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1.1 Introduction

Microelectromechanical Systems (MEMS) technology is an approach to fabrication that uses,
as a basis, the materials and processes of microelectronics fabrication and conveys the advan-
tages ofminiaturization, multiple componentsandon-chip signal processingto the design and
construction of integrated microstructures. Such systems are smarter, more reliable, and more
capable, while also being less intrusive and less expensive than the traditional macroscopic
components and systems they replace.

MEMS products are in applications ranging from acceleration sensors for automotive air-
bag safety systems to microoptical switches for telecommunications and micromirror arrays
for data projectors and home theater systems. In this chapter, we explore the emerging applica-
tion of MEMS technology to the design and fabrication ofacoustic transducers— microphone
chips and speaker chips. The advantages of MEMS— miniaturization, multiple components
and on-chip signal processing— are all being employed to displace decades-old technology
and bring the promise of new capabilities and features to audio devices and products.

Miniaturization and the relatively smaller size enabled by MEMS microphone chips open
opportunities for broader and less-disruptive sampling of acoustic environments, ultrasonic
devices where the wavelength of sound is on the same scale as geometries of the MEMS
structures and repeatable sub-micron gaps between high-quality, reliable conductors and semi-
conductor materials bring the efficiencies, quality and scale of semiconductor fabrication to
the manufacturing of audio devices.

Multiple components and the batch-fabricated, lithographic processes of MEMS fabrica-
tion bring the promise of arrays of acoustic elements, each element with precisely controlled
geometries and material properties enabling extremely well-matched microphone pairs or
clusters for the construction of multi-microphone features including: directional microphones,
noise-suppression microphones and wind-immune microphones. Multiple and well-matched
acoustic elements also lead to a completely new sound generation architecture, described at
length later in this chapter, that relies on the direct and digital sound reconstruction enabled
by the collective action of hundreds to thousands of individual and identical binary speakers.

On-chip signal processing is the final and integrating advantage that binds the miniature
and multiple acoustic elements together to complete the integrated acoustic system-on-chip.
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Integrated analog, mixed-signal and digital circuitry provide not only the signal transduction
and amplification typically needed for a sensor or actuator, but also open the door to on-chip
analog-to-digital conversion and digital signal processing that will be needed to fully realize
and deliver the capabilities and features of MEMS acoustic devices.

To date, most of the work reported on MEMS microphones and speakers have involved the
use of piezoelectric materials and/or polymers deposited on silicon substrates[1, 2, 3]. Struc-
tures employed have included diaphragms, cantilever beams, and thermally actuated domes.
Work at Carnegie Mellon University[4] has focused on building diaphragms out of the materi-
als of standard CMOS, resulting in intrinsically integrated electronics with a simpler process
flow.

A number of MEMS microphones have been built and tested using custom and captive fab-
rication processes usually using silicon or silicon nitride to form the diaphragm[5, 6, 7]. The
approach employed by Carnegie Mellon University is to use the metal and oxide of CMOS
fabrication to form a mesh diaphragm that acts as the skeleton for the deposition of a polymer
that results in an airtight diaphragm[8]. A very different approach is taken with the “Mi-
croflown” which uses no diaphragm, but instead directly measures the particle velocity of air
moving between two heating elements[9]. An even more radical design involves a microma-
chined mirror attached to a diaphragm. Modulations in the strength of the laser light reflected
through a fiber optic cable are translated into an electrical signal[10].

In this chapter we discuss the design, fabrication and operation of audio-range micro-
phones and microspeakers built using the CMOS-MEMS technology developed at Carnegie
Mellon University. We will also discuss work done on a CMOS-MEMS ultrasonic sensor
array designed for use in liquid using the same technology.

1.2 Microphones

A conventional microphone is made in one of several ways. One type is a dynamic micro-
phone, which uses a coil of wire (usually embedded in the diaphragm) which moves relative
to a permanent magnet when exposed to a sound wave. These are used mainly for low-budget
handheld microphones, though there are notable exceptions (e.g. Shure SM series). A much
broader class of microphone is the “condenser” or capacitive microphone. These are subdi-
vided into two categories, electret, and externally polarized. In an electret microphone the
electret material provides a permanent electric charge on either the diaphragm or backplate
(which has holes to allow air flow). The change in capacitanceC when sound impinges on
the diaphragm creates a small voltage signal proportional to the displacement, which can be
read with a high-impedance amplifier. In an externally polarized, or “phantom powered” mi-
crophone, the charge is provided by a voltage source through a very large resistance (such
that1/RC is smaller than the minimum frequency of interest). Electret microphones, which
use a permanently charged electret material to polarize the capacitor, are typically used in
lower-cost consumer products, and phantom powered mics are usually used in professional
audio applications. Some microphones are also made with piezoelectric materials, and are
sometimes used in low-cost applications, or when ruggedness is an overriding concern.

MEMS provides several advantages over conventional ways of building microphones. The
most obvious are the economics of manufacturing mass quantities in the existing semicon-
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ductor fabrication and packaging infrastructure, and the possibility of including integrated
electronics. The smaller size also allows new applications, such as surveillance and multiple
transducers in a small area. In theory, the thinner diaphragms also permit better noise, sen-
sitivity, and vibration rejection for a given surface area than conventional microphones (See
section 1.2.1). Several approaches to MEMS microphones have already been taken. In one
similar to this work, additional layers (polyimide and metal) were deposited on a CMOS chip
and micromachined[5]. Polysilicon[6] or silicon[7] may also be used to form the diaphragm.
It is also possible, using thermal methods, to measure particle velocity (airflow) directly in
three dimensions[9], rather than pressure, which greatly simplifies sound intensity measure-
ments when used in conjunction with a single pressure microphone.

CMOS-MEMS microphones are usually made in the condenser microphone type. In the
work presented here, the traditional “condenser” or capacitive microphone approach is used,
but integrated with CMOS electronics in a way that minimizes custom processing steps. This
results in a technology which can be mass produced commercially, while maintaining design
flexibility and taking advantage of advances in semiconductor fabrication as they occur in the
industry at large.

At Carnegie Mellon University (CMU), two audio-range microphone prototypes were con-
structed in CMOS-MEMS. In both cases, variation in the capacitance between a metal-oxide-
polymer diaphragm and the silicon substrate was used to transduce sound into an electrical
signal. (An ultrasonic “microphone” was also made with piezoresistors, discussed in section
1.4). In the first prototype a single diaphragm of size 700 by 700µm acted as the transduc-
tion element. The capacitance between this diaphragm and the silicon substrate was part of
an oscillator, and the frequency of the oscillator was modulated by the incoming sound. The
carrier frequency of the oscillator was around 400 kHz, and the output was demodulated with
a phase-locked loop. The second prototype was based on the same frequency-modulated con-
cept, but the carrier frequency was designed to be around 100 MHz to facilitate demodulation
by an FM radio receiver. This method was chosen to minimize the noise contribution from the
demodulation section of the experimental setup, allowing us to better estimate the noise due
to the transducer itself. The size of the entire CMOS chip was the same as the first prototype
(2 mm square), but transduction was performed by six identical diaphragms, each 324µm
square. The smaller size was chosen to improve the high-end roll-off frequency over the first
prototype. The performance of these microphones is shown in Section 1.2.4.

