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A miniature differential microphone is described having a low-noise floor. The sensitivity of a
differential microphone suffers as the distance between the two pressure sensing locations
decreases, resulting in an increase in the input sound pressure-referred noise floor. In the
microphone described here, both the diaphragm thermal noise and the electronic noise are
minimized by a combination of novel diaphragm design and the use of low-noise optical sensing
that has been integrated into the microphone package. The differential microphone diaphragm
measures 1�2 mm2 and is fabricated out of polycrystalline silicon. The diaphragm design is based
on the coupled directionally sensitive ears of the fly Ormia ochracea. The sound pressure
input-referred noise floor of this miniature differential microphone has been measured to be less
than 36 dBA. © 2009 Acoustical Society of America. �DOI: 10.1121/1.3082118�

PACS number�s�: 43.38.Kb, 43.38.Ne, 43.66.Ts �AJZ� Pages: 2013–2026
I. INTRODUCTION

Any pressure-sensitive microphone that has an output
that depends on the direction of a propagating sound wave
must detect the difference in acoustic pressure at a minimum
of two points in space. While directional microphones have
been used in audio applications for many decades, they can
be very challenging to design for applications that have sub-
stantial size constraints. One important application for min-
iature directional microphones is in hearing aids. It is well-
known that the use of directional acoustic sensing in hearing
aids can be a very effective means of reducing the influence
of unwanted background acoustic noise and as a result can
significantly improve the understanding of speech in noisy
environments �Amlani et al., 2006; Blamey et al., 2006;
Hornsby and Ricketts, 2007; Ricketts et al., 2003; Walden et
al., 2004�. In hearing aids, it is highly desirable that the
distance between the points at which the pressure is sensed
be kept to a bare minimum, on the order of a few millimeters
in order for the size of the device to be cosmetically accept-
able. Unfortunately, as this separation distance is reduced,
the difference in the sensed pressures is also reduced propor-
tionally. In miniature directional microphones, the desired
pressure difference signal can be similar in level to the inter-
nal noise and can be very difficult to accurately extract from

the average, or common-mode pressure. The main purpose of
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the present study is to describe a miniature differential mi-
crophone that is able to accurately detect pressure differences
with minimal influence of microphone noise.

A. Biological inspiration

The approach to the design of the differential micro-
phone described here is based on the mechanical principles
employed in the ears of the fly Ormia ochracea �Miles et al.,
1995�. This fly detects spatial gradients in the sound pressure
because it has a mechanical connection between the tym-
pana, resulting in the two ears moving in opposite directions
in response to pressure differences on their outer surfaces.
This differs from the detection of pressure differences by
simply allowing the incident sound to drive either side of a
single membrane or by subtracting the outputs of two non-
directional microphones. It is well-known that by combining
the detection of the pressure gradient along with the pres-
sure, it is straightforward to construct an output that has any
of a number of first-order directivity patterns �Olson, 1947;
Beranek, 1954�. The essence of the mechanical response of
Ormia’s ears has been shown to be a mechanical realization
of a simple sum and difference circuit invented by Blumlein
in the earliest days of stereo audio �Blumlein, 1931; Gerzon,
1994; Miles et al., 1997�. A simple system to mimic this is
described in Miles et al. �1997�. The mechanical connection

between the Ormia’s ears has been shown to dramatically
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improve the accuracy of estimates of sound source orienta-
tion by an analysis of the Cramer–Rao bound �Akcakaya and
Nehorai, 2008�.

While there are a number of remarkable characteristics
of Ormia’s auditory system, the feature that the present study
focuses on is the fly’s unusual apparatus for detecting sound
pressure gradients. This is driven by the fact that accurately
detecting pressure gradients is the greatest challenge in cre-
ating miniature directional microphones. Ormia’s ears re-
spond to a combination of the pressure gradient and the pres-
sure to produce directionally sensitive tympanal response
�Miles et al., 1995�. Achieving the proper combination of the
responses due to pressure and pressure gradient is remark-
able in a biological system but in a man-made device, it is a
simple matter to combine these signals by either an analog
circuit or digital processor.

In Ormia ochracea’s auditory system, it has been shown
that the mechanical structure of the ears allows the response
to pressure gradient and pressure to combine in such a way
that the tympanum that is closest to a sound source responds
with 10–20 dB greater amplitude than the opposite tympa-
num. This enhanced response amplitude causes the neural
sensory cells in the ear closest to the sound source to fire
with dramatically less latency than those of the opposite ear
�Oshinsky, 1998; Mason et al., 2001�. The reduced latency of
the neural response provides the central nervous system with
the essential information on the orientation of the sound
source.

