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A microphone is an instrument that measures an acoustic signal and generates
an electrical output. Microphones have many common applications ranging from
use in cellular phones and computers to high quality studio microphones for
music recording. However, there is a less familiar application for microphones:
microphones are utilized by commercial aircraft manufacturers to assist in the
development of quiet aircraft. Communities surrounding airports object to the
loud noises produced by approaching and departing aircraft. Therefore, strict
regulations exist to limit the noise radiated by commercial aircraft. To reduce
the noise radiation of airframes and jet engines, aircraft manufacturers perform
rigorous testing during the development and qualification of their products. The
microphones used for these measurements have specifications that differ greatly
from a common audio microphone.

The industry relies on expensive non-MEMS microphones for aeroacoustic
measurements. To date, there have been many MEMS microphones developed;
some are even successful commercial products. However, the majority are targeted
for audio applications. The existing aeroacoustic MEMS microphones show
promise; however, the performance must be improved to compete with existing

non-MEMS microphones. The goal of this research is to design a MEMS-based

XV



microphone suitable for aeroacoustic measurements, while improving on the
performance of existing devices.

This study details a thorough review of previous MEMS microphones and
identifies which are most suitable for aeroacoustic measurements. Furthermore,
the specific opportunities for improvement are discussed. A thorough development
of the theory of operation for capacitive microphones is presented. Using this
theoretical framework, the design of an aeroacoustic capacitive MEMS microphone
is presented. The microphone is fabricated using the SUMMIiT V process at Sandia
National Laboratories. Multiple microphones are tested and the results indicate
the designed microphone compares favorably to previous aeroacoustic MEMS

microphones.
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CHAPTER 1
INTRODUCTION

In an effort to reduce the impact of airports and air travel on local communi-
ties, the Federal Aviation Administration (FAA) has regulated the level of noise
that aircraft may radiate. The US Code of Federal Regulations specifies tests that
a commercial aircraft must pass for its airworthiness certification. Requirements are
specified for three general classes of aircraft and are broken down further by weight.
The regulations for each class of aircraft specify the maximum allowable effective
perceived noise level (EPNL). The EPNL is the measured noise level corrected
for atmospheric conditions, the duration of the sounds, and the specific operating
conditions of the jet engine(s). For example, for an aircraft weighing 617,200
pounds or more, the most stringent requirement limits the noise during approach to
105 EPNdB [1].

To meet these requirements, the noise radiation of an aircraft must be consid-
ered during its design. To design quieter aircraft, it is important to localize and
understand the sources of noise generation. The behavior of airframes and jet en-
gines can be studied by conducting measurements on scale models in a wind tunnel
where conditions are well controlled [2]. Aeroacoustic measurements are performed
to quantify the sound field and to provide insight into noise generation mechanisms
so that the noise can be reduced to acceptable levels. A key component in any
aeroacoustic measurement setup is the microphone. The performance character-
istics of the selected microphone greatly impacts the success of the measurements
and the quality of the results. Some of the characteristics of the microphone to
consider are the dynamic range, sensitivity, bandwidth, stability, size, and cost [2].

1.1 Motivation

In this section, a motivation for this work is given. The requirements for aeroa-

coustic measurements are translated into a set of design goals for an aeroacoustic

microphone.



A microphone must meet several requirements to be suitable for aeroacous-
tic measurements. Table 1-1 summarizes how the requirements for aeroacoustic
measurements differ from audio measurements. The specifications for audio micro-
phones are mainly driven by the capabilities of the human ear. This comparison is
an example; in practice, the microphone specifications are driven by a particular

application.

Table 1-1. Comparison of audio and aeroacoustic microphone specifications

Property Audio Aeroacoustic
Microphone Microphone

Max Pressure 120 dB 160 dB

Bandwidth 20 Hz-20 kHz 20 Hz-100 kH =

Noise Floor 20 dB 26 dB

Size O(5 mm) O(500 pm)

First, the sound pressure level (SPL) to be measured can be very high; for
example, near an aircraft jet engine. Thus, the microphone should be capable of
measuring sound pressure levels up to 160 dB (re. to 20 puPa) or 2000 Pa. Second,
the FAA requires certification over the frequency range of 45 Hz < f < 11.2 kHz
for full scale vehicles. However, aeroacoustic testing is often conducted on 1/8
scale models. Therefore the frequency range of interest is increased by this scale
factor; so the acoustic testing must be conducted over the range of 360 Hz <
f <89.6 kHz [2]. However, the microphone frequency response should extend
down to at least 20 Hz for general characterization. There are several commercial
microphones currently available that meet some of the required specifications [3].
The specifications of these microphones are summarized in Table 1-2.

The bandwidth requirements have implications for the size of the microphone.
When the wavelength of the incident pressure is large compared to the size of the

microphone as shown in Figure 1-1(a), the presence of the microphone does not



Table 1-2. Specifications of several Briiel and Kjser microphones

Specification 4190 4939 4138
Diameter 12.7mm (1/2in) 6.35 mm (1/4in) 3.18 mm (1/8 in)
Max Pressure 148 dB 164 dB 168 dB
Bandwidth 3 Hz-20 kHz 4 Hz-100 kHz 6.5 Hz-140 kHz
Noise Floor —17dB/VHZ" 1 dB/v/H=' 18 dB/vVHz
Capacitance 16 pF 6.1 pF 3.5 pF

" Noise figure from B&K 4134 1/2 in. microphone.
"Noise figure from B&K 4135 1/4 in. microphone.

disturb the sound field. However, at higher frequencies, the wavelength, A, of the
acoustic wave becomes smaller according to the relation A = ¢/ f; where ¢ is the
isentropic speed of sound. When the wavelength is on the order of the size of the
microphone, the incident pressure is scattered (or reflected) off of the microphone,
and a non-uniform sound pressure is created on the diaphragm [4]. This effect,
known as diffraction, is shown schematically in Figure 1-1(b). The microphone

measures the sum of the undisturbed pressure field and the additional pressure

generated by diffraction due to the presence of the microphone.

v

Incident pressure Incident pressure
A >d i r<d

A N S - S—

<« 95 A

i s
[ ] [ ]

i l 3 > Scattered
pressure

(a) Wavelength larger than the size of the (b) Wavelength smaller than the size of
microphone: minimal diffraction the microphone: diffraction

Figure 1-1. Relationship between the wavelength of the acoustic pressure, micro-
phone size, and diffraction [5].



The degree to which the microphone disturbs the sound field depends on the
angle of incidence of the sound wave. If the angle of incidence is known, then the
microphone can be designed to compensate for the diffraction [6, 7]. Therefore, in

order to have diffraction free-measurements in general,
ka << 1, (1-1)

where k is the wavenumber given by k = w/c, and a is the microphone radius.
The isentropic speed of sound is ¢, and w is the angular frequency. For a maximum
frequency of 89.6 kHz, ka is equal to 1 with a microphone radius of 600 um.
Therefore, the microphone radius should be less than 600 pm [4].

The lower limit of the input dynamic range is determined by the combined
noise of the microphone and interface circuitry, and the overall sensitivity. It is
desirable to have lower output noise and a high sensitivity for a low minimum
detectable signal. In a sensor system, there are other considerations such as the
resolution of the data acquisition system. If an analog-to-digital converter (ADC) is
used, the dynamic range is approximately 6 dB for each bit of resolution [8]. Thus
a 16 bit ADC has a dynamic range of approximately 96 dB and a 12 bit ADC has a
dynamic range of 72 dB.

To localize the noise source, acoustic arrays are often used. An acoustic array
consists of a large number of microphones arranged in a specific geometry. Through
the use of beamforming signal processing, where appropriate weights and delays
are applied to each microphone, a selective spatial response can be achieved. This
allows the acoustic array to effectively listen to a particular region in space [2].

Due to the large numbers of microphones utilized in typical acoustic arrays, MEMS
microphones are attractive due to the potential advantages of batch fabrication.
This enables the possibility of a greatly reduced cost per microphone compared to

traditional non-MEMS microphones; which can exceed $ 2000 per microphone [9].



A microphone should meet additional specifications for use in an acoustic
array. The physical dimensions of two microphones in an acoustic array are shown
in Figure 1-2. To avoid spatial aliasing in regularly spaced arrays, two adjacent
sensors should be closer than one half of a wavelength. As seen in the figure, the
dimensions of the package must be small enough to meet the microphone spacing
requirements. Therefore, to avoid aliasing at 89.6 kH z, the microphones should be
at most 1.9 mm apart.

Package radius

Microphone die Diaphragm radius

Package

Microphone
«——— spacing

Figure 1-2. The important dimensions for acoustic arrays.

Another consideration for acoustic arrays is the phase and amplitude matching
between microphones. The relative phase between channels is crucial information
in beamforming algorithms. Mismatch between microphone channels can cause
steering vector errors. Therefore it is advantageous to have microphones that are
phase and amplitude matched. However it is important to note that even when the
microphones are phase matched, other parts of the signal path may also have phase
error, such as the interface circuitry and ADC [2, 10].

Microphone cost is another significant factor, especially because of the large

number of sensors used in acoustic arrays, typically numbering in the 100s [11]. A



reduction in the “per channel” cost of an array can either significantly reduce the
total cost of the array, or allow the use of additional sensors. The spatial resolution
of the array is proportional to the diameter of the array; however, the minimum
microphone spacing determines the upper frequency limit [2]. Therefore, it is
advantageous to use a large number of microphones in an acoustic array. Thus,

the microphone should also be designed such that its manufacturing and packaging
result in a low cost.

Microelectromechanical systems (MEMS) technology has the potential to meet
all of the above requirements. MEMS microphones are constructed using lithog-
raphy based fabrication techniques similar to those used to fabricate integrated
circuits [12]. Therefore a small device size is easily attainable. Obtaining phase and
amplitude matching is also possible. However this also depends on specific char-
acteristics of the device fabrication and packaging, such as a well controlled vent
channel [10]. In addition, it is cost-effective to fabricate MEMS devices in large
numbers. Multiple wafers are processed in each lot, and hundreds to thousands of
devices are on each wafer. Therefore, MEMS sensors fabricated in sufficient volume
have the potential for a greatly reduced cost over traditional sensors [9].

1.2 Research Objectives

The goal of this research is to develop a MEMS microphone for aeroacoustic
measurements. The key requirements for aeroacoustic measurements have been
previously discussed in Section 1.1 and are summarized in Table 1-3. The previous
research in MEMS microphones is discussed in detail in Chapter 2. Several previous
MEMS microphones have been designed for aeroacoustic applications. The most
notable devices are the piezoresistive microphone presented by Arnold et al.

[13], the piezoelectric microphone developed by Horowitz et al. [14], and the

capacitive microphone developed by Scheeper et al. [15]. However, the benchmark



for aeroacoustic microphones is the conventional (non-MEMS) Briiel and Kjeer 4138

condenser microphone.

Table 1-3. Design goals for an aeroacoustic microphone

Property Value
Maximum pressure 160 dB
Bandwidth 20 Hz-90 kH~z
Noise floor ~ 26 dB/\/ITZ
Nonlinearity <3 % @ 160 dB
Diaphragm radius < 600 um

From a detailed literature review of previous MEMS microphones in Sec-
tion 2.3, it is clear that capacitive microphones in general have shown high sensi-
tivities and low noise floors. Single backplate microphones have limitations with
regards to pull-in instability and linearity, further discussed in Chapter 3. How-
ever, the advantages of negative feedback can be leveraged with a dual-backplate
capacitive microphone; giving the potential for increased stability, bandwidth, and
linearity.

For this dissertation, a dual-backplate capacitive microphone has been de-
signed, fabricated, and characterized. The microphone has been fabricated using
the SUMM:iT V process at Sandia National Laboratories [16]. A detailed lumped
element model has been developed to model the microphone dynamics. It has also
been extended to develop a noise model of the microphone and interface circuitry.
A total of 10 microphones have been characterized; 7 with a voltage amplifier,
and 3 with a charge amplifier. This work highlights the differences between these
amplifier topologies with regards to a low-capacitance MEMS microphone.

The contributions of this work are as follows:

e Development of a MEMS based dual-backplate capacitive microphone suitable
for aeroacoustic measurements.



e Novel use of the SUMMIT V process to fabricate a dual-backplate MEMS
capacitive microphone.

e Development of a lumped element model and noise model for the dual-
backplate microphone.

e Characterization of 10 devices in terms of linearity, bandwidth, and noise
floor.

e Experimental comparison between a voltage amplifier and a charge amplifier
for low-capacitance MEMS microphones.

1.3 Dissertation Overview

This dissertation is organized into seven chapters and four appendices. Chap-
ter 1 introduced and motivated the topic of this dissertation. The background
information relevant to this work is discussed in Chapter 2. The modeling is dis-
cussed in Chapter 3. This includes the formulation of a lumped element model for
the dual-backplate microphone structure as well as a noise model. The design and
theoretical performance of the microphone is presented in Chapter 4. Chapter 5 de-
scribes the details of the device fabrication. The experimental results are discussed
in Chapter 6. Finally, concluding remarks and suggestions for future work are given
in Chapter 7.

Supporting details for this dissertation are included in a set of appendices.
Appendix A gives the details of of the lumped element model for a clamped
circular plate. A detailed derivation of the predicted frequency response is given in
Appendix B. The uncertainly analysis for the theoretical microphone performance
is presented in Appendix C. Finally, the details of the SUMMIiT V process are

discussed in Appendix D.



CHAPTER 2
BACKGROUND

In this chapter, the basic principles of operation for a microphone are dis-
cussed. The key figures of merit are explained and defined. Next, the commonly
used transduction mechanisms for MEMS microphones are presented, including
the scaling relationships between device size and performance. Finally, a review of
previous MEMS microphones is given.

2.1 Principles of Microphone Operation

A microphone is a transducer that converts an acoustic signal into an electrical
signal. Figure 2-1 shows a schematic representation of a generic microphone. The
acoustic energy exists in the form of an incident pressure wave. Information is

contained in the amplitude, frequency, and phase of the pressure wave.

]
Incident Microphone E(I;ac;crlctal
Acoustic Wave utpu
]

Figure 2-1. Schematic representation of a generic microphone.

Most microphones share some common traits with each other. They have a
diaphragm, or cantilever beam, that is exposed to the incident sound pressure.
The sound pressure acts on the diaphragm and causes it to deflect, as shown in
Figure 2-2. The deflection is detected by a transduction mechanism and typically
an electrical output is generated. Microphones also have a vent channel to provide
pressure equalization to the cavity. It will be shown later, in Section 3.2, that this
vent channel causes the microphone to only respond to time varying pressures.
This distinguishes a microphone from an absolute pressure sensor that can measure

static pressures.
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Figure 2-2. Illustration of the operation of a generic microphone. The incident pres-
sure causes a diaphragm deflection which produces an output voltage.

A linear microphone subject to a sinusoidal incident pressure, P, (w), with

amplitude P, and frequency w, has an output of the following form,
Vo(w) = Hpic(w) Pin(w); (2-1)

where V,(w) and P;,(w) are the Fourier transforms of the respective time series
signals [17]. The term H(w) is the frequency response function and is written in

terms of its magnitude, |H (jw)|, and phase, ZH (w), as follows
H(w) = |H(w)|e?“H ), (2-2)

The magnitude of the transfer function describes the sensitivity, .S, of the micro-
phone as a function of frequency. Similarly, the phase of the frequency response is
the phase shift, ¢, of the microphone as a function of frequency.

In order for the microphone output to accurately represent the spectral content
of the acoustic input, it is necessary for a microphone to have a flat frequency
response, such that the sensitivity does not vary with frequency. Furthermore,
the ideal microphone has zero phase shift. A typical frequency response for an
under-damped microphone is given in Figure 2-3. The range of frequencies for
which the magnitude response of the microphone is flat to within a given tolerance,

such as 3 dB, gives the usable frequency range of the microphone. This frequency
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range is known as the flat band region of the frequency response or more simply the
bandwidth of the microphone. When a sensitivity of a microphone is reported, it is

implied that this is the sensitivity in the flat band region.
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Figure 2-3. Typical frequency response of an under-damped microphone showing
the key features.

Also shown in Figure 2-3 is the cut-on frequency and resonant frequency. The
low-frequency response of the microphone is dominated by the vent channel and
the cavity volume. These two elements of the microphone create a first order high-
pass filter and a corresponding cut-on frequency. Below the cut-on frequency, the
magnitude response has a slope of 20 dB per decade. It is also possible for the low
frequency response of the microphone to be dominated by the interface electronics.
At high frequencies, the frequency response of the microphone is dominated by
the resonant frequency and the damping of the microphone. The diaphragm has a

mechanical resonance that is a function of its compliance and mass. The damping
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in the microphone structure determines the shape of the frequency response near
the resonance. An under-damped system will have a distinct resonant peak as
shown in Figure 2-3, while an over-damped system will not have such a peak.
However, in a free-field measurement, scattering effects of the microphone structure
may affect the shape of the frequency response near the resonant frequency possibly
extending the bandwidth. A microphone can be designed for a known acoustic
field, i.e. pressure-field or free-field, to maximize the bandwidth [6]. A pressure-
field is where the sound pressure has the same magnitude and phase at any point.
Conversely, a free-field is where acoustic waves propagate freely; typically plane
waves with a determined propagation direction are assumed [18]. Above the

resonant frequency, the frequency response has a slope of —40 dB per decade .
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Figure 2-4. The typical actual(—) and ideal(- -) response of a microphone to varying
incident pressure amplitudes.

As was previously discussed, the frequency response of the microphone
describes how the sensitivity varies with frequency, similarly, the linearity of
the microphone describes how the magnitude of the microphone output varies
with the amplitude of the incident pressure. Shown in Figure 2-4 is the ideal(- -)
and actual(—) response of a typical microphone to a single-tone pressure with a
varying amplitude. Ideally, the output voltage varies linearly with the amplitude

of the incident pressure. However, in practice, various sources of non-linearity
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limit the useful maximum pressure. As seen in the figure, the actual response of

a microphone deviates from the ideal linear response above a maximum pressure.
Typically, the maximum pressure for which the microphone is considered linear is
the pressure at which the nonlinear response differs from the ideal linear response
by more than 3 %. Since a non-linear response results in distortions in the output,
the non-linearity of the microphone can be expressed in terms of the total harmonic
distortion (THD) in the frequency domain. The THD is defined as the ratio of the
total power in all the higher harmonics (n > 2) to the power in the fundamental

frequency as follows [17]
i p*(wn)
THD = W (2-3)

Another parameter of interest for microphones is the noise floor. The mi-
crophone noise, along with the noise contributions from the interface circuitry,
defines the lower end of the dynamic range since it is the output of the microphone
when no input is applied [19]. This lower limit of the input dynamic range is the
minimum detectable signal (MDS).

Noise is typically expressed in terms of a power spectral density (PSD); for
example, it has the units of V?/Hz for electrical noise. Therefore the total noise
power depends on the PSD integrated over the bandwidth of interest [19]. A typical
noise PSD is shown in Figure 2-5. In this example, the output referred voltage
noise of a microphone includes contributions from the microphone itself as well as
the interface electronics.

Systems in thermodynamic equilibrium exhibit thermal noise proportional to
the dissipation present in the system [20]. Thermal noise is also referred to as white
noise because the PSD is flat for all frequencies. An additional source of noise is

flicker noise, or more commonly referred to as 1/f noise because the noise PSD is

inversely proportional to frequency. This noise source is only present when a DC
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Figure 2-5. The typical power spectral density of the noise floor for a microphone.

current is flowing and is typically seen in piezoresistors and interface electronics.
The flicker noise typically dominates at lower frequencies. The corner frequency
is the frequency at which the noise PSD of the flicker noise equals the thermal
noise [19]. The dynamic response of the microphone can shape the contribution
of individual noise sources. This may result in the flat thermal noise of a resistor
having a non-flat spectral shape at the output of the microphone.

As previously stated, the total noise power depends on the measurement band-
width. Therefore, it is common for the noise floor of a microphone to be given for a
particular bandwidth. For example, the noise can be given at a specific frequency
for a narrow bandwidth, such as the noise at 1 kHz in a 1 Hz bandwidth. Con-
versely, the noise can be integrated over a specified bandwidth, such as 20 Hz to
20 kH z for audio microphones. Another common metric for audio microphones is
the A-weighted noise, denoted dBA. Here, the noise spectrum is passed through
a filter approximating the response of the human ear, then the noise spectrum is
integrated and converted to dB [5]. This metric is not appropriate for aeroacoustic
microphones, since both the bandwidth of this filter and the weighting are not
relevant. A more useful noise figure of merit for aeroacoustic microphones is the

noise in a narrow bandwidth, such as 1 Hz or 1/3 octave, at a particular frequency
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such as 1 kH z, because the microphone signals are often sampled and analyzed in
the frequency domain. Thus the bandwidth A f for the noise power is the bin width
in the frequency domain. Ideally, the noise spectrum over the full microphone
bandwidth is given.

There are some general scaling relationships that the noise floor of a micro-
phone exhibits. For example, as the resonant frequency and maximum pressure
increase, the sensitivity tends to decrease. In general, as the resonant frequency
increases, the noise floor will increase. Furthermore, as the maximum pressure
increases, the noise floor will also increase. This will in turn increase the input
refereed pressure noise of the microphone. These relationships will become evident
by studying previous MEMS microphones in Section 2.3.

2.2 Transduction Mechanisms and Scaling

In this section, the various types of transduction schemes will be identified.
Then, an introduction to the principles of operation for each type of transducer and
its scaling will be discussed. A summary of the scaling for all of the microphone
types will be given in Section 2.2.6. A detailed derivation of the operation of
capacitive microphones will be given in Chapter 3. Before discussing the details
of the four principle transduction schemes for MEMS microphones, the general
properties of electromechanical transducers will be discussed.

2.2.1 Introduction to Electromechanical Transducers

A transducer is a device that converts a signal from one energy domain to a
signal in an another domain. Microphones are an example of an electromechanical
transducer where an acoustic sound field causes a mechanical response in the
microphone which is coupled to an electrical output. There are several properties
of electromechanical transducers that can be used to classify them and provide

physical insight into their operation. These properties include linear vs. nonlinear,
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conservative vs. non-conservative, reciprocal vs. non-reciprocal, and direct vs.
indirect [21].

A linear transducer is desirable to ensure measurements have high spectral
fidelity. There are various non-linearities that exist in transducers that can limit
the dynamic range of the devices. For example, the pressure induced diaphragm
deflection can become non-linear for large displacements [22]. Furthermore, the
transduction from a mechanical displacement to an electrical output can also be
non-linear. This is the case for capacitive transducers. However, the transducer
can be linearized about a point for a small region of operation. For capacitive
transducers, this can be accomplished via a bias voltage or charge [21].

Transducers can also be energy conserving, i.e. energy is not lost during the
transduction from one energy domain to another. Examples of energy-conserving
transducers include magnetic, piezoelectric, and capacitive. Optical and piezoresis-
tive transducers are examples of non-energy conserving devices.

A reciprocal transducer is capable of bi-directional operation between two
energy domains. For example, a reciprocal transducer converts a signal from one
energy domain to the electrical domain; furthermore, it converts a signal from the
electrical domain to the first energy domain. In the first mode of operation, the
transducer is operating as a sensor; while in the second mode of operation, the
transducer is operating as an actuator. An electrostatic microphone is an example
of a reciprocal transducer. It can operate as a microphone and convert an acoustic
signal to an electrical signal. Furthermore, it can operate as an actuator and
convert an electrical signal into an acoustic signal [21].

Another property of electromechanical transducers is whether the transduction
is direct or indirect. In a direct transducer, there is a direct relationship between
one energy domain and another. An example is an electrodynamic transducer. The

motion of a conductor in a magnetic field results in an induced voltage as given by
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Lenz’ Law [23]. Conversely, a current through a conductor in a magnetic field will
result in a force on the conductor [23]. An electrostatic transducer, however, is an
indirect transducer.

There are four common transduction schemes used for MEMS microphones.
These are the piezoelectric, piezoresistive, optical, and capacitive transduction
mechanisms. These are discussed in detail in sections Section 2.2.2 through
Section 2.2.5.

2.2.2 Introduction to Piezoelectric Microphones

Certain materials generate an electric charge as a result of an applied me-
chanical stress; these materials are known as piezoelectric materials. Similarly, a
mechanical strain is produced in these materials when an external electric field is
applied. The generation of electric charge is known as the direct piezoelectric effect
while the generation of a mechanical strain is known as the converse piezoelectric
effect [24].

The linear piezoelectric constitutive equations expressed in terms of the stress
and displacement are [25]

Sij = siuTh + drig Ex (2-4)
D; = digThy + 31, B, (2-5)

where D; and E), are the electric displacement and electric field whose units are
[C'/m?] and [V/m], respectively. Similarly, T}, and S;; are the mechanical stress and
strain with units of [Pa| and [m/m], respectively. The mechanical compliance for

a constant electric field is siEjkl, and £}, is the electric permittivity for a constant
stress. The piezoelectric coefficient, dy,, quantifies the piezoelectric response for a
given strain or applied electric field [24]. The subscripts denote the component of
each variable in a particular direction. In a bending mode piezoelectric microphone,

the relevant piezoelectric coefficient is d3; where the electric displacement in the
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‘3’ direction is related to a mechanical strain in the ‘1’ direction. Conversely, a
thickness mode transducer relies on the ds3 piezoelectric coefficient.

There are two basic configurations of piezoelectric microphones that have
been developed in the past: (1) devices with thin diaphragms or (2) devices with
a cantilever beam as illustrated in Figure 2-6. The top figure shows a typical
piezoelectric microphone with a diaphragm. On top of this diaphragm is a stack
consisting of a lower electrode, a piezoelectric film, and a top electrode. This is a
simplified cross section in which insulation layers and the details of the electrode
geometry are not shown. The bottom figure shows a cross section of a piezoelectric
microphone that utilizes a cantilever beam. This type of microphone has a similar
electrode/piezoelectric stack, however it is located at the clamped end of the beam

because the stresses are concentrated in this region.

Piezoelectric

Top electrode i
\ material
T /

Bottom electrode

Dlaphragm
Si substrate -

(a) Diaphragm configuration used in [26]

Piezoelectric

material Cantilever
I

Si substrate o / %%%g

(b) Cantilever beam configuration used in [27]

Figure 2-6. Typical cross sections of piezoelectric microphones. The details of the
electrode geometry and vent channel are not shown.

There are a variety of materials that can be used as the active piezoelectric
element. The most commonly used piezoelectric thin film for microphones is

zinc oxide, ZnO. Other materials that can be used are lead zirconate titanate,



19

PZT, aluminum nitride, AIN, and aromatic polyurea [14]. There are various
tradeoffs when selecting the piezoelectric material such as the magnitude of the
piezoelectric coefficient, the film stability, relative permittivity, and compatibility
with other processes. For example, AIN is fully compatible with a complimentary
metal oxide semiconductor (CMOS) process but has a relatively low piezoelectric
coefficient compared to PZT, which cannot be used in a CMOS process [14].
Another parameter of interest for piezoelectric microphones is the gx coefficient,
which considers the behavior of piezoelectric composites [28].

Piezoelectric microphones can be operated in one of two ways: they can be
operated in a voltage mode where the output voltage is amplified by a voltage
amplifier; or they can be operated in a charge mode where the output charge is
converted to a voltage by a charge amplifier. The advantage of using the charge
mode is that the overall sensitivity is not affected by parasitic capacitance, for
example by changing the cable length [29].

When discussing MEMS devices and comparing to traditional devices, it
is important to study how the device performance scales as the device size is
reduced. The sensitivity is proportional to the stress in the diaphragm, which
is proportional to (a/h)? for a plate [30]. As seen from Equation 2-5, the stress
creates an electric displacement. The voltage across the piezoelectric element is
proportional to the thickness of the piezoelectric material, h,.. Therefore, if the
aspect ratio of the diaphragm remains fixed, the stress in the diaphragm will not
change as the dimensions are reduced. However, if the piezoelectric thickness is
reduced, the sensitivity will be lower; assuming the diaphragm stress is independent
of the piezoelectric stress. The bandwidth of the microphone is dominated by the
resonant frequency of the diaphragm which is proportional to h/a?, therefore, as
the size of the microphone is reduced, the bandwidth increases [21]; this assumes

that the diaphragm is modeled as a plate. The microphone contributes to the
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noise floor due to internal resistance which gives rise to v4kT R noise [19], however

dominant noise sources for piezoelectric devices are typically the interface circuitry

and environmental interference from sources such as power lines [29].

2.2.3 Introduction to Piezoresistive Microphones

While the resistance of all resistors will change due to stress-induced deforma-

tion, certain materials exhibit a much higher change in resistance due to an applied

stress. These materials undergo a fundamental electronic change in resistivity due

to an applied stress; this is the piezoresistive effect. For semiconductor piezoresis-

tive materials such as silicon, the change in resistivity is due to a change in the

mobility. For a resistor with resistivity p, the change in resistivity, Ap, is given by
Api;
Pij

= 1L Th, (2-6)

where II is the piezoresistance tensor and T is the stress tensor. This effect was

first observed in silicon by Smith in 1954 [31].

Piezoresistors

Diaphragm

Si substrate

(a) Junction isolated piezoresistors used in [32]

Dielectric Piezoresistors
Diaphragm\ \ / x_‘

Si substrate

Cavity
(b) Dielectrically isolated piezoresistors used in [33]

Figure 2-7. Typical cross sections of piezoresistive microphones.
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The piezoresistance effect of silicon can be leveraged to create a microphone.
Figure 2-7 shows a cross section of typical configurations for piezoresistive micro-
phones. The structure of the piezoresistive microphone is similar to that of the
piezoelectric microphone in Figure 2-6(a) in that they both have a diaphragm,
substrate, and a cavity. The unique feature of a piezoresistive microphone is that
it has one or more piezoresistors that are stressed when the diaphragm deflects.
These are typically located near the edge of the diaphragm because the stresses
are concentrated in this region. As the incident pressure deflects the diaphragm,
stresses cause the resistivity of the piezoresistor to change. The piezoresistors can
be embedded in the diaphragm as in Figure 2-7(a); in this case, the piezoresistors
are isolated from the diaphragm by a reverse biased pn junction. An alternative
is to dielectrically isolate the piezoresistors from the diaphragm as is shown in
Figure 2-7(b).

There are several ways to arrange the piezoresistors. The most common is to
use four active resistors connected in a Wheatstone bridge configuration, as shown
in Figure 2-8. Here, the four resistors all have the same nominal value, R. They are
arranged and sized such that when the diaphragm deflects, two resistors increase
by AR and two decrease by AR. The output of the microphone is a differential
voltage that is given by

AR

Vour = Vo' =V, = = VB (2-7)

The sensitivity scaling of the piezoresistive microphone is similar to that
of a piezoelectric microphone. The stress in the diaphragm is proportional to
(a/h)* [30]. This stress creates a change in resistance through the piezoresistive
transduction coefficients. Thus, the sensitivity will not be reduced as the area is
reduced as long as the aspect ratio remains the same. The sensitivity also scales
with bias voltage, thus a high bias voltage is desirable. However, the maximum

bias voltage is limited by power dissipation, heating, and electro-migration [34].
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Figure 2-8. Equivalent circuit of a piezoresistive microphone with four active piezo-
resistors in a Wheatstone bridge configuration.

Furthermore, increasing the bias voltage increases the 1/f noise of the microphone.
The thermal noise is proportional to v/R [19]. The bandwidth of the microphone is
dominated by the resonant frequency of the diaphragm, which scales as h/a?; thus
as the diaphragm size is reduced, the bandwidth will increase [21].

The performance of piezoresistive microphones is affected by temperature.
For example, as the temperature increases, thermal noise increases. Furthermore,
at higher temperatures, the leakage current in junction isolated devices increases.
As the operating temperature of the device varies, the sensitivity can exhibit
temperature drift. The II coefficients are a function of temperature, which impacts
the sensitivity. However this can be compensated through the use of circuitry [35].

Piezoresistive microphones have the advantage of not being affected by
parasitic capacitance. The relatively low output resistance that is typical of
piezoresistive microphones allows the use of instrumentation amplifiers, as used by
Arnold et al. [13], without great concern for the input capacitance of the amplifier.
Due to mismatch in the nominal values of the piezoresistors, the differential
output of a full-bridge device is typically passed through a high pass filter before

amplification.
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2.2.4 Introduction to Optical Microphones

An optical microphone is a device that modulates a light signal based on
an incident acoustic wave and then converts the light signal to an electrical
signal. There is a wide variety of modulation schemes that can be used for optical
microphones, however they can be broadly grouped into three categories: (1)
intensity modulation, (2) phase modulation, and (3) polarization modulation. The

intensity modulation scheme is typically used by MEMS microphones [36].

Diaphragm
Diaphrag ‘ N
"\ s
Substrate . :
Fiber Incident Integrated
bundle light waveguides N\
Reflected Reflected Incident
light light light
(a) Single fiber bundle for incident and (b) Two separate waveguides for
reflected light [37] incident and reflected light [38]

Figure 2-9. Typical cross sections of fiber-optic lever microphones.

There are two configurations of intensity modulation based microphones that
have been used in MEMS based optical microphones. Schematics of fiber-optic
lever configurations are shown in Figure 2-9. In each case, a light source is arranged
such that it is incident on a diaphragm. As the diaphragm moves, the amount
of recovered light is modulated. Figure 2-9(a) shows a configuration where the
incident and reflected light are in the same fiber bundle. These devices are typically
comprised of a fiber bundle that is used in conjunction with a microfabricated
diaphragm. Microphones of the type shown in Figure 2-9(b) have separate paths for
the incident and reflected light. They typically have a microfabricated waveguide

that is placed in close proximity to a diaphragm.
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There are some advantages to using an optical microphone. First, electronics
are not needed at the measurement location, thus optical microphones are insen-
sitive to electromagnetic interference and do not emit electromagnetic radiation.
Furthermore, optical microphones can be deployed in harsh environments that are
not suitable for electronics [38].

However, there are several drawbacks to the optical microphone. Optical
microphones require an external reference light source. Furthermore, the output
voltage of the microphone may be sensitive to fluctuations in the reference light
source. Thus, a very stable reference light source is necessary or additional circuitry
must be included to compensate for fluctuations in the reference light source.
The packaging is difficult because the waveguides and the diaphragm must be
carefully aligned. Furthermore, the packaging must protect the alignment from
environmental vibrations [39].

To convert the optical signal to an electrical signal, optoelectronics are a
necessary component of an optical microphone setup; typically a photodiode is
used. The photodiode can be a significant source of noise due to shot noise [19].
Other noise sources include thermal radiation of the membrane and optical fibers,
as well as random pressure fluctuations on the diaphragm; however, these noise
sources are typically not dominant for optical microphones [40].

The sensitivity of an optical microphone is proportional to the diaphragm
deflection, rather than the bending stress as was the case for the piezoelectric
and piezoresistive microphones. The deflection of a clamped circular plate is
proportional to a*/h3 [30]. This can be factored into two terms, (a/h)* - (A/h);
where A is the surface area of the diaphragm. The first term remains constant
if the aspect ratio is fixed, while second term will decrease as the microphone
dimensions are reduced. Therefore, if the aspect ratio remains constant, the

sensitivity will be reduced as the device size is reduced. The bandwidth will be
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limited by the resonant frequency of the diaphragm, which scales as h/a? for a
plate [21]. Thus, the bandwidth will increase as the radius is reduced.
2.2.5 Introduction to Capacitive Microphones

The fourth type of microphone is based on the capacitive transduction scheme.
Representative cross sections of single backplate MEMS capacitive microphones
are shown in Figure 2-10(a) — Figure 2-10(f). Capacitive microphones share some
common features with the previous types of microphones, such as a diaphragm
and cavity, however there are several distinct features that are unique to capacitive
microphones. In addition to a diaphragm, the capacitive microphone also has a
porous backplate separated from the diaphragm by an air gap. The backplate
holes allow the incident pressure to pass through the backplate and deflect the
diaphragm. Sufficient backplate holes must be used or the bandwidth of the
microphone will suffer because the microphone will become over-damped. The
backplate holes may also be used to tune the damping to maximize the bandwidth
for free-field microphones [18].