In this section, we will introduce the concepts necessary to understand the acoustics of
MEMS microphones, and present the fabrication steps and results for our microphone proto-
types.

1.2.1 Designing for Small Sizes

The small size of MEMS devices is attractive, yet brings up issues of physical limits and
appropriate size scales for acoustic applications. Which scenarios are realistic? What physical
limitations apply? Is smaller always appropriate and/or better?

MEMS microphone/speaker design involves many of the same issues as conventional mi-
crophones/speakers, but the scale difference changes their relative importance. For example,
diffraction effects are still an issue for MEMS microphones, because the packaging is still
macroscopic. Because the sizes of MEMS microphone diaphragms (usually 2 mm or less) are
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much smaller than any audio wavelength of interest (> 17 mm), the shape of the diaphragm is
not an issue; however, just like conventional microphones, diffraction effects (the increase in
pressure at the face of a microphone relative to the free field) from packaging may still be the
dominating effect on frequency response. Diffraction effects are ignored in this discussion.
On the other hand, getting a smooth frequency response is usually easier in the case of the
MEMS microphone because of the simple mechanical structure; system resonances can be
designed well above the frequency range of interest, and damping can be introduced to tame
the resonance of the fundamental mode of the microphone diaphragm.

Generally, one associates large-diaphragm microphones (typically 2.5 cm diameter for
studio-grade mics) with low noise floors and overall better performance. What is interesting
is that while a single MEMS-scale microphone element may have worse performance than a
conventional-size element, for a given total area and rolloff frequency it can be shown that an
array of very thin, low mass diaphragms will outperform a single large diaphragm in terms of
noise floor, absolute sensitivity, and vibration rejection. We investigate each of these below.

Equivalent Input Noise

An important spec for microphones is equivalent input noise, usually given in terms of dB(A)
SPL (The decibels is relative to 20µPa sound pressure level, and the “A” modifier refers to
A-weighting of the noise power spectrum). For conventional microphones, larger diaphragms
correlate with lower noise floors. This is due partly to the reduced thermomechanical equiva-
lent input noise (essentially the diaphragm interacting with the Brownian motion of individual
air molecules), but also to a large extent on the increased electrical capacitance facilitating
the job of the preamp electronics. In the case of the micromechanical microphone, thermome-
chanical noise may become greater than electronic noise if the designer is not careful about the
noise of the acoustic circuit as well. At small size scales, the flow of individual air molecules
impinging on the microphone diaphragm gives rise to an equivalent input pressure noise. This
noise can be calculated in the same way as thermal (Johnson) noise in an electrical circuit.

In an electrical circuit, a voltage noise is generated across any resistance, as a result of the
fluctuations in potential energy of electrons due to their interactions with other electrons and
scatterers in the resistor. This is called the Johnson noise. From a circuit design standpoint,
this can be modeled as a white noise source in series with an “ideal” (noiseless) resistor.
The rms noise power density of the Johnson noise voltagevn generated by a resistanceR is√

4kBTR, wherekB is Boltzmann’s constant andT is the absolute temperature[11]. Thermal
noise at any point in the circuit can be calculated by substituting an ideal resistor plus a noise
voltage source for every resistance in the circuit.

In analogy to electrical circuits, a “Johnson noise” is generated by the acoustic resistances.
Acoustic resistances come from any dissipative mechanism associated with the propagation of
sound into or through the device. Some examples relevant to microphone design are squeeze
damping, vent holes, and radiation resistance. Squeeze damping is the damping due to air
being squeezed outward from between two plates moving normal to their surfaces, such as a
microphone diaphragm and backplate[12]. This effect is significant at small gap sizes (around
2 µm), and increases as the inverse of the cube of the gap. This is of particular concern
in MEMS microphones, relative to conventional microphones. Vent holes are an important
part of microphone designs, as they serve several functions: 1) they provide a path from the
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Figure 1.1: Equivalent electrical model of a typical microphone acoustic system.

backside of the diaphragm to a “back volume” which provides compliance, 2) they serve to
damp the natural resonance of the diaphragm, providing a smoother frequency response, and
3) they provide a means to equilibrate the inside of the microphone with slow changes in
ambient atmospheric pressure (to maintain constant gap and sensitivity, and prevent damage
to the microphone). Their acoustic resistance is due to viscous (capillary) effects for very
small radius tubes, and depends strongly on the radius. Radiation resistance is the dissipative
force that a microphone diaphragm feels as it vibrates in a medium. It should be noted that not
only does the microphone diaphragm vibrate under the influence of an incoming sound wave,
but the resulting vibrations radiate new sound waves into the free field of the medium, and
thus take energy away from the system. The radiation resistance is proportional to frequency
squared at low frequencies (where the diaphragm size is much smaller than the wavelength),
but approaches a constant (the product of the air density and sound speed, divided by area) at
higher frequencies. A large radiation resistance is desirable for speakers, as it determines the
amount of sound energy radiated for a given displacement of the diaphragm or speaker cone.
The radiation resistance generates some noise in the MEMS microphone, but by far the largest
sources are the resistances of the vent(s) and squeeze damping.

An equivalent electrical circuit is shown in Figure 1.1 for the acoustic circuit of a typical
microphone. This electro-mechanical analogy is one in where sound pressure corresponds to
voltage, and volume velocity (volume of air moving past a given plane during unit time) cor-
responds to electrical current. Other analogies are possible, and are described in detail, along
with formulas for acoustic components, in other articles[13]. In any reasonable microphone
design, the resistances will be kept small enough to prevent significant damping, meaning the
high frequency rolloff due to damping will be located at or above the frequency where the mass
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of the diaphragm (modeled by the inductor) causes a high-frequency rolloff. This allows us to
make some simplifying assumptions in order to estimate the noise density in the middle of the
audio range, where noise specifications are usually reported. In this limit, the total noise power
is distributed uniformly across the bandwidth of the microphone[12], which we will take to
be the natural resonant frequency of the diaphragm,ω0 = 1/

√
LC. This can be seen by ana-

lyzing the electrical equivalent circuit, and calculating the noise voltage (pressure) across the
capacitor-inductor (compliance-mass) combination, which represents the diaphragm by itself.

There is another way to analyze the noise which provides an interesting insight: in the
regime described above, it turns out the total noise (and thus the noise density, since the dis-
tribution is nearly uniform) is dependent only on the compliance of the diaphragm. What
this means, is that we can to a very good approximation ignore the magnitudes of the resis-
tances and focus on the compliance to determine the overall noise. The equipartition theorem
of statistical mechanics[14] states that each quadratic term in the expression for the energy
(potential and kinetic) of a system has associated with it a thermal energykBT/2 when the
system is in thermal equilibrium. The displacement of the diaphragm is what is transduced
into the microphone signal, so the relevant expression is

Cp2

2
=

kBT

2
, (1.1)

whereC is the diaphragm acoustic compliance, andp is the noise pressure, in analogy to the
energy stored in a capacitor,CV 2/2.