The auditory system of Ormia ochracea thus amounts to
a multi-stage processor to indicate the direction of a sound
source. Because the two tympana are so close together that
temporal cues in the incident sound wave are not usable by
the nervous system, the mechanical structure of the ears acts
to convert these miniscule time of arrival differences into
significant differences in tympanal displacements. These dif-
ferences in displacement are then converted by the sensory
nervous system into significantly enhanced temporal differ-
ences in neural response, which are then much more readily
processed by the central nervous system. The end result for
the central nervous system is essentially the expansion or
amplification of temporal cues in the incident sound.

Again, the focus of the present effort is to borrow ideas
from the fly to help solve the challenging problem in creating
miniature directional microphones: the detection of sound
pressure gradients.

B. Detection of pressure gradients

The typical method of creating a directional sound sen-
sor is to use a pair of closely spaced nondirectional micro-
phones, as is commonly employed in directional hearing
aids. In the absence of microphone noise and mismatches in
phase or amplitude sensitivity of the two microphones, it is
possible to determine the direction of arrival of a sound rela-
tive to the line connecting the microphones with arbitrary
accuracy with this first-order small aperture array. Unfortu-
nately, for microphone spacings that are very small relative
to the sound wavelength, microphone noise and mismatches

in sensitivity or phase can adversely affect the directional
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response. The primary difficulty is that for small microphone
spacings it is difficult to accurately detect differences in the
pressures incident on the two microphones. The focus of the
present effort is to create a small sensor that provides an
accurate measure of the pressure gradient without suffering
from these problems.

Any pressure-sensitive diaphragm is a differential sensor
because it responds to the difference in pressure on its two
sides. Great care is typically taken to convert it to a nondi-
rectional microphone by designing an enclosure to prevent
sound from driving one of the two sides of the diaphragm.
While a pressure difference sensor is simple to create, the
challenge is to obtain adequate response when the size of the
device is reduced. Low sensitivity to the desired signal re-
sults in a greater influence of electronic and mechanical/
thermal noise. In a system that is intended to localize sound,
the Cramer–Rao bound on the accuracy of the localization is
strongly determined by the system noise floor �see, for ex-
ample, Friedlander, 1984�. In a first-order sound localization
system that relies on processing of a combination of the first-
order pressure gradient and the pressure �as is done in
Ormia’s ears �Miles et al., 1997��, the challenge then is to
obtain an accurate, low-noise measurement of the pressure
gradient; the pressure itself can be measured with much less
difficulty because it is much higher in level than the pressure
gradient.

The system used for detection of pressure gradients in
Ormia’s ears suggests an alternative method of constructing a
differential microphone than the use of a simple single dia-
phragm. A primary aim of the present study is to examine
whether or not this approach can result in a differential mi-
crophone having better noise performance than can be
achieved with existing approaches. The noise performance of
a microphone is strongly dependent on its size. In the case of
a differential microphone, the noise performance also
strongly depends on the effective distance between the points
of pressure measurement. In the following, we have at-
tempted to take these two critical features into account.

C. Other studies of Ormia-inspired microphones

A number of researchers have reported the construction
of microphones based on the ears of O. ochracea. A system
is described in Miles et al. �1997� that combines the outputs
of two nondirectional microphones in a manner that is analo-
gous to the in-phase and out-of-phase vibrational modes of
Ormia’s coupled ears, which provide measures of the pres-
sure and pressure gradient, respectively. This use of the com-
bination of the average and differential pressures to achieve a
directionally-sensitive output, as mentioned above, is de-
scribed in Blumlein �1931�. Microphone diaphragms having
a directional response based on Ormia’s ears, using the com-
bination of these two modes of vibration, are described in
Yoo et al. �2002�. The diaphragms were fabricated out of
either polycrystalline silicon or Parylene. The diaphragms
had dimensions of 1�2 mm2 and had thicknesses of 1.2 and
2.4 �m for the polysilicon and Parylene diaphragms, respec-
tively. The design and analysis of the acoustic response of

these microphones is described in Gibbons and Miles �2000�.
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Ormia-inspired differential microphone diaphragms are de-
scribed in Miles et al. �2002� having improved sensitivity
over those of the earlier design of Gibbons and Miles �2000�
and Yoo et al. �2002�. Measured frequency responses are
shown to be in excellent agreement with predictions of the
response to incident sound. The microphone diaphragms
again had dimensions of 1�2 mm2 and were fabricated out
of polycrystalline silicon. These diaphragms have also been
described in Miles et al. �2004� and Miles and Hoy �2006�
and are predecessors of the design described in the present
study. Saito et al. �2002� reported a microphone diaphragm
inspired by Ormia’s ears that is supported on a gimbal. This
circular diaphragm is made of bronze and has a radius of
10.8 mm and a thickness of 30 �m. A signal processing
scheme, intended to be used with a miniature, silicon version
of this diaphragm to achieve two-dimensional sound source
separation is described in Ono et al. �2005�.