There are many possible configurations for the backplate in MEMS capacitive
microphones. For example, the backplate can be perforated with a large number
of holes and be located above the diaphragm as shown in Figure 2-10(b), or the
backplate can be located beneath the diaphragm and have a small number of holes
as shown in Figure 2-10(a).

The single-backplate MEMS capacitive microphone can be modified by
the addition of another plate as shown in Figure 2-11(a). The dual-backplate
microphone has two backplates, one on either side of a diaphragm. Historically, this
type of differential electrostatic transducer was known as a push-pull device [49].
The earliest uses of this topology was for electrostatic loudspeakers dating back to

a 1924 German patent issued to H. Riegger [50].
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Figure 2-10. Typical cross sections of single-backplate capacitive MEMS micro-
phones.

This type of device was proposed for MEMS microphones by Bay et al. [51]
and developed by Rombach et al. [47, 52, 53] and Martin et al. [54]. The dual-
backplate microphone has several advantages over the single-backplate structure.
It has the potential for up to twice the sensitivity, a higher bias voltage further
increasing the sensitivity, and increased linearity assuming comparable materials
and geometry to a corresponding single-backplate microphone. The dual-backplate
microphone can also be operated in closed loop with symmetric electrostatic
forces acting on the diaphragm. Similarly, the dual diaphragm microphone has

one backplate with a diaphragm on either side, as shown in Figure 2-11(b). This
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Figure 2-11. Cross sections of a differential MEMS capacitive microphone.

type of microphone was proposed by Bay et al. [48]. While this structure is not
well suited to force feedback applications, it does offer the potential for increased
sensitivity and linearity. This structure can also be hermetically sealed to reduce
the impacts of the environment on the device performance.

The plates in a capacitive microphone are conductive, thus one or two capac-
itors are formed depending on the type of capacitive microphone. The capacitors

can be approximated by a parallel plate capacitor, which has a capacitance of

fo4

C:d,

(2-8)

where A is the surface area, ¢y is the permittivity, and d is the distance between
the plates [23]. In air, the permittivity is assumed to be the permittivity of free
space in a vacuum. When the microphone is exposed to an incident sound pressure,
the diaphragm deflects. This deflection causes the magnitude of the capacitance to
change. Various types of interface circuitry can be used to detect the capacitance
change [12].

There are two general classes of capacitive microphones: condenser and
electret. Condenser microphones are biased with an external voltage source, while
electrets are biased with a fixed permanent charge. The fixed charge is typically
implanted into a thin dielectric layer on the backplate [55]. Electret microphones

have the advantage of not being susceptible to electrostatic pull-in. However, the
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fabrication is more difficult because a stable embedded charge must be produced.
Electret microphones are typically used in low-power and portable applications such
as sound level meters [18].

The performance of the capacitive microphone does not scale as favorably as
some of the other types of microphones. The derivation of the background material
used for the scaling analysis will be given in Chapter 3. The sensitivity depends
on both the compliance of the diaphragm and the electric field in the air gap [55].
Therefore, the sensitivity is proportional to the electric field, Vg/g, the aspect ratio
of the diaphragm, (a/ h)2, and the ratio of the diaphragm area to the diaphragm
thickness, (A/h). The surface area of the diaphragm with radius a is given by A,

h is the diaphragm thickness, Vj is the bias voltage, and g is the gap thickness.
Therefore, the sensitivity will be reduced as the area is reduced, even if the aspect
ratio is kept constant. If the electric field, Vg /g, remains constant, this component
of the sensitivity will not be affected by scaling. However, there is an upper limit to
the bias voltage that can be used with capacitive microphones due to electrostatic
collapse of the diaphragm. This pull-in voltage' is proportional to g*2 [12]. Thus,
electric field will scale as ¢'/? and will be negatively affected by a reduction in
microphone size.

Another issue for capacitive microphones is the magnitude of the capacitance.
As the device is scaled down, the capacitance decreases, this can lead to losses
due to parasitic capacitances. In addition, the £7'/C noise, the total noise across
the capacitor integrated for all frequencies, will increase [19]. However, this is not
a significant issue if the microphone is operated in a small bandwidth; as is the

case when the microphone is sampled and analyzed in the frequency domain. The

! The pull-in voltage, including the assumptions and limitations of the model, are
discussed in more detail in Section 3.2.7
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bandwidth, however, has the potential to increase as the microphone dimensions
are reduced. The resonant frequency is proportional to h/a®. However, the acoustic
resistance of the backplate holes is proportional to 1/¢ and 1/Nj,, where Nj, is
the number of holes. Thus, the resistance will increase; if it is large enough to
excessively damp the microphone, the overall bandwidth could be reduced [21].

The noise floor for capacitive microphones contains contributions from the
thermomechanical noise of the sensor and noise sources from the interface elec-
tronics [6]. In capacitive microphones, the vent resistance has the potential to
dominate the low frequency noise; especially in high-sensitivity devices [18]. Noise
contributions from the interface circuit also depend on the type of interface circuit
chosen; this will be discussed further in Section 3.3.
2.2.6 Scaling Summary

A summary of the scaling properties for MEMS microphones is given in
Table 2-1. The scaling of the sensitivity, bandwidth, and the gain-bandwidth
(GBW) product are given for piezoelectric, piezoresistive, optical, and capacitive
microphones. The GBW product comparison illustrates how the overall microphone
performance scales. Assuming the diaphragm aspect ratio and the piezoelectric
thickness to diaphragm thickness ratio both remain constant, the sensitivity
of the piezoelectric microphone will decrease as the microphone dimensions
are reduced while the bandwidth will increase. The GBW product will remain
unchanged. Similarly, the GBW product of the optical microphone will also remain
unchanged as the microphone dimensions are reduced. The overall performance of
the piezoresistive microphone will increase while the performance of the capacitive
microphone will decrease.

There are several issues as the sensors become very small. As the diaphragm
radius is reduced, the thickness must become very small to maintain the aspect ra-

tio; this could pose fabrication problems. Additionally, as the diaphragm thickness
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is reduced, the thickness of the piezoresistors becomes very small. This limits how
the minimum value of each resistor, which affects noise performance. Capacitive
microphones also have additional issues at small scales; the backplate resistance can
become large, effectively lowering the bandwidth, and the capacitance of the device

is reduced which can cause losses due to parasitic capacitances.

Table 2-1. Scaling properties of MEMS microphones.

Microphone type Sensitivity ~ Bandwidth GBW Summary
2 h hope
Piezoelectric %-hpe 2 fTZ S|, BW T, GBW —
. . - a? h Vi
Piezoresistive Vg - 72 2 — S-,BW 1, GBW 7
Optical 4 a—z n % S|, BW 1, GBW —
’ Vi h Ah2 2 %2 Vi o 2 | |
.. B a B
Capacitive ? Lz o) ? s S|, BW T, GBW |

2.3 Previous MEMS Microphones

A review of previous research in the field of MEMS microphones is given
in this section. This review is divided in terms of transduction mechanism and
discusses the significant contributions as well as relevant performance metrics.
2.3.1 Literature Review of Piezoelectric Microphones

A review of previous work on the development of piezoelectric MEMS mi-
crophones is given in this section. Table 2-2 shows a summary of published
piezoelectric MEMS microphones. A timeline of milestones in the development of
piezoelectric MEMS microphones is given in Figure 2-12.

The first microfabricated microphone was presented by Royer et al. [26] in
1983. This device used a 3 um thick layer of ZnO sputtered on top of a 30 um
thick circular diaphragm with a radius of 1.5 mm. Aluminum was used for the
electrodes. A sensitivity of 250 uV/Pa and a bandwidth from 10 Hz to 10 kH z
was reported. The sensitivity varied by 5 dB over this range. The noise floor was

measured to be 73 dBA.
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1983: First piezoelectric MEMS
microphone (Royer et al) 2005: Piezoelectric aeroacoustic

) 1996: Cantilever microphone (Horowitz et al)
microphone (Lee et al)
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(Kim et al) response (Ried et al)

Figure 2-12. Timeline showing milestones in piezoelectric MEMS microphone devel-
opment.

The Berkeley Sensor and Actuator Center has been active in piezoelectric
MEMS microphone research. Their first effort was published by Kim et al. [56]
in 1987. This device comprised of a 2 pm thick 2 mm x 2 mm square diaphragm
with a ZnO piezoelectric film. Later devices were reported in 1989 [57] and 1991
[58]. Both of these devices also used a ZnO piezoelectric layer atop a silicon nitride
diaphragm. However, for these devices, a CMOS voltage amplifier was fabricated
on the same die as the microphones. In an effort to improve the performance over
the first device, an improved process to control the diaphragm stress was used, as
well as a larger diaphragm and active area. However, neither of these microphones
exhibited a flat frequency response, although the second generation microphone has
the lowest reported noise floor for piezoelectric MEMS microphones.

In 1992, Schellin et al. [59] reported a piezoelectric microphone utilizing
a polymer film for the active material. Polyurea was used for the piezoelectric
material because it has a larger piezoelectric coefficient than aluminum nitride and
zinc oxide. A d3z; piezoelectric coefficient of 5.7 pC'/N — 7.0 pC'/N was reported
by the authors. Although a material with a higher piezoelectric coefficient was
used, the sensitivity was much lower than that reported previously by Kim et al
[58]. Furthermore, the bandwidth was not flat; it varied by about 12 dB over the

bandwidth of the microphone.
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Table 2-2. Summary of the specifications of piezoelectric MEMS microphones.

Author Diaphragm  Piezoelectric Sensitivity ~ Dynamic Bandwidth
Dimensions material Range (Predicted)
Royer et al. 1.5 mm” x ZnO 250 uV/Pa 73 dBA - 10 Hz-10 kHz
1983 [26] 30 pm N/R (0.1 Hz-10 kH?z)
Kim et al. 2 mm! x ZnO 0.5 mV/Pa N/R 20 Hz-5 kHz
1987 [56] 2 um
Kim et al. 2 mm’ x ZnO 80 pwV/Pa N/R 3 kH2z-30 kHz
1989 [57] 1.4 pm
Kim et al. 3.04 mmt x Zn0O 1000 uV/Pa 50 dBA - 200 Hz-16 kH=z
1991 [58] 2.0 pm N/R
Schellin et al. 0.8 mm' x Polyurea 4000 pV/Pa N/R 100 Hz-20 kH =
1992 [59] 1.0 um -30 uV/Pa
Ried et al. 2.5 mmt x Zn0O 920 uV/Pa 57 dBA - 100 Hz-18 kH =z
1993 [60] 3.5 um N/R
Lee et al. 2 mmt x ZnO 38 mV/Pa N/R 100 H2-890 Hz
1996 [27] 4.5 pm
Lee et al. 2 mmt x ZnO 30 mV/Pa N/R 50 Hz-1.8 kHz
1998 [61] 1.5 um
Ko et al. 3 mmt x ZnO 30 uV/Pa N/R 1 kHz-7.3 kHz
2003 [62] 3.0 pm
Niu et al. 3 mmt x ZnO 520 uV/Pa N/R 100 Hz-3 kHz
2003 [63] 3.2 pm
Zhao et al. 1 mmb x PZT 38 mV/Pa N/R 10 Hz-20 kH=z
2003 [64] N/R
Hillenbrand et 0.3 em? area VHD40 22 mV/Pa 37 dBA- 140 kH=z
2004 [65] X 55 pm 164 dB
0.3 cm? area VHD40 10.5 mV/Pa 26 dBA- 28 kHz
X 275 um N/R
Horowitz et al. 900 pum” x PZT 0.75 uV/Pa  47.8 dB} 100 Hz-6.7 kHz
2005 [14] 3.0 um S169dB (100 Hz-50 kHz)

* Radius of circular diaphragm.

tSide length of cantilever.

§1 Hz bin.

T Side length of square diaphragm.

Ried et al. published results for another piezoelectric microphone in 1993 [60].

This microphone has much better performance than the previous piezoelectric

microphones. Again, a square silicon nitride diaphragm was used with ZnO.

Further improvements to the process were made to control the stress in the

nitride layer. ZnO was used for the piezoelectric material. This microphone

demonstrated a flat frequency response from 100 Hz up to near the resonant

frequency of 18.3 kHz. In 1996, Lee et al. [27] of the same research group reported
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work on a cantilever microphone. This device has a cross section as shown in
Figure 2-6(b). An important requirement for a cantilever microphone is that

the stresses must be controlled so that the cantilever will not curl. To avoid
curling, a low stress silicon nitride layer is sandwiched between two layers of silicon
nitride with 150 M Pa of tensile stress. While this device had a high sensitivity of
38 mV/Pa, the bandwidth was limited to 890 Hz. This device can also be used

as a microspeaker; at resonance, a sound pressure level of 100 dB was produced
into a coupler with a volume of 2 ¢m? from a 6 V' peak (V,) input at 4.8 kH z.

An improved device was published by Lee et al. in 1998 [61] with a sensitivity of
30 mV/Pa and a bandwidth of 1.8 kHz.

In 2003, piezoelectric microphones were reported by Ko et al. [62], and
Niu and Kim [63]. The device developed by Ko et al. is a piezoelectric micro-
phone/microspeaker. Operated as a microphone, it has a low sensitivity and
fairly low bandwidth extending to 7.3 kHz. When operated as a speaker, a sound
pressure of 284 mPa was achieved at a distance of 1 ¢m at the second resonant fre-
quency of 13.3 kHz with a drive voltage of 15 V,. Niu and Kim utilized parylene-D,
a material with low stress and stiffness compared to silicon nitride, in a bimorph
configuration in an attempt to create a microphone with a high sensitivity. The
device displayed a sensitivity of about 520 ©V/Pa and a bandwidth limited to
3 kHz. Another device was presented by Zhao et al. [64] in 2003. This microphone
utilized PZT for the piezoelectric material. A sensitivity of 38 mV/Pa was achieved
over a bandwidth extending to 20 kH z.

In 2004, Hillenbrand et al. published results for two piezoelectric microphone
designs that have several specifications that are attractive for aeroacoustic mea-
surements [65]. This device uses a cellular polypropylene (VHD40) film for the
piezoelectric layer. Devices were fabricated with a single 55 um film and five films

connected in series. The single film device achieved a dynamic range of 37 dBA to
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164 dB with a theoretical resonant frequency of 140 kHz. The authors, however,
did not discuss the potential aeroacoustic applications of the microphone.

The only piezoelectric MEMS microphone developed to meet the specifications
for aeroacoustic measurements was presented by Horowitz et al. in 2005 [14]. This
device uses the piezoelectric material PZT atop a silicon diaphragm. The measured
dynamic range extends from 47.8 dB/\/E at 1 kHz to 169 dB. While the
bandwidth was measured only to 6.7 kH z, the resonant frequency was measured
to be 50.8 kH z, thus the device should have a flat bandwidth up to near this
frequency.

There has been good progress in the development of piezoelectric microphones.
Early devices suffered from poor stress control in the diaphragms which resulted in
non-flat frequency responses. Later devices improved in this respect, however, some
had very small bandwidths. The microphone developed by Ried et al. [60] was the
first to show a flat frequency response. For all of the microphones, except the work
of Horowitz et al. and Hillenbrand et al., the dynamic range was not quantified.
Due to its smaller size, Horowitz et al. report the most suitable piezoelectric
microphone for aeroacoustic measurements. .

2.3.2 Literature Review of Piezoresistive Microphones

A review of piezoresistive MEMS microphones is given in this section. Table 2-
3 shows a summary of the key specifications for piezoresistive MEMS microphones.
A timeline of milestones in the development of piezoresistive MEMS microphones is
given in Figure 2-13.

The first use of a piezoresistive material to create a microphone was in 1957
by Burns [76]. It was constructed of a macro-scale aluminum square diaphragm
with an 8 in. side length. A cantilever transferred the diaphragm motion to a

piezoresistive bimorph cantilever that consists of two 0.016 in. thick slabs of n-type
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Figure 2-13. Timeline showing milestones in piezoresistive MEMS microphone
development.

germanium. While this device was not a MEMS microphone, it demonstrated that
semiconductor piezoresistive materials can be used to create transducers.

In 1969, silicon was leveraged to create a MEMS microphone with single
crystalline p-type silicon piezoresistors junction isolated from the n-type substrate
[66]. This device uses two piezoresistors as part of RC-oscillators. As the resistance
changes due to the incident pressure, the oscillation frequency is modulated. The
authors noted the need to passivity the surface of the device to avoid drift due to
humidity. A layer of silicon nitride was used for this purpose.

A piezoresistive MEMS microphone was presented in 1992 by Schellin et al.
[33]. This microphone consists of a square diaphragm with four p-type polysilicon
piezoresistors dielectrically isolated from a silicon diaphragm. Several devices were
made with varying doping concentrations; the resistance of these devices varied
from 300 Q to 21 k. With a bias voltage of 6 V', the sensitivity was 4.2 uV/Pa-V.
The frequency response between 100 Hz and 5 kHz varied by +3 dB, with a
resonant frequency at 10 kH z.

In 1994, Kilvesen et al. [67] presented a microphone for measurements in
turbulent gas flows. This device uses two active p-type polysilicon piezoresistors
dielectrically isolated from a square polysilicon diaphragm with a 100 pum side

length. Two additional polysilicon resistors are created on-die to complete the
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Table 2-3. Summary of piezoresistive MEMS microphones

Author Diaphragm Sensitivity Dynamic Range Bandwidth

Dimensions (Predicted)
Peake et al N/R} N/R N/R N/R
1967 [66]
Schellin et al 1.0 mm”™ x 4.2 pV/Pa-V N/R 100 Hz-5 kHz
1992 [33] 1 pm
Kalvestin et al 100 pm” x 0.09 uV/Pa -V 96 dBA - N/R 10 Hz-10 kH =
1994 [67] 0.4 um (2 mHz2-1 MHz)
Kalvestin et al 300 um” x 0.03 uV/Pa -V 90 dBA - N/R 10 Hz-10 kH~=
1995 [68, 69] 0.4 um (10 Hz-0.9 M H=z)
Schellin et al 1 mm" x 3.8 uV/Pa-V 61 dBA - 128 dB 50 Hz-10 kHz
1995 [32] 1.3 pm
Sheplak et al 105 umt x 224 uV/Pa-V 92 dB* - 155 dB 300 Hz-6 kHz
1998 [70, 71] 0.15 pum (100 Hz-300 kH=z)
Naguib et al 510 um” x 18 uV/Pa -V - N/R 1 kHz2-5.5 kHz
1999 [72, 73] 0.4 um 1.0 uV/Pa -V

710 pm” x 1.0 uV/Pa -V N/R 1 kHz-5.5 kHz

0.4 pm

Arnold et al 500 pmt x 0.6 uV/Pa-V 52 dB*%-160 dB 1 kHz-20 kHz
2001 [13] 1.0 pm (10 Hz-40 kH~z)
Huang et al 710 pm” x 1.1 pV/Pa-V 54 dB* - 174 dB 100 Hz-10 kHz
2002 [74] 0.38 um
Li et al N/Rx 1.0 pm 10 uV/Pa -V 34 dB* - N/R 100 Hz-8 kHz
2004 [75]

" Side length of square diaphragm.

11 Hz bin.

" Radius of circular diaphragm.

Wheatstone bridge. This device had a high noise floor of 96 dBA. This device was
also the first with an integrated cavity and vent channel. Results for a second gen-
eration device were presented in 1995 [68, 69]. This device again uses dielectrically
isolated polysilicon piezoresistors, however the diaphragm size was increased to
300 pum in side length. While this device has a 6 dB lower noise floor than the first
device, it also has a lower sensitivity. In fact, both microphones, with sensitivities
of 0.09 uV/Pa -V and 0.03 uV/Pa - V respectively, have low sensitivities. This
was attributed to the small cavity beneath the diaphragm which acoustically stiff-
ened the diaphragm. In addition, the resonant frequency of these devices was near

1 M Hz. This is too high for turbulent gas flow measurements, which the authors
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report as having negligible frequency content above 10 kHz. A lower resonant
frequency through a more compliant diaphragm would increase the sensitivity.

In 1995, Schellin et al. [32] reported on a second piezoresistive microphone.
This device has four active p-type piezoresistors created by implanting an n-well
with boron. The diaphragm thickness was increased to 1.3 pum and with a bias
voltage of 8 V', the sensitivity was 3.8 uV/Pa-V. The noise floor of the microphone
is 61 dBA, while the upper upper limit of the dynamic range is 128 dB. The
authors concluded that the sensitivity could be increased by reducing the in-plane
stress in the diaphragm and by an improved piezoresistor design.

The Interdisciplinary Microsystems Group at the University of Florida has
been active in the development of aeroacoustic microphones, including piezoresistive
microphones. Their first device, published by Sheplak et al. [70, 71], has a 1500 A
thick circular diaphragm with 210 pm diameter. The device uses four p-type
single-crystalline silicon piezoresistors dielectrically isolated from the diaphragm. A
compact integrated winding vent channel and cavity was used to give a well defined
cut on frequency, which is estimated to be 100 Hz. The predicted bandwidth ex-
tends up to 300 kH z, and it is experimentally verified to be flat up to 6 kHz. The
device has a dynamic range of 92 dB/ VHz at 250 Hz to 155 dB. An improved de-
vice was presented by Arnold et al. [13]. Differences between this microphone and
the previous microphone include a larger diaphragm, lower resistance piezoresistors,
and a silicon nitride passivation layer to minimize drift. This device achieved 40 dB
reduction in noise floor; however, it has a lower sensitivity and predicted resonant
frequency (150 kHz). This microphone also demonstrates the potential for excellent
matching between devices that MEMS technology offers; the sensitivity and phase
response of eight devices varied by £0.1 dB and 0.2°, respectively.

Another group of researchers from Michigan State University, Illinois Institute

of Technology, and the University of Michigan have been collaborating on the
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development of piezoresistive MEMS microphones. In 1999, Naguib et al. [72,

73] presented results for two microphone designs with two diaphragm sizes.

These devices have four dielectrically isolated single-crystalline silicon p-type
piezoresistors. Limited results for these microphones were presented; they had a
sensitivity up to 10 uV/Pa. A third microphone was reported by Huang et al. [74]
in 2002. This device has a similar geometry to the previous microphone, however
an improved process to fabricate the piezoresistors was used to lower the noise
floor. This device uses dielectrically isolated poly-crystalline silicon piezoresistors.
The dynamic range is from 54 dB/vHz to 174 dB at 2% nonlinearity. While this
device has a large dynamic range, with a bandwidth of 10 kH z, it does not have
the bandwidth required for aeroacoustic measurements.

In 2004, Li et al. [75] presented a piezoresistive microphone with electronics
integrated on the same die. Four polysilicon resistors were placed at the edge of a
1 wm thick silicon nitride diaphragm. The diaphragm area was not reported. The
amplified sensitivity is 10 uV/Pa -V with a bias voltage of 5 V' and the noise floor
is approximately 34 dB/ VHz at 1 kHz. The upper limit of the dynamic range was
not reported. The bandwidth extends up to 8 kH z.

There have been several piezoresistive microphone designs that meet one or
more of the requirements for aeroacoustic measurements. The microphone pre-
sented by Arnold et al. [13] is the best piezoresistive microphone for aeroacoustic
measurements to date. It has sufficient bandwidth and dynamic range. Other de-
vices, such as the work by Sheplak et al. [71] and Huang et al. [74] showed a linear
response up to sound pressure levels approaching or exceeding 160 dB, however
they suffered from a high noise floor or insufficient bandwidth, respectively. Early
piezoresistive devices in general were plagued by high noise floors. However, more

recent devices have shown that it is possible to fabricate piezoresistive microphones
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with lower noise floors. These improvements are mainly due to improved resistor
geometry design and improved process flows.
2.3.3 Literature Review of Optical Microphones

This section gives a review of previous work in optical MEMS microphones. A
timeline of milestones in the development of optical MEMS microphones is given in

Figure 2-14 and the reported specifications of the optical microphones are given in

Table 2-4.
2001: Pressure sensor utilizing single 2004: Aeroacoustic MEMS optical
fiber bundle (Abeysinghe et al) microphone (Kadirvel et al)
2000 2007
A\
A A
2000: Commercial optical 2005: Proposed fully integrated
microphone (Phone Or, LTD.) microphone (Hall et al)

Figure 2-14. Timeline showing milestones in optical MEMS microphone develop-
ment.

Table 2-4. Summary of optical MEMS microphones

Author Diaphragm Sensitivity Dynamic Range Bandwidth
Dimensions (Predicted)

Abeysinghe et N/R 0.017 uV/Pa N/R - 347 kPa N/R

2001 [77]

Kadirvel et al 500 pm” x 0.5 mV/Pa 70 dB' - 132 dB 300 Hz-6.4 kHz

2004 [37] 1.0 um (100 kHz)

Lee et al 100 pm” x 0.5 A/Pa  2x10~* AT - N/R N/R

2004 [78] 1.0 um

Hall et al 2.1 mmt x 44 A/Pa  24x1072 A-N/R N/R-4 kHz

2005 [79] 3.3 ym

Bucaro et al 800 pum” x 25 mV/Pa  30.6 dBT - N/R N/R-20 kHz

2005 [80] 1.5 um

Song et al 800 pm* x N/R N/R N/R-2 kHz

2005 [81] 5 um

" Radius of circular diaphragm. 1 Hz bin.
tSide length of square diaphragm.

In 1985 (and again in later years), Garthe et al. proposed using micromachin-

ing technology in the development of integrated optical microphones [38, 82, 83].
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The 1985 device has an integrated waveguide chip fabricated using polymethyl
methacrylate (PMMA) placed in close proximity to a diaphragm, as shown in Fig-
ure 2-9(b). For this first device, rather than using a membrane, a movable mirror
was used. The mirror’s position was controlled by a micro-positioning device. The
coupling ratio, a measure of the recovered light, varied as expected versus the mir-
ror’s distance; however, there are no results in terms of microphone specifications.
In addition, results were presented for a non-MEMS optical microphone. This
device utilized a backplate with a variable air-gap to control the damping. The
frequency response extends from 50 Hz to 18 kHz. A noise floor of 38 dBA was
achieved with a reference optical signal.

Theoretical work on an integrated optical microphone was published by
Greywall [84] in 1999. A microphone structure similar to Figure 2-9(a) was
discussed. Greywall focused on a theoretical comparison of a condenser microphone
and an optical microphone. The author concludes that the optical microphone can
have a sensitivity comparable to the condenser microphone.

In 2001, Abeysinghe et al. [77] presented results for an optical MEMS pressure
sensor. This device has a structure similar to that shown in Figure 2-9(a). The
diaphragm is silicon, to which a borosilicate multimode fiber was anodically
bonded. Before the bond, a cavity was created in the fiber bundle by etching the
fiber core. The sensitivity of this microphone is 0.017 xV/Pa and it has a linear
response up to 347 kPa, or 204 dB. The bandwidth and noise floor were not
reported, however. With its very low sensitivity and high operating pressures, the
pressure sensor is not well suited for use as a microphone.

An aeroacoustic optical MEMS microphone was presented by Kadirvel et
al. [37] in 2004. This device has a structure as shown in Figure 2-9(a). The
microphone consists of a 1 um thick silicon nitride circular diaphragm, 500 um in

radius, that is deposited on top of a silicon substrate. Aluminum is deposited on
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top of the silicon nitride to increase the diaphragm’s reflectivity. A fiber bundle
was positioned in the cavity beneath the diaphragm. The device shows an overall
sensitivity of 0.5 mV/Pa, a noise floor of 70 dB/v/Hz at 1 kHz, and a linear
response up to 132 dB. The theoretical bandwidth extends to 100 kH z, however
the frequency response was measured over the range from 300 Hz to 6.7 kHz. Over
this range, the magnitude varied by approximately 0.5 dB.

In 2004, Lee et al. [78] published results for an optical microphone with in-
tegrated photodetectors. This device has a 200 pum diameter 1 pm thick circular
aluminum diaphragm. The sensitivity of this microphone is 0.5 121/ Pa. A second
device is reported by Hall et al. in 2005 [79]. This device is unique, in that a fully
integrated optical microphone is proposed. A vertical cavity surface emitting laser
(VCSEL) is used for the light source; however for this paper, the light source
was not integrated with the microphone. The laser shines through a substrate
that contains a hole for the laser to pass through and the photodetectors. The
photodetectors receive the reflected light from a diaphragm on a third substrate.
Furthermore, a diffraction grating is fabricated under the diaphragm. The fabri-
cated device contained a square diaphragm with a side length of 2.1 mm and a
thickness 3.3 um. Although the resonant frequency was measured to be 44.8 kH z
in a vacuum, the bandwidth is limited to 4 kKH z due to acoustic damping. The dia-
phragm has a sensitivity of 44 A/Pa and an A-weighted noise floor of 2.4x10~2 A.
The sensitivities and noise floors for these devices were not reported in terms
of an incident pressure; rather they are reported with respect to the diaphragm
displacement.

Also in 2005, Bucaro et al. [80] discussed their work on an optical microphone
design. The device has a diameter of 1.6 mm and a thickness of 1.5 um. The
MEMS diaphragm is constructed using bulk micromachining on an SOI wafer

with a 1.5 pum thick device layer. The device has a sensitivity of approximately
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25 mV/Pa and a resonant frequency of approximately 20 kHz. The noise floor of

this microphone is 30.6 dB/vV Hz at 1 kHz.

Song et al. reported on their work on an optical microphone in 2005 [81, 85].

This device consists of a 800 um x 800 um, 5 um square reflective plate and a

multi-mode fiber. This microphone has a usable bandwidth up to 2 kH z, however

the dynamic range and noise floor were not investigated.

A commercial optical microphone is produced by Optoacoustics, Ltd., for

use in MRI machines. The optical microphone is well suited for use near MRI

equipment because of the high magnetic fields present. The microphone can be

designed without any metal components. Thus, it is not influenced by the magnetic

field. This device operates up to a frequency a 15 kHz and a sound pressure level

of 140 dB. It has a sensitivity of 1.5 mV/Pa.

2.3.4 Literature Review of Capacitive Microphones

A review of previous work in capacitive MEMS microphones is presented

in this section. A summary of the specifications of previously developed MEMS

capacitive microphones is given in Table 2-5 and a timeline of milestones in the

development of capacitive MEMS microphones is given in Figure 2-15.

Table 2-5. Summary of previous capacitive MEMS microphones.

Author Diaphragm Air Capaci-  Vpias Sensitivity Dynamic Bandwidth
Dimensions ~ Gap tance Range (Predicted)
Hohm et al. 8.0mm* x 20um 9pF 350 VI  3mV/Pa N/R 100 Hz-
1984 [41] 13 um 7.5 kHz
Sprenkels et al. 3.0 mm* x 20 um  N/R 300 V1 25mV/Pa N/R 100 Hz-15 kHz
1989 [86, 87] 2.5 pm
Murphy et al. N/Rx 25- N/R 200 V' 48mV/Pa N/R 100 Hz-15 kHz
1989 [88] 1.5 pm 95 pm
Hohm et al. 0.8 mm* x 2um  6pF 28V 02mV/Pa- N/R 200 Hz-20 kHz
1989 [89] .25 pm 4.3 mV/Pa
Bergqvist et al.  2mm* x 4 pum 35pF N/R 13 mV/Pa  N/R 500 Hz-2 kHz
1990 [44] 5 um
2mm*x 4pwm 35pF N/R  6.1mV/Pa N/R 100 Hz-5 kHz
6 um

* Side length of square diaphragm. T Effective bias voltage for electret.

¥ Radius of circular diaphragm. $ Frequency modulation. ¥ 1 Hz bin.
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Table 2-5. Continued

Author Diaphragm Air Capaci-  VBias Sensitivity ~Dynamic Bandwidth
Dimensions  Gap tance Range (Predicted)
2mm* x 4pum 35pF N/R 1.4 mV/Pa N/R 500 Hz-20 kHz
8 um
Bergqvist et al. 2 mm* x 2 um 5 pF 5V 1.8 mV/Pa 37 dBA- 2 Hz-20 kHz
1991 [90] 5.1 um 120 dB
Scheeper et al. 2mm* x 1pum 20 pF 2V 1.4 mV/Pa N/R 40 Hz
1991 [91] 1 pm
Scheeper et al. 2mm* x 33wum 57pF 16V 2mV/Pa 35 dBA- 100 Hz2-10 kHz
1992 [92] 1 um N/R
Kiihnel et al. 0.8 mm* x 2 um 1 pF 28V 1.8 mV/Pa N/R 100 H2z-20 kH z
1992 [93] 25 um
Bourouina et al 500 um* x 5 um N/R N/R  04mV/Pa N/R N/R-20 kHz
1992 [45] 1 pum
707 um* x 5 um  N/R N/R 2mV/Pa N/R N/R-7 kHz
1 um
1mm*x 5um  N/R N/R  35mV/Pa NJ/R N/R-2.5 kHz
1 um
Imm* x 7.5 um N/R N/R  24mV/Pa N/R N/R-10 kHz
1 um
Bergqvist et al. 1.8 mm* x 3 um 54pF 28V 1.4 mV/Pa 43 dBA- 300 Hz-13 kHz
1994 [42] 8 um N/R
Bernstein et al. 1.8 mm* N/R N/R 510V 16 mV/Pa 25dBA- 300 Hz-15 kHz
1996 [94] xN/R 114 dB
1.0 mm* N/R N/R 510V 16 mV/Pa 25dBA- 70 Hz-15 kHz
xN/R 114 dB
Zou et al. 1mm* x 26um 36pF 10V 142 mV/Pa 39 dBA- 100 Hz-9 kHz
1996 [43, 95] 1.2 ym N/R
Ning et al. 2mm* x 3um 9.1 pF 6V 3mV/Pa N/R 100 Hz-10 kHz
1996 [96] 0.5 um
Cunningham et 1 mm* x 2 pum 5.1 pF 8V 2.1 mV/Pa N/R 200 H2-10 kHz
1997 [97] 0.5 um
Pedersen et al. 1.6 mm* x 1.5 um 149pF 15V 5.1 mV/Pa 35 dBA- 100 Hz-15 kHz
1997 [98] 0.9 um N/R
21 mm* x 15um 185pF 15V  81mV/Pa 34 dBA- 100 Hz-15 kHz
0.9 um N/R
Pedersen et al. 2.2 mm* x 3.6 um 10.1 pF  N/A 234 Hz/Pa® 60 dBA- 100 Hz-15 kHz
1998 [99] 1.1 ym 120 dB
Hsu et al. 2.6 mm* x 4pum 16.2pF 10V 20 mV/Pa  N/R 100 Hz-10 kH z
1998 [46] 2 um
Pedersen et al. 2.2 mm* x 3.6 wm 10.1pF 14V 10 mV/Pa 27 dBA- 100 Hz-8 kHz
1998 [100] 1.1 um 120 dB
Schafer et al. 04mm* x 4um 02pF 12V 14 mV/Pa 27 dBA- 150 Hz-10 kHz
1998 [101] 0.75 pm N/R

* Side length of square diaphragm. T Effective bias voltage for electret.

t Radius of circular diaphragm. ¥ Frequency modulation. ¥ 1 Hz bin.
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Table 2-5. Continued

Author Diaphragm Air Capaci-  VBias Sensitivity ~Dynamic Bandwidth
Dimensions  Gap  tance Range (Predicted)

Torkkeli et al. 1mm* x 13 pum 11 pF 2V 4 mV/Pa 335dB. 10 Hz-12 kHz

2000 [102] 0.8 um N/R

Rombach et al. 2 mm* x 09 um N/R 1.5V 13 mV/Pa 23 dBA- 10 Hz-20 kHz

2000 [47, 52, 0.49 um 118 dB

53]

Li et al. 1mm* x 26 um 164pF 5V 9.4 mV/Pa N/R 100 Hz-19 kH =z

2001 [103] 1.2 pm

Brauer et al. 1.2mm*x N/R  10pF 45V 316 mV/Pa 4dBY 100 Hz-10 kHz

2001 [104] 0.4 um

Kressmann et a 1 mm* x 2 um 2 pF 4 Vi 3mV/Pa 39dBA- 10 Hz-50 kHz

2002 [105] 620 nm 123 dB

Scheeper et al. 1.95 mmt 20 pum 3.5pF 200V 22 mV/Pa 23 dBA- 251 Hz-20 kHz

2003 [15] x 0.5 um 141 dB

Neumann et al. 320 ym* x  N/R 1pF N/A 14 kHz/Pa® 46 dBA- 100 Hz-6 kHz

2003 [106] N/R N/R

Hansen et al. (70 pm x 1 pum 356 pFF N/A 73 mV/Pa 64 dBA- 0.1 Hz-

2004 [107] 190 pm) x N/R 100 kHz

0.4 pm
Martin et al. 0.23mm*  2pm 074pF 9V 028 mV/Pa 42dBY- 300 Hz-20 kHz
2005 [54] x 2.0 pm 160 dB

* Side length of square diaphragm. T Effective bias voltage for electret.

t Radius of circular diaphragm. $ Frequency modulation. ¥ 1 Hz bin.