Consider a square diaphragm[15] with thicknesst, Young’s modulusE, and side lengtha.
We can show that the thermomechanical equivalent input noise is

p2
diaphragm =

kBTEt3

(0.61)αa6
, (1.2)

whereα = 0.0138. This shows clearly that larger areas are better, which seems at first to be
bad news for MEMS microphones. However, we can instead consider an array of diaphragms
which fill an areaL2, and choose the size of the individual diaphragms to achieve a given
cutoff frequencyω0. When the signals from the individual diaphragms are averaged together,
the noise power drops by a factorN = (L/a)2. Then

p2
array =

p2
diaphragm

N
= kBT

Et3

(0.61)αa6

a2

L2
= kBTω2

0

tρ

L2
. (1.3)

(This is the total noise energy; to get the noise density in the flat part of the passband, one
should divide byω0/4).

Now we see that the thermomechnical noise performance is determined by the areal den-
sity of the diaphragm,tρ, that is the mass per unit area. This is a quantity usually associ-
ated with the particular technology being used, rather than the particular design (especially in
MEMS). Here CMOS has a great advantage: Typical CMOS diaphragm thicknesses are on
the order of 1 or 2µm, rather than about 25µm for a conventional microphone (the densities
of the materials, usually metals, are similar).



1.2 Microphones 7

Sensitivity and Vibration Rejection

A similar analysis can be performed that shows the sensitivity, i.e. the change in capacitance
with sound pressure is:

dC

p
=

0.61L2ε0α

g2ω2
0tρ

. (1.4)

Again, we see that it is better if the quantitytρ is kept small. It should be noted that although
the ratio of the capacitance change to nominal capacitance is an obvious way to define sensi-
tivity, making dC larger facilitates making a lower equivalent input noise for the electronics
as well. In MEMS technologies, the gaps can be made much smaller than in conventionally
assembled microphones, so this can make up for the smaller electrode area.

The vibration rejection, which compares the diaphragm displacement due to sound pres-
sure to displacement due to inertial effects (e.g. bumping the microphone), also improves
by using diaphragms of small areal density. The following relation expresses the ratio of di-
aphragm displacement due to sound pressurep to the displacement due to an accelerationẍ:

xp

xaccel
=

p

ẍ

1
tρ

. (1.5)

1.2.2 Microphone Design and Fabrication

The microphone diaphragms are formed from the existing CMOS layers using a variant of the
CMOS-based micromachining technique developed at Carnegie Mellon University[16, 4, 8].
A serpentine metal and oxide mesh pattern (0.9µm-wide beams and gaps) is repeated to form
the diaphragm skeleton, and the underlying silicon is etched out to form a suspended mesh
skeleton. A TeflonR©-like conformal polymer (0.5-1.0µm) is then deposited onto the chip,
covering the mesh and creating an airtight seal over a cavity. Depending on the diaphragm
geometry and gap between the diaphragm and substrate, the capacitance will typically range
around 0.1 pF to 1 pF.

Vent holes are needed to allow air to flow from the sub-diaphragm cavity to a back volume
(which reduces the total impedance of the system), and to provide a mechanism for controlled
damping of resonant oscillations. Before the release of the CMOS structures on the front side,
the backside vent holes are deep reactive ion etched (DRIE) using either a timed etch, or the
oxide layer as an etch-stop. Vent hole sizes are chosen large enough to decrease the acoustic
resistance, and positioned close enough together to reduce squeeze damping in the diaphragm-
substrate gap. After the vent holes are etched, processing of the CMOS (front) side of the chip
follows the steps shown in Figure 1.2:

1. The chip comes from a CMOS fabrication foundry covered with a layer of protective
glass (silicon dioxide).

2. The glass is etched anisotropically down to the silicon substrate, the metal layers acting
as a mask to define the mesh structure.
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Figure 1.2: Sequence of steps to form CMOS-MEMS diaphragms.

3. The underlying silicon substrate is etched with a 12 minute DRIE anisotropic deep etch
followed by a 7 minute isotropic etch. After this, the mesh structure is released from the
underlying silicon and there is a gap between the diaphragm and the substrate. In the
figure, we see a CMOS MEMS beam and the metal layers inside which can be used as
electrodes for sensing and actuation, or wires for connecting to the on-chip circuitry.

4. In the final step, the released CMOS MEMS structure is coated with polymer in a chem-
ical vapor deposition process. The polymer conforms to all sides of the beams, until the
gaps are sealed, creating an airtight diaphragm suspended over the gap.

One difficulty in creating a large diaphragm with CMOS MEMS is the buckling caused
by stresses inherent in the oxide and metal, as well as from bimorph temperature-dependent
stress differences[17]. For a 50µm-long cantilever beam made of metal and oxide, the out-
of-plane curl can be as much as 1µm, increasing with the square of the length. To solve this
problem, we developed the serpentine mesh design shown in Figure 1.3. This design works as
follows. Serpentine springs run in both thex andy directions, and are arranged in such a way
as to cover the entire area. Thex andy springs connect and cross over in the center of each
unit cell. Small tabs are added near the end of the long beams (running along the boundaries
of the unit cells) in order to partially close the remaining gaps, making the gaps uniform for
conformal coating in a later step. The springs provide a great deal of stress relief for either
compressional or tensile stress. Treating the mesh as a lumped-parameter equivalent plate, the
“effective Young’s modulus” for flexural and torsional stress is aboutnL/b andnL/12b times
less, respectively, than it would be for a solid plate of the same material and thickness, where
n is the number of legs in each spring section,b is the lateral width of the beams, andL is the
length of the spring members. The individual members which make up the springs are kept
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Figure 1.3: Drawing of a typical serpentine mesh pattern. Dark areas are beams, light areas are gaps.

Figure 1.4: SEM of serpentine mesh unit cell.

short (<50µm) so as to limit curl. It can be seen in the scanning electron micrograph (SEM)
(Figure 1.4) that the greatest contribution to the curl in the mesh comes from the long beams,
and that the mesh designs with shorter beams curl much less (bottom part of picture).

