication. Meanwhile, in physiology perspec-
tive, white noise (random sound) is generally a sleep-promoting
sound, as majority of us experience the ease from raining sound.
In contrast, harmonic sound, such as that from turbo machines,
leads to serious annoyance and insomnia. As low-frequency noise
is hard to control by conventional static materials, randomized
AML may become a starting point to developing a different noise
control method by converting detrimental sound to more
acceptable or even beneficial sound. Another fundamental
distinction is the bandwidth. A harmonic sound wave has zero
bandwidth while a random sound has a finite bandwidth.

Fig. 5 Experimental results for the conversion of monochromatic sound to band-limited white noise by a randomized acoustic meta-layer. a Illustration
of the incident sound introduced from time 0–30 s (signal period not to scale in illustration) and the random modulation introduced from 15–45 s, forming
four time-segments labeled as (i–iv). b Transmitted time-domain pressure signal. c Zoom-in view of the transition from tonal sound (modulation-off) to
band-limited white noise (modulation-on) around the 15th second. d Transmitted signal decomposed into the source frequency fs and randomized output
from the 17th second. e Spectra of the generated driving signal (dot-dash, fs) and the modulation voltage (solid line, fm). f Spectrogram of the transmitted
sound downstream, with frequencies of fs, f−, f+ marked. g Spectrum of the transmitted pressure signal.
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Conclusions
This study paves the way towards changing the frequency of
sound wave at will by modulation techniques. We now take a
broad view of the AML operating at the MOSFET-on and
MOSFET-off configurations, each with its own eigen spatial
mode. The meta-layer is a time crystal introducing a time
discontinuity34 leading to frequency shift of waves, which is
similar with wavenumber change induced by space discontinuity.
First, we explore using the meta-layer to alter the sound fre-
quency in a linear manner, which is expected34,35 and yet to be
realized. The efficiency of energy scattering in the frequency
domain is two orders of magnitude higher than that of traditional
nonlinear materials, such as ultrasound contrast agents. Initial
parametric analysis points to the direction of further increasing
the rate of energy scattering by modulation with proper system
mechanical loading. It is also shown that the use of multiple
devices can suppress the scattered sound to certain frequency
components. By virtue of this, most of the research based on
nonlinear harmonics generation can be revisited for substitution
by linear counterparts, such as the acoustic rectifier12,13. Two
special cases, which are converting audible sound to infrasound
and ultrasound, are demonstrated in experiment and calculation,
respectively.

The second demonstration in the present study is the rando-
mized AML containing pseudo-random properties, which dis-
tinguishes itself from all existing deterministic materials. By
random modulation, the meta-layer assembles a set of random
time-discontinuities to a single structure leading to unpredictable
responses in the time-domain. The monochromatic incident wave
is therefore scattered to a broadband wave in the frequency
domain. We know that the harmonic generation, using ultra-
sound contrast agent or other nonlinear materials, has achieved
great success in medical imaging. As bandwidth normally
represents the information volume for a wave as a signal carrier,
the ability of randomized AML extending a wave of zero band-
width to a wave of finite bandwidth may find application in future
hologram imaging system.

Other potential applications include tonal noise dispersion,
linear acoustic diode, encrypted underwater communication or
misleading Doppler-based detection, parametric amplifier, super-
resolution imaging and hologram, and many other potential
applications yet to be put forward.

Methods
Experiments. A commercially available moving-coil loudspeaker is used as the
base to build the meta-layer. The moving-coil diaphragm is normally with 4~8Ω
DC resistance, which is too large for the meta-layer. Negative impedance converter
is used for reducing the DC resistance to a positive, desired value. A MOSFET
controlled by a gate voltage is used to connect the coil and the shunted circuit. The
meta-layer is clamped in the impedance tube, dividing it into upstream and
downstream regions. A side-branch sound source is mounted in the upstream duct
wall. Two 3.5-meter-long wedges form both ends of the measurement impedance
tube to avoid excessive end reflections. The wedges are long enough for most
audible frequencies but inadequate for infrasound. Due to the reflection by the
meta-layer, standing waves form in the upstream, which are decomposed into the
incident and reflection waves by signals collected by microphone pairs (GRAS,
8 cm apart) following established procedures50. At downstream, two microphones
are also used to decompose waves and monitor the refection coefficient down-
stream. The full diagram of the meta-layer device and the impedance tube mea-
surement system can be found in Supplementary Note 1.

The mechanical and electrical parameters of the diaphragm in Eqs. (1) and (2)
are obtained by fitting the acoustic impedance of the diaphragm shown in Fig. 2a
for the frequency range of 30–500 Hz.