The early capacitive MEMS microphones were all electret microphones. The
first silicon based capacitive microphone was published by Hohm et al. [41] in 1984.
This microphone has a Mylar diaphragm suspended above a backplate with one
large hole, similar to Figure 2-10(a). This device uses silicon dioxide deposited on
the backplate for the charged layer, charged to about —350 V'; the charge density
was not reported. Limited characterization indicates a bandwidth from 100 Hz to
7 kHz within 3 dB.

Later, two other electret MEMS microphones were developed. In 1989,
Sprenkels et al. [86, 87] published results for an electret microphone. The geometry
of this device is similar to Figure 2-10(a), however, the backplate makes contact
with the center of the diaphragm. This device exhibited a flat bandwidth to

15 kHz with a 5 % variation between devices. Also, in 1989, Murphy et al. [8§]
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1990: First to be fabricated using only 1996: First use of corrugated
microfabrication (Bergqvist and Rudolf) diaphragm (Zou et al)
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Figure 2-15. Timeline showing milestones in capacitive MEMS microphone develop-
ment.

published results for another electret microphone with a resonant frequency of
about 15 KHz. The charge densities were not reported for either of these two
microphones.

The early capacitive MEMS microphones, while utilizing micromachining
technology, still required manual assembly steps. The microphone developed
by Hohm et al. [89] in 1989 improved on previous designs by fabricating the
diaphragm and backplate using only micromachining. This device was the first
MEMS condenser microphone. However, the backplate and diaphragm components
still were joined together by hand. Two wafers were used for the fabrication of the
diaphragm and backplate, and the two parts were glued together. The structure
of this microphone is similar to Figure 2-10(d), with a patterned substrate above
the diaphragm. While these devices were functioning microphones, the patterned
substrate above the diaphragm has the potential to cause negative scattering
effects. It is better to have a flush mounted diaphragm. Hohm et al. fabricated
microphones with varying diaphragm stress by controlling by the ion-implantation

dose. For a bias voltage of 28 V| the sensitivities ranged from 0.2 mV/Pa to
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4.3 mV/Pa and the bandwidths ranged from 2 kH z for the most sensitive device,
and to 20 kH z for the least sensitive device. These devices were characterized with
voltage amplifiers.

Bergqvist and Rudolf [44] published the first capacitive microphone to be
fabricated without hand assembly, using only micromachining, in 1990. Two wafers
are used for the fabrication of the diaphragm and backplate, then they are joined
together with an anodic bond. In the same year, a second device was published
[90]. Both of these microphones have a structure similar to Figure 2-10(d) and both
used voltage amplifiers. The second device improved on the performance of the
first by reducing the air gap, thus increasing the sensitivity and capacitance, and
increasing the number of acoustic holes, which increased the bandwidth. This was

the first MEMS capacitive microphone with a highly perforated backplate.

Nitride
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Figure 2-16. Sacrificial micromachining process flow used by Scheeper et al. [91].

The previous MEMS capacitive microphones have been fabricated such that
the diaphragm and backplate are formed on separated wafers and then joined
together. In 1991, Scheeper et al. [91] presented a condenser microphone fabricated

using sacrificial micromachining. The microphone fabrication, shown in Figure 2-16,
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uses aluminum as the sacrificial layer which supports the diaphragm and is then
subsequently etched. While this device was the first to use sacrificial processing to
fabricate a condenser microphone, the microphone itself has limited use because
of the limited bandwidth. In 1992, Scheeper et al. [92] improved on the previous
design. This device again used sacrificial micromachining. To improve on the
previous device, a large number of backplate holes were used; the structure of the
microphone now resembles Figure 2-10(b). Furthermore, the air gap thickness was
increased to reduce the acoustic damping. This microphone had a flat bandwidth
out to 10 kHz.

Due to the negative aspects of capacitive microphone scaling, several innova-
tive microphone geometries have been developed. These either focus on reducing
the acoustic resistance of the air gap, or reducing the in-plane stress of the dia-
phragm to increase the sensitivity of the microphone.

In 1992, Kiihnel and Hess [93] published results for a condenser microphone
with a structured backplate. A cross-section of this device is shown in Figure 2-
17. This microphone achieved a bandwidth up to 20 kHz. Groves were placed
in the backplate to reduce the resistance in the air gap. Therfore, in addition to
reducing the backplate resistance by increasing the number of holes [92], this device
demonstrates that a structured backplate can also be used to reduce the backplate
resistance. However, the structured backplate results in a non-uniform air gap; this
will affect the electrostatic behavior of the microphone. However the authors did
not discuss this behavior.

A technique used to increase the diaphragm compliance, and thus the sen-
sitivity, is to relieve diaphragm stress using a corrugated diaphragm. Scheeper
et al. [108] produced the first MEMS corrugated diaphragm in 1994. The first

microphone to utilize a corrugated diaphragm was published by Zou et al. [43, 95]
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Figure 2-17. Cross section of the microphone developed by Kiithnel and Hess [93].

in 1996. Corrugated microphones have a cross section similar to that in Figure 2-
10(c). This device has a 0.4 um thick diaphragm with 8 pm deep corrugations.

Other devices that used a corrugated diaphragm include the work of Cunning-
ham and Bernstein [97] in 1997, Li et al. [103] in 2001, and Kressman et al. [105] in
2002. The microphone designed by Cunningham and Bernstein has a 0.5 pum thick
diaphragm with 1 um deep corrugations, while the device designed by Li et al.
has a 1.2 um thick diaphragm with a single 300 um deep corrugation. The device
reported by Kressman et al. has a 0.62 ym thick diaphragm with 1.2 ym deep
corrugations. This device is also the first corrugated electret microphone. While
the corrugations increase the compliance of the diaphragm, which increases the
sensitivity; the fabrication process becomes more complex.

A series of microphones with various diaphragm areas and air gap thicknesses
were fabricated by Bourouina et al. [45]. This work demonstrates the scaling
attributes of capacitive microphones. These microphones all have the geometry
shown in Figure 2-10(e) with a solid backplate and a small cavity. The edge length
of the square diaphragm ranged from 500 um to 1um and the air gap thickness
ranged from 5 pm to 7.5 um. From their results, it is clearly seen that increasing
the diaphragm size increases sensitivity and decreases bandwidth. In addition,
increasing the air gap thickness lowers the sensitivity and increases the bandwidth.

In 1994, Bergqvist and Gobet [42] reported on a capacitive microphone

fabricated using surface micromachining and electroplating. To fabricate the device,
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first a sacrificial layer of photoresist is deposited. Copper is then electroplated

on top of the resist to form the backplate. The silicon wafer is etched from the
backside; the etch is timed such that 8 um of the wafer remains when the etch is
completed. This silicon layer forms the diaphragm. This device has a cross section
similar to Figure 2-10(b). Both the capacitance and sensitivity were lower than
expected. This was attributed to the buckling of the backplate which increased the
air gap to about 5 um.

The first capacitive microphone with on-chip circuitry was presented by
Bernstein and Borenstein [94] in 1996. This device utilized electroplating to
fabricate the backplate, similar to the process flow used by Bergqvist and Gobet
[42]. The on-chip interface circuitry was a JFET buffer with an effective input
capacitance of 0.5 pF'.

Pedersen et al. published results for several microphones with on-chip inter-
face circuitry. Their first device, published in 1997 [98], did not include on-chip
circuitry. However, this microphone was the basis for their future work. It used
polyimide for both the diaphragm and backplate and the microphone geometry
is similar to that of Figure 2-10(b). A metallization consisting of chromium and
gold was used to produce an electrically conductive diaphragm and backplate. This
device exhibited a bandwidth up to 15 £Hz and a noise floor of 34 dB. In 1998,
Pedersen et al. reported on a new microphone with integrated electronics. The
microphone geometry was similar to the previous design, however it has larger
dimensions. A schematic of the interface circuit is shown in Figure 2-18. The mi-
crophone is a variable capacitor in an oscillator; as the capacitance value changes,
the frequency of oscillation changes. While this device used a unique detection
scheme, it had a high noise level for an audio microphone of 60 dBA.

Pedersen et al. [100], in 1998, improved the performance of their previous

microphone design [99] by integrating the same microphone with a different
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Figure 2-18. Integrated circuitry used by Pedersen et al. [99].

interface circuit than previously used. For this device, an integrated DC-DC
converter generates the bias voltage for the microphone and the microphone output
is buffered by an integrated source follower. This device had the lowest noise floor
of the three microphones developed by Pedersen et al.; it was 27 dBA.

Schafer et al. [101], of Knowles Acoustics, developed a condenser microphone
for hearing aid use in 1998. This device is unique in that it uses a diaphragm that
is supported in the middle, rather than clamped at the perimeter. This yields a
compliance nearly five times larger than an edge clamped diaphragm of the same
dimensions. Corrugations are used to relieve the in-plane stress of the diaphragm.
This microphone also features an integrated charge pump to generate the bias
voltage as well as an integrated CMOS buffer. The sensitivity of the microphone
is 14 mV/Pa for a bias voltage of 12 V. The bandwidth is flat from about 150 Hz
to 10 kH z and the resonant frequency is around 17 kHz. The A-weighted noise is
as low as 28 dBA. This device used a unique diaphragm arrangement and is well
suited for a hearing aid.

Knowles Acoustics produces several commercial MEMS capacitive micro-
phones. Rather that the on-chip buffer described in the 1988 paper [101], these are
hybrid packaged with off-chip voltage buffers for a lower overall manufacturing cost.
Configurations are available with either unity gain or a gain of 20 dB. An example

is the SP0101 [109], which has a sensitivity of 7.9 mV/Pa, a bandwidth of 10 kHz,
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and a noise floor of 35 dBA. All of these microphones, with 10 % distortion at
115 dB, are for high volume, low cost audio applications. The commercial SiSonic
microphones were also reported in 2006 by Leoppert and Lee [110].

In 2000, Torkkeli et al. [102] published results for a condenser microphone that
used polysilicon doped with boron at a level of 10 ¢m =3 for both the diaphragm
and the backplate. The annealing temperature was adjusted for each layer to
achieve the desired stress. The bandwidth is flat from 10 Hz to 12 kH z, and the
noise floor is 33.5 dBA. Initially, the sensitivity was lower and the noise floor was
higher; an increase in the cavity volume from 0.8 mm? to 110 mm? improved these
parameters. This device used a charge amplifier for the interface circuitry.

The majority of the previous MEMS capacitive microphones have been de-
signed for audio applications, e.g. hearing aids. In 2003, Scheeper et al. [15], of
Briiel and Kjeer, developed a MEMS-based measurement microphone that can be
used for sound pressure levels well in excess of 120 dB. This device has a 0.5 um
thick diaphragm with a radius of 1.95 mm; the octagonal diaphragm is approxi-
mated as being circular. The diaphragm is joined to the backplate wafer with an
air gap of 20 um. This microphone is packaged in a robust metal shell, however,
due to the geometry and fabrication of the microphone, the diaphragm is not flush
with the top surface of the sensor. The cross section is similar to Figure 2-10(d),
however the backside is enclosed by the package. With a bias voltage of 200 V/,

a sensitivity of 22 mV/Pa was achieved. The microphone has a bandwidth up
to 20 kH z; the lower limit of the bandwidth was not reported, however the fre-
quency response extends to as low as 251 Hz. The most distinguishing feature
of the microphone is its dynamic range, which extends from 23 dBA to 141 dB.
A comparison of this device to other Briiel and Kjeer microphones is given in

Table 2-6.
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Table 2-6. Comparison of the Briiel and Kjeer MEMS microphone to non-MEMS
Briiel and Kjeer microphones

Specification 4134 4135 4138 MEMS
Diameter 12.7 mm 6.35 mm 3.18 mm 3.9 mm
(1/2in) (1/4 in) (1/8 in)

Max 160 dB 164 dB 168 dB 141 dB
Pressure
Bandwidth 4 Hz- 4 Hz- 6.5 Hz- 251-20 kH z
20 kH~z 100 kH z 140 kH z
Noise Floor 18 dBA 29.5 dBA 55 dBA 23 dBA

In 2003, Neumann et al. [106] developed a microphone fabricated using a
standard CMOS process. The diaphragm was fabricated using an array of six
320 um x 320 pm square diaphragms. FEach diaphragm consists of a winding
pattern of metal and oxide to create a mesh membrane. The substrate is used as
the backplate. The geometry of each microphone is similar to Figure 2-10(a). A
frequency modulation type of interface circuitry is used where the microphone is
the variable capacitor in an oscillator. The signal is transmitted off-chip via an FM
signal and is recovered with an FM receiver. The sensitivity is 1.4 kHz/Pa and the
bandwidth was flat to within 3 dB over the range from 100 Hz to 6 kHz. Both
the bandwidth and the sensitivity of this device were not close to the predicted
values. This was primarily due to the uncertainties of the mechanical properties in
a CMOS process.

Hansen et al. [107] published results for a wide bandwidth capacitive micro-
phone in 2004. This is a unique device that is based on a RF detection scheme.
Rather than using the typical single-backplate structure, a small sealed structure
was used as shown in Figure 2-10(e), with no vent. A diaphragm was suspended
over the substrate creating a small sealed volume. A large number of these de-
vices were connected in a line to form a transmission line. As the capacitance

changed, the phase speed of the transmission line changed. The device structure
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and equivalent circuit are shown in Figure 2-19. Each 0.4 pm thick diaphragm is
70 pm x 190 pm in area; 45 of the devices are connected in a RF transmission
line with a total active capacitance of 3.56 pF'. A sensitivity of 7.3 mV/Pa was
achieved over a bandwidth of 0.1 Hz to 100 kHz. One drawback of this device is
its relatively high noise floor at 63.6 dBA. This device has the advantage of being
sealed to protect it from the environment. The large bandwidth of this microphone
is well suited to aeroacoustic measurements. However, no information is given
regarding the the microphone’s maximum pressure or linearity.

Diaphragm
Top conductor

Bottom \ I I I l I l

Substrate

—  Z

RF carrier

S

Figure 2-19. Schematic and equivalent circuit of the microphone designed by
Hansen et al. [107].

In 2006, Pedersen [111] presented results for a capacitive microphone designed
for high frequency applications. This microphone is derived from the Knowles

T™

SiSonic "' microphone; however the design is modified to extend the bandwidth.

The microphone has a sensitivity of 398 1V /Pa and an input referred noise floor
of 22 dB/vHz at 1 kHz. The bandwidth extends to 100 kH z; however, the upper

limit of the dynamic range is limited to 140 dB.
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Differential capacitive microphones. As previously discussed, there are
several other possibilities for capacitive microphones than the traditional single-
backplate design. Figure 2-11 shows two possible configurations for a differential
capacitive microphone. There has been a limited amount of previous research into
these types of condenser microphones.

In 1996, Bay et al. [48] investigated a dual-diaphragm capacitive microphone.
A theoretical analysis of the dual-diaphragm microphone was discussed. In addi-
tion, a suggested process flow was given. According to the authors, the advantages
of this type of microphone are an increased sensitivity and an immunity to dust
and moisture since it is hermetically sealed. In 1999, Bay et al. [51] published a
theoretical discussion on a dual-backplate microphone. Due to several problems
that were foreseen with the double diaphragm microphone, such as complicated
processing and sensitivity to barometric pressure, the authors focused their ef-
forts on a dual-backplate microphone. The dependence of the sensitivity of the
microphone to bias voltage, in-plane diaphragm stress, diaphragm thickness, and
air gap thickness were investigated. For implementation of force-feedback, the use
of a sigma-delta converter was suggested as it provides a digital output; however
a comparison of force feedback interface circuit topologies was not given. While
these two studies by Bay et al. provide some useful insight into the advantages and
disadvantages of differential capacitive microphones, actual devices have yet to be
fabricated.

The first dual-backplate microphone to be fabricated and successfully tested
was presented by Rombach et al. [47, 52, 53] in 1999. The lower backplate is
a composite consisting of a 0.85 pm thick layer of silicon nitride and 0.4 pum
thick layer of boron doped polysilicon. The lower backplate has a total stress of
180 M Pa. A 0.9 wm layer of silicon dioxide is deposited as the first sacrificial

layer. Then a stack of 0.045 pum of silicon nitride, 0.4 um of polysilicon, and



95

0.045 pm of silicon nitride are deposited to create a diaphragm with a stress of
45 M Pa. A second 0.9 pum layer of silicon dioxide is deposited to form the second
sacrificial layer. The top backplate consists of 3 um of polysilicon with a stress
of 220 M Pa. The top backplate is patterned from the top of the wafer using
traditional photolithography. The bottom backplate is patterned after all of the
upper layers have been deposited by etching from the backside. This removes the
need for chemical mechanical polishing because there are no features in the lower
backplate when the diaphragm is deposited. The diaphragm is a square with a
2 mm side length. The characterization was conducted on the wafer-scale with the
microphones actuated from the backside of the wafer. A low noise voltage amplifier
was used for the interface circuitry. With a bias voltage of 1.5 V', a sensitivity
of 13 mV/Pa was achieved. The frequency response is flat from 10 Hz to about
20 kHz. The noise floor is 22.5 dBA and the upper limit of the dynamic range
is 118 dB. This device was the first successful dual-backplate microphone. Its
performance is well matched to audio applications, however further development is
needed to produce a device suitable for aeroacoustic measurements.
2.3.5 Literature Review Summary

A wide range of MEMS microphones have been developed in the past. These
can be grouped into four general transduction techniques: piezoelectric, piezo-
resistive, optical, and capacitive. The majority of MEMS microphone research has
been focused on audio applications. However, at least one microphone targeted for
aeroacoustic measurements using each of the four discussed transduction schemes
has been designed and fabricated. Table 2-7 summarizes the results for the highest
performing aeroacoustic microphones reported to date for each transduction scheme
(excluding the dual-backplate aeroacoustic microphone).

The piezoelectric microphone developed by Horowitz et al. [14] can measure

the highest maximum pressure. Furthermore, based on this table it has the largest
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Table 2-7. Comparison of previous aeroacoustic MEMS microphones and the Briiel
and Kjaer 4138 traditional condenser microphone.

Microphone Type Radius Max Noise Bandwidth
Pressure Floor

B&K 4138 [3] Capacitive 1.6 mm 168 dB 20 dB” 6.5 Hz-140 kH z
Arnold et al. [13] Piezoresistive 500 pm 160 dB 52 dB" 10 Hz-100 kH 2t
Scheeper et al. [15]  Capacitive 1.95 mm 141 dB 23 dBA 251 Hz—20 kHz
Horowitz et Piezoelectric 900 um 169 dB 48 dB” 100 Hz-50.8 kH z*
al. [112]

Pedersen [111] Capacitive 180 um 140 dB 22 dB" 50 Hz-75 kHz*

"1 Hzbinat 1 kHz.  TPredicted bandwidth. ¥ Resonant frequency.

dynamic range; however, the noise floor for the capacitive microphone is reported
in dBA, which has a higher value than dB/v/Hz. Assuming a flat noise spectrum,
the 23 dBA noise figure is equivalent to a noise level of —18 dB/ V/Hz. Thus, the
capacitive microphone has both the lowest noise floor and largest dynamic range.
However, the capacitive microphone is physically too large and has too small of a

bandwidth for aeroacoustic measurements.



CHAPTER 3
MICROPHONE MODELING

In this chapter, a detailed model of a capacitive microphone is presented. The
analysis is broken into three major sections.

In Section 3.1, the quasi-static behavior of the microphone is discussed. This
includes the diaphragm behavior, electrostatic behavior, and finally, a discussion on
the non-linear properties of the microphone.

In Section 3.2, the dynamic behavior of the microphone is studied. This is
facilitated using the lumped element modeling technique. An equivalent circuit
model of the microphone is developed. This is used to predict the frequency
response and identify key features that impact the microphone response. This is
followed by a discussion of electrostatic pull-in; a phenomenon of particular interest
for capacitive microphones.

Finally, in Section 3.3, a noise model is developed. First, the derived lumped
element model is used to estimate the noise generated by the microphone itself.
This is followed by an investigation of the noise due to interface circuitry.

3.1 Quasi-Static Modeling

In this section, the quasi-static model of the capacitive microphone is de-
veloped; this is treated in three steps. First, the diaphragm model is developed
and discussed. This is followed by the electrostatic analysis of a capacitive micro-
phone. This includes an introduction to the electromechanical model of a capacitive
transducer. This general model is then applied to specific implementations of the
capacitive microphone. Finally, the detailed analysis of the condenser microphone is
given.

A cross section of the dual-backplate microphone is shown in Figure 3-1.

The major elements of the microphone are the diaphragm, top backplate, bottom
backplate, air gaps, backplate holes, cavity, and vent channel. The diaphragm is

located between the two backplates and they are separated by two air gaps. The

o7
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backplates have holes to allow the acoustic pressure to deflect the diaphragm. A
cavity is created beneath the microphone structure. The vent channel equalizes the
pressure in the cavity to the ambient pressure.

Backplate Top
}oles backplate

Figure 3-1. Cross section of the dual-backplate capacitive microphone showing the
key components.

3.1.1 Diaphragm Model

The analysis of the microphone operation begins with the behavior of the
diaphragm. The diaphragm deflects when it is exposed to an incident pressure. For
microphones, the incident acoustic pressure is a perturbation, p, about the ambient

pressure, po; the total pressure P is written as [4]

P =py+p. (3-1)

The microphone is constructed such that the pressure in the cavity remains

! Thus the pressure below the

constant and is equal to the ambient pressure.
diaphragm equals py, while the pressure above the diaphragm will equal P.
Therefore, the net pressure acting on the diaphragm is equal to the acoustic

pressure perturbation, p.

! This assumption is valid above a certain frequency and is discussed further in
Section 3.2.
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A schematic of the diaphragm is shown in Figure 3-2. For this analysis, the
diaphragm is assumed to be homogeneous, axisymmetric, and linearly elastic.
Furthermore, the diaphragm is assumed to have a perfectly clamped boundary
condition around the perimeter of the diaphragm and to have zero residual in-plane
stress. The diaphragm has a radius a and a thickness h. It is assumed that the

Young’s Modulus, E, and Poisson’s ratio, v, are both known and the diaphragm is

loaded with a uniform pressure, p.

byt

Figure 3-2. Schematic of the idealized circular diaphragm.

3.1.1.1 Small deflection theory

The diaphragm is modeled as having zero in-plane stress while at rest [16].
As the magnitude of the diaphragm deflection increases, the strain in the neutral
axis will increase. However, for small deflections, the neutral axis strain can be
neglected.

The general governing differential equation for the small displacement solution

for a clamped circular plate is given by [22]
Viw = — (3-2)

where w is the transverse deflection of the plate and D is the flexural rigidity of the

plate; which is given by
Eh?
D=———. 3-
12 (1 —v?) (3-3)
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By assuming an axisymmetric solution where the deflection only depends on

the radial coordinate r, Equation 3-2 can be simplified to

LAk () -2

The deflection of the clamped circular plate is subject to four boundary conditions.
First, the center deflection is finite; second, the deflection at the clamped boundary
is zero; third, the slope of the plate at the clamped boundary is zero; and forth,
the slope of the plate is zero at the center. Respectively, these can be written

mathematically as

dw
BC3: —(0)=0
" 0) =0,

dw
dBC4: — = 0.
an = (a)
By solving Equation 3-4 with the boundary conditions given in Equation 3-5,

the following expression for the plate deflection is obtained:

v - - (97 0

Substituting the expression for the flexural rigidity from Equation 3-3 into Equa-

tion 3-6 gives an expression for the deflection completely in terms of the plate

geometry and material parameters,

w01 =g - ()] 6

This gives the deflection of the diaphragm for small displacements. The
deflection shape is given by the term [1 — (r/ a)ﬂz, while the center displacement of

the plate is given by

(3-8)
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The normalized diaphragm deflection is shown in Figure 3-3. The maximum deflec-
tion is in the center of the diaphragm and has a magnitude given by Equation 3-8.
The slope of the deflection is zero at the diaphragm center and at the clamped

boundaries.

0.5f

Un-deflected
diaphragm

/

Deflected
diaphragm

Normalized deflection [w/w(0)]
)
(92}

-1.5f

\ \ \ )
-1 -0.5 0 0.5 1
Normalized radial position [r/a]

Figure 3-3. Normalized deflection of a clamped circular plate.

3.1.1.2 Large deflection theory

When the deflection becomes large enough to be approximately the same
magnitude as the thickness of the plate, the internal strain cannot be neglected.
The derivation of the large displacement formulation is not given here; rather, the
reader is referred to the following reference [22].

The large deflection of the plate is approximated by [22]

B —pa* 1
64D 1 1 0.488%0°

WNT, (O) (3—9)

Thus the large deflection is essentially the small deflection, given by Equation 3-8,

2\ —1
scaled by the factor (1 + 0.488 wgg) ) . The large deflection of the diaphragm is
assumed to have the same mode shape as the small deflection. The behavior of

the plate under large displacements is significant because this introduces a cubic
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nonlinearity into the diaphragm deflection when the microphone is exposed to high
incident pressures.

The behavior of the nonlinear deflection of a clamped circular plate is shown
in Figure 3-4. For small pressures, up to the dotted line in the figure, the ideal
linear deflection and non-linear deflection are approximately equal. However, at
higher pressures, the cubic nonlinearity effectively stiffens the diaphragm and
the nonlinear deflection is smaller than the ideal deflection. Furthermore, in the

frequency domain, the nonlinearity produces harmonic distortion.

1r e
Linear R 7
= 08y deflection -
E -
g \/ 7
E= 7
506 I N
“_g g Non-linear
y . deflection
S 04f i /
a8 Maximum P
g pressure 7
S 4
Z02
0 L L L L )
0 0.2 0.4 0.6 0.8 1

Normalized pressure [pa4/64Dh]

Figure 3-4. Non-linear diaphragm deflection compared to linear deflection.

3.1.2 Electrostatic Model

In the previous section, the deflection of the diaphragm due to an incident
pressure was found. In this section, the electrical properties of the microphone
are investigated. First, an overview of electrostatic transducer fundamentals is
given; this is then extended to physical microphone implementations. Next detailed
derivations for the electrostatic behavior of condenser microphones with interface
circuitry are developed. This includes the output voltage, electrostatic force, and

the effect of parasitic capacitance.



63

3.1.2.1 Introduction to electrostatic transducers

The capacitive microphone is an example of an electrostatic transducer.

In general, electrostatic transducers consist of at least two electrodes spaced a
prescribed distance apart. At least one of the electrodes is free to move when
subjected to an input signal. This results in one or more variable capacitors.
Discussions of electrostatic transducers can in found in textbooks by Hunt [49],
and more recently by Rossi [21], among others. Before discussing the detailed
derivations of the electrostatic microphone in Section 3.1.2.2 and Section 3.1.2.3, a
brief overview is given first without derivation.

Background. A model of a two plate electrostatic transducer is shown in
Figure 3-5. This device consists of two parallel conducting plates. One is assumed
to be fixed, and the other is movable. A capacitance exists between the two plates,
given by C' = eyA/z; where A is the surface area and z is the distance between
the two plates. As indicated in Figure 3-5, the plates are a distance xy apart when
the system is at rest. The moveable plate moves a distance z’ as a result of the
net force applied to the plate. The equilibruim capacitance is C' = €gA/xy and the

time-varying capacitance is given by

Clt) = Cy {1 _ ﬂ o (3-10)

A
_~"Movable plate
X=X
A
X' Ao
=0 .-~ Fixed plate

Figure 3-5. Model of a two plate electrostatic transducer.
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The voltage between the terminals of the capacitor is given by V(t) =
Q(t)/C(t), where Q(t) is the charge on the plate. Substituting in Equation 3—

10, the voltage is written as

Vi = 2 {1 - x’(t)} . (3-11)

Lo
The voltage between the plates results in an electrostatic force given by [21]

F.(t) = _EL‘/Q@) _ _1%

2 (0 q:’(t))2 Ve (3-12)
At this point, no assumptions have been made regarding the method of applying
the voltage or charge to the capacitor. The force may be written either in terms of
the voltage V' (t) or the charge Q(t), as they are equivalent. The electrostatic force
is attractive between the two plates and is negative for the sign convention shown
in Figure 3-5.

In a physical transducer, a mechanical restoring force is present. As the

moveable plate deflects, an associated spring provides a force to oppose the

deflection [21]. Written in terms of the mechanical compliance, C,,, the force is

Ful(t) = —-. (3-13)

The characteristic electrostatic equations governing this system are written as

[21]
iy - ) 200 (514
and
() 1 €0 A )
F — _ -
(t) Cm 2 (xo _ x’(t))Q (t) (3715)
a'(t)  1Q*(?)
Cn 2 €A

These general equations describe the behavior of a parallel plate electrostatic

transducer. It is evident that the voltage and force are coupled; that is, they are
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dependent on each other. Furthermore, both the voltage and force are non-linear,
in general. The voltage is proportional to z/(t)-Q(¢) and the force is proportional to
V2(t). In addition, there is a potential singularity in the force as 2’(t) approaches
Zo.

At this point, Rossi linearized Equation 3-14 and Equation 3-15 by assuming
small perturbations via polarization [21]. The voltage and charge were assumed
to be composed of a mean and time varying component. The small perturbation
assumption implies that z/(t) < zg, v'(t) < Vp, and ¢'(t) < Q. However, for the
microphone designer, it is useful to consider physical implementations of a capaci-
tive microphone and the constraints they impose on the coupled electromechanical
equations (Equation 3-14 and Equation 3-15).

Capacitive microphone implementations. In a physical device, the
microphone is biased in a manner such that either the voltage or the charge
is approximately constant (neglecting modulation or feed-back schemes). This
is accomplished via an external bias voltage or a permanent stored charge for
condenser and electret microphones, respectively. The details of how the external
bias voltage is applied is discussed later in this section. With this assumption,
Equation 3-14 and Equation 3-15 can be simplified.

First, the constant voltage case is considered. In this case, V(¢) becomes Vj.
Furthermore, Q(t) is expressed as Vy-C(t). For a microphone with constant voltage,
Equation 3-14 is rewritten such that the output is the charge Q(t). Thus the

coupled electrostatic equations become

Q(t) = WCo + %x;((f) 70 i);l,(t)’ (3_16>
and
R i o
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Hence, the output charge is non-linear in terms of z'(¢). Furthermore, the force has
a singularity at 2/(t) = x¢, resulting in an pull-in instability [49]. Electrostatic pull-
in is caused by the increasing net force as the diaphragm approaches the backplate;
it is examined in more detail in Section 3.2.7. Physically, this limits the maximum
bias voltage, V{, that may be applied to the microphone.

The behavior described by Equation 3-16 and Equation 3-17 applies to
condenser microphones in two regimes. The first is when the bias voltage is directly
applied to a condenser microphone, as is the case when a charge amplifier is used.
The amplifier converts the output charge to a voltage and maintains a constant
potential across the capacitor. The second regime occurs when a condenser
microphone is biased through a large resistor, such as with a voltage amplifier, and
the DC behavior of the microphone is considered. The large resistor prevents the
charge from changing due to AC inputs. The DC bias point of the microphone
is set by the external bias voltage. In this bias condition, the microphone is
susceptible to pull-in caused by the external bias voltage [49].

The second general case of a constant charge is now considered. This occurs
for an electret microphone with an embedded charge [21] and for a condenser
microphone biased through a large resistor when subject to AC inputs [49]. In this
case, the output is the voltage, V(t), across the terminals of the microphone. Thus

the characteristic electrostatic equations become

_ Qo z'(t) Qo B
=2~ G (3-18)
and
() 1Q
=g, " 2ad 319

For the constant charge case, the output voltage is linear with respect to ().
Additionally, the force is also linear with z/(t) and there is not a singularity in the

force. Thus, as long as the charge remains constant, pull-in will not occur [49].
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This introduction presented the basic principles of modeling electrostatic
transducers. The classical representation in Rossi [21] was applied to physical
microphone implementations. Several key issues were identified, such as pull-in
instability and non-linearities. To further analyze the electrostatic behavior of
capacitive microphones, they are now examined in a design-oriented methodology
giving key physical insight. Integral to this analysis is the consideration and impli-
cations of the interface circuitry. This analysis is limited to condenser microphones,
although the constant charge results can be applied to electret microphones. First,
the single-backplate condenser microphone is discussed. Then, the results are
applied to the dual-backplate condenser microphone. Each microphone type is
considered with both a charge amplifier and a voltage amplifier.

For each of the four cases, the analysis follows the methodology listed below:

Define the geometry.

Derive the capacitance, charge, and voltage on the capacitor(s).
Introduce details pertaining to the interface circuitry.

Derive the output voltage of the microphone.

Derive the electrostatic force between the diaphragm and backplate(s).

Gl W=

Each capacitor is treated as a parallel plate capacitor. For the initial discus-
sion, the area of each capacitor is simply assumed to be the physical area of the
plates. The effects of the diaphragm curvature on the electrostatic behavior are
investigated in Section 3.1.3. In addition to the electroacoustics textbooks by Hunt
[49] and Rossi [21], additional background on condenser microphones is available in
the literature [113-115].
3.1.2.2 Single-backplate condenser microphone

The electrostatic behavior of a single-backplate condenser microphone is
treated for two cases. First, the bias voltage is directly applied to the capacitor,
resulting in a constant voltage across the two plates. Then, the bias voltage is
applied through a large resistor, giving the capacitor a constant charge. The first

case is physically realized when the microphone is biased with a DC voltage and a
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charge amplifier is used for the interface circuitry. A voltage amplifier is typically
used with the the second case.