1.2.3 Acoustic Model of the CMOS MEMS Microphone

The transduction behavior may be predicted by considering the acoustic and the electrical be-
havior of the chip and package. Figure 1.5 shows a cross section of the chip mounted on a dual
in-line package, along with the corresponding equivalent electrical circuit. A hole is drilled in



10 1 CMOS-MEMS Acoustic Devices

Back
volume

vents

gap
diaphragm

p U

Cdia
Ldia

Cgap
Rtherm

Rvent

Cbv

Figure 1.5: Equivalent electrical model of microphone acoustic system.

the DIP and a metal cover is glue over the bottom to the hole to create an isolated back volume,
to which the vent holes in the chip connect. It is permissible to treat the acoustic behavior with
a lumped-parameter equivalent electrical circuit because the acoustic wavelengths of interest
(>17 mm) are much greater than the dimensions of the microphone and the back volume. In
this analogy[13, 18], the sound pressurep (deviation from ambient atmospheric pressure) is
analogous to voltage in the electrical equivalent circuit, and the volume velocityU (volume of
air moved per unit time) corresponds to electrical current. Thus, acoustic impedance is defined
to beZ = p/U . Acoustic compliances are modeled as capacitors, usually with one end tied
to ground (the exception is modeling the diaphragm, as there is air flow on both sides). The
compliance of the air in the diaphragm-substrate gap is given byCgap = (7/5)V/ρc2, where
V is the volume of the cavity,ρ is the density of air, andc is the sound speed of the air. For
macroscopic air volumes, the7/5 factor is omitted, as the compression at audio frequencies
is nearly adiabatic. At the small size scales of MEMS microphones, the area in contact with
the thermally conductive silicon is high compared to the air volume, and it can be shown that
the air undergoes an almost perfectly isothermal compression and expansion, which increases
the compliance by the7/5 factor (and also introduces a negligible amount of damping). Note
that one end of the capacitor in the electrical equivalent circuit represents the pressure in the
cavity, and the other (grounded) terminal represents the wall of the cavity. The acoustic com-
pliance of the diaphragm can be calculated based on formulas for deflection of a plate, and the
definition of acoustic impedance.

The mass of the air and the diaphragm are modeled as inductances (“inertance” in acous-
tic jargon). For a diaphragm of uniform thickness, the inductanceL = ρ′t/A whereρ′ is
the material density andA is the diaphragm area. For the vent holes, we can calculate the
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inductance asL = ρl/A, wherel is the length of the vent hole andA is the cross-sectional
area. However, at MEMS scales and audio frequencies the impedance due to this inertance is
negligible compared to the acoustic resistance.

There are several sources of damping (acoustic resistance). First, squeeze damping occurs
between the diaphragm and the substrate. This is due to the viscosity of the air creating friction
as the air is pushed sideways towards the vent holes, and is sensitive to the gap (inverse cube
dependence) between the diaphragm and the cavity bottom. In the particular microphone
design we investigated, this effect was dominated by the resistance of the vent holes, down
to a gap of about 2µm. The resistance of the vent holes also stems from viscosity, and can
be calculated from formulas for capillary resistance. Typical dimensions of the vent holes in
our microphone prototypes were diameters between 32 and 75µm, and lengths from 200 to
600µm. As mentioned earlier in this section, there is a very slight damping effect from heat
loss through the silicon walls of the sub-diaphragm cavity. Another small source of damping
occurs due to radiation resistance of the air in front of the microphone. This occurs because
vibrations of the microphone diaphragm, due to incoming sound, radiate sound back into the
air.

Because the device and packaging are both much smaller than most acoustic wavelengths
of interest, we may neglect the pressure-doubling effect caused by diffraction. Material prop-
erties of the diaphragm derived in previous work[4] were used. We used an effective Young’s
modulusE = 800 MPa, and a densityρ′ = 1400 kg/m3 for the mesh/polymer combination. It
can be shown that the dissipative part of the compression is negligible in the limits of pure adi-
abatic and pure isothermal compression, so we setRtherm to infinity. Cbv is the compliance
of the back volume, in our case several mm3 drilled in the DIP package. This compression
is approximately adiabatic because of the smaller surface to volume ratio. For a given sound
pressurep, the change in (electrical) capacitance may be calculated by finding the volume
velocity U and deriving the diaphragm displacement. The predicted response, assuming the
above material properties, is shown together with the measured response in the results section.

1.2.4 Experimental Results

The frequency response of the MEMS microphone was measured by placing it into an ane-
choic box (Bruel and Kjaer (B&K) 4232) and measuring its output as a loudspeaker in the box
was driven over the frequency range of interest by a function generator and power amplifier.
The box also contained a reference microphone (B&K 4939) placed at a symmetrical position
with respect to the speakers, to measure the sound pressure level (SPL) at the microphone
position. It should be noted that at higher frequencies (> 5 kHz) the sound pressure field
becomes complicated due to the wavelength being smaller than the size of the speaker, but
comparable to the distance between the microphones. Thus the difference in position between
the reference microphone and the device under test (DUT) may cause significant variations
in the measured response. The reference microphone signal was fed through a B&K 2669
preamp and B&K 2690 Nexus conditioning amp. The electrical output of the MEMS device
was connected, in the case of the prototype with 400 kHz output (“P1”), to a phase-locked loop
frequency-to-voltage demodulator. In the case of the prototype with 100 MHz output (“P2”),
the MEMS device was connected to the antenna input of a stereo receiver (Pioneer SX-303R)
through a resistor and capacitor in series, chosen to protect the output of the MEMS device.
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Figure 1.6: Predicted and measured frequency response of the two prototype microphones.

The frequency to volts factor of the radio was measured to be 10µV/Hz, and a standard FM
radio pre-emphasis curve was applied[19]. The signals from the MEMS device under test and
the reference microphone were measured simultaneously with a signal analyzer (HP 3562A).

Figure 1.6 shows the output of the microphones in response to the loudspeaker being
driven from 20 Hz to 10 kHz, along with the predicted sensitivties based on the above-
discussed acoustic models. The measured response of P1 matched the predicted response
well, considering the imprecision with which the material properties were known. The mate-
rial properties were estimated in previous work[4], in which the resonant peak was somewhat
ambiguous because of damping and resonances from the packaging. We used other approxi-
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Figure 1.7: Noise power spectrum of microphone.

mations which may have an effect on the acoustic parameters, such as treating the diaphragm
as a flat plate (there is actually several microns of buckling), and approximating the capac-
itance as between two flat plates. Another feature of the response curves is the drop-off at
low frequencies, which is not predicted by the acoustic model, unless a leakage path is added.
We believe this may be due to cracks in the sealing polymer, or holes which may be etched
through the silicon but which were not sealed. A blanket mask with a grid of holes was used
to pattern the vents, and in some cases the timed etch reached the upper surface of the CMOS
chip, creating leaks. An attempt was made to seal these holes, but we were unable (in P2) to
cure this problem completely.

The noise level of the P2 microphone was measured by repeating the above experiment
without driving the loudspeaker. Figure 1.7 shows the equivalent input noise power density
of the P2 MEMS microphone, unweighted, and also A-weighted (A-weighting is a standard
function that takes into account the frequency response of the human ear[20]). The noise
power spectrum takes into account the frequency response of the microphone, however the
uncorrected (output) noise spectrum still has a1/f shape, indicating the source of the noise
is electronic rather than thermomechanical. In any case the measured noise (46 dB SPL, A-
weighted) was far above the thermomechanical limit, which can be calculated from Equation
(1.2.1) to be -15 dB SPL in a 1 Hz band around 1000 Hz (or 30 dB SPL over the whole
bandwidth). Possible sources of electronic noise in our device include1/f noise from the
transistors, Johnson noise, and sensitivity to the power supply voltage (the oscillator frequency
was observed to be proportional to the power supply voltage). An Agilent E3631A power
supply with heavy RC filtering was used to power the device at 5 volts.