Time-domain solution for a single device. Equation (7) can be solved for the
diaphragm vibration and the shunt circuit responses in the time domain. This can
be done by using the MATLAB algorithm of ODE45 when the resistance function
RðtÞ is given a smoothed step function at the switching events. The time step will
become extremely small at the event of switching. Alternatively, one can treat the
switching as a sudden event with Roff ¼ 1 and solve equations for the MOSFET-

on and MOSFET-off states separately. The latter approach is adopted and
described below.

The governing equations during the MOSFET-on state ðg ¼ 1Þ are given in Eq.
(7) with four elements in the state vector U. This is reduced to two-element during
the MOSFET-off state ðg ¼ 0Þ, whose governing equations are purely mechanical
and are given below

d
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þ dm 1

�1 0
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The electric current vanishes at the precise moment of switching, while all other
variables in U remain unchanged. The electric charge is held constant during the
entire MOSFET-off period,

dq
d�t

���
g¼0

¼ 0; q
��
g¼0

¼ constant; ð11Þ

and the values of dq=d�t ¼ 0 and q are given as initial values for the four-element
state vector U in the next MOSFET-on period.

For both states, time-marching from time step tn to tnþ1 is given by the usual
solution to the first-order differential equations, Eq. (7) or (10),

U �tnþ1

� � ¼ e

R�tnþ1

�tn

�DMd�t

U �tn
� �þ R�tnþ1

�tn

e

R�t
�tn

DMdτ

F �tð Þd�t

2
64

3
75; ð12Þ

where the excitation vector F only has the incident pressure term F as its non-zero
entry. The matrix exponential may be evaluated by eigenvalue decomposition, as
shown below:

�DM ¼ HΛH�1; e

R�t
�tn

�DMdτ

¼ H e ±Λ �t��tnð Þh i
H�1:

ð13Þ

Here, Λ is the diagonal matrix containing four eigenvalues of the damping matrix,

and e±Λ �t��tnð Þh i
is the diagonal matrix whose j th entry is calculated by the j th

eigenvalue Λj as exp ±Λj
�t ��tn
� �� �

. For a real-valued problem, we expect

eigenvalues to emerge as conjugate pairs representing eigen oscillations for the
diaphragm coupled to the shunt circuit. Columns in matrix H are the
corresponding eigenfunctions.

When MOSFET changes from the on-state to the off-state, the physical event is
rapid and has its time constant given by L=Roff , which is typically less than a
microsecond and is considered immediate. During the switch-off event, charge q is
held constant but the current is reset as dq=d�t ¼ 0. The electric energy that is
consumed by the resistor, Roff , in the rapid switching-off process is 1

2 LI
2 where I is

the electrical current right before the switching-off.

Calculation for multiple devices in series. To calculate the scattering by AMLs
arranged in series, the above solution procedure for single device has to be
extended to cover the wave propagation between devices separated by a finite
distance. Two approaches are possible. In the first, the wave equations are dis-
cretized in time domain. Sound pressure and its spatial gradient (or velocity) at all
nodes will be the unknowns to be resolved simultaneously with the vibration and
electrical variables shown in Eq. (7). For small inter-device distances, the nodes will
not be too many and the matrix size of the coupled system is manageable (say
below 50 × 50). The method of eigenvalue decomposition as shown in Eq. (13) can
still be deployed. As an alternative, one can treat the inter-device standing wave as
a mere system of two waves with two unknown amplitudes, which is similar to the
so-called wave-element method taking advantage of the non-dispersive nature of
sound waves in this configuration. The vibration of each device is solved separately
using the radiation and reflection by neighboring devices as the excitation, or the
term F in Eqs. (7) and (10). This approach is described below and the results for
multiple-device studies are given in Supplementary Note 2.

Figure 6 illustrates multiple devices in series. Figure 6a shows four waves acting
on a single layer, two coming to and two radiating out of the device. Figure 6b
depicts a three-layer scenario, and Fig. 6a is exactly what happens to the middle
meta-layer. Some waves will be absent for the left- and right-hand-side devices and
they are considered as special cases of what is shown in Fig. 6a. If two neighboring
meta-layers are separated by a distance of ΔL, which is labeled in Fig. 6b, the same
modulation frequency fm can be used with a fixed MOSFET switching time
difference, Δτ. The timing of modulation sets the clock for the sideband frequency
components of the scattered wave field but not the source frequency; the latter has
no fixed phase relation with the modulation since fs ≠ fm . The sideband component
does depend on Δτ, or a modulation phase difference ωmΔτ, where ωm ¼ 2πfm .