Constant voltage. A schematic of a single-backplate condenser microphone
with the bias voltage directly applied is shown in Figure 3-6. The single-backplate
condenser microphone consists of a fixed backplate separated from a movable
diaphragm by a nominal gap distance gy. As shown in the figure, the diaphragm
moves by a distance ¢’; thus the air gap between the backplate and the diaphragm,
g, is given by

9=9—49" (3-20)
The backplate and diaphragm are both circular with a radius a and a surface
arca of A = ma?. The diaphragm is assumed to move as a rigid piston with a
displacement equal to the center deflection, w(0). Therefore, the capacitor is always

treated as a parallel plate capacitor.

X
A Backplate
+g, == O O O
9
VB
T g’ [ /N
oL I
Diaphragm t >
a

Figure 3-6. Electrical model of a single-backplate condenser microphone with a
constant voltage.

A voltage, Vg, is applied between the diaphragm and backplate and the
capacitance of the parallel plate capacitor is given by [23]

EQA
p .

C, = (3-21)
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Substituting Equation 3-20 into Equation 3-21 results in the following expression

for the capacitance

€A
Cp=——. (3-22)
go—49
The change in capacitance due to the gap change is the physical phenomenon that
results in the microphone output. The capacitance may also be expressed in terms

of a mean capacitance, C'y,, and a change in capacitance, ACY, as

Cl == Clo —+ ACl, (3—23)
where C, is
A
Oy, = 22 (3-24)
9o

To find ACY, first the expression for the total capacitance, given by Equation 3—
22, and the mean capacitance, given by Equation 3-24, are substituted into

Equation 3-23; thus

A A
r T L AG (3-25)
go—4g 9o
Solving for ACY results in
g/ EoA
AC, = Py (3-26)

The change in capacitance is simply the capacitance C, given by Equation 3-22,
scaled by the factor (¢'/go).

The change in capacitance, given by Equation 3-26, is non-linear in terms
of the gap change. However, if ¢’ is assumed to be small compared to gg, a linear

expression for ACY can be found. The linearization of Equation 3-26 begins with

/ A /
ACy =L 8 I (3-27)
gogo—9 Ygo+g
which is rewritten as
A g+ 12
AC, = & (gog s ) (3-28)

go 9go© —4g
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The ¢'* terms are negligible and therefore dropped. Thus, Equation 3-28 is
simplified to

" e0A
AC, = L 902 (3-29)
9o 9o
This expression is now linear in terms of ¢’. Comparing Equation 3-29 to Equa-
tion 3-26, the factor (¢'/go) now scales the mean capacitance, C,. The linearized

capacitance becomes

¢, = o4 (1 + 9—) . (3-30)
gJo dJo

The charge on the capacitor, ()1, given by ()1 = C1Vp, is expanded to

EoA
1=

= V5. 3-31
go-9g " ( )

The charge may also be expressed in terms of ACY,
Q1= Vg (Cy, + ACYH). (3-32)

From Equation 3-32, a mean charge, (1, and a change in change, AQ); are defined;

€A
Qi = —Vp (3-33)
do
and
AQl - AC’1VB. (3_34)

Substituting Equation 3-24 and Equation 3-29 into Equation 3-32, the final
expression for the linearized charge on the capacitor is
g/
Q1 = Vp(y, (1 + —) . (3-35)
9o
To find the output voltage of a single-backplate condenser microphone with a
constant voltage, the interface circuity must also be considered. Shown in Figure 3-

7 is a single backplate microphone connected to a charge amplifier. The details of

the DC bias circuitry are not shown. One plate of the microphone is biased with
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a DC voltage Vg, while the other plate is connected to the inverting input of an
operational amplifier. The non-inverting input is grounded. A feedback capacitor,
CY, is placed in the feedback path from the output to the negative input. Due to
negative feedback, the other plate of the microphone is held at small signal ground

[116).

—T—0

Figure 3-7. Simplified circuit of a single-backplate condenser microphone and a
charge amplifier.

The charge amplifier stores the input charge, );,, on the feedback capacitor to
generate an output voltage equal to

%

‘/ou -
t Cf

(3-36)

The input charge is the time varying component of the charge on the capacitor,
AQ1, given by Equation 3-34. Therefore, the output voltage of the microphone is

written as
AC,
Cy

Vour = V. (3-37)

Substituting Equation 3-29 into Equation 3-37 gives the linearized output voltage,

V301
‘/:)u — _° 0 /.
t % Cfg

(3-38)

To find the final expression for the output voltage, the center deflection of the

diaphragm given by Equation 3-8 is substituted for ¢’. Therefore the output
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voltage of the single backplate capacitive microphone with a constant voltage is
given by
VB Clo a4

Vou = —p— . 3-39
lov b go Cr 64D ( )

However, it is noted that this expression for the output voltage does not consider
the effects of the rest of the microphone structure including the cavity. This is
further investigated in Section 3.2.

It is also useful to study the electrostatic force on the diaphragm. As shown in
Figure 3-6, the backplate and diaphragm are directly biased with a constant volt-
age. This voltage creates an electrostatic force that tends to move the diaphragm
towards the backplate as indicated in the figure.

The electric field in the air gap between the diaphragm and backplate is given

by [23]
v
E=-% (3-40)
g
The electrostatic energy density, u, [J/m?], in the air gap is given by
ue = 3607, (3-41)
therefore, the total energy is
m:/%w, (3-42)

%
where V is the integration volume between the two plates. Assuming a parallel

plate capacitor and neglecting fringing fields, this volume is equal to A-g; thus u,
is constant over the volume. Substituting Equation 3-40 and Equation 3-41 into

Equation 3-42 gives [23]

EoAV32
U, = , 343
3 (3-43)
which is rewritten as
1
U, = -C1 V5% (3-44)
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For two parallel plates biased with a constant voltage, the electrostatic force is

given by

dU,
F. =+ ( ) (3-45)
dg VB=const

By substituting Equation 3-44 into Equation 3-45 and recalling that C is a

function of ¢’ as given in Equation 3-22, the electrostatic force is written as

,dCy

F, =1y,
B dg’

2

. (3-46)

Thus the final equation for the electrostatic force for a constant voltage is given by

e o

The electrostatic force given in Equation 3-47 is in the positive x direction,
which causes the diaphragm to deflect up towards the backplate. Furthermore,
the electrostatic force increases as the diaphragm moves closer to the backplate,
approaching infinity as the gap becomes very small. Without a restoring force,
the diaphragm would always collapse into the backplate. In Section 3.2.7, the
relationship between the restoring force of the diaphragm and the electrostatic force
is investigated. In addition, the force is proportional to 1/go — ¢’ 2 which introduces
a nonlinearity if the deflection, ¢’ is large. However, at large deflections, the
accuracy of this model would suffer because the two plates are no longer parallel. A
more general model accounting for a non-parallel plate capacitor is investigated by
Pedersen [117]

Constant charge. The single-backplate capacitive microphone is now
considered with a voltage bias applied through a large resistor. This applies a
charge (g on the capacitor that is approximately constant. The resistor, R,, and
device capacitor determine a time constant with an associated high-pass filter

corner frequency that is typically chosen to be below the lowest frequency of

interest. For inputs above this corner frequency, the charge on the capacitor is
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essentially constant [49]. A model of the microphone in this configuration is shown
in Figure 3-8.

X
A Backplate

1 go EEE I [ O .
+ + +A+F F F + + + + + + o+ o+

Diaphragm t

Figure 3-8. Electrical model of a single-backplate condenser microphone with volt-
age source applied through a large resistor.

The gap and capacitance are given by Equation 3-20 and Equation 3-22,
respectively. The voltage across the capacitor, Vi, is given by V; = Qp/C;. Thus,

Vi is
290—9/

‘/1 EoA

p. (3-48)

Unlike the nonlinear charge from the constant voltage analysis, given in Equa-
tion 3-31, the voltage across the capacitor biased with a constant charge is linear
with respect to ¢’. Equation 3-48 may be defined in terms of the nominal capaci-

tance, C4,, and the change in capacitance, ACY, such that

s

= Ch, + ACY

(3-49)

Figure 3-9 shows the microphone connected to a voltage buffer. One plate of
the microphone is connected to the voltage source, while the other is connected
to the amplifier. This second plate is also connected to ground through a large
resistor. The high pass filter formed by R, and C forces the DC voltage on the
second plate to equal zero, but for frequencies above 1/ (27 R,C,), the voltage on

this plate is free to change.
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out

Figure 3-9. Simplified circuit of a single-backplate condenser microphone and a
voltage amplifier.

This bias arrangement results in a fixed DC charge on the capacitor given by

Qp = C1,Va. (3-50)

Therefore, the voltage across the capacitor, Vi, is given by

C1, VB
Vi= —2 . 3-51
LT O, + AG (3-51)
By expressing Vi as V| = Vg — V4, where V,,; is the output voltage of the
microphone (and the buffer amplifier), Equation 3-51 is rewritten as
C1, Ve = (C1, + ACY) (VB — Vour) - (3-52)

By expanding and simplifying Equation 3-52, the following expression for the

output voltage is obtained,
ACH
(&

Vour = V. (3-53)

Substituting Equation 3-26 and Equation 3-22 into Equation 3-53 yields

g/
‘/out = _VB (3*54)
g0

for the output voltage. This expression is linear with ¢’ and linearization is not

necessary. Substituting Equation 3-8 into Equation 3-54 results in the final
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expression for the output voltage,

VB CL4
Vo = —p B4 355
tT TP 64D (3-55)

However, in a physical implementation of a single-backplate condenser micro-
phone and voltage amplifier, the effects of parasitic capacitance and the amplifier
input capacitance must be considered. Figure 3-10 shows the single-backplate mi-
crophone with a bias resistor and voltage buffer as before; however, now a parasitic

capacitance, C), and an input capacitance, C;, have been added.

out

Figure 3-10. Circuit model of a single-backplate microphone and a voltage amplifier
with parasitics.

For this configuration, the bias charge is still given by Equation 3-50. How-
ever, when the voltage at the input to the amplifier changes, there is charge sharing
between the microphone capacitance and the parasitic and input capacitances.
Therefore, Equation 3-52 becomes

Ci,Ve = (C1, + ACY) (VB —Vour) + (Cp+Ci) (0= Vour)
~—— .

(. J N

initial charge on charge lost ; (3756>
charge microphone to sharing

the initial charge, (g, the charge on the microphone capacitor and the charge lost
due to charge sharing are shown. Solving Equation 3-56 for V,,; gives the output

voltage for a constant bias charge,

ACH

V;)ut oc = 01 +—Cp T CZ VB.

(3-57)
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Note that when C), and C; are present, the charge on the microphone capacitor
is not constant. However, the total charge in the system is constant. Comparing

Equation 3-57 to Equation 3-53 gives an attenuation factor, Hq, defined as

i

Ho=— "t
Ci+Cp+C;

(3-58)

This result quantifies the signal loss due to the parasitic and input capac-
itances and agrees with previously published analysis [55]. The term, H,, is a
function of the top capacitance value, C'y. Therefore, H, is not constant as the
pressure loading varies on the microphone. This introduces a non-linearity into
the output voltage because the output voltage is no longer linearly proportional to
the incident pressure. In general, as the total parasitic capacitance increases, the
non-linearity increases. This behavior is further explored in Section 3.1.3.

Next, the electrostatic force between the backplate and diaphragm is con-
sidered. For this analysis, the effects of the parasitic and input capacitances are
assumed to be negligible so that the charge on the capacitor remains constant. The
electric field between the backplate and the diaphragm when biased with a constant

charge is given by [23]
_ s

E .
EOA

(3-59)

The electrostatic energy density, u., is given by Equation 3-41 for this case as
well. By substituting Equation 3-59 into Equation 3-41 and Equation 3-42, the

following expression for the electrostatic energy is obtained,

Ue = / = Q_Bzdv (3760)
260142
V=A.g

The integration volume, V, is the region where the electric field exists and is equal

to A-g. Assuming the backplate and diaphragm are parallel, the electrostatic
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energy is given by [23]

2
U, ::%%?I. (3-61)

The electrostatic force between two conductors with a constant charge is given

by [23]

dU.
n:_(U> (3-62)
dg Qp=const

By substituting Equation 3-61 into Equation 3-62, the following expression for the

electrostatic force is found,

Qs” d (1
Fo=—"-—1—=; 3-63
2 dg/ Cl ( )
where, dg’ = —dg. Solving this expression gives the final result for the electrostatic

force between two parallel plates with a constant charge,

_ Qp

“‘lec ™ 2eA’

(3-64)

Unlike the electrostatic force with a constant voltage, this force is constant regard-
less of the diaphragm’s position.
3.1.2.3 Dual-backplate condenser microphone

The previously derived results for the output voltage and electrostatic force
are applied to the dual-backplate condenser microphone. Similar to the treatment
of the single-backplate microphone, the dual-backplate capacitive microphone is
considered with DC voltage applied directly to the microphone and applied through
a large resistor. Furthermore, for the dual-backplate microphone, bias voltages of
equal magnitude and opposite sign are applied to the two backplates.

Constant voltage. A dual-backplate capacitive microphone biased with
two voltage sources connected directly is shown in Figure 3-11. It is assumed
that all three plates have the same radius, a, and surface area given by A = wa?.

Furthermore, the nominal air gap between the diaphragm and each backplate is

assumed to be equal to go. The diaphragm is perturbed a distance ¢’, which causes
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the top air gap to be reduced and the bottom air gap to be increased; the air gaps
are given by

g =9 -9, (3-65)
and

92=9g0+9. (3-66)

X
A Top Backplate
1g, = s Y s [ s [ s [ |

I Y o s Y |
Bottom Backplate

Figure 3-11. Dual-backplate condenser microphone with directly connected bias
voltages .

The derivation of the output voltage of the dual-backplate capacitive micro-
phone with a constant voltage follows the method used for the single-backplate

microphone. The top and bottom capacitances, respectively, are

EoA
= , 3-67
' go— 9 ( )
and
EoA
Cy = ) 3-68
T gtd ( )

Similar to (', Cy is expressed in terms of a mean capacitance, Csy,, and a change in
capacitance, ACy, such that
Cy = Cy, + ACS. (3-69)
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The change in the bottom capacitance is found in the same manner as that for

the top capacitance. Equation 3-69 is rewritten as

EoA EoA

% T g’ — I + ACQ (3*70)
Solving this for AC, results in
g’ GOA
ACy = Twhmtd (3-71)

Similar to ACY, Equation 3-71 is the change in capacitance Cy, scaled by the factor
(¢'/g90). However, the change in Cy has the opposite sign of the change in Cy. This
differential capacitance change is a key feature of the dual-backplate microphone.

Furthermore, the linearized change in bottom capacitance is

/
A
AC, = — L 202, (3-72)
Jo Yo

The charge on the two capacitors, C; and Cj, is
Q1= Vg (Cy, + ACYH), (3-73)

and

QQ — —VB (CQO —|— ACQ) . (3*74)

The dual-backplate condenser microphone is now considered with a charge
amplifier as shown in Figure 3-12. The top backplate is biased with +Vp and the
bottom backplate is biased with —Vg. The diaphragm is connected to the input of
the charge amplifier and is held at small signal ground. The DC voltage level of the
diaphragm is set by a bias resistor not shown in the figure.

As before, the gain of the charge amplifier is given by Equation 3-36. There
are two components to the output voltage; one from each capacitor. The input
charge, AQ), is the sum of AQ; and AQ)5. These are found from Equation 3-73 and

Equation 3-74, using the linearized form of the capacitance changes; and are given



81

e i
C1 7} ‘ ‘
- Qin
} l‘/out
Cz %t
';s —

Figure 3-12. Electrical model of a dual-backplate capacitive microphone with a
charge amplifier.

by
AQy = VBclog_/; (3-75)
90
and
AQy = VBC%g—;. (3-76)

Assuming that the areas and nominal gaps are the same for each capacitor,

Cy, = Oy, and AC; = AC,. Thus, the total input charge is twice that of the
single-backplate capacitive microphone. Furthermore, the output voltage, which is
given by

Vour =2———g¢, 3-77
t % C’fg ( )

is also twice that of the single-backplate capacitive microphone ( Equation 3-38).
By substituting the diaphragm deflection, given by Equation 3-8, for ¢/, the final
expression for the output voltage of a dual-backplate capacitive microphone biased

with a constant voltage is determined;

VB Clo (14
V90 C; 64D

Vour| =2 3-78
! cv ( )

Next, the electrostatic force acting on the diaphragm is considered. There are

two components to the force, one from the top backplate and one from the bottom
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backplate. The electrostatic force due to the top backplate, F.,, and the force
due to the bottom backplate, F.,, are found in the same manner used to derive

Equation 3-46 as follows,

dcy
17/ 2
F. =3V i (3-79)
and
dcC.
17, 2202
F.,=3Vp i (3-80)
Evaluating these expressions using Equation 3-67 and Equation 3-68 gives
A
F., = v2—0 (3-81)
(90— 9')
and
A
F, = —ly2—02 (3-82)
: 27 (go+g)

The two electrostatic forces act in opposite directions. This arises because
the electrostatic force between the diaphragm and each backplate is attractive;
thus the diaphragm is pulled towards the backplate. Therefore, F,, is directed in
the positive x direction, and F,, is directed in the negative x direction. The total

electrostatic force acting on the diaphragm is equal to F,, + F,,,

A A
F| = %VBQEO—,Q - %VBQEO—IQ; (3-83)
Ve (90— 9') (90 + ')
further simplification yields
A /
F| =ovp 09 (3-84)
Ve (90> — ¢

The electrostatic force for the dual-backplate capacitive microphone with a
constant voltage is less than that of the single-backplate microphone, although

the force still approaches infinity as the diaphragm moves towards either backplate.
When the diaphragm is in the rest position, the magnitude of the electrostatic

force is equal to zero. When the diaphragm is perturbed, the electrostatic force is
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directed towards the nearest backplate; thus if ¢’ is positive, F, is directed in the
positive = direction and if ¢’ is negative, F, is directed in the negative x direction.
Constant charge. The final electrostatic case is a dual-backplate condenser
microphone biased with voltage sources applied through a large resistor. Similar
to the single-backplate case, this sets up an approximately constant charge on the
microphone capacitors. As shown in Figure 3-13, a positive voltage is applied to
the top backplate and a negative voltage is applied to the bottom backplate. This

results in opposite charges on the two capacitors.

Top Backplate

go I o [ [ [ [ [

+ + + + + + + + + + + + + + o+
g4 Qs VB

¢ TeEest—— ~

0 ‘++++++++|++++++++Rb
Diaphragm )
Vs
g2
-Qs

Bottom Backplate

Figure 3-13. Dual-backplate condenser microphone biased with voltage sources
connected through a large resistor.

The top and bottom air gap distances are given by Equation 3-65 and
Equation 3—66, and the top and bottom capacitances are given by Equation 3-67

and Equation 3-68, respectively. The voltages across each capacitor are

_ Yo — g B
and
_ g+td 3
Vy = A Qp. (3-86)

As was the case with the single-backplate capacitive microphone, the voltages given

in Equation 3-85 and Equation 3-86 vary linearly with ¢'.
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Similar to the analysis of the single-backplate microphone with constant
charge, the capacitances are defined in terms of a nominal capacitance and a

change in capacitance. Thus, Equation 3-85 and Equation 3-86 become

QB .
%—C%+Aq’ (3-87)
and
Qs B
Va= Ch, + ACY’ (3-88)

where ACY is given by Equation 3-26 and AC; is given by Equation 3-71.

The microphone is considered with a voltage amplifier as shown in Figure 3-14;
the microphone is represented by C; and C5. The top and bottom backplates are
biased with voltages Vg and —Vp, respectively. The bias resistor, R, holds the
DC voltage of the diaphragm at 0 V. However, for frequencies above the cut-on
frequency, 1/27 R, (Cy, + Cy,), the voltage of the middle plate is free to change
while the charge on each microphone capacitor remains constant (neglecting the
effect of the parasitic and input capacitances).

VB
c, ;zi
+ vV
Cp C,- out
Czyi R .
b

-V, = =

Figure 3-14. Simplified circuit of a dual-backplate microphone and a voltage ampli-
fier.

The charge stored on each capacitor due to the bias voltage is () = CyV3, thus
the voltage, Vi, across the top capacitor and the voltage, V5, across the bottom

capacitor are
C1,VB

Vi=
T O, + AG

(3-89)
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and

v CaVs
2T Oy + ACy

(3-90)

To find the output voltage, the initial and final charge on each capacitor is
analyzed. The principle of superposition is used, where each voltage source is
considered individually. Thus there are two components to the output voltage.
Therefore, only one of the capacitors has an initial charge for each component.

For the dual-backplate microphone, one device capacitor acts as a parasitic
capacitor for the other device capacitor. Therefore, there is charge sharing between
the two capacitors, even without considering the effects of parasitic and input
capacitances. While the charge on each capacitor may not be strictly constant, the
total charge in the system is constant. Generally, the initial and final charge for
each capacitor is not the same. However, for the case of equal mean capacitances,
equal capacitance changes, and no parasitic and input capacitance, the charge on
each capacitor is constant.

For now, the effects of the parasitic and input capacitances are neglected. First
the initial charge from the top capacitor is analyzed; thus, the voltage source for
Cy, (—=Vp), is set to 0. The initial charge is equal to @1, = C1,Vp and is equated to

the final charge as shown

C1, Ve = C1V1 + C)Vs, (3-91)

where the voltage V5 is equal to 0 — V,,;. Note, that the charge from C] is free to
move to Cy. Indeed, it must to satisfy the relation ) = CV for each capacitor.

Therefore, Equation 3-91 can be expanded to
C1, Ve = (C1, + ACL) (VB = Vour) — CoVour, (3-92)

and solving for V,,; due to C gives

ACH

Voo, = =LV 3-93
oA (3-93)
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Similarly, the initial charge on the bottom capacitor, Q)2 = —C5, V3, is equated

to the final charge with the voltage source for C} set to 0,
— Oy, Vg = CoVa + C1 V7, (3-94)
where the voltage V; = 0 — V,;. Equation 3-94 is re-written as
— Oy Ve = (Coy + AC) (—VB — Vour) — C1 Vs (3-95)

The output voltage due to Cj is

B —AC,
O+ O,

V. (3-96)

V;thQ

The total output voltage is the sum of Equation 3-93 and Equation 3-96,

AC, — AC,
Vi = —L— 222y, 3-97
t c,+0, P (3-97)

By substituting Equation 3-26, Equation 3-71, Equation 3-67, and Equation 3-68

into Equation 3-97, the output voltage is simplified to
g/
Vour = —V5. (3-98)
9o

The final expression for the output voltage is found by substituting Equation 3-8

into Equation 3-98,
VB a4

Viut = —p—2——. 3-99
! go 64D (3-99)

Considering the effects of the parasitic capacitance, C,, and the input capaci-

tance, C;, Equation 3-97 becomes

AC, — AC,

Vol oo = Cr ¥ Co+ G, + €

V. (3-100)
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Comparing the output voltage given in Equation 3-100 to that in Equation 3-97,

gives the attenuation factor, H,., for the dual-backplate microphone as

H - C1+ s
C O+ G+ C+ Gy

(3-101)

Similar to the single-backplate microphone with a voltage amplifier, the output of
the dual-backplate microphone packaged with a voltage amplifier is linear when
the effects of parasitic capacitances are not considered. The impact of H. on the
linearity is investigated in Section 3.1.3.

Now the electrostatic force acting on the diaphragm is considered. There are
again two components to the electrostatic force; one from the top backplate and a

second from the bottom backplate. The two electrostatic forces,

Q5’
F, =—— 3-102
1 2€0A ( O )
and
Qp’
F,=-—" 1
2 2¢pA’ (3-103)

are found using the same method used to derive Equation 3-64. These two

forces are equal in magnitude and opposite in sign. The force due to the top
backplate, F,, is directed in the positive x direction and the force due to the
bottom backplate is directed in the negative x direction. The total force acting on
the diaphragm is the sum of the forces given in Equation 3-102 and Equation 3—
103, thus the total electrostatic force is zero as long as the charge remains constant,

¢ VB 2€0A 260A

(3-104)

3.1.2.4 Linear electrostatic analysis summary
Several observations can be made by comparing the results of the four cases.

Table 3-1 lists the sensitivities of both the single-backplate and dual-backplate
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microphones biased with a constant charge and a constant voltage, assuming
parallel plate motion. The sensitivity of the dual-backplate condenser microphone
is twice that of the single-backplate microphone when the bias voltage is applied
directly.

However, for condenser microphones biased through a large resistor, as is
the case when the microphone is used with a voltage amplifier, the sensitivity
of the single-backplate and dual-backplate microphones are the same. This can
be understood physically by comparing Equation 3-53 to Equation 3-93 and
Equation 3-96. All three equations have the same basic form; the ratio of a change
in capacitance to the full capacitance value, scaled by a bias voltage. The output of
the dual-backplate microphone is the sum of two components: Equation 3-93 and
Equation 3-96. Assuming that the geometry of the top and bottom capacitors are
the same, these two components of the output voltage are half of the value of the
output voltage of the single-backplate microphone, given in Equation 3-53. This is
because the denominator for the dual-backplate microphone, Cy + Cs, is twice as
big as the denominator of the single-backplate microphone, C';. Thus the output
of the dual-backplate microphone is the sum of two components, each one half the

magnitude of that of the single backplate microphone.

Table 3-1. Summary of theoretical linear sensitivity of condenser microphones.

Direct biasing Bias resistor
(constant voltage)  (constant charge)

. VB Cl a4 VB CL4
Single backplat VB B a
ingle backplate 4 C; 61D 40 64D
Ve C1, a Vs at

Dual backplat ——=_t___ —_
Hal backplate g0 Cy 64D 9o 64D

A summary of the electrostatic forces is given in Table 3-2. The electrostatic

force acting on the diaphragm is similar for both the single-backplate microphone
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and dual-backplate microphone directly connected voltage sources. While the
magnitude is less for the dual-backplate microphone, both forces approach infinity
as the diaphragm nears a backplate. For the constant charge case, the force is
constant for the single-backplate microphone and it is equal to zero for the dual-

backplate microphone.

Table 3-2. Summary of the electrostatic force acting on the diaphragm of capacitive

microphones.
Direct biasing Bias resistor
(constant voltage)  (constant charge)

A 2

Single backplate %‘/}5;26072 @5
(go — g’) 2€0A

A /
Dual backplate 2‘/]32%092 0
(90> —9)

Theoretically, this implies that the condenser microphones biased through a
large resistor never experiences dynamic electrostatic collapse of the diaphragm.
This agrees with the analysis presented by Hunt, where he concludes that the
electric field produced by the constant charge is essentially constant as the dia-
phragm moves [49]. This is not the case physically because the derivation of the
electrostatic force assumed parallel plate capacitors; this assumption is not valid as
the diaphragm approaches a backplate. The dynamic, non-linear pull-in analysis is
beyond the scope of this discussion, further discussion can be found in [118].

3.1.3 Non-linear Static Electromechanical Analysis

In this section, the non-linear behavior of condenser microphones is explored.
First, a capacitance model will be developed that considers the effect of the non-
uniform gap. Then the electrostatic and mechanical non-linearities are examined

to show the impact of the electrostatic non-linearity for the four cases previously
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discussed. This was previously investigated by Warren et al. [113, 114] and Donk et
al. [115]. The following analysis expands on their work.
3.1.3.1 Non-uniform gap capacitor

The previously developed expressions for the sensitivity assumed that the
capacitance between each backplate and the diaphragm was a parallel plate
capacitor. This approximation was useful to provide physical insight into the
behavior of the microphone as well as scaling information. However, to more
accurately predict the sensitivity, a more accurate model of the capacitance is
needed.

Consider the geometry shown in Figure 3-15; now the air gap is no longer
assumed to be uniform. The deflection is assumed to be small such that the charge
density on the surface of the plates is constant; furthermore, the backplate holes are

neglected.

Backplate

@ @ W O O O |
+ +++ ++++++++++++

T 9

Diaphragm

0 r

r a

=1 r
—>»

Figure 3-15. Model of the top capacitor with a non-uniform air gap.

The capacitance is directly found from the following [23],

_© -
/E-ds == (3-105)

+

For two conductors with an infinitesimal area of dA and with opposite surface

charge densities of magnitude o, the electric field, E, between the two conductors is
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—%X0/ey. A capacitance, dC, exists and is given by

ac =

€0 Jgry . (3-106)

By noting that d@ = odA, Equation 3-106 is rewritten as

€0 dA

e = g(r)

(3-107)

The total capacitance is found by integrating over the entire area of the
conductors. The gap distance, g(r), is equal to the nominal gap distance, go, minus
the plate deflection given by Equation 3-7. Therefore, the capacitance is found by

evaluating the following integral,

a

C:

2megr
3 a0 —w(©) [1- ()]

This integral was solved numerically using MathCad; it has two solutions: one for a

dr. (3-108)

positive diaphragm deflection and one for a negative deflection,

arctanh( w(0)> 2
% ) eoma w(0) > 0
w(O) Jo
C = — . (3-109)
arctan (w%{p) cora
w0) < 0
—w(0) 90
X 90

The capacitance given in Equation 3—109 is the mean capacitance multiplied
by a scale factor. When the diaphragm deflection is zero, the scale factor is one;
therefore the capacitance is exactly that predicted by the simple parallel plate
model. For this condition of zero deflection, the plates are indeed parallel. The

non-uniform gap and the parallel plate capacitances are plotted in Figure 3-16
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versus the diaphragm deflection. The change in capacitance for the non-uniform

gap capacitance model is less than that predicted by the parallel plate model.

x10%

— — —Variable gap
Parallel plate

Top Capacitance (F)

-0.5 -0.25 0 0.25 0.5
Diaphragm center displacement normalized by gap

Figure 3-16. Capacitance of the top backplate as predicted by the non-uniform
gap model and the parallel plate model as a function of diaphragm
displacement.

The behavior of the non-linear capacitance is of particular interest for small
displacements, as this is related to the nominal sensitivity of the capacitive
microphone. The expression for the capacitance given in Equation 3—109 is
simplified using a Taylor series expansion, assuming the deflection is small [119].

The quantity /w(0)/go is replaced by x. The functions arctanh x and arctan = are

simplified to
3

arctanh z = x + %, (3-110)
and
3
arctan xr = x — 3 (3-111)

respectively. This Taylor approximation has less than 1 % error when the dia-
phragm center displacement is less than 21 % of the nominal gap. The 2 term
appears in both Equation 3-110 and Equation 3-111 with opposite signs, there-
fore a single expression for the capacitance is found that is valid for both positive

and negative diaphragm deflection. Using Equation 3-110, Equation 3—-111, and
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Equation 3-109, and by writing w(0) as ¢/, the capacitance is approximated as
c0A 1¢ )

Cepr=—1(14+=-=—]. 3-112
=2 (1452 312
By comparing Equation 3-112 to Equation 3-30, the change in capacitance
is one third of that predicted by the parallel plate model. Therefore, the changes

in the top and bottom capacitance, given by Equation 3-26 and Equation 3-71

respectively, are rewritten as

1 g, EoA
ACleff = 5%90 —g/' (3*113)
and
1 g/ GOA
AC: = ——= . 3-114
Rers 39090+ 9 ( )

Furthermore, the total capacitance of the top and bottom capacitors becomes

A 1qg €A
Cy,,, =20 28 9C (3-115)
‘ 9o 39090 — 9
and
A 14g A
Cy,,, =28 29 Q7 (3-116)
go 3G90 +g
Linear approximations of Equation 3—115 and Equation 3-116 are
1qg
Ch,yy, = Ciy (1 + §%> ) (3-117)
and
14g
C2effL - 020 (1 - 5%) . (3*118)
Furthermore, the linear changes in capacitance are
14¢ €A
ACy,, =-L28 (3-119)
L340 9o
and
14 €A
AC,,,, =—=L28 (3-120)
o 390 9o
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The one third factor is also present in the effective area (Equation 3-137
developed in Section 3.2.1); thus the capacitances given in Equation 3-119 and

Equation 3-120 are rewritten as

9/ €0Aeff
AC = = 3121
I g0 g ( )
and
9’ EOAeff
AC. = == 3-122
Zelin Jdo 9o ( )

The previously derived results for the capacitive microphone sensitivity are
accurate if the effective area is used rather than the physical area. This agrees with
the results obtained by [115].

In Figure 3-17, the top capacitance predicted by the non-uniform gap model
(Equation 3-109) is compared to the capacitance predicted by the non-linear
uniform-gap model (Equation 3-115) and the linear uniform-gap model (Equa-

tion 3-117). Both uniform-gap models are used with the effective area.

x10®
10

— — = Variable gap 2
. 7/
ol — Parallel plate with A o

Linear parallel plate with Aeff

Top Capacitance (F)

-0.5 -0.25 0 0.25 0.5
Diaphragm center displacement normalized by gap

Figure 3-17. Capacitance of the top backplate as predicted by the non-uniform gap
model and effective area approximation model.

The effective area model bridges the parallel plate model and the non-uniform
gap model. It may be achieved by either assuming small deflection for the full non-
uniform gap model or by using the effective area, A.ss, in the parallel plate model.

All models are well matched for small deflections. Therefore, the linear capacitance
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with the effective area is used to accurately predict the microphone behavior for
small deflections. In addition, it has the advantage of a simple expression that
provides scaling information.

3.1.3.2 Condenser microphone non-linearity

In the section, the effect of the mechanical non-linearity, as well as the non-
linear capacitance on the performance of condenser microphones is examined.
Previous work by Pedersen et al. has studied the non-linear behavior of single
backplate condenser microphones with square diaphragms [120].

As part of the previous electrostatic discussion, the sources of electrostatic
non-linearity were identified. For microphones biased directly with a voltage source,
a non-linearity is introduced into the AC' quantities by the g,+¢’ term in the
denominator; as shown in Equation 3-26 and Equation 3-71. It was also shown
that microphones biased through a large resistor did not have non-linearity, in the
absence of parasitic capacitance.

However, when the models are modified to include the effective area, non-
linearities are introduced into the voltage amplifier cases. Consider the single-
backplate capacitive microphone biased with a constant charge. The output voltage
is given by Equation 3-53. Substituting Equation 3-113 and Equation 3-115 into

Equation 3-53, the output voltage becomes

1 g/ GOA
_ 39090 — ¢’ .
Vol g =ty AV (3-123)

go 39090 — ¢

This is simplified to

Vit _ 39y, (3-124)
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Therefore, the output voltage is no longer linearly proportional to ¢’. The non-

linearity in the output voltage is defined as

‘/outL - ‘/outNL

WNL =
’ V;utL

x 100. (3-125)

The impact of the non-uniform gap on the output voltage non-linearity can
be seen by comparing Figure 3-18(b) to Figure 3-18(a). The non-linearity for the
charge amplifier cases is unchanged by the non-uniform gap model. Conversely, the

non-linearity for the voltage amplifier cases is increased.
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O Single BP w/ CA O Single BP w/ CA
O Single BP w/ VA O Single BP w/ VA
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Non-dimensional pressure Non-dimensional pressure
(a) Ideal parallel plate model. (b) Parallel plate model with A
0.25 T T 0.25 T -
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0 0.05 0.1 0.15 0.2 0.25 0.3 0 0.05 0.1 0.15 0.2 0.25 0.3
Non-dimensional pressure Non-dimensional pressure
(¢) Full non-uniform gap model. (d) Non-uniform gap with non-linear deflec-
tion

Figure 3-18. Non-linearity of the single-backplate and dual-backplate microphones
with both a charge amplifier and a voltage amplifier. Four different
levels of modeling are compared.
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As shown in Figure 3-17, the effective area parallel plate model over-predicts
the capacitance change compared to the non-uniform gap model. Furthermore,
the non-linearity is less for the four microphone cases when the non-uniform gap
model is used to predict the microphone output, as shown in Figure 3-18(c). The
effect of the electrical non-linearity is to cause the change in capacitance to become
greater for higher incident pressures. However, the mechanical non-linearity causes
the diaphragm deflection to be less at higher pressures. These two non-linearities
oppose one another; thus the non-linearity for the four microphone cases is lowest
when the effect of the mechanical non-linearity is considered, as shown in Figure 3-
18(d).