The frequency response of the microphone was measured before and after exposure of the
P2 microphone to various elevated temperatures. (Figure 1.8). This is an important issue
for commercially viable microphones, as the commonly used electret microphones lose their
charge and ability to function after exposure to high temperatures, e.g. sitting on a hot dash-
board. Because the CMOS-MEMS microphone does not use electret to polarize the capacitor,
this is not an issue. However, we wanted to make sure that the mechanical properties of the
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Figure 1.8: Change in sensitivity as a function of frequency, for several temperatures.

sealing polymer are not significantly affected, so we exposed the microphones to high temper-
atures and measured their sensitivities afterward. For all but one measurement, the packaged
chip was placed in a room temperature (20oC) oven, and the temperature was gradually in-
creased over 30 minutes until the temperature noted on the graph was reached. Then the
heating element was turned off and the oven was allowed to cool slowly (another 30 minutes)
down to room temperature. The chip was taken out of the oven and the frequency response
was measured. The chip was raised to a number of peak temperatures in this manner. Finally,
the oven was pre-heated to 250oC, and the packaged chip was placed in for 7 minutes, and
then cooled by setting it out in the room temperature air. The measured change in frequency
response relative to the unheated microphone is shown in Figure 1.8. The behavior of the
frequency response with respect to temperature changes appears small and random, after the
initial heating cycle to 200oC. This suggests an initial “heat curing” process would guarantee
repeatable performance through future heating cycles.

It appears that with some work the performance of a CMOS-MEMS microphone could
reach a level sufficient for cell phones, hearing aids and other applications. Obvious improve-
ments include covering a larger area with diaphragms (to increase capacitance) and develop
low-noise circuitry that does not depend on frequency modulation. The limits of performance
appear to be related to the quality of the circuit design at least as much as physical limits of
the technology.

1.3 Speakers

At CMU, microspeakers for the audible frequency range were fabricated in CMOS-MEMS.
MEMS speakers face greater challenges than microphones because of their small size. As
will be explained shortly, the strategy for producing a flat frequency response is different for
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Figure 1.9: Photographs of earphone construction.

MEMS speakers versus conventional speakers. We will see that despite the challenges of
building a MEMS speaker, there are possibilities that will motivate us.

The first CMU microspeaker device, shown in Figure 1.9, was packaged as an earphone.
This allowed measurements in a standard size “ear simulator” measurement setup (Brüel and
Kjaer 4157), and also made a demo that could be used with a portable CD player. In this
section, we will discuss the acoustics of the CMOS-MEMS earphone, and show the fabrication
steps. The experimental and music demonstration setups will be presented. We will discuss
the performance of small speakers in free space. Finally, we will consider the possibilities of
arrays of microspeakers, for example, digital sound reconstruction.

1.3.1 Traditional Speaker versus MEMS Speaker

Traditional speakers work as they do due to a fortuitous combination of speaker mechanics
and acoustics. The pressure generated in the air near the cone is proportional to the velocity
of the cone, and the proportionality constant is the acoustic impedance of the air, more exactly
the radiation impedance, which is a function of the ratio of the wavelength to the cone size.
For calculating the sound energy radiated at a distance from the speaker, we use the real, or
resistive part of the radiation impedance, the radiation resistance. The radiation resistance
approaches the characteristic impedance of the air multiplied by the area of the cone as the
wavelength gets small compared to the speaker cone. For much of the audio range, however,
the wavelengths are about the size of the cone or longer and the radiation resistance is roughly
proportional to the frequency[21]. Therefore, in order to have a flat response, it is necessary
that the speaker be designed so that its range of operation is above the resonant frequency of
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the cone, so that the velocity of the cone for a given voltage is inversely proportional to the
frequency (mass-controlled rather than stiffness controlled).

The MEMS speaker is much smaller than the wavelengths it is trying to excite, and in
this regime the radiation resistance is proportional to the square of the frequency[21]. In
addition, because its resonance frequency is designed above the audio range, the displacement
is proportional to the voltage, i.e. stiffness controlled (assuming electrostatic deflection with
signal plus DC bias). This results in a free-field response that goes as frequency cubed, which
is not acceptable for most applications. Therefore, MEMS speakers may be useful mainly for
in-ear applications such as hearing aids and portable music devices. Out-of-ear applications
may still be possible using very large arrays of microspeakers, and signal processing to achieve
the desired frequency response.

1.3.2 Fabrication

Most of the processing steps for fabricating the CMOS-MEMS microspeaker are the same as
for the CMOS-MEMS microphone. The main difference is in the packaging, and the choice of
geometric design parameters. The microspeaker chip contained a central diaphragm, 1442µm
square, surrounded by 27 smaller variations, structures to test the effect of varying the serpen-
tine mesh design parameters (gaps, beam widths, and number of turns). Only the large central
diaphragm was electrically connected to the bond pads, and was actuated[4]. Vent holes about
150µm across were etched through the silicon substrate from the back, in a 3 by 3 grid behind
the diaphragm, using the bottom glass layer as an etch stop. The chips were carefully cleaned
to remove photoresist, and then the usual CMOS-MEMS processing[16] was performed to
release the mechanical structures. Finally, a chemical vapor deposition of polymer was ap-
plied to seal the diaphragm. The gap between the microspeaker diaphragm and the silicon
substrate was typically 60-80µm deep, which is significantly greater than the gap in the mi-
crophones. This is so the diaphragm had room enough for the large deflections necessary for
generating large sound pressures. A DC bias voltage of 67 volts was necessary to pull the
diaphragm down to its operating position. This was chosen to be where the deflection vs. volt-
age curve has the greatest slope, in order to maximize the sensitivity to the signal voltage (see
Figure 1.11).

The MEMS speaker device, in its housing, is placed in the ear with the diaphragm facing
into the ear canal. The vent holes between the diaphragm-substrate gap and the back volume
have important effects on the behavior of the device, such as reducing the acoustic impedance
on the backside of the diaphragm (allowing greater displacements for a given electric force),
and adding a resistive component that damps out the unwanted resonances. The backside of
the chip needs to make contact to the outside world (or at least a significant volume of air),
without creating an acoustic “short circuit” between the back side of the diaphragm and the
side facing into the ear canal. In equivalent electrical terms, the backside of the diaphragm
(capacitor-inductor combination) should have a path to ground, either directly or via a large
capacitance. This can be accomplished by mounting the CMOS die on a substrate with a
hole in it, and sealing around the edge of the chip with epoxy, as shown in Figure 1.10. The
backside of the substrate is then facing an enclosed, but relatively (compared to the dimensions
of the CMOS-MEMS acoustic system) large air volume.
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Figure 1.10: Electrical equivalent model of earphone acoustic system.

