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ABSTRACT

We report on the generation of sound by the superposition
of discrete sound pulses from arrays of micromachined
membrane microspeakers or speaklets. Digital sound
reconstruction (DSR) is unlike any other reconstruction
approach in use, offering true, direct digital reconstruction
of sound. CMOS-MEMS micromachining techniques
allow the integration of hundreds to thousands of
microspeakers as as well as sound optimization
electronics on a single chip. Nonlinearities typically
problematic for analog speakers can be controlled through
membrane geometries and material properties to produce
acoustic responses useful for DSR.

INTRODUCTION

Traditional sound reconstruction techniques use a single
to few analog speaker diaphragms with motions that are
proportional to the sound being created. Louder sound is
generated by greater motion of the diaphragm and
different frequencies are produced by time-varying
diaphragm motion (Figure 1). The practical
considerations of an analog speaker, however ultimately
limit its performance, particularly the frequency response
and linearity.

With DSR,
each speaklet
produces a
stream of
“clicks” or
discrete pulses
of acoustic
energy that are
summed to
generate the
desired sound
waveform. In
a digital array,
a speaklet is
assigned to a

bit group, where the number of speaklets in each group is
binary weighted. When a particular bit signal is high for a
sampled time interval, all the speaklets in that bit group
are pulsed. Louder sound is generated by a greater
number of speaklets emitting clicks and different
frequencies are produced by time-varying numbers of
speaklets emitting clicks (Figure 2).

MOTIVATION AND METHODS

Each speaklet in the array contributes a small portion of
the overall sound, thus eliminating the need for a speaklet
to have the large dynamic range typically associated with
analog speakers. To achieve an acoustic response useful
for reconstructing sound, we can control the nonlinearities
in speaker diaphragms that affect the shape and pulse
width of the acoustic response. The membrane
geometries, material properties, and waveform of the
applied electrostatic voltage are such controlling
parameters. Both of these key differences from
traditional sound techniques give us more flexibility in the
speaker design. The hundreds to thousands of speaklets
necessary to achieve the larger bit digital arrays can be
easily and affordably fabricated using MEMS technology.

Several requirements are essential to digitally reconstruct
sound using an array of microspeakers:

• The acoustic response of a single microspeaker
should be fast and on the order of 10’s of
microseconds. This response speed will limit the
sampling rates that can be used in converting
digital information to an analog acoustic
waveform.

• The acoustic response must be repeatable over time
and uniform across all speaklets in the array.
Designing the array on the same chip will

Figure 1. Conventional analog sound
reconstruction showing diaphragm position
corresponding to different points in the
sound waveform.

Figure 2. Digital Sound Reconstruction (DSR) with a
hypothetical 15-speaklet (4-bit) DSR chip. A single click is
shown conceptually in (a) as are multiple speaklet binary
motions (with the associated summation of clicks) at
different times to create a sound waveform (b).
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minimize process variations during fabrication,
controlling the overall speaklet uniformity.

• The acoustic energy from multiple speaklets must
add linearly.

Our proposition is that digital speaker arrays are better
than traditional analog speakers for reproducing sound.
The sound quality for typical analog speakers is
determined by the amount of distortion caused by
nonlinearities. These nonlinearities come with larger
amplitudes, voice coil heating, and other sources. With
DSR, we expect the nonlinearity of the collective array to
be smaller than an analog speaker with an equal dynamic
range.

In addition, fabricating the membrane and underlying
cavity on a CMOS substrate allows the integration of
driver electronics that can optimize the sound distribution
over the speaklet array. For example, if a speaklet stops
operating, its digital information can be diverted to
redundant speaklets that will compensate for the failed
speaklet. The electronics can also be used to introduce
secondary pulses to minimize ringing that could
potentially cause distortion.

FABRICATION PROCESS

The individual microspeakers in the arrays are fabricated
using a variant of the CMOS-based micromachining
techniques developed at Carnegie Mellon University
[1,2]. A serpentine metal and oxide mesh pattern (1.6
µm-wide beams and gaps) is repeated to form membranes
with dimensions up to several millimeters. The
membrane patterns are realized in a CMOS chip, etched
out and released to
form a suspended
mesh membrane,
typically 10-50 µm
above the substrate.
A Teflon™-like
conformal polymer
(0.5-1 µm) is then
deposited onto the
chip, covering the
mesh and creating
an airtight seal over
a cavity.
Depending on the
membrane
geometry and gap
between the
membrane and
substrate, a 30-90
Volt potential is
applied to
electrostatically
actuate the
membrane.
Optional ventilation

holes are etched from the back, allowing greater
movement of the diaphragm by decreasing the acoustic
impedance on the diaphragm’s backside and providing a
mechanism for damping resonant oscillations.