Another point of interest is that the non-linearity of the dual-backplate
microphone is much lower than the single-backplate microphone, regardless of the
type of interface circuitry used. Physically, this is due to the differential nature of
the dual backplate microphone. The ideal capacitance changes are of opposite sign.
Furthermore, the non-linearities for the capacitance changes are of opposite sign;
thus they oppose each other.

Ideally, both the single-backplate microphone and the dual-backplate mi-
crophone do not have any electrostatic non-linearity when used with a voltage
amplifier. However, previously it was shown that the non-uniform gap introduces
a non-linearity. Another source of electrostatic non-linearity for microphones used
with voltage amplifiers is the parasitic capacitance. The output voltage vs. pressure
non-linearity of a single-backplate microphone and dual-backplate microphone
are shown in Figure 3-19(a) and Figure 3-19(b), respectively. The effects of the
non-linear deflection are neglected to isolate the effect of the parasitic capacitance.
Without a parasitic capacitance, the non-linearity of the voltage amplifier is less
than that of the charge amplifier. As the parasitic capacitance becomes larger, the

non-linearity approaches that of the charge amplifier cases.
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Figure 3-19. Non-linearity of both the single-backplate and dual-backplate micro-
phones for varying values of parasitic capacitance

3.2 Lumped Element Modeling

To further study the theoretical behavior of the microphone, a lumped element
model (LEM) is developed. The microphone is a complex three dimensional
structure. By utilizing a lumped element model, the distributed properties of the
microphone are represented by a set of lumped elements. However, for a lumped
element model to be a valid representation of the system, the wavelength of interest
must be much larger than the length scale of the device. For the microphone, this
means that the wavelength of the incident acoustic wave must be much larger than
the diameter of the diaphragm [21].

To construct the lumped element model, the mechanical and acoustic proper-
ties of the microphone are represented by equivalent circuit elements. Each energy
domain is represented by a pair of conjugate power variables; which in general are
effort and flow. An impedance analogy is used, such that the impedance relates the
effort, e, to the flow, f, via e = Z-f. For example, in the electrical domain, the
effort variable is voltage and the flow variable is current. In each energy domain,

the product of the effort and flow variables is power. A summary of the conjugate
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power variables for the mechanical, acoustic, and electrical domains are given in

Table 3-3.
Table 3-3. Lumped element modeling conjugate power variables.
Energy Domain Effort Flow Displacement
Mechanical Force [N] Velocity [Z] Position [m]
Acoustic Pressure [%] Volumetric Flow [”;3] Volume [m?’]
Electrical Voltage [V] Current [A] Charge [C]

There are several types of elements that comprise a lumped element model.
Energy is supplied to the system through effort and flow sources. Transduction
between energy domains is represented by controlled sources or transformers. There
are three passive elements: the generalized resistor, the generalized capacitor, and
the generalized inductor. The generalized resistor represents energy lost through
dissipation. The generalized capacitor represents the storage of potential energy,
while the generalized inductor represents the storage of kinetic energy. Each of the
lumped elements in an LEM can be in any energy domain; the lumped elements
for the mechanical, acoustic, and electrical energy domains are listed in Table 3-4.
For example, in the electrical domain, potential energy is stored in a capacitor;
while in the mechanical domain, potential energy is stored in a spring. However,
it is common to refer to the mechanical generalized capacitance in terms of a

compliance rather than a spring; the compliance is given by 1/k.

Table 3-4. Lumped elements for various energy domains.

Energy Domain Generalized Generalized Generalized
Resistance Capacitance Inductance
Mechanical R,, [%] Cm [%] M, [kg]
Acoustic R, [%] C, [%5} M, [%}

Electrical R [Q] C [F] L [H]
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A relationship between a mechanical impedance and an equivalent acoustic

impedance may be found. A general impedance, Z, is defined as

Z=7 (3-126)

where e and [ are generalized effort and flow, respectively. In the mechanical do-
main, force, F, is the effort variable and velocity, v, is the flow variable. Therefore
the mechanical impedance is

Ty = (3-127)

F
o
Similarly, in the acoustic domain the effort variable is pressure, P, and the flow

variable is volumetric flow, Q; thus
Ly = —. (3-128)

An effective area, A.s; can be defined such that P = F/A.¢y and Q = vA.sy.
Physically, the effective area maintains continuity of volume velocity between the
acoustic and mechanical domain. By substituting these expressions for P and @
into Equation 3-128, the acoustic impedance is written as

F  Z,
S wAgt A

Z, (3-129)

To model the transduction between energy domains, an ideal transformer is
used. The circuit model of a transformer is shown in Figure 3-20. The ideal trans-
former transforms power from one energy domain to a second energy domain. The
relationship between the effort and flow for the two energy domains is described by

[21]

— h , (3-130)
Ja 0 — N
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where n is the turns ratio of the transformer. The orientation of positive polarities

and direction of positive flows are shown in Figure 3-20.

f, f2
» 1

313

Figure 3-20. Symbol for the transformer LEM element.

The lumped elements for the microphone are found by isolating various
aspects of the microphone and analyzing energy storage and dissipation. First,
each element is found and then assembled to construct the complete equivalent
circuit model of the microphone. Analysis of the equivalent circuit yields closed-
form estimates of various performance metrics, including the bandwidth and
pull-in voltage. These closed-form solutions provide insight into the scaling of the
microphone performance metrics as well as providing a set of design equations.

A naming convention is used for the lumped elements throughout this dis-
sertation. A lumped element is written as Z,,,, where Z is either a resistance,
capacitance, or inductance, m is the energy domain, and n is an abbreviation for
the element. For example, C, .4 is the acoustic cavity compliance.

3.2.1 Diaphragm

To find the lumped element representation for the diaphragm, the distributed

diaphragm is modeled as a clamped circular plate and lumped to a piston of mass,

M, », and a spring with compliance, Cy, , as shown in Figure 3-21% . The area

> The general parameters M, , and C,,, are used and can be applied to the dia-
phragm as well as the two backplates.
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of the piston is not the area of the diaphragm, rather it is chosen to maintain
continuity of volume velocity between the physical diaphragm and piston model.
The pressure on the piston is assumed to be uniform and the lumped elements will
be found such that the piston deflection for a given pressure is equal to the center

deflection of the diaphragm for the same pressure.

RS A

Distributed plate Lumped plate

Figure 3-21. Spring and piston model for a distributed diaphragm.

3.2.1.1 Mechanical lumped parameters
The storage of potential energy as the plate deflects is represented by a lumped
compliance. The derivation is given in Appendix A. The lumped mechanical

compliance of the plate, Cy, p, is given in Equation A-11 and repeated here

3a?

=" 3-131
P 64nD ( )

The storage of kinetic energy associated with the plate motion is represented
by a lumped mass. The lumped mechanical mass of the plate, M,, ,, is given in
Equation A-17 and repeated here

ma?p  ma’ph
My, = E =

(3-132)

3.2.1.2 Effective area
In this section, the effective area, A.sy, of the plate is found. The effective area
ensures that the volume velocity of the distributed diaphragm is the same as that

for the lumped piston [21]. In general, the volume velocity, @, is given by

Q= / vdA. (3-133)
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For a piston with uniform velocity, the volume velocity is equal to
Q = ’U(O)Aeff. (3—134)

Substituting Equation A-14 into Equation 3-133 gives the following expression for

the volume velocity of the diaphragm,

a

Q = 27v(0) / {1 - (fﬂ 2rdr, (3-135)

which is evaluated to

Q = —v(0). (3-136)

Comparing Equation 3-136 to Equation 3-134, the effective area of the clamped

circular plate is

ma?

Aeff - T, (3*137)

which is one third of the physical area of the plate.

The effective area is used to relate the mechanical lumped elements of the
plate to the acoustic equivalent. It is also used to model the electrostatic behavior
of the microphone. As discussed in Section 3.1.3, the use of the effective area to
estimate the change in capacitance as the diaphragm deflects results in a more
accurate model.
3.2.1.3 Acoustic lumped parameters

With the effective area, the acoustic lumped parameters for the plate are found
using Equation 3-129. The lumped acoustic compliance of the plate is

ma® (1 — v?)

Oa = - )
P 16 Eh3

(3-138)

while the lumped acoustic mass is

9ph

ap — .
P Bra?

(3-139)
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3.2.2 Microphone Structure

In this section, the acoustic properties of the microphone structure are
considered. Figure 3-22 shows the microphone structure and how various aspects
are modeled. The vent geometry in the figure is for discussion only; there are many
possible vent channel configurations. There are resistive losses due to the air gaps
[121] and the backplate holes [122]. The cavities formed between the diaphragm
and each backplate and the large cavity beneath the three plates act as an acoustic
compliance. In addition, the mass of the cavity air may be significant [4]. The
vent channel is modeled as a fluidic resistance [123]. Each of these elements are
first discussed in further detail; then the complete lumped element model of the

microphone is constructed.

Diaphragm Backplate %R
Ma,d% %Ca,d holes °

L
Ma,cav% —r Ca,c:av Vent
L —\—
£ Ra,v

Figure 3-22. Schematic diaphragm of the dual-backplate microphone showing how
various features of the structure are modeled.

3.2.2.1 Backplate resistance
As the diaphragm moves, air flows between the diaphragm and each backplate
and is forced to pass through the backplate holes as well. The first component of

the resistance, squeeze-film damping, is given by [121]

12 air
Rog =~ B(A,), (3-140)

a, 3
T™hYo

where ny, is the number of backplate holes and i, is the viscosity of air. The term

A, is the ratio of the total area of the backplate holes to the area of the backplate
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and B(A,) is defined as

1 1 1 1

The second component of the backplate resistance is due to viscous losses as
air passes through the backplate holes. The acoustic resistance modeling this effect
is [122]

Ra = 72Mairhbpnh

)

, (3-142)

Tay, A2
where ap, and hy, are the radius and thickness of the backplate, respectively. This
expression for the resistance is simplified by substituting nymaj /mag, for A, as

follows,
_ 72,uair hbp
- Twaing,

Rah

, (3-143)
where ay, is the radius of each backplate hole.

The total resistance introduced by the backplate and air gap is the sum of
Equation 3-140 and Equation 3-143. Both resistances are proportional to the
viscosity of air and inversely proportional to the number of backplate holes. The
resistance given in Equation 3-140 is also inversely proportion to the air gap cubed,
gs. This resistance is significant as the device dimensions are reduced to the MEMS
scale. The second resistance given in Equation 3-143 is inversely proportional to
the radius of each backplate hole raised to the fourth power, a}. This suggests that
the resistance is less with a smaller number of larger holes; however, this type of
backplate design negatively effects the electrostatic performance of the device.
3.2.2.2 Cavity impedance

A cavity of air stores potential energy as the gas is compressed. Therefore,

the cavities in the microphone structure are modeled as acoustic compliances. The

value of the compliance is given by [4]

v

Ca,cav = PR
PoCy

(3-144)
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The cavity compliance is proportional to the volume of the cavity. Therefore,
for the shallow cavities between the diaphragm and the two backplates, the
compliance here is negligible; i.e. the air does not compress in these small cavities.
This is desirable for the dual-backplate microphone so that the full incident
pressure deflects the diaphragm.

The motion of the air in the cavity also has kinetic energy that is represented

by an acoustic mass, given by [4]

V
Ma,cav = 3?402 5 (3*145)

cav

where A, is the cross sectional area of the cavity.
3.2.2.3 Vent resistance

The final element to be considered is the effect of the vent channel. Modeling
the flow in the channel as fully developed laminar flow, then the acoustic resistance

through the channel is [123]

128uL.s
Ra v — )
’ w D4

(3-146)
where L.s; is the effective length of the channel and D is the hydraulic diameter.
The effective channel length considers features of the channel such as bends, which
make the channel behave as though it is longer than the physical length.
3.2.3 Electrostatic Transduction

To construct the transduction portion of the lumped element model, the
relationship between a pressure acting on the diaphragm and the electrical output
is considered. This behavior was explored in detail in Section 3.1.2, where the
behavior of the single-backplate and dual-backplate condenser microphone was
discussed for two bias conditions. Separate equations for the output were needed
for each case. In this section, the transformer model is derived for the single-

backplate microphone for both biasing conditions. It is shown that the model is the

same for both cases. Then, the transformer model is extended to the dual-backplate



107

microphone. The derivations for the transformer parameters utilize previous
derived results from Section 3.1.2.
3.2.3.1 Single-backplate condenser microphone

A schematic cross section of a single-backplate capacitive microphone is shown
in Figure 3-23. The diaphragm is represented by its compliance, C, 4, and the
nominal capacitance between the diaphragm and backplate is Cy,. The mean
capacitance is used because a linear circuit model is being developed.

Pd

RRANY

Ca,d Qout; Vout

— Rl
) 7

Figure 3-23. Cross-section of the single-backplate capacitive microphone showing
relevant parameters for the transformer discussion. The output is
either the charge or voltage on the diaphragm.

Constant voltage. First, the case of the bias voltage directly connected to
the microphone is considered. The small-signal circuit model this case is shown
in Figure 3-24. The input pressure results in a pressure, py, that acts on the
diaphragm. This pressure results in an output charge, A@);. The transformer
converts the pressure across the diaphragm, py, to a voltage, v,. This voltage is
not a physical voltage on the microphone; rather, it represents the transduction.
The final electrical output is the change in charge on the capacitor C,,. For the
constant voltage case, the right terminal of C}, is connected to small signal ground.
However, it could have a non-zero DC voltage level that would be considered in the

net bias voltage on the microphone.
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+ Ca?d +
Pa —— § % Vo

Figure 3-24. Transformer modeling the transduction from the acoustic domain to
the electrical domain for a single capacitor biased with a constant

I

voltage.

From Equation 3-130, the voltage, v,, is
(3-147)

Vo = NPg.

The charge on the capacitor due to the small signal voltage v, is the change in

charge, AQ);, from the nominal charge. This change in charge is the output charge
for the capacitive microphone biased with a constant voltage. Thus,
(3-148)

AQl = Clovo

Equating the AQ) from Equation 3-34, using the change in capacitance given in
Equation 3-119, to Equation 3-148 results in
1 /
Clyvo = _g_cloVB§ (3-149)
3 90

/ (3-150)

which is simplified to
= -—=Vg.

Vo
3 9o

Substituting Equation 3147 for vy and Equation 3-8 for ¢/, the turns ratio, n,
(3-151)

becomes
T T3, 64D
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The 1/3 factor accounts for the diaphragm curvature and the physical diaphragm
radius, ag, is used in this model.

Constant charge. The condenser microphone is now considered with the
bias voltage applied through a large resistor. The small-signal model of this case is
shown in Figure 3-25. The output is now the voltage at the right terminal of the

capacitor C,. The microphone is loaded by the parallel combination of C), and C;.

Cio
| | Vouf

Pa —
N ) Co+ Ci

.

Figure 3-25. Transformer modeling the transduction from the acoustic domain to
the electrical domain for a single capacitor biased with a constant
charge.

The output voltage in Figure 3-25 is

C1,

Vout = Vo————-.
LT, + Gyt G

(3-152)

The output voltage for a single-backplate microphone with a constant charge bias

was previously given in Equation 3-57, which is rewritten as

‘/_AQ% Ch,
w0, Oy +C,+C

(3-153)

using the mean capacitance value (', to linearize the expression. Substituting
Equation 3-147 for v, and Equation 3-119 for AC, and equating Equation 3-152

and Equation 3-153 yields

14g
= —=V5. 3-154
Npq 3 0 B ( )
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Substituting Equation 3-8 for ¢/, the turns ratio for the condenser microphone

biased through a large resistor is
n=—-——=—. (3-155)

This is identical to the turns ratio for the constant voltage case, given in Equa-
tion 3-151; thus the same transformer model is used for either biasing scheme.
3.2.3.2 Dual-backplate condenser microphone

A schematic cross-section of a dual-backplate condenser microphone is shown
in Figure 3-26. The diaphragm is represented by its compliance, C, 4. The nominal
capacitance between the diaphragm and top backplate is '}, and the nominal
capacitance between the bottom backplate and the diaphragm is C5,. The mean

capacitances are used because a linear circuit model is being developed.

Pu

RNy

Qout; Vout
[

// Cio Czo /
% ///

Figure 3-26. Cross-section of the dual-backplate capacitive microphone showing rel-
evant parameters for the transformer discussion. The output is either
the charge or voltage on the diaphragm.

Constant voltage bias. The small-signal circuit model for the dual-backplate
condenser microphone biased directly is shown in Figure 3-27. This model differs
from historical transformer models for differential electrostatic transducers in
that two transformers are used. Previous models have used a single center-tapped

transformer [49]. However, this model presented here is preferred because it
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clearly identifies the contribution of the second active capacitor and is suitable
for both methods of applying the bias voltage to the microphone. The center-
tapped transformer model was only used with the voltage bias applied through
a resistor. Furthermore, the double-transformer model gives physical insight
into the relationship between single-backplate and double-backplate electrostatic

transducers.

Moo rQaQ
P+ Ca,d 1 ° _}
p— i
K —— C, =
& i,
+ +

Figure 3-27. Transformer model for the dual-backplate capacitive microphone bi-
ased with a constant voltage.

Two transformers are included in this model to represent the transduction
of both the top and bottom capacitors. They both are connected across C,, thus
the pressure py is on the acoustic side of the two transformers. The pressure p, is
converted to the voltages v,; and v, through the two transformers. To complete
the transformer model for the dual-backplate condenser microphone, n; and no
must be determined.

The output of the dual-backplate capacitive microphone biased with a constant
voltage is AQ1 + AQ1, as shown in Figure 3-27. These charges were found
in Section 3.1.2.3 to be AC-Vpg, where the capacitance changes are given by

Equation 3-119 and Equation 3-120, respectively. By substituting Equation 3-8 for
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g, the charges AQ; and AQ); are written as

pa,, Vi a;
AQ, = —Lic, 12 % B
Qi =-5C, 2ats (3-156)
and
4
AQ, = -Pic, VB 0 (3-157)

3 7% gy 64D°
To find n; and ns, the charge resulting from v,; and v,, is considered. The charge
due to v, is

AQy = Ciynipg; (3-158)

similarly, the charge due to v,y is
AQq = Ciynapq. (3-159)

Comparing Equation 3-158 to Equation 3-156 and Equation 3-159 to Equation 3—

157, it can be seen that n; is equal to ny; furthermore,

1VB afl
ny=nNg=————"7"—=

3790 64D (3-160)
Again, the diaphragm curvature is factored into this model.

Constant charge bias. The final case to consider is the dual-backplate
condenser microphone biased through a large resistor. The small signal model
for this case is shown in Figure 3-28. As was the case for the single-backplate

microphone, the output is loaded by the parallel combination of C), and C;.

The output due to v,; and v,s is

Ch
Vit = 0 3-161
LM e Gy + Cy + O ( )
and
C
Viut = NP4 20 (3-162)

Cio + Coy + Cp + Ci’
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- =4
Py Vo1
+
+ 1.'n1
—_— Cy
+ Cad © VOUf
p —1 == °
d —1— —1
] — C» _|
SR Y N 1:n5 . —_Cp+cf
Pd % Vo2 =

Figure 3-28. Transformer model for the dual-backplate capacitive microphone bi-
ased with a constant charge.

respectively. The output contributions from the top and bottom capacitors found
using electrostatic analysis, given in Equation 3-93 and Equation 3-96, can be

expressed as

paVp ah Ch
Vs = ——-L 1% 3-163
! 39064D01+02+Cp+01 B ( )

and
_@E A Cy 1%
39064D01+02+CP+CZ B

‘/out - (3*164)

Comparing Equation 3-163 to Equation 3-161 and Equation 3-164 to Equation 3—
162, the turns ratios for the dual-backplate microphone are equal to those for the
single-backplate microphone.

3.2.3.3 Summary

The turns ratio is the same for all the condenser microphone cases, given by
n=——-——=—. (3-165)

The curvature of the diaphragm deflection is represented in this model by the 1/3
factor. This accounts for the effective area of the diaphragm. A single model is
used to model any condenser microphone. If the microphone is a dual-backplate

device, two transformers are simply included in the model. It is also noted that the
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turns ratio for the transformer is not directly related to the device capacitances.
Rather, the turns ratio is a function of the nominal gap distance, gg, and the
diaphragm properties including the radius, ag.

3.2.4 Electrostatic Compliance

In this section, the effect of the electrostatic forces present in the condenser
microphone is approximated as a compliance. The electrostatic force is attrac-
tive between the diaphragm and backplates. This results in a force the pulls the
diaphragm towards the backplates. The restoring force due to the mechanical com-
pliance pulls the diaphragm back towards the rest position. Thus, the electrostatic
compliance has the effect of reducing the stiffness of the diaphragm [12].

The electrostatic compliance is relevant for the discussion of the microphone
dynamics. The constant voltage case corresponds to condenser microphones biased
directly with a voltage source. The constant charge case corresponds to condenser
microphones biased through a large resistor. For high frequency diaphragm
motions, the charge on the condenser microphone is constant.

To find the electrostatic compliance, first, the electrostatic force is identified.

The electrostatic compliance is given by

1 dF,
= _ 3-166
Cm,el dx ( )

This compliance is found for the single-backplate and dual-backplate condenser
microphones.
3.2.4.1 Single-backplate condenser microphone

The single-backplate microphone is considered for both a constant voltage bias
and a constant charge bias. The electrostatic forces for both cases were previously
derived in Section 3.1.2.2. These results are used to determine the electrostatic

compliance.
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Constant voltage. The electrostatic force for a single-backplate condenser
microphone with a constant voltage is given by Equation 3-47. Thus the electro-

static compliance is

1 d [1 A, Ae
- = {_VBzﬂ)_ffg] S AN A (3-167)
Cret dg' |27 (go—¢') (90— 9')

To have a linear circuit element, the compliance must not depend on the position of
the diaphragm, ¢’. A linear approximation of Equation 3-167 is found assuming ¢’

is small. This results in the mechanical electrostatic compliance,

93
Chel = —5—2—, 3-168
el VB?EOAeff ( )

where g is the equilibrium gap of the biased single backplate condenser micro-
phone. Therefore, the acoustic electrostatic compliance of a single-backplate

condenser microphone with a constant voltage is

34

go eff

Che = Z25—. 3-169
el ‘7560 ( )

Constant charge. For a single-backplate condenser microphone with a

constant charge, the electrostatic force is given by Equation 3-64. Thus, the

electrostatic compliance is

(3-170)

L4 Q)
Cm,el B dg, 2€0A€ff '

The electrostatic force does not depend on ¢’, thus the stiffness is zero, and the

compliance is

Chel = 00. (3-171)

Physically, this means the electrostatic compliance does not impact the dynamic

response of a single-backplate condenser microphone with a constant charge.
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3.2.4.2 Dual-backplate condenser microphone

The dual-backplate condenser microphone is now analyzed to find the electro-
static compliance for both a constant voltage and a constant charge.

Constant voltage. The electrostatic force for a dual-backplate microphone
with constant voltage is given by Equation 3-84. This yields an electrostatic

compliance as follows,

1 d Actrgog!
— — |ov2 g (3-172)
Om,el dg (902 — 9/2)

Evaluating Equation 3-172 and assuming ¢’ is small, yields

3
JoAess
ael — —1
Cael 2WZe, (3-173)

for the acoustic electrostatic compliance. This compliance is one-half of the value
for an equivalent single-backplate condenser microphone. Thus the softening impact
on the dynamic behavior is larger for a single-backplate condenser microphone.
Constant charge. As was the case for the single-backplate condenser
microphone with a constant charge, the electrostatic force for the dual-backplate

microphone (Equation 3-104) is equal to zero. Thus the electrostatic compliance is
C1a,el =00 (3*174)

and does not affect the dynamic behavior of the dual-backplate condenser micro-
phone with a constant charge.
3.2.4.3 Summary

The electrostatic force of the single-backplate and dual-backplate condenser
microphones with a constant voltage bias are compared to the mechanical restoring
force of the diaphragm in Figure 3-29. Linear approximations of the electrostatic
force are given as dashed lines. It is this linearized force that is represented by the

electrostatic compliance. Due to the non-linear nature of the electrostatic force, the
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electrostatic compliance is a reasonable approximation for small deviations from the

equilibrium point.

Diaphragm
0.8}

0.6 -7 1

Normalize force
A\

0.4} Single bp - i

= _
=
- -
— -

02l ’/,/” Dual bp

O L L L L L L L
0 005 01 015 02 025 03 035 04

Normalized displacment

Figure 3-29. Comparison of the diaphragm restoring force to the electrostatic force.

3.2.5 Complete Lumped Element Model

Now that each of the lumped elements have been discussed, the final lumped
element model is constructed. The microphone is modeled in the acoustic energy
domain. The individual elements are arranged by analyzing the flow of volume
velocity through the microphone structure. Using an impedance analogy, elements
that share the same volume velocity are connected in series; conversely, elements
that see the same pressure are connected in parallel.

By referring to Figure 3-30 to visualize the flow through the microphone
structure, the final simplified lumped element model is constructed; it is shown in
Figure 3-31. The output is either AQ or V,,; depending on if the bias voltage is
applied directly or through a bias resistor. The LEM is the same for either case,
and the interface circuitry forces the desired bias condition.

The incident pressure first sees the top backplate and the vent channel. The
flow through the backplate may either pass through the backplate holes or deflect
the backplate; therefore the backplate compliance and resistance are connected

in parallel. Because the cavities between the diaphragm and backplates are very
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Figure 3-30. Schematic diaphragm of the dual-backplate microphone showing
lumped elements included in the LEM.
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Figure 3-31. Lumped element model of the dual-backplate condenser microphone.

Ca,cav
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|
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small, the compliance of these cavities is neglected. The flow then deflects the
diaphragm; thus the diaphragm mass and diaphragm compliance are connected in
series with the backplate impedance. The same model that was used for the top
backplate is used for the bottom backplate; this is connected in series with the

top backplate and diaphragm because all three elements have the same flow. After
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passing through the bottom backplate, the volume velocity may either compress the
air in the cavity or pass through the vent channel. The vent channel is in parallel
to the series combination of the top backplate, diaphragm, and bottom backplate;
finally the cavity compliance is connected such that it can be fed from the vent
channel or the flow through the bottom backplate. For the designed microphone,
the cavity mass is much less than the diaphragm mass, thus this term is neglected.
A summary of the lumped elements used is given in Table 3-5. The compliance
Cop is used for Cypp1, Coa, and Cgppe. Similarly, the plate mass is used for M, 4.
The resistance of each backplate, R, 1 and R, pp2, is given by R, 4 + Rq . The
turns ratios of the top and bottom transformers, n; and ny respectively, are both

given by n.

Table 3-5. Expressions for the acoustic lumped elements of the microphone.

Symbol FElement Expression
C Plat I ma® (1~ %)
ap ate compliance T6ERS

9ph
M, Plat
a.p ate mass -
. . 12 pgir
Ry 4 Air gap resistance 3 B(A;)
™ gy
72 fgirh
Ron Backplate hole 7;11”, bp
. Taph
resistance
. . V
Ca,cav Cavity compliance —
PoChH
128 L
R Vent resistance H 4ef /
D
1 4
n Turns ratio —fa—@
364D g

In Figure 3-31, the diaphragm is represented by the acoustic compliance Cj ;.

This represents the diaphragm compliance and the electrostatic compliance, if
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present; and is given by
* Oa,dca,el
. Ca,d + sz,el

(3-175)
The acoustic diaphragm compliance, C, 4, and the electrostatic compliance, Cj i,
share the same flow. Therefore, they are in series, as represented by C; ;. For cases
where the electrostatic compliance is negligible, C; ; simply becomes Cl, 4.
3.2.6 Theoretical Frequency Response

Using the lumped element model, the theoretical frequency response of the
microphone is investigated. First, the transfer function from the incident pressure
to the pressure across the diaphragm is studied. Then, the impact of the backplate
compliance on the frequency response is considered. The details of the microphone
frequency response derivation are given in Appendix B.

The frequency response of the equivalent circuit model shown in Figure 3-31 is

given in Equation B-12; repeated here for convenience,

Scapav Rv

Hmic = ,
SC;,d (1 + SCa,cavRa,v) Zp + Sczdeaﬂ)

(3-176)

where Z, is the impedance of the series combination of the diaphragm and both
backplates. Neglecting the compliance of the backplates, the simplified frequency
response can be approximated by Equation B-15; repeated here,

Hs o SCa,cavRa,v

mic

53Ma,dC:7dOa,cavRa7v
) (3-177)
+s [Ma,dcz,d + C;,doa,cav (Ra,bpl + Ra,bp2)Ra,v]

+ s |:C:;d (Ra,bpl + Ra,bPQ) + (Oa,cav + O;Lk;d) Ra,vi| + 1

In Figure 3-32, the frequency response of p;/p;, given in Equation B-15 is
plotted. The values used for this example are chosen to accentuate the notable
features of the frequency response. The diaphragm mass (7x10* [kg/m?]) and

compliance (1.5x107!6 [m3/N]) were selected to give a resonant frequency near
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20 kH~z. The total damping of 14x10% [Ns/m®] was chosen to give an under-

damped response. Finally, the cavity compliance (60x107'¢ [m®/N]) and vent

resistance (1x10'® [Ns/m®]) were chosen to give a cut-on frequency near 10 Hz.

As shown in Figure 3-32(a), the flat band of the frequency response is between

the cut-on frequency, f.., and the resonant frequency, fy,. The loading of the

electrical domain through the transformers is neglected here. This effect depends

on how the microphone is biased and is discussed further in Section 3.2.4. The

dynamics of the microphone structure without bias are given below.

20¢
o
Z
£ flat band
& o f
o 0
B cut
3
= -20
=
[e]
[o]
s
_40 L L L
10° 10" 10° 10° 10* 10°
Frequency (Hz)

(a) Magnitude response of py/p;, for an example microphone.
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(b) Phase response of p,/p;, for an example microphone.

Figure 3-32. Frequency response of a dual-backplate microphone example in terms
of py/pin as predicted by the LEM.

Cut-on frequency. To find an expression for the cut-on frequency, f..:, a low

frequency circuit approximation is considered. When the frequency is far below the

resonant frequency, the diaphragm mass can be approximated as a short circuit.
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For proper microphone operation, the backplate resistances must be much smaller
than the vent resistance, thus they can also be neglected. The low frequency

equivalent circuit is shown in Figure 3-33.

Ra,v

CD _ | Cacav
pin - -1

Figure 3-33. Low frequency equivalent circuit of the dual-backplate microphone.

The expression for py/p;, for this simplified circuit is given by

O(l C(l'URa v
Pl acov e, . (3-178)
DPin 1+ SRa,v (Ca,cav + C;d)
This is a single-pole high pass function with a cut-on frequency of
1
Jeut = (3-179)

27 R (Cayear + C;,d) ’

and a slope of +20 dB/decade below f.,; [124].
Resonant frequency. The lumped element model simplifies to the equivalent

circuit shown in Figure 3-34 for frequencies near the resonant frequency. At higher

frequencies, the vent resistance is effectively an open circuit, compared to the

other impedances. Thus, the microphone is approximately a simple second order

system with a mass of M, 4, a compliance of ( ;;ll +C, L )1, and a resistance of

a,cav

Ra,bpl + Ra,Rpr-
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]
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Figure 3-34. High frequency equivalent circuit of the dual-backplate microphone.

The transfer function, py/pin, for frequencies near the resonance of the micro-

phone is given by

1
Pd_ . (3-180)

Pin S Ma dC d +s (Ra bpl + R, bp2) Cad + (1 + Caac;lv>

The microphone is characterized in terms of its natural frequency, wy, and damping

ratio, ¢ [124]. The natural frequency is

, (3-181)
Ca C(l cav
\/Mad ck dd+ca mv)
while the damping ratio is given by
R, R, C* +Cacan
¢ = bpl 1 Lig pp2 at (3-182)

2 Ma,d

If the microphone is lightly damped, or ¢ is much less than one, the frequency
response has a maximum at wy. However, as ( approaches one, the peak in the

magnitude response moves away from wy to

wpy = woy/ 1 — 2¢2. (3-183)

If ¢ is greater than one, then the microphone is overdamped, and the frequency

response does not have a peak.
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Flat band response. For frequencies between the cut-on frequency and the
resonant frequency, the equivalent circuit is further simplified. Above the cut-on
frequency, the vent resistance can be approximated as an open circuit; below
the resonant frequency, the diaphragm mass and backplate resistances may also
be neglected. The equivalent circuit for these mid-range frequencies is shown in
Figure 3-35.

+ Pa-

c ad

Ca, cav

pin

Figure 3-35. Equivalent circuit of the dual-backplate microphone for mid-range
frequencies.

In the flat band region of the frequency response, the equivalent circuit of the
microphone is reduced to a capacitive pressure divider. The microphone response in

the flat band is
& _ Ca,cav
Din Ca,cav + C;:d .

(3-184)
Thus, the incident pressure is attenuated by the cavity compliance. To avoid
attenuation, the cavity should be large such that Cy o >> C; ;. This allows the
full incident pressure to act on the diaphragm.

Compliant backplate implications. In the previous sections, an expression
for pq/pin has been found for various frequency ranges. However, this does not yet
give the frequency response of the microphone in terms of a ratio of the output
voltage to the incident pressure. To find this, the pressure across the diaphragm
must be related to the output voltage. For the dual-backplate microphone, the

output voltage of the microphone was shown to be given by Equation 3-78 or

Equation 3-99 with a constant voltage bias or a constant charge bias, respectively.
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In these expressions for the output voltage, the pressure p is the pressure across the
diaphragm, pg.

In deriving the expressions for the microphone output voltage, it was assumed
that the relationship between the pressure incident on the diaphragm and the dia-
phragm deflection is linear, as given by Equation 3-8. Furthermore, a parallel plate
capacitor was assumed in which the change in the air gap was solely due to the
diaphragm deflection. However, if there is a significant pressure differential across
the backplates, and if the backplates are sufficiently compliant, the backplates will
have a non-negligible deflection. Shown in Figure 3-36 is a situation where the
air gap changes both due to diaphragm and backplate motion. The air gaps of a

dual-backplate microphone can be expressed as

g1 = Go — g(/i + glljph (37185>

and

92 = Go + Gy — Gopa (3-186)
where gj, g, and gy, are the deflection of the diaphragm, top backplate, and
bottom backplate, respectively.

W, (0)

Backplate

Diaphragm W, (0)

Figure 3-36. Schematic of an air gap changing due to both diaphragm motion and
backplate motion.
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The frequency response for py/pin given in Equation B-12 factors in the effect

of the backplate compliances; it is repeated here,

Sca,cavRa,U
SO;,d (1 + SCa,cavRa,v) Zp + SC::,dRa,v '

H,pie = (3-187)

This expression for py/p;, is similar to that given in Equation B-15, except that Z,
is now a general impedance that includes the effects of the backplate compliance. A
similar expression for py,1/pin and prpa/pin can also be found using Equation B-16
and Equation B-17. After the frequency response has been determined for the
pressure across the diaphragm and each backplate, the frequency response for the
total change in the air gaps can be found.