1.3.3 Acoustics in a closed coupler

A simplied acoustic model was developed to investigate the effects of the design parameters
on the behavior of the MEMS earphone (Figure 1.10). Like the situation with the CMOS-
MEMS microphone (Section 1.2.3), most of the wavelengths of interest (audio frequencies)
are much greater (�17 mm) than the size of both the device and the ear canal, so we may
ignore the effects of wave propagation and model the system as discrete components (the
sound pressure is assumed uniform throughout each of the air volumes). The signal voltage
source in series with the diaphragm models the AC signal part of the electrostatic pressure
created by the driving voltage. The voltages in the equivalent acoustic model correspond to
sound pressures, and currents correspond to volume velocity of air. The voltage onCear

represents the sound pressure created in the ear canal. It is clear from the equivalent electrical
circuit that as the volume of air that the earphone drives gets smaller, the pressure will increase.
It is also clear that the acoustic impedance of the back volume should be kept smaller than or
comparable to that of the diaphragm to get good performance. In our prototype CMOS-MEMS
earphone, the acoustic compliance of the diaphragm was estimated to be5.5×10−6 s2·cm4/g,
which corresponds to an air volume 7.7 cm3. This volume is several times larger than what
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is available in the earphone shell, so there is some attenuation. The acoustic resistances and
compliances are calculated from the device geometry and the air properties:

R =
8lµ

πr4
, C =

V

ρc2
, (1.6)

whereµ is the viscosity of air,l is the length of the vent hole, andr is the radius of the vent
hole. V is the volume of air trapped between the diaphragm and substrate,ρ is the density
of air, andc is the sound speed of air at standard temperature and pressure. It was assumed
that when the device is placed in the ear canal, there would be roughly 1 cm3 of volume, with
some leakage (modeled byRleak) around the device into the outside world.

The serpentine mesh structure is too complicated for which to derive an exact analyti-
cal model, but with some simplifying assumptions (e.g. considering the flexure, but not the
torsion of the individual beams[22]), it was possible to show that the effective stiffness is ap-
proximately 5-60 times less than a solid sheet of the same thickness and material, depending
on whether flexural or torsional stresses dominate. Thus, for purposes of acoustic modeling we
used as a starting point the properties of polymer, as it has a density similar to the aluminum-
glass beams, and is the compliant material filling the gaps between beams (in other words, we
expect the polymer to set the upper limit on the stiffness). Using the results from our earphone
and microphone experiments[4, 8], we were able to estimate values for the effective density
and Young’s modulus of the coated diaphragms.

1.3.4 Results

Optical measurements were made of static deflection as a function of voltage (Figure 1.11)
in order to determine an operating voltage, in this case 67 volts. The deflection shown in
the graph is given relative to the zero-volt position of the diaphragm, which may be several
microns above the chip surface because of the buckling or bulging mentioned above.

The CMOS-MEMS speaker chip was packaged in a conventional earphone shell for test-
ing. First the chip was mounted on a small TO package and wire bonded. The TO package
was then epoxied inside the housing from a Radio Shack 33-175B earphone in such a way as
to seal off the front of the TO package from the back (Figure 1.10). To present an acoustic
load to the device similar to a human ear, we measured the acoustic behavior in a Brüel and
Kjaer (B&K) 4157 Ear Simulator rather than at an arbitrary distance from a free-field refer-
ence microphone. The earphone and measurement microphone were put inside a B&K 4232
anechoic test chamber that provided about 40-50 dB isolation.

The response of the MEMS device mounted in the earphone housing was measured, driven
with a 14.3 V-peak signal on the top of a 67 VDC bias (Fig. 1.12). We were able to determine,
by comparing results with a conventional earphone, that the resonant peaks near 4 kHz were
from the earphone housing and ear simulator, and not from the earphone diaphragm itself.[4].
The peaks near 12 kHz are due to the frequency response of the microphone (ear simulator)
itself, which mimic the resonance of the ear canal. This peak’s center frequency is sensitive to
the trapped air volume between the earphone diaphragm and the ear simulator’s microphone,
so it may not coincide with the peak in the calibration data supplied with the microphone. For
this reason, we have chosen to present the data without correction for the microphone response
to avoid misinterpretation.
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Figure 1.11: Diaphragm deflection as a function of voltage, for a 1442µm square diaphragm
and 60µm diaphragm-substrate gap.

Figure 1.12: Effect of DC bias voltage on frequency response of CMOS-MEMS earphone.

Fig. 1.12 illustrates the effect of varying bias on the frequency response. The overall
magnitude of the response increases rapidly as the bias voltage is increased from 20 V to
about 70 V. At around 75 V bias, a qualitative change in behavior occurs, with a broad peak



20 1 CMOS-MEMS Acoustic Devices

forming between 2 and 4 kHz. Further increase of the bias to 80 V completes the transition,
with a sudden drop in the low-frequency (20-200 Hz) response of about 15 dB, while the
3 kHz peak remains. Though we did not measure distortion, we heard a clear increase in
distortion at the higher input signal levels in this region of operation, as well as the drop-off
in bass response. We believe that this change in behavior corresponds to the snapping down
of the diaphragm between its two bistable states (slightly convex and slightly concave), which
occurs around 75-80 V in most of the chips we studied.

Simulation results (Figure 1.13) were compared with the experimental data to help us to
estimate the polymer material properties. The set of known quantities for the device include
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Figure 1.13: Predicted earphone response (best fit of material property parameters).

the etch depth (70µm), diaphragm size (1442µm2), applied voltage (67 V bias + 9.75 Vrms
signal), approximate diaphragm thickness (2µm), and size (150µm across) and length (about
500 µm) of the nine vent holes. Other knowns include the density of air and the speed of
sound. It was estimated that the earphone housing fills about half of the volume of a typical
ear canal or our ear simulator, so we use 1 cm3 for the ear canal volume. Unknown quantities
include the material properties of the polymer, and the leak size around the perimeter of the
device. As initial trial values, we used a density of1.4× 103 ng/µm3 for the polymer density
and 3000 MPa for the Young’s modulus. We assumed that the observed peaks near 4 and
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12 kHz are artifacts of the earphone housing and microphone response (as explained earlier),
so we did not try to match these. For the leak area, we started with no leak and increased the
leak area. The density and Young’s modulus of the diaphragm were adjusted in order to bring
the simulation result in line with the experimental data.

Figure 1.13 illustrates the results of the model calculations. Starting with the parameters
described above, we adjusted the unknowns to make a reasonable fit to the data. First, the
leak area around the device appears to be very small, or zero. This is to be expected since the
earphone shell fits tightly into the rubber gasket supplied with the ear simulator. Second, the
corner frequency of the measured earphones is ambiguous, especially given the fact that the
housing itself has a significant effect on the frequency response. A range of values for both the
density and the Young’s modulus were simulated[4], and it was found that the earphone design
was relatively insensitive to the specific material property values, probably in part because the
acoustic impedance of the diaphragm was small compared to other parts of the system (back
volume, ear canal, and vent holes). Later work with CMOS-MEMS microphones refined our
estimates to 800 MPa for the Young’s modulus, and1.4× 10−3 ng/µm3 for the density.