An Ormia-inspired differential microphone having di-
mensions of 1�2 mm2, fabricated out of polysilicon and
that incorporates optical sensing to obtain an electronic out-
put, was reported by Cui et al. �2006�. The electronic output
of the microphone is shown to have a directivity pattern
similar to the figure-eight pattern expected for a first-order
differential microphone. A CMOS-compatible directional mi-
crophone inspired by Ormia’s ears is presented in Sung et al.
�2007�. The diaphragm dimensions are 840�410 �m2. The
acoustic response of the diaphragm was detected using a la-
ser vibrometer and was shown to have a directivity pattern
similar to the expected figure eight. A pair of mylar dia-
phragms having radii of 3.5 mm and 22 �m thickness that
are glued to a 2.54 cm�1.2 mm�100 �m rod made of ei-
ther steel or brass to mimic Ormia’s ears has been reported
by Chen and Yu �2008�. It is shown that the incorporation of
the connecting rod increased the time delay of the acoustic
response of the two diaphragms.

It should also be pointed out that Ormia’s ability to lo-
calize sound has inspired a number of researchers to develop
signal processing algorithms for sound source localization
that utilize the detection of sound pressure gradients in air
�see, for example, Ando, 1995; Stanacevic and Cauwen-
berghs, 2005; Lockwood and Jones, 2006; Ando et al., 2007;
and Mohan et al., 2008�.

The differential microphone diaphragm described here is
designed to behave like a rigid plate that is supported on
carefully-designed flexible pivots �Miles et al., 2004�. Pres-
sure gradients acting on the exposed surface of the dia-
phragm produce a net moment and hence cause it to rotate
about its central hinge supports. By taking advantage of mi-
crofabrication technology, the diaphragm can be designed to
be very lightweight and have very high compliance, enabling
it to respond well to minute sound pressure gradients even
though the largest dimension of the differential diaphragm is
only 2 mm.

D. Optical sensing

In order to transduce the motion of the diaphragm into
an electronic signal, we have incorporated a high-sensitivity,

low-noise optical sensing scheme providing minimum de-
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tectable displacement on the order of 10 fm /�Hz, using ap-
proximately 61 �W of laser power �Hall and Degertekin,
2002; Lee et al., 2004; Cui et al., 2006; Miles and De-
gertekin, 2007�. The majority of successful miniature micro-
phone designs employ capacitive sensing, which suffers from
instability when used on highly compliant diaphragms be-
cause the required bias voltage causes a significant force that
attracts the diaphragm toward the biasing electrode. The use
of low-noise optical sensing allows our differential micro-
phone diaphragm to have very high compliance, which is
important in achieving good sensitivity to pressure gradients.

The use of optical sensing and a highly compliant and
responsive diaphragm has resulted in the achievement of
very low electronic noise from the microphone. As a result,
the noise floor of the microphone is primarily influenced by
its thermal noise, resulting from random impacts between the
diaphragm and the surrounding air. It is well-known that the
equivalent input sound pressure associated with this thermal
noise is proportional to the amount of passive energy dissi-
pation in the system �Gabrielson, 1993; Thompson et al.,
2002; Hall et al., 2007�. The design developed here does not
require the use of a backplate electrode, which is typically
the dominant cause of viscous damping in capacitive micro-
phones �Thompson et al., 2002; Homentcovschi and Miles,
2004; Homentcovschi and Miles, 2005; Hall et al., 2007�. In
addition, because the dominant motion of the diaphragm
consists of rotation about its flexible supports, acoustic radia-
tion damping and other sources of viscous damping can be
kept to a minimum. As a result, the overall design approach
leads to a system having low noise relative to the desired
pressure gradient being sensed.

In the following, the designs of the microphone dia-
phragm and the optical sensing scheme are described along
with an analysis of the noise performance. The microphone’s
response and noise outputs are shown to agree very well with
predictions. Finally, the noise floor of the differential micro-
phone is compared with what can be achieved with current,
commercially available hearing aid microphones.

II. DIFFERENTIAL MICROPHONE DIAPHRAGM AND
OPTICAL SENSOR

Figure 1 shows a design model of the microphone dia-
phragm. It consists of a stiffened plate supported by flexible
pivots. The overall dimensions of the diaphragm are 1
�2 mm2. The diaphragm is fabricated out of polycrystalline
silicon having a thickness of approximately 1 �m. Stiffeners,
indicated in Fig. 1, are incorporated to cause the diaphragm
to respond as a rigid plate that is supported on flexible piv-
ots. The stiffeners are approximately 20 �m tall and 2 �m
thick. The finite element design model has been used in a
numerical optimization procedure to optimize the dimen-
sions of the diaphragm and the stiffeners to achieve low
noise and high acoustic sensitivity. Approximate expressions
are used for the noise performance and the sensitivity �as
derived below�, which are used to construct an objective
function in the iterative design. The ANSYS finite element
model accounts for all of the resonant vibrational modes that