The deflection of a plate with compliance C' can be found if the pressure across
the compliance is known. In the electrical domain, the charge on a capacitor is
given by Q. = CV. Similarly in the acoustic domain, the acoustic displacement, ¢,
is

Qo = WAepp = CoP. (3-188)
Therefore, the deflection is given by

_C,P

w .
Aery

(3-189)

Using Equation 3-189, Equation 3—185, and Equation 3-185, the frequency

response for the change in the two air gaps is

C, Cq
Hy = Hyp 5" — Hpie— (3-190)
effbpl eff
and
Cq Cq
Hy = Hypje—"% — Hypp—2"2 (3-191)

Aef ! . Aef ! bp2
The frequency response of ¢’ for the top capacitor of a dual backplate mi-
crophone is shown in Figure 3-37 for two cases: (1) an ideal backplate with zero

compliance; and (2) a backplate with finite compliance. The compliance of the
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(a) Magnitude response of the normalized change in the air gap
distance.
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(b) Phase response of the normalized change in the air gap dis-
tance.

Figure 3-37. Frequency response of the normalized air gap distance showing the
effects of a compliant backplate.

backplate for this example was chosen to make the backplate corner frequency
approximately 100 Hz so that the effect is clear. Using the values used for the
example microphone in Section 3.2.6, a backplate compliance that is 1000x the dia-
phragm compliance is needed to observe the effect of finite backplate compliance.
At low frequencies, the two frequency response curves are the same, however
at higher frequencies they diverge. The magnitude of the total gap change, ¢, is
less when the compliance of the backplate is significant; this reduces the sensitivity
at higher frequencies. There are also anomalies in the phase response at higher
frequencies. It is clearly desirable to design the microphone such that the effect

of the backplate compliance on the microphone’s response to an incident pressure
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is negligible. However, the compliant backplate still deflects due to electrostatic
forces.
3.2.7 Quasi-Static Pull-In

As was mentioned in Section 3.1.2, the electrostatic force acting on the
diaphragm has the potential to cause the diaphragm to collapse into the backplate
[12]. This phenomenon is known as pull-in. An understanding of the pull-in
behavior of a microphone is necessary to determine its stability and allowable
operating conditions. The study of the pull-in of a microphone can be divided
into two classes: (1) quasi-static pull-in, where the diaphragm is initially at rest,
the incident pressure is zero, and the electrical bias is constant; and (2) dynamic
pull-in, where the diaphragm motion, incident pressure, and time varying electrical
bias conditions are considered [125]. Only quasi-static pull-in is considered here;
this gives the limits for the maximum DC bias values that can be used. Further
discussion on dynamic pull-in for condenser microphones can be found in [118].
During use of the microphone, however, a lower electrical bias must be used to
ensure stability. The quasi-static pull-in is examined for both single-backplate and
dual-backplate condenser microphones.

For electrostatic pull-in to occur, the electrostatic force must increase as
the diaphragm approaches the backplate. Because static pull-in is only being
considered here, this analysis is valid regardless of how the bias voltage is applied.

As shown in Figure 3-38, there are two forces acting on the diaphragm. The
mechanical force, F),, is the restoring force of the diaphragm and the electrical
force, F,, is the electrostatic force due to the applied bias. For single-backplate
microphones, this force has one component; while, for dual-backplate microphones,
this force is the sum of two electrostatic forces. For all cases, the mechanical force
is

Fro=—(1/Crna)d. (3-192)
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This is re-written in terms of the air gap distance, g,

1
F,=— —q); 3-193
Con (90 9) ( )

The analysis of the quasi-static pull-in follows the work of Senturia [12].

Backplate
o O O O O .

Diaphragm

Figure 3-38. Single-backplate capacitive microphone schematic showing the relevant
forces for quasi-static pull-in.

3.2.7.1 Single-backplate condenser microphone
The electrostatic force for a single-backplate condenser microphone with an
external bias voltage is given by Equation 3-47. This is expressed in terms of g, the

instantaneous air gap distance,

F,=1lvg?—. (3-194)

2

As can be seen from Equation 3-193 and Equation 3-194, the mechanical and
electrostatic forces oppose each other. The electrostatic force is directed towards
the backplate in the positive x direction. The mechanical force is always directed
towards the diaphragm rest position; assuming a positive diaphragm deflection, the
mechanical force is directed in the negative x direction.

The net force acting on the diaphragm is

2€0A 1
Fnet = %VB ? — % (go — g) . (3*195)

When the bias voltage is initially applied to the microphone, the electrostatic

force is greater that the mechanical restoring force. At equilibrium, the two
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forces balance each other, thus F,.; is zero. The stability of the equilibrium point
is determined by whether a small perturbation of the diaphragm towards the
backplate causes an increase in the net force or a decrease. Using the coordinate
system in Figure 3-38, an increase in F}.; causes the diaphragm to accelerate
towards the backplate; thus the equilibrium point is unstable. However, if F,.;
decreases, then the equilibrium point is stable.

For the single-backplate condenser microphone, 0F,,; is given by

1 0 AVg>
wwz(@m—ofB)@. (3-196)

Therefore, if the diaphragm is perturbed towards the backplate, g < 0, then the

quantity in parenthesis must be positive such that 0F,,.; < 0. Thus,

1 AVg?
. ©AVE
Cmd 93

)

(3-197)

A gap distance, gpy, is defined at which the equilibrium transitions from stable to
unstable. The bias voltage that results in this equilibrium position is Vp;, which is

the pull-in voltage. At this critical condition, Equation 3-197 becomes

1 . 6014ij2

Crma  grr° (3-198)

By substituting Equation 3-198 into Equation 3-195 and evaluating at gp; and
Vpr, the critical gap distance where the stable-to-unstable transition occurs is found

to be
2

gpr = 590- (3-199)

From Equation 3-199 and Equation 3-198 the pull-in voltage is

8903

Vpr = 4| =——.
PE A 27C, 4604

(3-200)

The bias voltage must be less than Vp; to avoid quasi-static pull-in.
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3.2.7.2 Dual-backplate condenser microphone

The analysis of a dual-backplate condenser microphone with an external bias
voltage is very similar to that of the single-backplate microphone. The mechanical
force is given by Equation 3-193 and the electrostatic force is given by Equation 3—
84. However, the forces are written in terms of ¢’ rather than the gap distance g
because there are now two gaps. The electrostatic force has been defined such that
a positive ¢’ decreases the top air gap and increases the bottom air gap.

The net force acting on the diaphragm is

A / /
Fnet = 2‘/BQ 02509 - J (3*201)

(90> — 9/2)2 Cod

Now, the change in F},.; due to a change in ¢’ is examined. To have a stable

system, a positive d¢’ must produce a negative dF,.;. The differential of Equa-

tion 3-201 with respect to ¢’ is

2Vs2e0Ago (gg + 39'2) 1
(—9g2)° ) \g—9%) Cuna

The quantity in the brackets must be negative to have a stable microphone, thus

1 2V5% €0 Ag G2+ 34"
o> T ( o). (3-203)
m,d (90 —q ) 90 — 9

At the verge of pull-in, with an applied voltage of Vp; and an equilibrium

OF pet = dg'. (3-202)

position of gp;, Equation 3-202 is re-written as

L 2Vpr 0 Ago 95 + 393312 (3-204)
C'md - <92_ ! 2>2 92_9/ ? .
0~ 9pr 0 PI

)
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Substituting Equation 3-204 into Equation 3-201 and evaluating at ¢%; and Vp;
results in

PI p 7| = 9pr p
go? — 91012) 95— 9p1 90% — 91012)

3-205
90> +39p1° = 90* — gps” ( )

291012 = 0.
Therefore, the equilibrium position is at ¢’ = 0; substituting this into Equation 3—

204 results in the expression for the pull-in voltage,

Vpy = | =% (3-206)
2Cm7d€0A

The dual-backplate microphone has a pull-in voltage that is approximately

3.2.7.3 Pull-in summary

30 % higher than the single-backplate microphone. The results for the equilibrium
position of the diaphragm show a distinct difference between single-backplate
microphones and dual backplate microphones. The diaphragm of the single-
backplate microphone moves towards the backplate until the pull-in voltage
is reached, at which point it jumps to the backplate. For the dual-backplate
microphone, however, the diaphragm remains centered as the bias voltages are
increased; when the pull-in voltage is reached, the diaphragm jumps to one of the
backplates.

The results are obtained through this analysis using several assumptions.
The diaphragm deflection is assumed to be linear. Furthermore, the capacitor
formed by the diaphragm and backplate is assumed to remain parallel as the
diaphragm deflects; this is clearly not the case as the diaphragm approaches the
backplate. Finally, the backplate is assumed to be rigid and for the dual backplate
microphones, the two capacitors are assumed to be identical; this may not be

the case in the physical microphone. Therefore, these predictions may not match
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experimentally determined values of the pull-in voltage. However, these results do
provide physical insight into the pull-in phenomenon as well as scaling information.
The pull-in problem is investigated further by Liu et al. [118].

3.3 Noise Model

The minimum detectable signal of the microphone is determined by the noise
floor of the microphone and interface circuitry. In this section, the thermomechani-
cal noise generated in the microphone structure is discussed. This is followed by a
discussion on the electronic noise considering both a charge amplifier and a voltage
amplifier circuit.

To derive the noise behavior of the microphone, various noise sources are
analyzed. Each of these is modeled as a power spectral density (PSD) having the
units of power per Hz; i.e [V?/Hz| or [Pa*/Hz]. The noise PSD from each noise
source is referred to a common point and the respective PSDs are summed.

3.3.1 Microphone Noise

A simplified lumped element model of the dual-backplate microphone in-
cluding noise sources is shown in Figure 3-39. In this model, the compliance of
the backplates has been neglected. Furthermore, the damping of the backplates
as well as any internal structural damping of the diaphragm have been combined
into a single equivalent acoustic resistor, R, .¢s. Each resistor in Figure 3-39 has
a thermomechanical noise source which may be represented by either a volume
velocity noise or a pressure noise® . The noise due to resistor R,y is represented
by a pressure noise PSD, Spg,,,. The noise due to R, ,, however, is represented by
a current noise PSD, Sg g,. The PSD of these sources is 4kT' R, s and 4kT/ R, .,

respectively [20].

3 The choice of using a current noise or voltage noise to model a resistor is made
solely on the ease of solving for the output noise.
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Ca,cav

Figure 3-39. Acoustic noise model of the microphone.

To find the noise contributions of the acoustic damping within the microphone,
the noise from each of the sources is referred to the port labeled S;. The pressure
at this location forces the diaphragm and generates the output voltage of the
microphone. For the noise analysis, the incident pressure is set to zero and replaced
with a short circuit. The noise from each resistor is found individually and the total
noise PSD at Sy is the sum of the two noise contributions.

The circuit shown in Figure 3-39 reduces to the noise model shown in Figure 3-

40 when only Spr_,, is considered. The current noise source Sg g, is replaced with

eff

an open circuit. To pressure noise PSD referred to the diaphragm is found using a
pressure divider. The magnitude squared of the pressure gain from Sppg,,, to Sy is
used because the phase information is irrelevant for uncorrelated noise sources.

1 2
Cq
SdR = od - Sk

ef f 1 1
Ruers + sMaa+ —— + Ry [/
ol . SCa,d , SCa,cav

(3-207)

eff*
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This can be rewritten as

SRG, vCa cav + 1 2
Sap = | — | 2’ SReff

eff
3
S Ma,doa,dca,cav Ra,v

, (3-208)
+52 [Ma,dca,d + Ca,dca,cavRa,effRa,v]

+s [Ca,dRa,eff + Ca,cavRa,v} +1

which gives an expression for the noise PSD due to the resistor R.y; referred to the

diaphragm.

+
R efr Ma.a T

a cav
<~> Ray § p—
8P Reff

l o

Figure 3-40. Acoustic noise model for R.s;.

Considering only the noise due to the vent resistor, the noise model is drawn
as in Figure 3-41. The volume velocity PSD through the diaphragm due to Sg, is

found using a volume velocity divider,

2
- RM//CZG:M//Zd Som (3-209)

Sq

d

where Z, is the series impedance of the diaphragm mass, diaphragm compliance,
and effective resistance. Solving for the parallel impedance in the numerator and

simplifying, Equation 3-209 becomes

R 2
Ra,v + Zd + SR(L’UC(Z,C(I’U

So, = SO, Ry (3-210)
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de a,eff a,d

—\/\—000"
Ra,v a.cav —_ +

SRVTC") § — Coy—— Po
_. -

Figure 3-41. Acoustic noise model for R,,.

The pressure noise across the diaphragm capacitance due to the volume

velocity noise given in Equation 3-210 is Spa,, = |Qa/ sCa7d|2,

RQ
a,v
SdRU = 2 ’ SQ’R’U
3
S Ma,dCa,dCa,cavRa,v

(3-211)
+82 [Ma,dca,d + Ca,dCa,cavRa,effRa,v]

+s [Ra,effca,d + Ra,v (Ca,cav + Ca,d)] +1

The two noise quantities given in Equation 3—208 and Equation 3-211 are
plotted in Figure 3-42 for an example microphone. When referring the noise sources
to the diaphragm, the noise sources are shaped by the dynamics of the microphone,
as represented by the LEM. The noise due to R,y is flat between the cut-on
frequency and resonant frequency of the microphone. However, the noise PSD due
to the vent resistor is proportional to 1/f? in the same frequency range. Thus, the
vent resistor has the potential to be the dominant acoustic noise source for low
frequencies.

At low frequencies, the pressure noise PSD due to R, .ss approaches Spr,,,;
meaning that the total noise due to effective resistance appears across the dia-
phragm. Similarly, at low frequencies, the volume velocity noise PSD due to R, ,

approaches the value of Rz’v-SQ r,- At high frequencies both of the noise sources

are shaped by the resonant peak and roll off after the resonance.
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Figure 3-42. Theoretical noise contributions of a microphone example referred to
the pressure across the diaphragm.

3.3.2 Interface Circuit Noise

As was discussed in Section 3.1.2, capacitive microphones may be used with
various types of interface circuitry; in particular, a charge amplifier or a voltage
amplifier. In this section, the noise of both circuits is discussed.
3.3.2.1 Charge amplifier

A model of the charge amplifier, including noise sources, is shown in Figure 3-
43. The charge amplifier consists of an operational amplifier with resistor, Ry,
and a capacitor, Cy, in the feedback loop. At the input of the amplifier is a bias
resistor, Ry, and a capacitor, Cy,, that represents the total capacitance at the
input to the amplifier. This includes the device capacitance as well as any parasitic
capacitance. The internal amplifier is modeled by a voltage noise and a current
noise, S,, and S;,, respectively. The bias resistor and feedback resistor are both

modeled by current noise sources, Sinb and 9; . , respectively.

in )
The total noise at the output is the sum of the contributions from each of the
noise sources and is found using superposition. To simplify the expressions, the

impedances Zy, and Z; are defined. These are the feedback impedance and input
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Figure 3-43. Noise model of the charge amplifier coupled to the microphone.

impedance and are given by

be
Zp= R /C S [ — 3212
n=ERn /O = e, ( )
and
Ry
Zi:R/ Chop = ——20 3213
b fot 1 + SCtotRb ( )
respectively.

The output noise PSD of the charge amplifier due to the electrical noise

sources is
2

z
L \Zpf [Sia + Siny, + Sin, |- (3-214)

S Z

Voo A

:Sva 1+

The voltage noise PSD of the amplifier scaled by the factor |1 + Z;/Z;i|*. The
current noise PSD of the amplifier and the two resistors added together are all
scaled by the magnitude of the feedback impedance squared. At frequencies above
1/27nCp Ry, and 1/27Ci0 Ry, which is the typically the frequency range of interest

for a charge amplifier, Equation 3-214 is simplified to

Ctot)2
= Sva 1+ +
< Cry

2

! [Sia + Siny, + Siny | - (3-215)

S
SCﬂ,

Voo a
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The higher the capacitance Ci,, the higher the contribution due to S,,. While a
high device capacitance is beneficial for sensitivity, parasitic capacitance increases
the noise at the output of the charge amplifier. The current noise PSD is scaled by
a factor of [1/sCp|°. This frequency-shapes the current noise spectrum such that
the noise PSD at the output is proportional to 1/f2. Furthermore, this is twice the
slope of electronic flicker (1/f) noise [19]. Therefore, the current noise is dominant
at low frequencies.
3.3.2.2 Voltage amplifier

The noise model for a voltage amplifier is shown in Figure 3-44. The noise
sources include the amplifier and bias resistor. Similar to the charge amplifier, the
total impedance at the input to the amplifier is Z;, given by Equation 3-213.

S

va

()

CD Rb ® o]

1a

Figure 3-44. Noise model of the voltage amplifier coupled to the microphone.

The voltage noise PSD at the output is

S

Yoy 4

= Sua+1Zi [Sia+ Sy | (3-216)

As was the case with the charge amplifier, the current noise PSD from the amplifier
and bias resistor add and are scaled by the magnitude of the input impedance

squared. A high frequency approximation to Equation 3-214 is

2

| [t S| (3-217)

S
5Clot

Voy A

:Sva_'_

Therefore, the voltage amplifier has the potential to exhibit noise shaping due to

the capacitance C,, similar to the (1/f?) noise seen in the charge amplifier. In this
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case, a higher parasitic capacitance would reduce the contribution of the current
noise sources by increasing C};. Furthermore, both the voltage noise and current

noise must be considered when selecting a voltage amplifier.



CHAPTER 4
DESIGN AND THEORETICAL PERFORMANCE

In the previous chapter, the theory of operation of the microphone was dis-
cussed. Using the developed theory, the design of the dual backplate capacitive
microphone is presented. This is followed by the theoretical microphone perfor-
mance.

4.1 Microphone Design

The dual-backplate microphone was designed to meet the specifications
given in Table 1-1 for an aeroacoustic microphone. The microphone was designed
specifically to be fabricated using the SUMMIT V process at Sandia National
Laboratories [16]; this process is described in detail in Appendix D. The use of this
process imposes several constraints on the design; specifically, the thickness and
residual stress of each layer are not free to be specified. In this section, the use of
the SUMMIT V process flow to create the dual-backplate microphone structure is
discussed first. Then the design for the diaphragm and the backplates is presented.
4.1.1 Microphone Structure

The layers that are available in the SUMMIT V process are shown in Figure D-
1. The polysilicon layers must be patterned to create a device similar in structure
to that shown in Figure 3-1. The sacrificial oxide layers are used to support the
polysilicon layers during fabrication, but are then removed at the end of the
process; thus they cannot be used as structural layers.

There are three polysilicon layers that are used for the microphone structure:
Poly4 is used for the top backplate; Poly3 is used for the diaphragm; and the
Poly2/Poly1 laminate is used for the bottom backplate. The top air gap is created
from SacOx4 and the bottom air gap is created from SacOx3. In the dual-backplate
structure depicted in Figure 2-11(a), which is similar to the microphone developed
by Rombach et al. [47], the diaphragm is separated from the backplates by

insulating layers. This is not the best arrangement for the SUMMIiT V process

141
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because only silicon dioxide could be used for the insulating layers and the silicon

dioxide is etched during release. Therefore, for this microphone, anchors are created
such that both backplates and the diaphragm are supported as shown in Figure 4-1.
In this arrangement, the backplates and diaphragm are essentially concentric shells.

Backplate
holes Top backplate

Air gaps— Diaphragm

Bottom
backplate

Substrate

Figure 4-1. Cross section of the designed dual-backplate microphone.

Top BP
Bond Pad

Diaphragm
Bond Pad

Bottom BP
Bond Pad

Microphone
Structure

Figure 4-2. Microphone 3-D view.

The microphone is shown from the top in Figure 4-2. From this view, the
diaphragm and bottom backplate are not visible. The bond pads for the diaphragm
and both backplates are labeled. The other bond pads may be used to connect
to the substrate and to null out the parasitic capacitance underneath the three
connections to the diaphragm and backplates.

Additional details of the microphone structure are shown in Figure 4-3. The

anchors for the bottom backplate, diaphragm, and top backplate are shown in
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(a) Cross section showing the details of the anchor structure.
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- Top BP Anchor Electrlc.al
connection

l \
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T~

Diaphragm

Diaphragm

Gap in poly0 connection in Poly0

(b) Cross section showing the details of the electrical connection
from the diaphragm to the bond pad.

Top BP and

Towards center Diaphragm Anch Electrical
- and Anchor prehor /connection
[
Bottom BP Anchor Bott_om_BP Gap in
connection in Poly0 poly0

(¢) Cross section showing the details of the electrical connection
from the bottom backplate to the bond pad.

Figure 4-3. Details of the anchors and electrical connections are shown.

Figure 4-3(a). The polysilicon layers are stacked to construct the anchors for the
diaphragm and backplate. To make electrical connections to the bottom backplate
and diaphragm, tunnels are fabricated in the anchors. The electrical connection to
the diaphragm is shown in Figure 4-3(b). The Poly0 layer of polysilicon connects
the diaphragm anchor to the bond pad; above this connection, the top backplate
anchor does not make contact with Poly0 in this region. A similar geometry was

used for the connection to the bottom backplate as shown in Figure 4-3(c). Here,
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the anchors for both the diaphragm and top backplate do not extend down to
Poly0.

After the implementation strategy for the SUMMIT V process is developed,
the specific dimensions of the microphone are then designed. Due to the constraints
of the SUMMIT V process, the parameters that are free to be chosen are the
diameter of the diaphragm and the backplate hole geometry.

4.1.2 Diaphragm Design

The diaphragm is designed such that deflection will be at most 3 % non-
linear at an incident pressure of 2000 Pa. The previously derived results from
Section 3.1.1 are used here.

The percent nonlinear deflection is defined as

(0) —wnr (0)
wi, (O)

%NL = 2L x 100, (4-1)

where wy, (0) is the linear center deflection of the diaphragm and wyy, (0) is the
nonlinear center deflection of the diaphragm. By substituting Equation 3-8 and
Equation 3-9 into Equation 4-1 and setting the percent nonlinearity to 3 %, the

following is obtained,
1
l]— — =10.03. (4-2)

1+ 0.488%0)

Solving Equation 4-2 gives a constraint for the ratio of the center deflection to
the diaphragm thickness,
w (0)

Y 25 4
=025 (4-3)

This result is general for a homogeneous, circular, stress-free plate; when the
magnitude of the center deflection is equal to 25 % of the thickness of the plate, the
deflection is 3 % nonlinear. Substituting Equation 4-3 into Equation 3-9 results in

the following
w(0)  3pa* (1 —1?)
h — 16Eh*

=0.25. (4-4)
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The material constants v and E, and the diaphragm thickness h are fixed; there-
fore, the diaphragm radius is found from Equation 4-4. Using the values given in
Table 4-1 for v, E, and h, the diaphragm radius is chosen to be 230 pum; the aspect
ratio of the diaphragm is 102.
4.1.3 Backplate Design
The design of the backplate holes is not as direct as the diaphragm design.
There are many considerations and trade-offs for the backplate design:
e Low damping to limit backplate deflection due to acoustic pressure
e Reduced mechanical stiffness of the backplates due to holes
e Loss of electrical capacitance due to loss of backplate area
e Sufficient number of holes for the release etch
As was discussed in Section 3.2.6, if the backplate is too compliant, there
are negative effects in the frequency response. A simplified model of the top
backplate and the diaphragm is shown in Figure 4-4; this analysis is general for
either backplate. The pressure drop across the backplate is compared to that across
the diaphragm. For this analysis, only the impedance of the backplate and the

diaphragm compliance are considered.

Figure 4-4. Simplified model of the diaphragm and top backplate

The backplate is represented by a compliance and a resistance in parallel; the

backplate model is in series with the compliance of the diaphragm. As shown in the
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figure, the uniform pressure loading, p, results in a volume velocity, (), through the
backplate and diaphragm. This equivalent circuit can be treated as a “pressure”

divider, where the pressure across the backplate is given by

Za bp
=p—2® 4-5
Pop pZa,bp + Za,d ( )
Similarly, the pressure across the diaphragm is given by
Za,d
Pi=pP— 5 — (4-6)

Za,bp + Za,d .

The deflection of a compliance due to a uniform pressure load is given in Equa-
tion 3-189; this deflection is proportional to the pressure across the compliance. It
can be seen from Equation 4-5 that the pressure across the backplate is small as
long as Z,p, is much less than Z, 4. Therefore, if this condition is met, the deflec-
tion of the backplate will be negligible. The impedance of the backplate is given

by
_ Ra,bp
1 + jWRa,pra,bp ’

(4-7)

a,bp

As long as w is less than 1/( R, 5,Casp), the backplate impedance approximately
equals Rqp,. Therefore, the backplate deflection due to an acoustic pressure is
negligible if the backplate resistance is less than the impedance of the diaphragm
and if the frequency of operation is less than the critical frequency for each

backplate,
1

fbp - ZWRayprmbp '

(4-8)

The backplates must be designed with a sufficient number of holes so that f;, for
each backplate is well above the desired frequency range of operation.

However, as stated above, there are several other trade-offs. If there are too
many backplate holes, the backplate compliance is greater than that predicted
assuming there are not any backplate holes. Furthermore, as backplate area is lost

due to the holes, the capacitance is reduced. However, if the hole radius is small
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enough, fringing fields reduce the capacitance loss. Another consideration is that
the backplate holes serve as the path for the etchant to remove the oxide from the
air gaps; enough holes of sufficient radius must be provided for this etch.

The backplate geometry that was found to best balance these tradeoffs while
providing a sufficiently small backplate resistance was to use backplate holes with
a radius of 5 pm with a total area of approximately 22 % of the backplate area.
For the top backplate, 557 holes were used and 367 holes were used for the bottom
backplate. This backplate hole configuration resulted in an f, for the top and
bottom backplates of 1.3 M Hz and 3.3 M H z, respectively.

4.1.4 Microphone Design Summary

The dual-backplate microphone was designed for the SUMMIT V process. It
has been designed to operate linearly up to an incident pressure of 2000 Pa. The
backplates were designed such that they would not have excessive deflection due to
an acoustic pressure while not sacrificing too much capacitance due to the area lost
by the holes. A summary of the physical properties of the microphone is given in
Table 4-1.

4.2 Predicted Microphone Performance

Using the theory developed in Chapter 3 and the design parameters given in
Table 4-1, the predicted microphone performance specifications are found, including
the uncertainty in these estimates.

The uncertainty analysis for the sensitivity, resonant frequency, and noise floor
is derived in Appendix C. The uncertainty values used for the thickness of the
diaphragm and air gaps are taken from Table D-1. Sandia National Laboratories
reports dimensional uncertainty of 0.1 pm for line widths. This translates into the
uncertainty in the diaphragm radius. Material parameters are assumed to have a

10 % wvariation.
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Table 4-1. Microphone physical properties

Symbol Property Value Units
E Young’s Modulus 160 GPa
v Poisson’s Ratio 0.2 -

P Density of polysilicon 2330 kg/m?
o In-plane stress 0 Pa
aq Diaphragm radius 230 wm
hqg Diaphragm thickness 225  um
App1 Top backplate radius 256 um
hipp1 Top backplate thickness 225 um
App2 Bottom backplate radius 213 um
N2 Bottom backplate thickness 225  um

g Gap distance 2.0 um
ap, Backplate hole radius 2.0 wm
Ny Number of top backplate holes 557 -

Ny Number of bottom backplate holes 367 -

4.2.1 Sensitivity

The predicted sensitivity of the dual-backplate condenser microphone is found
for a directly applied bias and a bias applied through a resistor. The output voltage
found in Section 3.1.2 gives the sensitivity from the pressure on the diaphragm, pg,
to an output voltage. However, the attenuation due to the cavity compliance also
affects the sensitivity, as given by Equation 3-184. To simplify the expressions for
the sensitivity, it is assumed that the nominal capacitances of the top and bottom
capacitors are equal and the frequency of operation is in the flat-band region.

Therefore, the sensitivity for a dual-backplate capacitive microphone with a

constant voltage bias is given by

. 2 VB Clo a4 Oa,cav
Ve B 3 9o C1f 64D Ca,cav + Ca,d‘

(4-9)
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Similarly, the sensitivity with a constant charge bias is

4
_ EH VB a Ca,cav (4_10)

S c— )
QB 3 90 64D Ca,cav + Ca,d

The sensitivities may also be written in terms of the transformer turns ratios,

ny and ns, as

Ca cav Cl
- —acaw 9. 4-11
S VB CG7C(IU + Ca7d <n1 + n2) Cf ( )
and
Ca cav Cl
S = + 0 . 4-12
QB Ca,cav + C(a,d (nl n2) Clo + C(20 + Op + Oz ( )

The sensitivity for the designed microphone is found by evaluating these
expressions with the values given in Table 4-1 and a bias voltage of 9.3 V' (the
value used for experimentation). The predicted sensitivity for the designed dual-
backplate capacitive microphone with a directly applied bias voltage and a 1.5 pF
feedback capacitor is

S| =370£190 uV/Pa. (4-13)
B

where the uncertainty is calculated using Equation C-12. Similarly, for the same
microphone with bias voltage applied through a large resistor and a total parasitic
capacitance of 1 pF', the predicted sensitivity is

S|, = 2204100 uV/Pa. (4-14)
B

The large uncertainty in sensitivity is due to the use of chemical mechanical
polishing in the SUMMIT V process. This gives a variation of up to 25 % in the
thickness of the air gaps. This results in an uncertainty of close to 50 % in the
sensitivity estimates.

4.2.2 Frequency Response
In this section, the frequency response of the designed microphone is discussed.

The frequency response is plotted using the previously derived lumped element
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model. The cut-on frequency, resonant frequency, damping ratio, and flat band

attenuation are also found.

Top Backplate Diaphragm Bottom

~a \ Backplate
DV —

l l l l

ESEEEDDHH =
[

—AA— —A\—

Ra, vi Ra,VQ .
Cavity

Substrate —

Figure 4-5. Cross section of the vent channel. There are two components: one is in
parallel with the top backplate and the other connects to the cavity.

All of the lumped elements are computed using the parameters given in Ta-
ble 4-1 except the vent resistance. The vent channel is created by the channel for
electrical connections to the anchors for the diaphragm and bottom backplate.
After the microphone is released, the sacrificial oxide is removed and the channel is
opened. The geometry of the vent channel is shown in Figure 4-5. T'wo resistances
are shown: R,,; which connects the outside to a point between the top backplate
and diaphragm; and R, .2 which connects to the cavity. The width of the vent
channel is 42 pm and the height is 2 pm. The hydraulic diameter of the channel is
given by 4A/P, where A and P are the cross-sectional area and perimeter of the
channel, respectively [123]; for this geometry, the vent channel has a hydraulic di-
ameter of 3.8 um. There is not a significant resistance above the bottom backplate
anchor because the restricted width of the vent channel extends only to the end of
the diaphragm anchor. The length of the first part of the channel is 24 ym and the
length of the second part is 23 pm. The resistance R, ,; is in parallel with the top

backplate, therefore it does not contribute significantly to the frequency response.
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Table 4-2. Acoustic lumped element values for the designed microphone.

Symbol Description Value

Cod Diaphragm compliance 1.53 x 1077
Mgy q Diaphragm mass 5.68 x 104
Cappt Top backplate compliance 2.91 x 10717
R pp1 Top backplate resistance 4.19 x 10?

Copp2 Bottom backplate compliance 7.04 x 10718
R ppo Bottom backplate resistance 6.95 x 10°

SI=iF R Rz R =R S
)
n

Ca.cav Cavity compliance 5.06 x 1016
R Vent resistance 7.54 x 10'3
n Top turns ratio —4.15 x 107
Ng Bottom turns ratio —4.15 x 1074

The predicted frequency response is found using the lumped element values
given in Table 4-2 and is shown in Figure 4-6. It can be seen that the backplate
compliance has a negligible effect on the microphone frequency response.

Finally, the values for the cut-on frequency, damping ratio, damped resonant
frequency, and flat band attenuation are given in Table 4-3. The microphone has
a predicted bandwidth from 4 Hz to 17349 kHz. It is lightly damped, with a
damping ratio of 0.09. The low variation in the predicted resonant frequency is due

to the fact that the resonant frequency does not depend on the air gap.

Table 4-3. Frequency response parameters

Description Value
Cut-on frequency 4 Hz
Damping ratio 0.09

Resonant frequency 173 kHz
Flat band attenuation 0.97
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(b) Phase response of the designed microphone.

Figure 4-6. Frequency response of the designed dual-backplate microphone as pre-
dicted by the LEM.

4.2.3 Noise Floor

The noise floor of the microphone is predicted using the models developed in
Section 3.3. There are two components to the noise floor, the thermomechanical
noise of the microphone and the electrical noise of the interface circuitry.

The PSD of the acoustic noise source referred to the diaphragm is plotted
in Figure 4-7. The noise due to R, .ss and R, , is shown. Below approximately
400 Hz, the noise from the vent resistor is the larger of the two acoustic noise
sources.

The theoretical output voltage noise PSD of the microphone packaged with a
charge amplifier is shown in Figure 4-8. The contributions from the acoustic noise

sources, bias resistor, and amplifier are shown. The charge amplifier considered



153

E 40 T
3 N .
0 o ~ o R __ noise \
g N OF - - - - — = \_\_\ _____ eﬁ_——’/ \
g o .
2 N S N
o T N
> & 40 =
§ 5 R, noise \
o = N
o § -8of
3 £ N
©3
o ‘n_lzo n n n n "
0 1 2 3 4 5 6
10 10 10 10 10 10 10

Frequency (Hz)

Figure 4-7. Theoretical noise contributions of the microphone referred to the pres-
sure across the diaphragm.

here is based on the TLE2071 opamp manufactured by Texas Instruments. This
amplifier is configured as a charge amplifier by placing a 1 pF' capacitor and a

2 G resistor in the feedback path. Parasitic capacitance on the circuit board
results in a net feedback capacitance of 1.5 pF'. The input referred voltage noise of
the amplifier is 17 nV/v/Hz and the input referred current noise is 2.8 fA/v/Hz.
Below 10 k£H z, the noise spectrum is dominated by the current noise of the bias
resistor. At 1 kHz, the predicted output PSD is 2.3 x 10712 V2/Hz. This is
equivalent to an input referred noise of 36 dB/v/Hz assuming a sensitivity of

370 uV/Pa. Considering the uncertainty in the sensitivity, the input referred noise

floor is expected to vary by up to +3.5 dB/v Hz.
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Figure 4-8. Theoretical output voltage noise PSD of the microphone with a charge
amplifier.
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The theoretical noise floor of the microphone packaged with a voltage am-
plifier is shown in Figure 4-9. The selected voltage amplifier is the SiSonic micro-
phone amplifier, courtesy of Knowles Acoustics. A noise model was not provided,
however, measurements of the voltage amplifier give a voltage noise density of
4 x 107 V2/Hz and a current noise density of 5 x 1073! A?/Hz. The acoustic
noise is below the electrical noise for the majority of the frequency range, ex-
cept near resonance; as can be seen from Figure 4-9. At 1 kHz, the predicted
output voltage PSD for the microphone packaged with the voltage amplifier is
2.1 x 1071 V2/Hz. This is equivalent to an input referred noise of 20 dB/v/Hz
assuming a sensitivity of 220 uV/Pa. The noise floor of the microphone with a

voltage amplifier is expected to vary by as much as +4.0 dB/v Hz.
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Total noise
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Figure 4-9. Theoretical output noise PSD of the microphone with a voltage ampli-
fier.

4.2.4 Pull-in Voltage

The pull-in voltages for the designed dual-backplate microphone are found
using the parameters given in Table 4-1 and the equations in Section 3.2.7. For
comparison, the pull-in voltages of a single-backplate capacitive microphone with
the same diaphragm and air gap dimensions are calculated.

The quasi-static pull-in voltage for the single-backplate condenser microphone

is Vpr = 31 V. The quasi-static pull-in voltage for the dual-backplate condenser
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backplate microphone is

Vpr =40 V.