1.3.5 Digital Sound Reconstruction

In Section 1.3.1 we described the strengths and weaknesses of the CMOS-MEMS speak-
ers in relation to conventional loudspeakers. With a conventional loudspeaker, great care is
taken with materials and design to create speakers with both power and linearity. We have
established that any single-element MEMS-scale transducer will be relatively ineffective as a
radiator at audio frequencies because of their small size (and hence acoustic coupling to air)
and small displacements. At CMU, we have demonstrated a different approach to creating
sound, which we call “Digital Sound Reconstruction” (DSR)[23]. In this approach, an array
of transducers, each of limited power and linearity, together overcome both of these problems.
Before MEMS, this was not a reasonable approach, because of the high assembly costs and the
lack of uniformity between individual transducers. However, CMOS-MEMS micromachining
provides a method for easily creating large arrays, and the uniformity is a result of using state
of the art CMOS foundries to perform the most critical steps.

Consider a single CMOS-MEMS speaker as described in the earlier sections. The speaker
size can be scaled down until the frequency response of the speaker covers the entire audio
band (20 kHz). If we take an array of such speakers (call them “speaklets”) we can then control
the amplitude of the volume velocity by controlling the number of speaklets that snap up or
down. Note that regardless of the linearity of an individual speaklet, as long as the speaklets
have identical responses a linear overall response is achieved as the pressures add (ignoring the
effect of phase cancellation due to different path lengths). Note also that frequency response of
the individual speaklets becomes irrelevant below their resonant frequency. If one conceives
of each speaklet having sequence of “up” and “down” states at a given sampling rate, then we
have a digital speaker system.

In the past, there have been ideas put forth for building digital speakers[24] or digital
speaker arrays[25], but there have been limitations with conventional technology. If one takes
a single speaker, and subdivides its speaker coil[24], it is difficult to achieve the exact power-
of-two ratios that are necessary for linearity. Similarly, if one builds an array with conventional
transducers, mismatch is also a problem, and the large overall size causes phase cancellations
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Figure 1.14: Photograph of DSR chip fabricated in CMOS.

due to the path differences being comparable to the wavelengths of interest (not to mention
the nightmare of interconnecting such a system). MEMS can solve the size and uniformity
problem; CMOS-MEMS in particular facilitates interconnect and any control electronics that
are necessary (for example converting anN -bit digital word into 2N control signals).

As proof of concept of this technology, we built[23] an array of 16×16 speaklets, each
216µm square, on a CMOS-MEMS chip, using the AMS (Austria Micro Systems) process
offered by MOSIS (Metal-Oxide-Semiconductor Implementation System, Marina del Rey,
CA). A photograph of the chip is shown in Figure 1.14. Experiments were performed to verify
the additive nature of the pressure pulses[26]. The impulses added as expected, however the
response was slower than desired. Faster responses can be obtained with stiffer diaphragms
and higher voltages and/or pulse shaping. Still, the technology works well enough that one can
demonstrate a successive approximation to a low-frequency (500 Hz) sine wave, by adding in
successively less significant bits (Figure 1.15).

As mentioned earlier, the frequency response from the system driven in a digital manner
should be independent (up to the cut off frequency) of the frequency response of the individual
speaklets. Figure 1.16 shows the results of driving the array digitally (speaklets snap up
and down individually in numbers proportional to targeted sound pressure) and the result of
driving all the speaklets in the array together in an analog manner (voltage signal proportional
to targeted sound pressure). While there is some deviation from flatness for the digital mode
of driving the array, this is mainly due to the response of the ear simulator. As a final note, it
should be mentioned that this array was easily audible from a distance of a meter or two in a
noisy lab environment.
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Figure 1.15: Successive approximation to a 500 Hz sine wave, by increasing the number of bits
from 1 to 3.
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Figure 1.17: Waveform measured with capacitive sensor on CMOS-MEMS chip with on-chip
amplifier.

1.4 Ultrasonics

An important class of acoustic sensors is ultrasonics sensors. Ultrasonic sensors are regularly
used for flaw detection and medical imaging. Both of these applications typically use piezo-
electric transducers because of the large acoustic energies generated from a modest voltages.
Many MEMS sensors use capacitive sensing, and are called “Capacitive MEMS Ultrasonic
Transducers” (cMUTs). Capacitive transducers suffer from parasitics in the cabling leading
to read out electronics. Integrating electronics with an on-chip amplifier, as is possible with
CMOS MEMS, is an effective way to solve this problem. Figure 1.17 shows a waveform from
a capacitive sensor on a CMOS (TSMC 0.35µm process) sensor chip packaged for use in
water, and intended for gravimetric mass detection. A single diaphragm on this chip was
only 130µm square, and connected to a high-impedance amplifier with a gain of about 10,
whose output was digitized. Wiring multiple diaphragms in parallel would improve the noise
level, or multiple diaphragms could be placed around the chip area to perform phased array
operations. The packaging of this chip was the same as the piezoresistive chip discussed here,
and is discussed later.

Another approach is to use piezoresistors on chip, and provide a low-impedance output
which is relatively unaffected by cable capacitance (it may also be amplified on chip if de-
sired). It should be noted that the piezoresistors are not added to the CMOS MEMS device
through micromachining, but rather are made from the polysilicon layer normally used for
transistor gates. Thus the resistors are aligned to the mechanical structures as accurately as
the CMOS process would make a transistor.
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Figure 1.18: Layout of piezoresistors on diaphragms.

In this section, we will discuss the fabrication of the sensors, and how they are packaged
for use in water. We will discuss the acoustic environment in which these ultrasonic sensors
are used, and how this differs from the environment in which audio MEMS devices are used.
A description of the experimental setup will be presented, followed by results for the CMOS
MEMS sensors.

1.4.1 Fabrication

Piezoresistive sensors were fabricated using the Agilent 0.5µm process at MOSIS (Marina
del Rey, CA), and the CMOS-MEMS process developed at Carnegie Mellon Univerisity
(CMU)[16], described earlier (Section 1.2.2). Rather than building the diaphragms out of
a serpentine mesh structure, as we did for the audio-range microphone and speaker, we used a
solid plate with 0.9µm holes 2.0µm apart in a rectangular grid (Figure 1.18). The holes serve
to allow the underetch of the silicon during the CMOS-MEMS processing. Piezoresistors
were formed by running a serpentine line of polysilicon through part of the diaphragm, and
performing the silicide block only on the longer sections of the polysilicon in order to maxi-
mize∆R/R when the diaphragm flexes. The resistors were placed midway between the far
ends of the diaphragm in the long direction, and so we can approximate the mechanics in the
region of the resistors as being like fixed-fixed beams running in the short direction, parallel
to the long members of the polysilicon resistors. For uniform loading of the beams, we expect
the greatest strain at the edges (assuming a true clamped scenario), and also significant strain
at the middle of the beams. Though the peak strain in the middle is only half that at the edges,
there is the advantage that the strain remains significant over a longer length, so the average
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strain on the resistor remains large. For this reason, we made two sensor designs, one with the
resistors at the edge, and one with the resistors at the middle.