In what follows, we first consider a two-device system, which is denoted in the
formulation by subscripts ‘a’ and ‘b’, and the formulation for three or more devices
will follow naturally. Equations describing the downstream device ‘b’ is identical to
the single-device equations given in Eqs. (1) and (2), except that the incident wave
felt on the diaphragm, pI ðtÞ in Eq. (1), is no longer the incident sound from the far
upstream, but the sound radiation by the upstream device ‘a’, hence
ρ0c0vaðt � ΔL=c0Þ, where ΔL=c0 is the time delay needed for the wave to reach the

ARTICLE COMMUNICATIONS PHYSICS | https://doi.org/10.1038/s42005-021-00721-1

8 COMMUNICATIONS PHYSICS |           (2021) 4:220 | https://doi.org/10.1038/s42005-021-00721-1 | www.nature.com/commsphys

www.nature.com/commsphys


downstream device. The time of sound radiation, t � ΔL=c0, is also called the
retarded time in acoustic literature. Note that ρ0c0vaðt � ΔL=c0Þ accounts only for
the first arrival of the radiation by device ‘a’. Once radiated, further reverberation
between the two impacts both devices ‘a’ and ‘b’, and such subsequent
reverberation is found by treating the devices as rigid walls, following the
mathematical principle of linear superposition. Subsequent arrivals of
reverberation on each device take place at a fixed time interval of 2ΔL=c0. For
coding convenience, the time-marching step size can be chosen in such a way that
the inter-device distance ΔL covers an integer number of time steps, N0 ¼ FsΔL=c0,
where Fs is the sampling rate and 1=Fs is the time step size. The first arrival of
waves radiated from the neighboring device takes N0 time steps while the retarded
time for the reaction on the radiator itself is 2N0 time steps. Denote the current
discrete time step as tj ¼ j=Fs , where j is an integer, so that the velocity vaðtj �
ΔL=c0Þ may be rewritten in discrete form as vaðj� N0Þ, the full reverberation
effects on device ‘b’ by this velocity is the sum of all past radiations which arrive at
device ‘b’ at the same current time index j, hence∑1

J¼1;3;¼ vaðj� JN0Þ, where Jmay
be called the echo index when J > 1. Note that the upper limit for J should be
truncated by the initial time when the far upstream incident wave first strikes
device ‘a’. Likewise, the echoes coming back to device ‘a’ itself is calculated in the
same manner except that the summation is taken for even numbers of
J ¼ 2; 4; 6; � � �. Finally, the incident wave arriving at devices ‘a’ and ‘b’ at the
current time step j are given below:

pIa;j ¼ pI þ ρ0c0 ∑
1

J¼2;4;¼
va j� JN0

� �þ ρ0c0 ∑
1

J¼1;3;¼
vb j� JN0

� �
;

pIb;j ¼ ρ0c0 ∑
1

J¼1;3;¼
vaðj� JN0Þ þ ρ0c0 ∑

1

J¼2;4;¼
vbðj� JN0Þ:

8>><
>>: ð14Þ

Extension to configurations with ND > 2 is straightforward and is not repeated
here. Note that the effects of the immediate radiation pressure, J ¼ 0, from va on
device ‘a’, and that from vb on device ‘b’, are already accounted for by the radiation
impedance, which is half of the term 2ρ0c0A in Eq. (1). Note also that the initial
impact on device ‘b’ from device ‘a’, the term with index J ¼ 1, or
ρ0c0va t � ΔL=c0

� �
; carries power and excites device ‘b’ to vibrate. Both J ¼ 0 and

J ¼ 1 are the initial radiation and should not be called echoes. In this wave-
decomposition scheme, subsequent echoes with J > 1 are between rigid walls and
hence contribute mainly to the reactive part of the inter-device coupling. For a
short inter-device distance ΔL, the effect of subsequent echoes is similar with that
of a spring stiffness. The essence of the inter-device coupling may be captured by
considering J ¼ 0; 1 only. Numerical experiments with such simplified modeling
show that the results for the frequency up- and down-conversion is very similar to
those obtained with the full echo summation model (see Supplementary Note 2).

The resulting system of equations for the displacement of two diaphragms and
two shunt circuits are mainly characterized by time-delays for which the
characteristics (eigenvalue) equation is rather nonlinear even if the shunt circuits
operate without MOSFET. A good choice of solution is the time-domain procedure
described for the single-device. At each time step, the dynamics of each device is
solved for the system properties of its own, and the inter-device coupling is
implemented through the excitation term, or array F in Eq. (7) or (10), for the
retarded time indices, j� JN0; J > 0, which are known for the current time-
marching step j.
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