4.3 Summary

(4-15)

A dual-backplate microphone has been designed for aeroacoustic measure-

ments. The target process flow is the SUMMIT V process at Sandia National

Laboratories. The microphone has been designed to have a linear response up to

2000 Pa. The predicted sensitivity, frequency response, noise floor, and pull-in

voltage have been found.

A summary of the specifications for the designed dual-backplate condenser

microphone is given in Table 4-4 along with the predicted uncertainty.

Table 4-4. Summary of specifications for the designed microphone

Specification Value Uncertainty
Sensitivity (CA) 370 uV/Pa +190 uV/Pa
Sensitivity (VA) 220 pV/Pa +100 puV/Pa
Resonant frequency 173 kH=z +9 kHz
Noise floor (CA) 36 dB +3.5dB
Noise floor (VA) 20 dB +4.0 dB




CHAPTER 5
DEVICE FABRICATION

The fabrication of the dual-backplate capacitive microphone is presented in
this chapter. The microphone fabrication utilized both the SUMMIiT V process
at Sandia National Laboratories and facilities at the University of Florida. The
process flow is presented in two parts; the SUMMIT V fabrication and the post
processing.

5.1 Process Flow

The SUMMIT V process at the Sandia National Laboratories was used to
fabricate the structural layers of the microphone. This process, described in detail
in Appendix D, mainly consists of the deposition and patterning of alternating
layers of polysilicon and silicon dioxide. Polysilicon is used to form the microphone
structure. Silicon dioxide is a temporary, or sacrificial, material to support the
various layers of polysilicon during fabrication. After completion of the SUMMIT V
process, a series of post processing steps are performed to release the device and
complete the fabrication.
5.1.1 SUMMIT V Process Steps

The fabrication of the microphone through the completion of the SUMMIT V
process is shown in Figure 5-1. The process flow is depicted as a series of schematic
cross sections through the center of the microphone.

The SUMMIT V process begins with a 6 in. silicon wafer. As shown in
Figure 5-1(b), a layer of silicon dioxide and silicon nitride are then deposited.
These insulate the polysilicon structure from the silicon substrate. In addition,
the silicon nitride is used to provide adhesion for the polysilicon. The first layer of
polysilicon, Poly0, is then deposited. This polysilicon layer is used to form a base
for the anchors and for electrical interconnections.

The fabrication of the bottom air gap and diaphragm are shown in Figure 5-

1(d) and Figure 5-1(e), respectively. A 2 um layer of sacrificial oxide forms a spacer

156
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t
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v Poly0
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(h) Deposit and pattern sacrificial oxide for
the top air gap.

(d) Deposit and pattern a layer of sacrificial
oxide.

4 Poly4
_t Poly2 ez
 2.5um
(e) Deposit polysilicon and pattern to form (i) Deposit polysilicon and pattern to form
bottom backplate. top backplate.

Figure 5-1. Process steps of the microphone fabrication through the completion of
the SUMMIT V process.

between the Poly0 electrical connections and the next layer of polysilicon. The
bottom backplate is formed by depositing and patterning Poly2. The bottom air
gap space is held by the next sacrificial layer, Sacox3. The diaphragm is then
formed from Poly3, as shown in Figure 5-1(g). The final steps of the SUMMIT V
process create the top backplate, as shown in Figure 5-1(h) and Figure 5-1(i).
5.1.2 Post-SUMMIT V Process Steps

The remainder of the device fabrication after completion of the SUMMIiT V

process was conducted at the University of Florida. The key steps, represented by
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schematic cross sections, are shown in Figure 5-2. To complete the fabrication of
the microphone, the following steps are completed: deposit metal for bondpads;
etch the silicon substrate; etch the oxide and nitride layers; and etch the sacrificial
oxide. Although it was not shown in Figure 5-1 for simplicity, each of the layers
that were deposited on the front surface of the silicon wafer during the SUMMIiT V
process were also deposited on the backside of the wafer. These layers are removed
before the microphone cavity is formed.

The devices were returned from Sandia National Laboratories as unreleased
die. To facilitate the post processing, a handle wafer is used to support the
individual microphone die during processing. To construct the handle wafer,
AZ9260 photoresist is spun on a 100 mm Pyrex wafer at 4000 RPM , resulting
in a thickness of approximately 4 um. A 100 mm silicon wafer is placed on the
photoresist covered Pyrex wafer and pressure is applied by hand to join the two
wafers together, as shown in Figure 5-2(a). The AZ9260 photoresist is then spun on
the top of the silicon wafer at 2000 RPM , resulting in a thickness of approximately
9 pum. The photoresist is patterned and a cavity is etched via DRIE in the handle
wafer to hold the microphone die, as depicted in Figure 5-2(b).

The microphone die is mounted in an inverted position into the handle wafer
using Crystalbond 509, a thermoplastic polymer adhesive, as shown in Figure 5-
2(c). The thermoplastic adhesive allows the microphone die to be inserted and
removed by elevating the temperature of the adhesive, yet it provides a strong bond
during handling. Mechanical lapping is performed to remove the backside layers.

A slurry is created on the surface of a glass plate by mixing 5 um grit polishing
powder with water. The microphone die, supported by the handle wafer, is lightly
pressed onto the slurry coated plate and moved in a figure-8 pattern. This removes
the backside of the microphone die until the surface of the die is flush with the

surface of the handle wafer, at which point the lapping is complete. The remaining
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(a) Begin by joining a silicon wafer to a
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(b) Etch a cavity in the silicon to hold the
microphone die using DRIE.

(e) Etch the silicon substrate of the
microphone die using DRIE.
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(f) Etch thin oxide layer using BOE and a
silicon nitride etch using RIE.

(c) Attach the microphone die to the
handle wafer.

(g) Complete the device fabrication by
etching the sacrificial oxide.

Figure 5-2. Fabrication steps performed after the completion of the SUMMIT V
process.
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thickness of the silicon substrate on the microphone die is approximately 600 um
and the device now resembles Figure 5-2(d).

Photoresist is then spun on the top surface of the handle wafer. AZ9260 is
used with a spin speed of 2000 RPM for a time of 50 s. This results in a 9 um
thick layer of photoresist. The photoresist is patterned to create a hole above each
microphone structure using an EVG 620 mask aligner. Front-to-back alignment is
used because the cavity is etched from the back side and must be aligned to the
microphone features on the top side of the microphone die. The bottom portion of
the handle wafer needs to be clear so that the patterned surface of the microphone
die can be seen, therefore Pyrex is used. Then, the substrate of the microphone
die is etched using DRIE. A schematic cross section of the device and handle wafer
after the DRIE step is shown in Figure 5-2(e).

Figure 5-2(f) shows the device after the completion of the next two process
steps. The 0.63 um layer of thermal oxide is etched using a 6:1 buffered oxide etch
for 15 min. A mask is not needed for this etch because the silicon substrate acts as
the mask. The nitride layer is etched using a UniAxis ICP RIE dry etch. The etch
was performed at a pressure of 10 mTorr and a power of 500 W; the gasses SFg
and Oy were used with flow rates of 50 scem and 10 scem, respectively. Similar to
the oxide etch, this etch does not require a mask; the substrate acts as a mask for
the nitride layer. Although the nitride etch attacks the silicon substrate, the effect
on the microphone structure is negligible.

After completion of the above steps, the microphone die is removed from the
handle wafer by softening the adhesive by applying heat and the glue is removed
by soaking the die in acetone. The microphone structure is released with a 40 min.
etch in a 49 % hydrofluoric acid solution; this is followed by a rinse in deionized

water. If the microphone was simply removed from the water and left to dry, the
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surface tension of the water would pull the diaphragm and backplates together,
rendering the device useless; this phenomenon is termed stiction.

There are several techniques that have been developed in the past to avoid
stiction during the release of MEMS structures. A chemical coating can be applied
to the device surfaces to reduce adhesion [126]. Other approaches focus on avoiding
the liquid evaporation through the use of freeze-drying [127] or a super critical
phase transformation [128]. For this process, super critical drying is used with
liquid CO5 using a Bal-tec CPD 030 critical point dryer. First, the deionized water
is substituted with methanol. Then, using the Bal-tec CPD, the methanol is sub-
stituted with liquid CO, at approximately a temperature of 12 °C' and a pressure
of 50 bar. The temperature is then slowly raised until the liquid CO, undergoes a
supercritical phase change to a gas. This transition avoids the possibility of stic-
tion. After the gaseous CO, is vented, the processing is finished. A schematic cross
section of the finished device is shown in Figure 5-2(g).

5.2 Metallization and Wire Bonding Issues

The fabricated device has polysilicon bond pads. These are difficult to bond
to using typical ball bonders with gold wire. Several attempts were made to
metalize the bond pads. The process flow presents several challenges for bond pad
metallization. The microphone must be released with an oxide etchant, thus the
metal cannot be attacked by the release etchant. After release, the structure is very
fragile; therefore, photolithography is not possible after the device is released. If
a protective layer is used during the release process to cover the bond pad metal,
it must be able to be removed with a wet chemical. Furthermore, it cannot leave
residue on the structure.

The first metallization attempts utilized gold with a chromium adhesion layer
because these metals are resistance to hydrofluoric acid etches [129]. However,

devices with a Cr/Au metallization did not function. Further investigation showed
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that the polysilicon was attacked during the release etch when exposed gold was
present. A vulnerable 0.3 um polysilicon interconnect was damaged, severing the
connection to the bottom backplate. This catalytic behavior of gold interacting
with hydrofluoric acid to etch silicon has been previously reported [130, 131].

To avoid this issue, a process to release the microphone with aluminum
bondpads was developed. This is somewhat challenging, as HF based etchants
typically attack aluminum [129]. A commercial etchant manufactured by Transene,
Inc., Silox Vapox III, was identified as a silicon etch that has a sufficient selectivity
between silicon dioxide and aluminum. However, this etchant has a relatively slow
etch rate, a 2 hr. etch was needed. Over this long etch time, it had a non-negligible
reaction with aluminum. Bubbles formed on the surface of the aluminum, which
lowered the yield of successfully released microphones. Furthermore, the aluminum
surface was damaged during the etch, and it was not possible make a successful
wire bond.

The final solution was to leave the bond pads without metallization. Engent,
Inc. in Norcross, GA, an external company, was identified to successfully wire bond
to bare polysilicon bond pads using a gold ball bonder. The process flow through
release gives a high yield with approximately 90 % of the microphones releasing
properly. The yield is reduced substantially during packaging. About 50 % of
the microphones were successfully wire bonded. However, the yield was further
reduced due to diaphragm buckling. This most likely occurred due to package-
induced stress or electrostatic discharge. The final yield through packaging was

approximately 33 %.



CHAPTER 6
RESULTS AND DISCUSSION

The key results obtained for the dual-backplate capacitive microphone de-
scribed in Chapter 4 and Chapter 5 are presented in this chapter. First the
fabricated microphone is described in detail. This is followed by a discussion of the
microphone packaging developed for characterization. The experimental setup for
each of the measurements is described and then the results are presented.

6.1 Realized MEMS Microphone

The dual-backplate capacitive microphone was fabricated using the process
flow detailed in Chapter 5. A photograph of the die is shown in Figure 6-1.

There are multiple devices on each die. These include two large dual-backplate
microphones designed for audio applications. Results were not obtained from
these devices due to fabrication issues and they are not referred to throughout the
remainder of this dissertation. There are also two single-backplate microphone test
structures consisting of the diaphragm and either the top or bottom backplate.

1 2 3

2.8 mm

| an 333 | |
2= Q0Q ===
£OC00aC0 cOCaC000

- >

6.4 mm

Figure 6-1. Photograph of the mic die with the individual microphones labeled.

On each die, there are four complete aeroacoustic dual-backplate micro-

phones. In Figure 6-1, these are labeled 1, 2, 3, and 6, respectively. Throughout

163
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this chapter, individual microphones are labeled by a letter corresponding to a
particular die, and a number corresponding to the specific microphone on the die.
For example, microphone Q1 is the microphone in position 7 on die Q.

A close-up view of one of the microphones is shown in Figure 6-2. The top
backplate and backplate holes are visible. The bond pads connecting to the
bottom backplate, diaphragm, and top backplate are labeled on the die in poly0.
There are three additional bond pads that may be used as guard connections to
minimize the effect of parasitic capacitance on the die, similar to those used on
the SiSonic™microphone [110]. However, these were not used for the microphone
characterization. The final bond pad on the top left of Figure 6-2 provides a

connection to the substrate; this was also not used for the characterization.

Bond pads

Microphone structure

Figure 6-2. Photograph showing the top of the microphone.

The three layers of the microphone are visible in Figure 6-3. This figure is an

scanning electron microscopy (SEM) image of a released microphone. The device
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has been sectioned with a focused ion beam (FIB), revealing the diaphragm and

bottom backplate.

Top
Diaphragm backplate

Bottom backplate

Figure 6-3. SEM image showing the three layers of the microphone.

Further details of the microphone structure are shown in Figure 6-4 and
Figure 6-5. These figures are SEM images of an unreleased microphone. The die

was sectioned using a dicing saw and a FIB was used to smooth the surface.

Top backplate Top backplate
(poly4) hole

Sacrificial
oxide

e . -' ~ ! Diaphragm
- o (poly3)

Bottom / g Dlate (poly2)
backplate ———

hole pumss==t_— BIK silicon

Figure 6-4. SEM image of a cross-section view of an unreleased microphone die.
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Figure 6-4 is a cross-section view showing the top backplate, diaphragm,
and bottom backplate. Figure 6-5 is a close-up view of the anchor cross-section

that shows the details of the electrical connection to the diaphragm (shown

schematically in Figure 4-3(b)).

Top backplate
anchor

=N i g : L 3 backplate
Electrical e a ' s =l
connection RN\ : Diaphragm
anchor

Electrical
connection in
polyO

Figure 6-5. SEM image of the electrical connection to the diaphragm.

6.2 Microphone Packaging
The microphone packaging was designed to support laboratory acoustic

testing. A schematic view of the designed package is shown in Figure 6-6.

PCB \
Microphone

die

Lucite
package

Copper
e Posts

Figure 6-6. Schematic diagram of the microphone package.
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The microphone package consists of a printed circuit board (PCB) that holds
the microphone die. The PCB is placed in a Lucite plug. This plug is designed to
fit into the acoustic test hardware and give a flush surface. Electrical connection
to the microphone package is made via copper wires extending out of the package
base.

6.2.1 Interface Circuits
The microphone is characterized with two distinct interface circuits, a voltage

Mmicrophone

amplifier and a charge amplifier. The voltage amplifier is the SiSonic™
amplifier, courtesy of Knowles Acoustics. Figure 6-7 is a photograph of the
amplifier die showing the required connections. This amplifier is interfaced to the

microphone via the PCB discussed in Section 6.2.2.

1.3 mm

1.0 mm

Vout GND

Figure 6-7. Photograph of the SiSonic™microphone amplifier.

The charge amplifier used is based on the TLE2071, manufactured by Texas
Instruments. This circuit is realized on an external circuit board, shown in Fig-
ure 6-8. The board contains the amplifier circuit as well as BNC connectors for
the microphone bias voltages. A 3-wire connection is made between the charge
amplifier PCB and the microphone package that provides electrical contact for the

top backplate, diaphragm, and bottom backplate.
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Figure 6-8. Photograph of the charge amplifier circuit board.

6.2.2 Printed Circuit Board

The printed circuit board contained in the microphone package serves three
functions: (1) it supports the microphone die, (2) provides electrical connections
to the microphone, and (3) it contains the supporting circuitry for the voltage
amplifier. The top view of an un-populated PCB is shown in Figure 6-9(a). A
recess has been cut into the PCB that allows the microphone to be flush with the
PCB surface. A channel is provided around the perimeter of the cavity to contain
excess epoxy when the microphone die is affixed to the PCB. Gold wire bonds are
used to connect the microphone die to the circuit board. Electrical connection to
the PCB is made via through-holes in which the copper wires are inserted and
soldered.

The backside of the PCB can be configured in two ways to support either
a voltage amplifier or a charge amplifier. For microphone die used with voltage
amplifiers, the backside of the PCB is populated as shown in Figure 6-9(b). This
includes affixing four amplifier die to the PCB using a conductive epoxy. The
amplifier substrate is grounded to prevent drift which can result from stray charge.

Wire bonds are used to connect the PCB to the amplifier die and are covered in
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(a) Top view. (b) Bottom view.

Figure 6-9. Pictures of the printed circuit board used in the microphone package.

protective epoxy. Also included in the circuitry is a 50 §2 resistor in series with each
amplifier output and a 0.1 uF bypass capacitor for each amplifier’s power supply.
The trace from the diaphragm to the amplifier input is made as short as possible to
minimize parasitic capacitance.

For microphone die used with a charge amplifier, the back-side of the PCB
is not populated with the previously described voltage amplifier circuitry. In this
case the diaphragm is directly connected to one of the copper posts. Rather than
have this connection permanently on the PCB and load the voltage amplifier with
additional parasitic capacitance, a wire bond is made to jumper the diaphragm
trace to the PCB output.
6.2.3 Final Package

The populated PCB embedded in the Lucite package is shown in Figure 6-10.
The microphone is flush with the PCB surface and the wire bonds are covered in
epoxy. The copper posts are cut such that they terminate just below the surface of
the PCB; thus the solder height is as low as possible.

The final package assembly is shown in Figure 6-11. The Lucite PCB holder

has a dimension of 0.75 in. X 0.75 in. at the front surface.
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Figure 6-10. Photograph of the microphone embedded in the printed circuit board.

Electrical Lucite PCB

connections holder

Flush ' mounted
PCB and mic die

Figure 6-11. Photograph of the assembled microphone package.
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6.3 Experimental Setup

In this section, the experimental setup for the microphone characterization is
discussed. Three general types of experimental setups are used for the microphone
characterization. For the frequency response and linearity experiments, a plane
wave tube is used. A Faraday cage is used for the noise floor characterization. A
laser vibrometer is used to measure the resonant frequency of the microphone.
6.3.1 Acoustic Experimental Setup

The microphones are characterized acoustically to determine the linearity of
the microphone and measure the frequency response. The linearity is analyzed by
plotting the microphone output voltage and sensitivity vs incident pressure, as well
as estimating the total harmonic distortion.
6.3.1.1 Plane Wave Tube

The plane wave tube (PWT) is a long rigid duct with a 1 in. x 1 in. square
cross section. As shown in Figure 6-12, an acoustic driver is placed at one end of
the tube. The device under test (DUT) and a reference microphone are placed at
the other end such that they are at normal incidence to the incident pressure. Due
to the geometry of the tube, there is a frequency below which only plane waves
propagate; i.e. the pressure is uniform across the cross section of the PWT [4]. This
allows the DUT and the reference microphone to be exposed to the same incident
pressure. This frequency is 6.7 kH z for air.

Also shown in Figure 6-12 is the supporting hardware for the plane wave
tube experiments. The Briiel and Kjaer Pulse multi-analyzer system provides
a function generator to drive the acoustic driver and accepts the input signals
from the DUT and reference microphone. The Pulse system also performs the
data analysis functions and records the data. A PCB Piezoelectronics 377A51
condenser microphone is used for the reference microphone. This microphone is

used due to its high maximum pressure. For consistency, it is used as the reference
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microphone for all acoustic experiments. The signal sent to the acoustic driver is
first amplified by a Crown K1 power amplifier. The sound field in the plane wave
tube is produced by a BMS 4590P compression driver.

Acoustic )
driver Helium

DUT
N /

= BN
PWT Ref mic
Bé&K Pulse
— Amp Multi-
analyzer

Figure 6-12. Large plane wave tube experimental setup.

However, the speed of sound in helium is approximately three times the speed
of sound in air; thus only plane waves exist for frequencies up to approximately
20 kHz. Operating the microphone in helium has little impact on its performance.
The cavity compliance decreases, thus the predicted sensitivity is reduced by 1 %
and the resonant frequency is increased by less than 1 %. The predicted frequency
response of the designed dual-backplate condenser microphone is shown in Figure 6-
13 for operation in both air and helium.

The linearity experiments are conducted in air, and the frequency response
measurements use helium. The magnitude response of two Briiel and Kjeer con-
denser microphones in air and helium is shown in Figure 6-14 and Figure 6-15,
respectively. The magnitude response is approximately 1 (0 dB) when only plane
waves propagate. It can be seen that the use of helium extends this range to
approximately 20 kH z.

The reference microphone and DUT are excited with a 1 kHz tone for the
linearity and THD measurements. The Pulse system is configured to compute a

zoom-FF'T of these signals with a 6.4 kHz span and a center frequency of 3.4 kH z.
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Figure 6-13. Theoretical magnitude response of the dual-backplate microphone in
air(-) and helium (- -).
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Figure 6-14. Magnitude response of two B&K 4138 condenser microphones in air.

This ensures that all harmonics up to 6 kHz are captured. A 1600 line FFT is used
giving a frequency resolution of 4 Hz. The amplitude of the incident pressure is
incremented to characterize the microphones over a wide range of amplitudes; at
each measurement point, 75 averages are taken with 0 %overlap.

For the frequency response tests, the generator is set to a periodic random
signal with a span of 25.6 kHz. The FF'T analyzer is configured accordingly to a
span of 25.6 kHz with a Af of 16 Hz. Each set of recorded data presented below is

the result of 400 averages.



174

N
o
T

[Eny
o
T

|
[
o

Magnitude response (dB ref 1 Pa/Pa)
N
o o

0.3 5 10 15 20 25
Frequency (kHz)

Figure 6-15. Magnitude response of two B&K 4138 condenser microphones in he-
lium.

6.3.1.2 THD Methodology

As the microphone transitions from linear to non-linear operation, the total
harmonic distortion increases. To measure the THD in the microphones, a single-
tone pressure is applied. Non-linearities in the microphone response result in the
output having power at frequencies that are integer multiples of the fundamental
frequency [21]. Thus the measured power in all the harmonics can be used to
estimate the THD.

However, as the incident pressure becomes large, non-linearities are gener-
ated in the test setup. The acoustic driver outputs significant sound pressure at
harmonic frequencies when driven with a single tone. Additionally, the acoustic
wave propagation becomes non-linear at high sound pressure levels [4]. There-
fore, the THD of the microphone must be estimated in the presence of external
non-linearities.

To estimate the total harmonic distortion due to the DUT microphone, the
harmonic components due to the experimental setup are subtracted from the DUT
output signal. The reference microphone measures the total acoustic pressure

including the harmonic components. The MEMS microphone sensitivity is used to
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convert the harmonic pressure components measured by the reference microphone
to a corresponding rms output voltage. This rms output voltage at each harmonic
is subtracted from the measured voltage at each harmonic as depicted in Figure 6-

16. Mathematically, this is described as

Uflff _ ,Uzwas . S'p:ff, (6—1)

meas

meas j5 the measured rms voltage at the n' harmonic, S is the microphone

where v
sensitivity, pr¢/ is the rms pressure measured by the reference microphone at the
n'" harmonic, and v¢// is the extracted rms voltage at the n'* harmonic used to

estimate the total harmonic distortion.
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Figure 6-16. Graphic description of THD methodology.

Several assumptions are necessary for this analysis to be valid. First the
reference microphone must not introduce any non-linearities in the system. The
microphones are tested up to sound pressure levels approaching 170 dB; therefore,
the choice of reference microphone is crucial. The PCB 377A51 condenser micro-
phone has a 3 % distortion limit of 192 dB. Thus, the reference microphone is
sufficient for these measurements. Additionally, the total pressure measured by the

reference microphone must be the same as that sensed by the DUT microphone. A
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1 kH =z tone is used for the THD measurements. Therefore, the first five harmonic
components propagate as plane waves in the PW'T. These five harmonics are used
in the THD calculations. It is assumed the DUT generates negligible harmonic
distortion above the 5 harmonic.
6.3.2 Laser Vibrometer

The resonant frequency of the microphone is determined using a Polytec Scan-
ning Doppler Laser Vibrometer (SLV). The microphone is placed on a microscope
stage. A Polytec OFV 511 fiber interferometer generates a laser beam that is inci-
dent on the microphone diaphragm and receives the resulting interference optical
signal through the microscope adapter. The laser must be positioned such that it
passes through a top backplate hole, as shown in Figure 6-17. The center hole is
used to maximize the measured velocity. The velocity is inferred from the returned
optical signal by the vibrometer controller.

Top backplate

Laser beam . \1 .

Center hole

0090
o

Laser

2

Figure 6-17. Experimental setup to determine the resonant frequency of the micro-
phone.

The microphone is excited with an acoustic impulse generated by a cap gun.
The pressure is recorded by a Briiel and Kjeer 4138 reference microphone placed
approximately 1 in from the DUT microphone. A typical measured pressure is
shown in Figure 6-18. The recorded pressure is shaped by a high pass filter with
a 50 kH z corner frequency that was used on both the reference channel and the

velocity channel; the measured pressure near 170 kH z is flat. The laser vibrometer
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is configured to compute the FFT of the time series signals over a 500 kH z
bandwidth with a 156.25 Hz bin width. Due to the nature of this experiment,
averaging is not performed. While the test may be repeated multiple times and the
resulting FFT’s averaged, the source may not be repeatable. The data presented

here is from single-shot measurements.
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Figure 6-18. Typical pressure recorded by reference microphone for LV measure-
ment.

6.3.3 Faraday Cage

The experimental setup for the noise experiments is shown in Figure 6-19.
The microphone and interface circuitry are placed inside two concentric Faraday
cages. A Faraday cage attenuates electromagnetic waves and reduces the amount
of electromagnetic interference inside the box due to external sources. The use
of two Faraday cages improves the electromagnetic interference reduction [132].
The output of the microphone is amplified and then sent to a Stanford Research
Systems SR785 spectrum analyzer. The spectrum analyzer measures the output
noise power spectral density. The input referred pressure noise is calculated using
the measured microphone sensitivity.

The noise spectrum is measured from 10 Hz to 102.4 kH z by combining

measurements of three separate frequency ranges. The first ranged from 20 Hz to
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Figure 6-19. Faraday cage experimental setup for noise measurements.

200 Hz with a bin width of 0.25 Hz and 2300 averages. The second range spanned
from 200 Hz to 1.6 kHz and had a bin width of 2 Hz and 4000 averages. The final
frequency range spanned from 1.6 kHz to 102.4 kH z with a 128 Hz bin width and
30000 averages.

6.4 Experimental Results

In this section, the results of the microphone characterization are presented.
First, the linearity and total harmonic distortion results are discussed. These are
followed by the frequency response measurements and resonant frequency results.
Finally, the measured noise floor is presented.

Microphones from four chips were packaged for the characterization. Three
were packaged with voltage amplifiers yielding a total of seven devices with a
voltage amplifier; these die are I, M, and Q. The forth die, O, was characterized
with the charge amplifier; yielding three devices. Unless otherwise stated, all
microphones were biased with £9.3 V' using alkaline batteries.

6.4.1 Linearity and Total Harmonic Distortion

The results of the linearity measurements for the microphones with voltage

amplifiers are shown in Figure 6-20. The incident pressure was varied from as

low as 43 dB and increased to near 160 dB. As the incident pressure approaches
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160 dB, the microphone output saturates. This is due to saturation of the volt-
age amplifier, which has a maximum input voltage of 500 mV. The measured

sensitivities fall within the estimated sensitivity range.
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Figure 6-20. Output voltage vs. pressure for voltage amplifier microphones
bounded by the theoretical sensitivity estimate.

To better visualize the extent of the linear range of operation, the measured
sensitivity is plotted versus incident pressure in Figure 6-21. The sensitivities of
the seven microphones are matched to within 2.1 dB. The average sensitivity
of each microphone is given in Table 6-1 along with a 95 % confidence interval.
The confidence interval for each microphone is computed using the methodology
described in Section C.4.

To determine the maximum linear range of each microphone without influence
from the input range of the voltage amplifier, the linearity measurements were
repeated with a bias voltage of 2.0 V. This lowers the sensitivity by a factor of
2/9.3; thus, the amplifier does not saturate at the highest sound pressure levels.
The output voltage versus incident pressure for this case is plotted in Figure 6-22.
These data are shown on a linear scale to accentuate the difference in sensitivity

caused by the bias voltage reduction.
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Figure 6-21. Sensitivity vs. pressure for voltage amplifier microphones.
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Figure 6-22. Output voltage vs. pressure for voltage amplifier microphones biased
with £2.0 V.

The microphones are seen to deviate from the linear trend above 2000 Pa.
The sensitivity is plotted versus incident pressure for the microphones biased with
+2.0 V in Figure 6-23. The increase in sensitivity at higher pressures is most
likely due to the non-linear electrostatic behavior and agrees with the theoretical
predications of the device non-linearity. The predicted non-linearity of a dual-
backplate capacitive microphone for several conditions is shown in Figure 6-24.

The worst-case non-linearity occurs for non-matched capacitors and when the
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mechanical non-linearity is negligible. In the realized microphone, the capacitors
do have mismatch. Furthermore, the onset of mechanical non-linearity could be
delayed due to uncertainties in the mechanical model or if the air gaps are smaller

than predicted.
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Figure 6-23. Sensitivity vs. pressure for voltage amplifier microphones biased with
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Figure 6-24. Theoretical non-linearity for a dual-backplate condenser microphone.

The estimated total harmonic distortion for the voltage amp microphones
biased with +2.0 V' is given in Figure 6-25. Most microphones have between 3 % to

5 % THD near 164 dB. The specific results for each voltage amp microphone are
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given in Table 6-1. The maximum pressure listed is the first data point for which

the non-linearity is in the range of 3 % to 5 %; the corresponding THD is given.
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Figure 6-25. Total harmonic distortion for voltage amplifier microphones biased
with £2.0 V.

Table 6-1. Summary of the linearity results for the microphones with voltage ampli-

fiers
Microphone Measured sensitivity Max Pressure THD at Pmax
12 178.3 £ 0.3 uV/Pa 163.7 dB 4.0 %
I3 151.6 £ 0.2 uV/Pa 165.7 dB 51 %
M1 168.1 £ 0.3 uV/Pa 163.7 dB 3.4 %
M2 184.4 £ 0.3 uV/Pa 160.7 dB 2.1 %
Q1 145.14+ 0.2 uV/Pa 165.3 dB 4.7 %
Q2 165.3 £ 0.4 uV/Pa 164.1 dB 4.3 %
Q3 172.1 £ 0.4 puV/Pa 164.1 dB 4.7 %

The measured sensitivity and capacitance of the microphones may be used

to estimate the air gaps and parasitic capacitance of each device. The results

are listed in Table 6-2. The microphone parameter with the highest variability is

the air gap distance. Therefore, the area of each capacitor is assumed to be the

designed value. Each air gap is estimated from the measured capacitance as follows,

EQA

Gest = C

meas

(6-2)
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The air gaps may then be used to predict the microphone sensitivity. However,
the parasitic capacitance is not known. Therefore, Equation 4-12 is used to
estimate the parasitic capacitance, allowing for non-matched capacitors. The
estimated parasitic capacitance ranges from 0.92 pF' to 2.23 pF'. This includes the
contribution of the amplifier input capacitance, estimated to be 0.3 pF'.

Table 6-2. Summary of air gap and parasitic capacitance estimates for the micro-
phones tested with voltage amplifiers.

Microphone  Measured Capacitance Estimated gaps Estimated C),
(top, bottom) (top, bottom)
12 849.8 fF, 601.8 fF 2.14 pm, 2.44 pm 1.20 pF
I3 871.0 fF, 580.7 fF 2.09 um, 2.53 um 1.65 pF
M1 793.1 fF, 562.7 fF 2.30 pm, 2.61 um 1.09 pF
M2 808.2 fF, 567.0 fF 2.25 pym, 2.59 pum 0.92 pF
Q1 915.1 fF, 656.9 fF 1.99 um, 2.24 um 2.23 pF
Q2 960.2 fF, 603.3 fF 1.90 pm, 2.44 um 1.74 pF
Q3 867.3 fF, 632.1 fF 2.10 pm, 2.33 um 1.42 pF

The linearity of the microphones tested with a charge amplifier is now ex-
amined. The output voltage versus pressure for the three tested microphones is
plotted in Figure 6-26. The tested pressure range for these microphones extends
from approximately 80 dB to above 165 dB. Lower pressures were not used for the
charge amplifier microphones because sufficient coherence (> 0.9) was not obtained
for lower pressures. This is partially due to the higher noise floor of the charge
amplifier circuit. However, the main cause is interference caused by 60 Hz power
line pick-up. The charge amplifier circuit is more susceptible to this interference
because it is separated from the microphone by a 12 in. length of cable.

The three charge amplifier microphones are matched to within 0.8 dB. The
sensitivities of these microphones are plotted versus the incident pressure in Fig-
ure 6-27. The charge amplifier has a sufficient maximum input and output voltage

range to not impact the dynamic range of the charge amplifier measurement. The
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Figure 6-26. Output voltage vs. pressure for charge amplifier microphones, bounded
by the theoretical estimate.

total harmonic distortion for the charge amplifier microphone measurements is
given in Figure 6-28. Two of the microphones, O3 and O6, have distortion of less
than 1 % at 164 dB. The third microphone, O1, has 3.3 % THD at 166.5 dB.
However, a sufficient number of microphones has not been tested to statistically
consider these results. The sensitivities with 95 % confidence intervals, as well as

the THD results, are given in Table 6-3.
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Figure 6-27. Sensitivity vs. pressure for charge amplifier microphones.
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Figure 6-28. Total harmonic distortion for charge amplifier microphones.

Table 6-3. Summary of the linearity results for the microphones with charge ampli-
fiers

Microphone Measured sensitivity Max Pressure THD at Pmax

01 355+ 1 uV/Pa 166.5 dB 3.3 %
03 360.4 £ 0.2 uV/Pa 166.5 dB 0.2 %
06 388.8+ 0.7 uV/Pa 163.6 dB 0.03 %

6.4.2 Frequency Response

The frequency response of the seven microphones tested with voltage amplifiers
has been measured. In Figure 6-29, the magnitude response is plotted over the
range 300 Hz to 25 kHz. While higher order modes propagate at frequencies above
20 kH z, the microphones qualitatively demonstrate a response up to 25 kH z.
The theoretical sensitivity estimate for the microphone with a voltage amplifier is
also included in this figure. The magnitude response is plotted up to 20 kHz in
Figure 6-30 to better show the matching between devices. The phase response for
the seven microphones with voltage amplifiers is plotted in Figure 6-31.

The phase is centered around 180° because there is an inversion from pressure
to voltage. The phase is matched to within 2° for most of the frequency range.

The dip in phase around 10 kHz coincides with reduced output from the acoustic
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Figure 6-29. Magnitude response for voltage amplifier microphones extending to
25 kHz, bounded by the theoretical estimate.
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Figure 6-30. Magnitude response for voltage amplifier microphones up to 20 kH z.

driver. Above 19 kH z, the phase deviates from the nominal value of 180° as higher
order modes begin to propagate.

The magnitude and phase response has been measured for the three micro-
phones tested with a charge amplifier. While the charge amplifier does not lose
sensitivity due to parasitic capacitance, this capacitance can affect the frequency
response of the microphone. Vibrations in the cable result in a modulation of the
parasitic capacitance and a corresponding charge injection into the amplifier. This
phenomenon was observed in the charge amplifier measurements. It was partially

mitigated by securing the cable as much as possible; however vibrations were not
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Figure 6-31. Phase response for voltage amplifier microphones.

completely eliminated. The magnitude and phase response for the charge ampli-
fier with the flattest measured frequency response are shown in Figure 6-32 and

Figure 6-33, respectively. This device responded best to securing the cabling.
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Figure 6-32. Magnitude response for charge amplifier microphones with minimal
ripple.