ANALYSIS

Figure 3 shows the acoustic output for a 1.4 mm
membrane in response a variety of high voltage digital
pulses. In these cases, the membrane, initially bulged
outward, is pulled toward the substrate for the width of
the pulse and released back to its original position.
According to the figure, we notice that for higher
voltages, the electrostatic force pulls the membrane
further and the acoustic output becomes a nonlinear
function of voltage. In considering the effect of pulse
width, it can be noted that if the pulse is short enough
such that the membrane cannot reach its maximum
deflection, the acoustic output will be smaller. However,
as you increase the pulse width, the acoustic output
approaches a step response instead of an impulse response
and the acoustic amplitude reaches a maximum.

An inverted version of the digital pulse can be used to
release the membrane for the pulse width duration and
pull it towards the substrate. Figure 4 compares the
acoustic output for these two types of pulses.
Qualitatively, it can be seen that the amplitude of the
inverted pulse is greater than the amplitude of the normal
pulse, but slower in response time. Another key
difference is the ratio of amplitudes for the first and
second peaks. The output from the normal pulse has a
slightly larger second peak, whereas the output from the
inverted pulse has a slightly larger first peak. This
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Figure 3. Acoustic output of a 1.4 mm square membrane in response to a 100, 200, 400, and 800 µs
digital pulse. For each pulse width, the voltage was varied between 45 and 90 Volts.
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Figure 3. Acoustic output of a 1.4 mm square membrane in response to a 100, 200, 400, and 800 µs
digital pulse. For each pulse width, the voltage was varied between 45 and 90 Volts.
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suggests that the membrane, in its deflected position,
stores energy from internal stress, which gets converted to
kinetic energy when the membrane is released. More
detailed work is currently being done to better understand
the mechanical properties and impulse response of the
microspeaker membrane.

Sampling for analog-digital audio conversion is
commonly done at 44.1 kHz, which corresponds to a 23
µs sampling period. Previously developed microspeakers
with 1.4 mm square membranes have shown acoustic
response times around 325 µs. We can adjust the
response time by changing the material properties and
speaker geometries. Although it is preferable to
characterize the membrane response in terms of pulse
widths, we note that second-order mass-spring systems
such as the membrane can also be characterized by a
resonance frequency, fR, given by:
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where the Young’s Modulus, E, Poisson’s ratio, ν,
membrane side length, a, thickness, t, and density, ρ, are
known or estimated. Relating this expression with
approximations for the mechanical properties (e.g. mass,
stiffness) of the CMOS-MEMS membrane, we can expect
to achieve a 23 µs pulse width using a 250 µm square
membrane.

EXPERIMENTAL RESULTS

Initial experiments into digitally reconstructed sound
examined the repeatability and uniformity of an array of
microspeakers. Seven microspeakers, measuring 1.4 mm
x 1.4 mm, were bonded to a TO-8 electronic package to
construct a 3-bit digital earphone (Figure 5). The
earphone was connected to a Brüel and Kjaer (B&K)
4157 ear simulator and the earphone-microphone pair was
placed inside a B&K 4232 anechoic chamber. Figure 6
shows the acoustic output of each microspeaker in

response to a 200
µs long, 90 Volt
pulse. Responses
of the individual
microspeakers
vary slightly in
shape and
amplitude,
resulting from
process variations
across separate
chips. In
addition, each
microspeaker can
be characterized
by its pull-down
or “snap” voltage, the minimum electrostatic voltage
required for the membrane to reach its lowest point,
usually the substrate. The pull-down voltages for the 3-
bit array were compared against an array of micro-
speakers contained on the same chip. The multi-chip
microspeaker array had an average pull-down voltage of
76.4 Volts with a standard deviation of 2.8 Volts, while
the single chip array had an average pull-down voltage of
123 Volts with a standard deviation of 0.9 Volts. The
single chip microspeaker arrays exhibit a 0.7% variation
in pull-down voltage compared to the 3.7% variation in
the multi-chip arrays. Future studies on the robustness of
the speaker arrays will involve measuring the change in
pull-down voltages and acoustic output over a long period
of continuous testing.