Our prototype chip had 16 individual sensors, each with a resistive bridge connected to an
amplifier. Half of the sensors had the sensing resistors near the middle of the diaphragm (“M ”
sensors) and half had the resistors near the edge (“E” sensors). There were also two sensors on
each chip that were wired directly to bond pads to be measured directly with external circuitry.
The individual sensor diaphragms have a pitch of 150µm.

1.4.2 Acoustics in Water and Experimental Setup

Many of the envisioned applications of ultrasonic sensing arrays take place in wet mediums,
such as in the body, or aided by gels. After the release of the mechanical structures using
the standard CMU CMOS-MEMS processing[16], we packaged the chip in a dual in-line
package (DIP) and then slowly poured PDMS (polydimethylsiloxane, DOW Corning Sylgard
184) over the the chip and bond wires. The thickness of the cured gel above the piezoresistive
sensor was measured optically to be between 500 and 600 microns. This served to electrically
insulate the wires, and protect the structures on the chip. As the cured PDMS also has an
acoustic impedance similar to that of water, it provides a means to acoustically couple the
pressure waves in the water to the mechanical structures. The MEMS structures are designed
to have an acoustic impedance significantly less than the surrounding medium (the gel), so to a
good approximation their movement follows the particle velocity of the medium, and provide
a much wider bandwidth than conventional ultrasonic transducers such as PZT.

To hold water above the chip, plastic weighing dishes were glued to the top surface of the
DIP packages with cyanoacrylate glue and then the seam was sealed with epoxy. The DIP
package was inserted into a protoboard for electrical testing. Figure 1.19 shows an equivalent
electrical circuit for the sensor in our experimental setup. Designing sensors for use in liquid
uses a very different set of considerations than designing for sensing in air. The acoustic
impedance of a typical CMOS-MEMS structure is much greater than that of air, but less
than that of water. In the schematic, the water and silicone are modeled as transmission
lines. Their length and characteristic impedance should be chosen based on the distance the
waves travel through the medium, and the characteristic acoustic impedance of the medium.
If one compares this system with the acoustic system for the microphone (Section 1.2.3) or
the speaker (Section 1.3.3), one notes that we can ignore the impedance of any air trapped in
the diaphragm-substrate gap. This is reasonable as the overall scale of acoustic impedances
in the system is much higher than that of the microphones and speakers. No vent holes are
necessary for this reason, which simplifies the fabrication process. It is also not necessary to
coat the structures with chemical vapor deposition (CVD) polymer to seal the gaps, as this is
taken care of by the PDMS gel.

1.4.3 Measurement and Results

The piezoresistive transducers were characterized by exciting them with an external source,
a Krautkramer PZT (Lead Zirconate Titanate) transducer partially submerged in the water
approximately 16 mm above the sensor surface. As a means to assess their sensitivity, the
same measurements were taken with a MEMS capacitive transducer, for which the incoming
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Figure 1.19: Equivalent electrical circuit for acoustic system of ultrasonic experiments

medium displacement could be calculated from the output signal and known geometry[27].
A DC voltage of 10 volts was applied across opposite corners of the bridge formed by the
piezoresistors, and the other two corners of the bridge, which gave signals of opposite polarity,
were measured separately and algebraically subtracted later. Both types of sensors,E andM
were measured and compared. The signals from theE andM sensor elements have opposite
polarities because of the opposite strains experienced in the edge versus the middle of the
diaphragm. The results of the piezoresistive sensor measurements are shown in Figure 1.20.
The waveform shown is the algebraic difference of the signals from opposite corners of the

resistive bridge, to reduce the effect of the electromagnetic coupling to the source transducer.
It is still possible to discern the time of the initial excitation pulse applied to the external
transducer. The first arrival pulse appears as a series of pulses that die out, which is consistent
with a model including reflections between the water-silicone interface and the sensor chip.
The acoustic impedance of water is 1.5x105 g/(cm2·s), and we have previously estimated the
acoustic impedance of the silicone gel to be 2x105 g/(cm2·s)[28]. The acoustic impedance
of the CMOS diaphragm was calculated (based on a solid plate of the same thickness as our
beams), to be 9x103 g/(cm2·s), about an order of magnitude less than the surrounding medium.

Because the acoustic impedance of the medium (water or PDMS) dominates the system,
the deflection produced in the transducer diaphragm is roughly the same over a large range of
transducer acoustic impedances. Using this fact, we were able to calculate the sound pressure
at the sensor due to the external source, and estimate the gauge factor of the polysilicon. The
deflection of the capacitive transducer, based on its geometry and voltage measurements, was
approximately 7 nm at its center. Assuming the same central deflection for the piezoresistive
sensor, and averaging the strain along the resistors, we calculate from the measured voltage
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Figure 1.20: Waveform measured from piezoresistive sensor, with source 16 mm from surface
of sensor.

a gauge factor of -44 and -51 for theE and M resistors respectively. This is higher than
the range for n-type polysilicon reported elsewhere[29, 30] of -15 to -22, but the difference
may come from a different acoustic reflection pattern (pressure doubling or diffraction) in
the capacitive vs. piezoresistive sensors. It is possible that there is more effect of pressure
doubling in the case of the piezoresistive sensor because of the greater fraction of device area
that is not covered by sensors, i.e. the average acoustic impedance is closer to a hard wall.

1.4.4 Phased Array Behavior

The E andM sensors have a center-to-center distance of 150µm. To test the phased array
behavior of the sensor chip, we captured waveforms from the two sensor elements while the
source transducer was positioned about a centimeter away from the sensors along the line
passing through the sensor elements.

Waveforms were captured from both sensor elements of the piezoresistive chip, while
positioning the source transducer at opposite ends of the water reservoir. Close up views of
the detected signal are shown in Figure 1.21, corrected for the polarity difference between the
sensor elements. In the left hand graph, the source was one the side of the sensor chip closest
to the E sensor element; we see the pulse arrival is about 0.1µs earlier for the E sensor element
than the M element, which is consistent with a 1550 m/s sound speed in water and 150µm
element pitch. The opposite is true when the source is placed on the side of the chip closer
to the M sensor element, demonstrating that an array of individual sensors may be used to
determine direction. Increasing the spacing of the transducers would improve the sensitivity
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Figure 1.21: Pulse arriving at slightly different times for the two sensor elements.

to direction.

1.5 Conclusions

We have explored the emerging application of CMOS-MEMS technology to the design and
fabrication of both microphone chips and speaker chips: audio to ultrasonic frequencies, for
use in air and in liquid. The advantages of MEMS— miniaturization, multiple components
on a single chip, and on-chip signal processing have been highlighted in use for different
devices in a variety of applications. MEMS technology allied with the signal processing
power of standard CMOS is the key element and unique power of CMOS-MEMS, delivering
new capabilities to audio products today and enabling revolutionary audio products of the
future.
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