The magnitude and phase response for all three charge amplifier microphones
are given in Figure 6-34 and Figure 6-35, respectively. The cable and package
vibration results in the ripple present in the frequency response measurements. The
phase response for these microphones is centered around 0° because there is no

inversion from incident pressure to output voltage.
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Figure 6-34. Magnitude response for all charge amplifier microphones, bounded by
the theoretical estimate.

6.4.3 Resonant Frequency

While the highest measured frequency in the frequency response measurements
is 25 kH z, the theoretical resonant frequency is 173 kHz. To determine the upper
end of the microphone bandwidth, the frequency response is measured using the
previously described experimental setup. This test was conducted for the three
microphones on die O. Interface circuitry was not used for this measurement,
because the diaphragm motion is measured optically. The FFT of the diaphragm
velocity for the three microphones tested is given in Figure 6-36. The resonant

frequency of the microphone is assumed to be the frequency at which the FFT is
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Figure 6-35. Phase response for all charge amplifier microphones.

maximum. The average resonant frequency is 158.0 kH z; the results for the three

microphones are listed in Table 6-4.

Table 6-4. Summary of the resonant frequency results.

Microphone Measured resonant frequency
01 158.0 kH z
03 159.1 kHz
06 157.0 kHz
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Figure 6-36. FF'T of the velocity measured by the laser vibrometer resulting from

an acoustic impulse.
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6.4.4 Noise Floor

The final tests are performed to characterized the minimum detectable signal
of the microphones. As discussed in Section 4.2.3, the voltage amplifier is expected
to give lower noise compared to the charge amplifier; this is verified experimentally.

The output referred noise PSD of the seven microphones with voltage am-
plifiers is given in Figure 6-37. There are many peaks at 60 Hz and harmonic
frequencies. There is also a region of increased noise between 30 Hz and 70 Hz.
Due to the excess spikes in the spectrum, it is unclear if this is noise generated
by the microphone/amplifier system, or if it is interference. The measured PSD
is closely matched between six of the microphones (11, 12, M2, Q1, Q2, and Q3);
these microphones have an average PSD at 1 kHz of 1.96x107 V2?/Hz with a
standard deviation of 0.10x10~'°V?/Hz. Microphone M1 has a higher noise level
of 2.68x107% V2 /Hz.
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Figure 6-37. Measured output PSD noise for the voltage amplifier microphones.

The input referred noise is computed by dividing the square root of the
measured PSD by the microphone sensitivity. The input referred noise for the seven
voltage amplifier microphones is plotted in Figure 6-38. The input referred sound

pressure noise in dB referenced to 20 pPa at 1 kHz ranges from 21.8 dB/v Hz to
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23.7 dB/v Hz. The measured noise results for the voltage amplifier microphones
are listed in Table 6-5.
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Figure 6-38. Input referred noise for the voltage amplifier microphones.

Table 6-5. Summary of the noise measurement results for microphones tested with
voltage amplifiers.

Microphone Output noise Input noise
(V2/Hz) (dB/VHz)

12 1.94x1071° 21.8

I3 1.91x1071° 23.2

M1 2.68x10715 23.6

M2 2.06x10715 21.8

Q1 1.97x10~1 23.7

Q2 1.82x1071° 22.2

Q3 2.10x10715 22.5

The measured output PSD noise spectrum of the charge amplifier mi-
crophones is shown in Figure 6-39. The average measured PSD at 1 kHz is
7.66x10713 V2 /Hz. The input referred noise spectrum of the three microphones is
plotted in Figure 6-40. The average input referred sound pressure noise at 1 kHz is

41.5 dB/v Hz. The results for each of the microphones are listed in Table 6-6.
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Table 6-6. Summary of the noise measurement results for microphones tested with
charge amplifiers.

Microphone Output noise Input noise
(V2/Hz) (dB/vVH?2)

01 7.09x10713 41.5

03 7.90x10~13 41.8

06 8.01x10~13 41.2
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6.4.5 Discussion

The dual-backplate capacitive microphone has been characterized in terms
of its linearity, frequency response, resonant frequency, and noise floor. While
a limited number of devices have been measured, the data demonstrate the
device performance. Distinct differences between the voltage amplifier and charge
amplifier interface circuits have become apparent. The characterization results are
given in Table 6-7. The charge amplifier degrades the noise performance and makes

the microphone susceptible to vibration.

Table 6-7. Summary of the measurement results for all microphones

Voltage amp Charge amp
Specification Mean Standard Mean Standard
value deviation value deviation
Sensitivity (uV/Pa) 166 14 368 18
Max pressure (dB) 164 1.6 166 1.7
Noise floor (dB/vHz) 22.7 0.8 41.5 0.3
Resonant frequency - - 158 kH =z 1kHz

Comparing the results listed in Table 6-7 to the predictions given in Table 4-4,
all measured values fall within the expected uncertainty of the estimates except
for the noise floor of the microphone with the charge amplifier and the resonant
frequency. The upper end of the predicted range of the charge amplifier microphone
noise floor is 39.5 dB; while the average measured value is 41.5 dB. The measured
output PSD of the charge amplifier is higher than predicted by a factor of 3.3. This
could possibly be due to higher than expected parasitic capacitance or amplifier
current noise. The lower end of the predicted resonant frequency is 161 kH z.
This is 3 kH z from the measured resonant frequency of 158 dB. This may be
measurement error, or due to a slight compressive stress that may be present in the
diaphragm. This would reduce the resonant frequency and increase the sensitivity.

With the large uncertainty in the predicted microphone sensitivity, small deviations
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between the measured sensitivity and the ideal predicted sensitivity have no
significance. The minimum detectable signal is reported in Table 6-8 for various
equivalent units. All figures except the A-weighted noise are for a 1 Hz bin at

1 kHz.

Table 6-8. Minimum detectable signal expressed in various equivalent units.

MDS Value
A-weighted 60.4 dBA
Pressure (dB) 22.7 dB
Pressure (Pa) 274 Pa
Force 15.1 pN
Displacement  75.4 fm

Capacitance 17.9 zF

The performance of the designed dual-backplate capacitive microphone is com-
pared to the Briiel and Kjeer 4138 condenser microphone and previous aeroacoustic
microphones in Table 6-9. While the performance of the B&K microphone is not
exceeded, the dual-backplate microphone exceeds the performance of all previous

aeroacoustic MEMS microphones in terms of key specifications.

Table 6-9. Comparison of the designed dual-backplate capacitive microphone
to the B&K 4138 condenser microphone and previous aeroacous-
tic MEMS microphones.

Microphone Radius Max Pressure  Noise Floor Bandwidth
Dissertation mic. 230 pum 164 dB 22.7 dB 4 Hz-158 kHz*
B&K 4138 [3] 1.6 mm 168 dB 20 dB 6.5 Hz—140 kHz
Arnold et al. [13] 500 pm 160 dB 52 dB 10 Hz-100 kH 2t
Scheeper et al. [15]  1.95 mm 141 dB 23 dBA 251 Hz-20 kHz
Horowitz et 900 pm 169 dB 48 dB 100 Hz-50.8 kH z*
al. [112]

Pedersen [111] 180 pm 140 dB 22 dB 50 Hz-75 kHz*

1 Hz bin at 1 kHz. TPredicted bandwidth. ¥ Resonant frequency.



CHAPTER 7
CONCLUSIONS AND FUTURE WORK

The research goals, objectives, and key results are summarized in this chapter.
The major contributions of this research are highlighted. Finally, suggestions for
improvements and extensions to this work are provided.

7.1 Conclusions

As airlines continue to work towards reducing the noise impact of their
fleets, aircraft manufacturers will continue to drive research that lowers the
noise levels generated by their aircraft. To carry out this work, a unique type of
microphone is needed; it should have an extremely wide operating range, while
providing high fidelity. Currently, such microphones are very costly. This research
sought to develop a microphone suitable for aeroacoustic measurements using
MEMS technology; with the aim of a greatly reduced cost compared to traditional
microphones.

Previously developed microphones for aeroacoustic applications have been
studied. While great strides have been made in developing such a microphone; the
literature review identifies areas of needed improvement — in particular extending
the dynamic range. Existing MEMS microphones either have a sufficient noise
floor or maximum pressure. However, no MEMS microphone developed to date
approaches both the lower and upper end of the Briiel and Kjeer 4138’s dynamic
range. With a noise floor of 22 dB/ V/Hz, a maximum pressure of 164 dB, and a
resonant frequency of 158 kH z, the developed dual-backplate capacitive micro-
phone makes a great leap forward towards the desired performance specifications;
exceeding the performance of existing MEMS aeroacoustic microphones.

In addition to developing the first dual-backplate capacitive microphone for
aeroacoustic measurements, other contributions of this research are as follows. The
SUMMIT V MEMS foundry process at Sandia National Laboratories has been

applied in a novel way to MEMS microphone design. The multi-level, planarized
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polysilicon process has been leveraged to create a dual-backplate capacitive
microphone. The greatest weakness of this process for the microphone is the
variability it introduces into the sensitivity. However, the well controlled flatness
and stress were critical for the success of this research.

The experimental characterization gives a comparison between the performance
of voltage amplifier and charge amplifier interface circuits for a low-capacitance
MEMS microphone. The voltage amplifier is clearly superior in terms of dynamic
range, giving a noise floor 19 dB lower at 1 kHz. Also demonstrated was the
importance of good packaging. The designed package robustly contained the
voltage amplifier. While the charge amplifier was external to the microphone
package separated by a length of cable. This results in excessive 60 H z interference
during measurements when the microphone was tested with the charge amplifier.
In addition, the package did not adequately support the cables. This resulted in
vibration corrupting the charge amplifier frequency response measurements.

In addition to the presented experimental characterization, a detailed the-
oretical background has been discussed. The single-backplate condenser and
dual-backplate condenser microphones have been compared in terms of electrostatic
behavior, dynamic range, and stability. Both types of microphones have been
considered theoretically with a charge amplifier and a voltage amplifier. The micro-
phone theory is applicable to the design of a capacitive microphone for arbitrary
application, including audio and aeroacoustic.

7.2 Recommendations for Future Work

There are several areas where this work can be further developed. The de-
signed microphone has a resonant frequency of 158 kH z. However, the frequency
response measurements only extend up to 20 kHz (25 kH z for non-plane waves).
A significant improvement to the microphone characterization would be to extend

the range of the frequency response measurement. At a minimum, the microphone



198

should be characterized to at least 100 kH z to qualify the microphone over the en-
tire desired frequency range. Ideally, the frequency response can be measured over
the full bandwidth of the microphone. There are several challenges to overcome to
make this measurement a reality. An acoustic source is needed to generate sound
over this frequency range. Typical audio drivers are limited to around 20 kH z.
While ultrasonic drivers exist, they are typically designed for a narrow operating
bandwidth. In addition to the source, an experimental setup must be developed
to produce a controlled sound field. At 100 kH z, the wavelength of sound in air
is 3.4 mm; thus a plane wave tube would need a cross section with a 1.7 mm side
length. This is impractical, as a reference microphone and a packaged MEMS
microphone will not fit in this cross section. Therefore a free field measurement is
likely to be the best option.

Another area for improvement is the measurement of the total harmonic
distortion. For this measurement, the microphone would ideally have a pure
sine wave incident pressure. Thus any harmonics generated would be due to
non-linearities in the microphone. Due to limitations in the experimental setup,
excessive non-linearities were produced when generating sound pressure levels
approaching 160 dB. However, even if an ideal signal generator, amplifier, and
acoustic driver were found; non-linearities would still exist due to the propagation
of the high amplitude sound wave. An experimental setup may be developed to
pre-distort the signal sent to the acoustic driver, such that the microphone receives
a pure sine wave. R. Holman demonstrated using a feed-forward loop to pre-
distort a signal to achieve a pure sine wave for a synthetic jet actuator [133]. This
technique can be applied to the acoustic test setup for the THD characterization.

In order for the designed microphone to be suitable for use in the field,
several improvements are necessary to the microphone die and package. F'irst,

the process flow would need to be modified to provide bond pad metallization.
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This would allow for a more robust wire bond; improving yield and reducing the
chance of failure after packaging. Furthermore, with more flexibility in the process
flow, a design optimization could be performed potentially improving the device
performance. The die could be redesigned with only one microphone per die. This
has the potential to reduce the die size to 1 mm?. Furthermore, interface circuitry
for one microphone would be needed per package. This would greatly reduce

the package size. Finally, a robust, shielded package is needed for reliability and
immunity to electromagnetic interference.

There are several other experiments that can provided additional insight for
the microphone behavior and implemented dual-backplate structure. The laser
vibrometer may be used to measure the mode shape of the diaphragm. By posi-
tioning the laser in the center of the top backplate holes across the diameter of the
diaphragm, 23 scan points may be obtained. In addition, the LV may be used to
measure the response of the top backplate due to acoustic and electrical excitations.
An experimental setup utilizing a shaker and a reference accelerometer may be
used to determine the sensitivity of the microphone to vibration inputs. Finally,
the helium PWT setup could be improved to include a method for measuring the
concentration of helium in the tube. This may allow for improved repeatability and
control of the experiment.

7.3 Recommendations for Future Microphone Designs

Based on experience in handling and packaging the microphone, several
suggestions are provided for future microphone projects. These are especially
applicable to projects where portions of the fabrication may possibly be carried out
on individual die.

In attempts to develop a successful bond process for the polysilicon bond
pads, several techniques were attempted. Several metallization strategies were

tested. This involved patterning photoresist over the bond pads. There was some
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difficulty in obtaining an even coating of photoresist extending to the bond pads.
This was because of close proximity of the bond pads to the die edge. This issue
was observed — to a lesser extent — for the backside photoresist for the DRIE.

A minimum distance of 500 pum is recommended from the die edge to features
patterned on individual die. The bond pad spacing and size was made small to
accommodate the number of devices on the die; 100 um size pads with a 50 um
space were used. While this is sufficient for automated bonding, it leaves little room
for error for laboratory assembly. A bond pad layout with a minimum 200 pm
side length and pitch is recommended for ease in bonding. In addition, this allows
alternative bonding options such as epoxy. However, these issues can be mitigated
by having a robust bond pad metallization. The polysilicon bond pads proved
difficult to bond to. An external company was needed to produce a reliable gold
ball bond to the polysilicon pads.

Finally, it is recommended to consider the circuitry and packaging early in the
design process. The noise floor achieved for this microphone was enabled via a high
quality amplifier. A robust package will facilitate experimental characterization.
The packaging used for this microphone was easy to use; allowing for quick
transition from one device to the next. However, it did not provide sufficient
shielding. The package could be improved by surrounding the microphone and
wires with a metal shield. Ideally a shielded cable would enter the shielded package
housing and connect to the microphone internally. However, an insulating exterior

provides flexibility in the experimental setup and can help prevent ground loops.



APPENDIX A
LUMPED ELEMENT MODEL OF A CLAMPED CIRCULAR PLATE

In this appendix, the mechanical lumped parameters for a clamped circular
plate are found. This includes the storage of potential energy represented by a
lumped compliance and the storage of kinetic energy represented by a lumped
mass. These results are used in Section 3.2 to develop the lumped element model of
a dual-backplate condenser microphone.

A.1 Lumped Compliance

To find the lumped compliance of the plate, the potential co-energy stored in
the deflected plate is equated to the potential energy stored in a lumped spring
with a deflection equal to the center deflection of the plate. For a linear spring, the
potential co-energy is equal to the potential energy [21]. The potential co-energy

may be generally expressed as

Fy

W@E:i/uMF)dF. (A-1)

The limits of the integration are from 0 to F{, which is the force that corresponds
to the final center deflection, w(0). Rewriting in terms of uniform pressure, p,

acting on an area, A, the potential co-energy is given by

Po

Wip = [ () Adp. (A-2)

The deflection of the plate as a function of pressure is known from Equation 3—
6. It is noted that the deflection, w, is also a function of . The potential energy
stored in an infinitesimal section of the plate of area dA is given by

po A

me://w@JMA@. (A-3)
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Assuming an axisymmetric deflection, the area dA can be expressed as 27r dr.

Therefore, by integrating over r, the total potential co-energy is

a po
Wep = //w(p, r) dp 2mr dr. (A-4)
00

Now, Equation 3-6 is substituted in for w (p, r), which gives

Wiy = / / o [ —)Zr dp 2rr dr. (A-5)

The integral over p can be directly evaluated, thus Equation A—5 becomes

2

. 7ra / 7 2

The integral over r is equal to a®/6, thus the potential co-energy is equal to

wat a? wab
2 2
= Do

~Psipe 664D

*

(A7)

From Equation 3-8, the incident pressure, pg, at which the center deflection is

w(0), is expressed as
—64D
P!

w(0). (A-8)

By substituting Equation A-8 into Equation A7, the potential co-energy becomes,

(64D)* w(0)*>  mal
P : A
WPE ag G - 64D ) ( 9)
which is simplified to
. 164w D 9

As was stated earlier, for a linear spring, the potential energy is equal to
the potential co-energy. The potential energy in a lumped spring is given by

Wpr = %k: w(0)?, therefore the lumped mechanical compliance is given by C,, =
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%W;E w(0)?. The lumped mechanical compliance of the plate, C,, ,, is [21]
3a?
= . A-11
Cmp 647w D ( )

A.2 Lumped Mass
The lumped mass is found by comparing the kinetic energy in the distributed
plate to the kinetic energy in the piston mass [21]. The kinetic energy of a mass, m,
with a velocity, v, is given by %mv? For the plate with a non-uniform velocity, the

kinetic energy in a infinitesimal mass is
L,
dWKE = 51} dm. (A*12)
Therefore, the total kinetic energy in the plate is given by

1 2
Wkg = 5/1}(7") dm. (A-13)

The velocity at the center of the diaphragm is v(0) and the velocity of the dia-

phragm as a function of r is

r

o(r) = v(0) [1 _ (-)2]2. (A-14)

a

Assuming a homogenous plate with mass per unit area p’ equal to ph, where the
plate has a density p and thickness h, the differential mass, dm, is written as

p'2mrdr. Now Equation A-13 becomes

Wicw = mp'v(0)? / {1 - (5)2]4rdr. (A-15)

a

Evaluating the integral gives the following result for the kinetic energy in the plate,

WKE =

(A-16)
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From Equation A-16, the lumped mechanical mass of the plate is [21]

ﬁap_ﬁazph
5 5

(A-17)



APPENDIX B
MICROPHONE FREQUENCY RESPONSE

In this appendix, the approximate frequency response of the dual backplate
microphone will be derived using lumped element modeling. The equivalent circuit
of the microphone is shown in Figure B-1. The expressions for the lumped elements

are given in Table 3-5.

Figure B-1. Lumped element model of the dual-backplate microphone showing
relevant impedances and volume velocities.

Using basic circuit analysis techniques [124], the frequency response of the
microphone will be found. The electrical relation V' = IR is analogous to P = QR
in the acoustic domain, assuming an impedance analogy [21]. The quantity pq/pi
is found as a function of frequency. The output voltage of the microphone, as given
in Equation 3-78 or Equation 3-99, is proportional to to the pressure acting on the
diaphragm. This pressure is given by p; as shown in Figure B-1.

The pressure, py, is given by

1
Pa = QPSC d’ (B*l)

where @), is the volume velocity flowing through the plates of the microphone.

The impedance of the compliance is given by 1/sC, 4, where s is the complex
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frequency in the Laplace domain [17]. The volume velocity @), is found using a

volume velocity divider relation,

Ra,v

Qp = Zp + Ra,v

The total volume velocity flowing into the microphone, @);, is given by

- )
Ztot

where Z,,; is the total impedance of the microphone.

To find an expression for the frequency response of the microphone, the
values of the various impedances must first be found. First the impedance of the
diaphragm, Z, 4, and each backplate, Z, ;1 and Z, 2, are found. The diaphragm
impedance is the series combination of the diaphragm compliance, mass, and
radiation mass. The impedance of each backplate is the parallel combination of the

backplate compliance and resistance. The three impedances are as follows:

1
Zq = + sM, )
7d Sc’ad 7d

1
Za,bpl = C—bl//Ra,bpla
a7 p

1 + Ra,bpl Ca,bpl 7

1
Za,pr = C //Ra,bp27

,bp2
= U (B-6)
1+ Ra,pr Ca,pr

The // symbol is used to indicate the parallel combination of two elements.
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Therefore the impedance of the series combination of the three plates is

- Ra,bpl + 52Ma,dCa,d + 1 + Ra,bp2
P 1 + Ra,bpl Ca,bpl SCa,d 1 + Ra,bp2Ca,bp2 '

(B-7)
By finding a common denominator, the three terms can be combined as follows,

SCa,dRa,bpl (1 + Ra,prC’a,pr) + SC’a,dRa,pr (1 + Ra,bplca,bpl)

+ [82ModCod 4+ 1] (1 + Rupp1Cappr) (1 4+ Rapp2Clipo) (B-8)
D = (14 Rapp1Cappr) (1 + Rapp2Capp2) sCaa
The total impedance of the microphone is given by
= 59
which is re-written as
T o s S )
By combining Equation B-2, Equation B-3, and Equation B-10, the volume
velocity @), is
Q) = py Tt 5Caycar (BartZp)
Bty 5CocavRawZp + Raw + Zp
Mo Y @
Therefore, the frequency response of the microphone is found by substituting
Equation B-11 into Equation B-1,
0o 5Crcar R B 12

SCa,d (1 + SCa,cavRa,v) Zp + SCa,dRa,v '

The final expression for the frequency response is expressed completely in
terms of lumped elements by substituting Equation B-8 into Equation B-12,

however this is too long to write out here. A simplified expression is obtained by
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assuming the compliance of each backplate is negligible! . Now, Equation B-8

becomes
2 MCL ra M(l C(l Ca Ra Ra 1
s _ $* (Mayrad + Maa) Coq + $Cad (Rappt + Rapp2) + ‘ (B-13)
p SCa,d
Substituting Equation B-13 into Equation B-12 results in
HS _ SCa,cavRa,v
e (1 + SCa,cavRa,v) [SQMa,dCa,d + SCa,d (Ra,bpl + Ra,pr) + 1] + Sca,dRa,v ‘
(B-14)

By expanding Equation B-14 and collecting terms by powers of s, the final
expression for the simplified frequency response of the dual-backplate microphone is
5Ca,cavRapw

SgMa,dCa,dCa,cavRa,v
+ 52 |:Ma,dCa,d + Co.aCa,cav (Ra,bp1 + Ra,pr)Ra,v:|
+s [Ca,d (Rappt + Rapp2) + (Caycav + Caa) Ra,v} +1

HE, =

mic

(B-15)

The pressure across each backplate can be found in a manner similar to
Equation B-1. The diaphragm, top backplate, and bottom backplate share the

same flow, thus the pressure across the top backplate is

Popt = QpZyp1 (B-16)
and the pressure across the bottom backplate is

DPop2 = QpZyp2 (B-17)

Discussion providing physical insight for the results obtained in Equation B-14 and

Equation B-15 is given in Section 3.2.6.

! This assumption is discussed in Section 3.2



APPENDIX C
UNCERTAINTY ANALYSIS OF MICROPHONE PERFORMANCE

The uncertainty for the theoretical performance metrics is derived in this ap-
pendix. The formulations presented here utilize results obtained in Chapter 3 and
Chapter 4. The sensitivity of the dual-backplate capacitive microphone is analyzed
for both a charge amplifier and voltage amplifier interface circuit. Furthermore,
the predictions for the resonant frequency and noise floor are explored. The final
section of this appendix describes the technique used to estimate the measured
sensitivity and 95 % confidence interval.

First, consider the uncertainty of a quantity G which is a function of n

parameters, xi, Ts, ...T,, such that

G = f(z1,22,...,2,) . (C-1)

Each parameter, x;, is assumed to have an uncertainty such that it has a variation

of +U,, for a given confidence level. It follows that the uncertainty in G is [134]

Ug = Z (ggUzi)2. (C-2)

The previously derived expressions are analyzed according to Equation C-2 to
determine the uncertainty in the theoretical microphone performance.
C.1 Theoretical Sensitivity Uncertainty

The sensitivity for a dual-backplate capacitive microphone is derived in
Section 3.2.3 and simplified results for both a microphone with a charge amplifier
and a voltage amplifier are given in Section 4.2.1.
C.1.1 Microphone with Charge Amplifier

The uncertainty analysis for the sensitivity of the microphone with a charge

amplifier begins with Equation 4-9, which is re-written explicitly in terms of both

209



210

the top air gap, ¢1,, and the bottom air gap, go,,

= {1& C110 lvB C?o } CL4 Ca,cav (0_3)

+o— .
3 91, Cf 3 92, Cf 64D Ca,cav —+ Ca,d

Neglecting the cavity stiffening and expressing the sensitivity in terms of only

material parameters and geometry parameters, Equation C-3 becomes

et Veeom 1 ds Vpeor ()

neglecting differences in the top and bottom capacitor area.

Equation C—4 is the sum of two components, S7,, and S, ; where S;_, is a
function of g;, and Sy, is a function of go,. They are identical expect for the air
gap. Thus the sensitivity of Equation C—4 to changes in the various parameters
is solved for by considering the first part separately. The results are then directly
applied to the second part, substituting go, for gy,.

This analysis focuses on parameters inherent to the microphone. Thus, the
uncertainty of three parameters are considered: the diaphragm radius, ag, the
flexural rigidity, D, and the air gap ¢;,. For this analysis, it is assumed that Vp and
C'; are measured to sufficient accuracy to not affect the uncertainty of the predicted
sensitivity.

However, the flexural rigidity, D, is a function of several parameters. There-
fore uncertainty analysis must first be performed on it. Equation 3-3 gives the
expression for D, which is a function of the modulus of elasticity, F, the diaphragm

thickness, hg, and Poisson’s ratio, v. The sensitivity of D to these parameters is

oD b}
0F  12(1—12) (C-5)
D Eh?

Ohg  12(1—12)
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and
oD vER;} (c-7)
ov 6(1— VQ)Q.
The total uncertainty in D is
1
oD oD oD 2
Up=| 55U+ U, —U, | . C-8
D <8E R TRy ) (C-8)
The sensitivity of S;_, to changes in a4 is
05100 _ o @q Vi com (C-9)
(9ad N 64D gfo Cf'
The sensitivity of S, to variations in D is
1 a8 V
051 _ __&_fﬂ' (C-10)
oD 364D% g7 Cy
Finally, the S;,, varies with gy, as
08 2 ab
lea _ __ﬂEﬂ‘ (C-11)
g1, 364D gi Cy
The total uncertainty in S,,, is given by
Usew =
3
05, 05, )2 (651 05, )2
ca Uad + ca ad + ca UD + ca UD

2 2
() ()
where the ag—;z‘“ terms are found by inspection from Equation C-9, Equation C-10,
and Equation C-11.
C.1.2 Microphone with Voltage Amplifier
The uncertainty for the microphone sensitivity with a voltage amplifier is

treated in a similar manner as the previous derivation. The sensitivity for a dual-

backplate capacitive microphone with a charge amplifier, given by Equation 4-10, is
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re-written in terms of material and geometry parameters,

1Vp a’d 1 +1VB CLd 1
_391064D1+910—{—% 3g2064D1_|_920+0p920.

Eoﬂ'(ld g10 Eoﬂ'ai

S’va

(C-13)

Similar to Equation C-4, S, is the sum of two components, S;,, and S,,,. Each of
these components is a function of both ¢;, and gs,; however, due to the similarity
between them, 822”‘1 is simply given by the expressions for gl”“ with gy, and gs,
swapped.

Beginning with a,4, the sensitivity of S7,, to changes in ay4 is

08 4Vg ad 1 2Vp a 1
—e =~ B —d 2 . (C-14)
86Ld 3 91, 64D 1+ 910 + “pd1p 3 g1, 64D g1, CpY14
eoﬂ'a?l 1 + - + 6071'613
The sensitivity of Sy,, to D is
6Slm _ 1 VB afl 1 ((3715)
oD 391064D21+%§+f;’%’2
The sensitivity of Sy,, to g1, is
4 4 . Cp
—aslva — _EE ad 1 — 1@ ad 929 emrafl (C716>
aglo o 3 glo 64D 1 + 910 + pglo 3 gl() 64D 1 + 910 + pglo .
eomzd eowad
Finally, the sensitivity of S1,, to g,
an
P AT0 G0 G ©17)
a920 3 91, 64D 1+ 910 + Cpglo ‘
emrad

Using Equation C-14, Equation C-15, Equation C-16, and Equation C-17, the

total uncertainty in S, is

Us,, =

va

D=

aCLd 8ad oD oD

BE 95, 2108, 8S,, . 2
+ < agl U910 + ag U910> + ( a 20 U!]QO + ago ngo)

2 2
(8SIMU , 95, Uad) . (aslmU | 95, UD)
(C-18)
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C.2 Theoretical Resonant Frequency Uncertainty
The resonant frequency of the dual-backplate capacitive microphone is
given by Equation 3-181. For the resonant frequency uncertainty analysis, the
electrostatic compliance and cavity stiffening are neglected. Thus, the resonant

frequency is simplified to
1

\V4 Ma,dCa,d ,

Substituting expressions for the acoustic mass (Equation 3-138) and the acoustic

(C-19)

Wy =

compliance (Equation 3-139) into Equation C-19, the resonant frequency is

re-written as

[SIE

_(9aip(1-v)\"

The sensitivity of wg to the parameters, a4, p, v, E, and hy, are as follows:

_3
% — _gazp (1 - VQ) gagp (]‘ - VZ) ? (C721>
dag 40  ER? 80  ER; ’

_3
D Sl (S (€ 22)
dp 160 Eh? 80  EhR? ’

_3
% — gaépy gaép (1 B VQ) 2 (0723)
v 80 Eh \80  ER} ’
Ouy _ 9 abp(L—v*) (9 abp(l—v)\7F (C-24
OFE 160  E2h? 80  Eh? ’
and

_3
% _ gaép(l—yz) 2&3,0(1—V2) ? (C*25)
Oha 80  ER} 80  ER:

The final expression for the resonant frequency uncertainty is

N

2 2 2
() + () + ()
Gd P v . (C-26)
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C.3 Theoretical Noise Floor Uncertainty
The final parameter analyzed in terms of its theoretical uncertainty is the
microphone noise floor. Sufficient data is not available to model the uncertainty
in the predicted output referred noise floor. However, the input referred pressure
noise density, p;, is a function of sensitivity. Therefore, the uncertainty of the input
referred noise can be estimated.
Assuming an output power spectral density of s, , the input referred noise

density is

Sy
i (C-27)

bi = Smic )

where S,,;. is the sensitivity of the microphone. The sensitivity of p; to a change in

Smic 18

Ip; v/ Svo
OSmie  S2.° (C-28)

maic

Therefore, the uncertainty in p; is

Ip;
pUS

Upi = 85 ) mic”

(C-29)

C.4 Experimental Sensitivity Uncertainty
The sensitivity of each microphone is estimated from the measured linearity
data. A typical data set for a microphone is shown in Figure C-1. The measured
sensitivity is plotted versus pressure. In addition to estimating the measured
sensitivity, a confidence interval for the sensitivity is desired.
Beginning with the two data points for the lowest pressures, the average
sensitivity, 7, and sample variance, s> are computed. The upper end of the 95 %

confidence interval for the variance is [135]

2 (N—-1)s?

B (C-30)

max ~— 2 )
XN-1:1-a/2
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N samples, X, °

Sensitivity (dB ref 1 V/Pa)
4
\‘

_79 1 1 | | L 1
40 60 80 100 120 140 160
Incident pressure (dB ref 20 pPa)

Figure C-1. Illustration of sensitivity data analysis.

where there are N samples and X?V—l;l—oa /2 denotes the Chi-square distribution with
N — 1 degrees of freedom and a 1 — « confidence interval. For only two data points,
Equation C-30 gives a large estimated variation. If the next data point falls within
the range

T — Spmaz < Ti < T ~+ Smag, (C-31)

N is increased and the above procedure is repeated. This process continues until
the the next measured sensitivity falls outside the range given in Equation C-31.

The sensitivity of the microphone is given by T with a 95 % confidence interval of

— Sthl;a/Z < T < T+ Sthl;a/Z.

-32
~ < N (C-32)



APPENDIX D
OVERVIEW OF THE SUMMIiT V PROCESS

The device structure of the microphone requires three independent planar
conducting layers to form the two backplates and the diaphragm. Sandia’s Ultra-
planar Multi-level MEMS Technology (SUMMIT V) process flow [16] is a good
match for this device. It has five low-stress polysilicon layers and employs chemical
mechanical polishing (CMP) to achieve ultra-flat structural layers.

Figure D-1 shows a cross section of the SUMMIiT V process. The process
begins with the growth of 0.63 um of thermal oxide and the deposition of 0.80 um
of LPCVD silicon nitride. These layers provide isolation from the silicon substrate

as well as an anchor for the polysilicon.

2.0 um SacOx4

2.25 um Poly3

2.0 um SacOx3

m Poly0
um Nitride

0.63 um Oxide

Substrate -not to scale

Figure D-1. Cross section of the SUMMIiT V process.

The remainder of the process consists of depositing alternating layers of
polysilicon and sacrificial oxide; all of the sacrificial oxide layers are deposited
using LPCVD. A 0.3 um layer of LPCVD polysilicon, Poly0, is deposited. This
is followed by SacOx1, the first layer of sacrificial oxide with a thickness of 2 pum.
The next three layers are Polyl, a 1.0 um LPCVD polysilicon layer; SacOx2,

a thin 0.3 pum layer of oxide; and Poly2, a 1.5 um layer of LPCVD polysilicon.
For the microphone, the entire layer of SacOx2 is removed, therefore Polyl and
Poly2 combine to form a polysilicon layer with a total thickness of 2.5 pym. This

combined polysilicon layer will be referred to as Poly2. The next layer of sacrificial
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oxide, SacOx3 is then deposited. This oxide layer is flattened using CMP. This
allows the following layer of polysilicon to be very flat, however the thickness of
the oxide is highly variable; the thicknesses and tolerances of all of the layers is
given in Table D-1. Poly3, the next layer of PECVD polysilicon is deposited and
has a thickness of 2.25 um. The final sacrificial oxide layer, SacOx4, is deposited
and flattened using CMP. This is followed by the final 2.25 um layer of PECVD
polysilicon, Poly4.

Table D-1. Process data as reported by Sandia National Laboratories for the
SUMMIT V process.

Layer Thickness Variation
Poly0 0.29 um +0.01 pm
Poly2 2.51 uym +0.003 um
Poly3 2.27 uym +0.01 pum
Poly4 2.27 ym +0.006 pum
SacOx1  2.03 um +0.004 um
SacOx3 2.2 um +0.2 um
SacOx4 2.0 um +0.2 um

The majority of the features of the SUMMIT V process are well suited to the
dual-backplate microphone. The SUMMIT V process has three structural layers
that are very flat. This prevents features from the lower layers from interfering
with the upper layers. The stress in each of the polysilicon layers is well controlled
and is assumed to be zero [16]. In addition, the thickness of the polysilicon layers
is well controlled, thus the compliance of the polysilicon plates can be accurately
predicted.

However, the SUMMIiT V process does have some features that are not ideal
for a dual-backplate capacitive microphone. The three structural layers are all
approximately the same thickness. Therefore, assuming they have similar radii,

they will have approximately the same compliance. Ideally, the backplates would be
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much stiffer than the diaphragm. Furthermore, the top two sacrificial oxide layers
have variable thicknesses; this will introduce significant uncertainty in the predicted
microphone response. Considering these tradeoffs, the SUMMIiT V process is still

the best choice for the fabrication of this microphone.
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