To demonstrate the additive nature of the acoustic
responses, we measured the individual responses to a 200
µs, 90 Volt pulse for two microspeakers. Then, we drove
both speakers simultaneously with the same pulse and
measured the collective response. As seen in Figure 7,
the measured collective response matches the predicted
response within 3% at any point along the waveform.
Figure 8 shows results from our first attempt to
demonstrate the direct digital reconstruction of sound.
We measured the response of the 3-bit DSR earphone
using 1-, 2-, and 3-bit quantization of a 500 Hz sinusoid.
The digital words were generated at 20,000 samples/sec

Figure 5. Photograph of a 3-bit (7
speaklet) DSR earphone assembled and
bonded in a TO-8 package. Under the
chips, ventilation holes have been drilled
through the package. Unused holes are
filled to prevent air leakage.

Figure 6. (a) 200 µs long, 90 volt input pulse and the resulting
response from one speaklet in the 3-bit array. (b) Responses
of the other six speaklets from the same pulse.
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Figure 6. (a) 200 µs long, 90 volt input pulse and the resulting
response from one speaklet in the 3-bit array. (b) Responses
of the other six speaklets from the same pulse.

-0 .3

-0 .2

-0 .1

0 .0

0 .1

0 .2

0 .3

-1 0 0 1 0 0 3 0 0 5 0 0 7 0 0 9 0 0 1 1 0 0 1 3 0 0 1 5 0 0

Time (µs)

S
o

u
n

d
P

re
ss

u
re

(P
a)

(a) (b)

(a)

(b)

Figure 4. Oscilloscope trace of the acoustic output
for a 1.4 square mm membrane. The digital pulse is
marked by the dotted line. (a) Normal 90 Volt, 200
µs digital pulse, and (b) Inverted 90 Volt, 200 µs
digital pulse.
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Figure 4. Oscilloscope trace of the acoustic output
for a 1.4 square mm membrane. The digital pulse is
marked by the dotted line. (a) Normal 90 Volt, 200
µs digital pulse, and (b) Inverted 90 Volt, 200 µs
digital pulse.
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using Labview 5.1 and a NI-6713 Data Acquisition
(DAQ) card. A 10 KHz clock signal (50% duty cycle),
used to generate a 50 µs pulse, was logically ANDed with
the digital words to make sure that speakers were pulsed
when the bit values are high. With the addition of more
bits, the response begins to form into a 500 Hz sinusoid.
Distortion in the output, due to persistence and variations
in the acoustic output, comes from an unoptimized
membrane impulse response that can be optimized using
pulse shaping in the driver electronics.

Several speaker array designs are currently in fabrication
and testing. One array will have 7 speakers (3-bit DSR)
with 900 µm octagonal membranes (Figure 9) while the
other will have 255 speakers (8-bit DSR) with 450 µm
square membranes (Figure 10). Both designs are single
chip arrays, so we expect to see better performance due to
both improved membrane uniformity and faster response
times in the smaller membranes.

SUMMARY

Digital sound reconstruction (DSR) offers new exciting
possibilities for the world of audio electronics. DSR has

several advantages over traditional analog speakers and
can easily be fabricated using MEMS technology. We
demonstrated that the speed, repeatability, uniformity, and
linearity of the acoustic response are reasonable and
controllable for DSR, and can be optimized using on-chip
driver electronics.
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Figure 9. Photograph of a 3-bit DSR earphone
currently in testing. The 5.0 mm x 2.5 mm chip
contains eight octagonal membranes, measuring
900 µm across the diameter.
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Figure 7. Acoustic response of two individual speaklets and
additive response of both speaklets. The measured response
is within 3% of the predicted additive response (mathematical
sum of both speaklet responses).
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Figure 7. Acoustic response of two individual speaklets and
additive response of both speaklets. The measured response
is within 3% of the predicted additive response (mathematical
sum of both speaklet responses).

Figure 8. Oscilloscope traces comparing the digital
acoustic reconstruction of a 500 Hz signal using (a)
1-bit, (b) 2-bit, and (c) 3-bit quantization.
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Figure 8. Oscilloscope traces comparing the digital
acoustic reconstruction of a 500 Hz signal using (a)
1-bit, (b) 2-bit, and (c) 3-bit quantization.
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Figure 10. Photograph of an 8-bit DSR earphone
currently in fabrication. The 7.7 mm x 7.7 mm
chip contains 255 square membranes, measuring
400 µm across the diameter.

Figure 10. Photograph of an 8-bit DSR earphone
currently in fabrication. The 7.7 mm x 7.7 mm
chip contains 255 square membranes, measuring
400 µm across the diameter.