can have an influence on the acoustic response. The struc-
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tural optimization has been carried out to ensure that the
response is dominated by the mode in which the diaphragm
rotates about its supports as a rigid plate. The dimensions of
the stiffeners have been optimized to attenuate the influence
of these undesirable modes. The mode shapes predicted by
the design model are shown in Fig. 2. The first mode, con-
sisting of out-of-phase motion of the two ends of the dia-
phragm, has a predicted resonant frequency of 821.7 Hz
while the second mode, having both ends move in-phase, has
a predicted resonant frequency of 15 002.7 Hz. The stiffen-
ing effect of the air volume within the package behind the
microphone diaphragm has been taken into account in the

FIG. 1. �Color online� Design model of the microphone diaphragm. The
diaphragm consists of a stiffened plate that is supported by flexible pivots.
The stiffeners are also indicated in Fig. 4.

FIG. 2. �Color online� The mode shapes of the first two resonant modes of
the diaphragm as predicted by the finite element �ANSYS� design model. The
first mode shown in panel �a� consists of the diaphragm rotating as a rigid
plate about its supporting pivots. The second mode shown in panel �b�

consists of both ends of the diaphragm moving in-phase.
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finite element model. Figure 3 shows a scanning electron
micrograph showing the stiffeners as seen through a hole that
has been etched through the thickness of the silicon wafer, as
described below. Figures 4�a� and 4�b� show a photograph
and the mask design of the top surface of the microphone
diaphragm. The figure shows gold mirrors at each end of the
diaphragm used in the optical sensing system described be-
low.

Figure 5 shows the fabrication process flow for the mi-
crophone diaphragm. The fabrication starts with a deep reac-
tive ion trench etch into the 4 in. test grade silicon wafer that
acts as the mold for the polysilicon stiffeners. This is fol-
lowed by a wet oxidation at 1100 °C to grow a 1 �m thick
thermal oxide layer on the wafer surface and in the trenches
�Fig. 5�a��. This oxide is used as an etch stop for a subse-
quent backside cavity etch. The next step is to deposit and
planarize polycrystalline silicon to form a 1 �m thick dia-
phragm having stiffeners. The phosphorus-doped polysilicon
is deposited at 580 °C and subsequently annealed at
1100 °C in argon gas for 60 min in order to reduce intrinsic
stress in the film. The polysilicon is then etched to define the
optical grating and the slits that separate the diaphragm from

FIG. 3. Scanning electron micrograph of the microphone diaphragm. This
image shows the back side of the diaphragm through the hole etched
through the back of the wafer.

FIG. 4. �Color online� Photograph �a� and the mask design �b� of the top
surface of the microphone diaphragm. The figure shows gold mirrors at each
end of the diaphragm used in the optical sensing system. A close-up of the
mask design is shown to indicate the stiffeners and the slit that is cut to form

the perimeter of the diaphragm.
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the substrate �Fig. 5�b��. This is followed by plasma en-
hanced chemical vapor deposition �PECVD� oxide deposi-
tion, chrome and gold seed layer evaporation, and gold plat-
ing to form the gold mirrors. Both the oxide layer and the
gold mirrors are 5 �m in thickness �Fig. 5�c��. The back
cavity is then etched using a deep reactive ion etch and the
thermal and PECVD oxide layers are removed in buffered
oxide etchant to release the structures �Fig. 5�d��.

A schematic of the optical sensing scheme is shown in
Fig. 6 �Cui et al., 2006; Miles and Degertekin, 2007�. This

FIG. 5. �Color online� Fabrication process flow for the microphone dia-
phragm. The fabrication starts with a deep reactive ion trench etch into the
4-in. test grade silicon wafer. This is followed by a wet oxidation to grow a
1 �m thick thermal oxide layer on the wafer surface and in the trenches
�Fig. 5�a��. The next step is to deposit and planarize polycrystalline silicon
to form a 1 �m thick diaphragm having stiffeners. The polysilicon is then
etched to define the optical grating and the slits that separate the diaphragm
from the substrate �Fig. 5�b� and in the inset of Fig. 4�b��. This is followed
by PECVD oxide deposition, chrome and gold seed layer evaporation, and
gold plating to form the gold mirrors �Fig. 5�c��. The back cavity is then
etched using a deep reactive ion etch and the thermal and PECVD oxide
layers are removed in buffered oxide etchant to release the structures �Fig.
5�d��.
consists of an optical grating �an array of slits�, a mirror
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placed above the diaphragm, a light source �in this case a
vertical cavity surface emitting laser �VCSEL��, and photo-
detectors. The light that is reflected back to the photodetec-
tors is modulated by the relative motion between the grating
on the diaphragm and the mirror. The electrical output of the
photodetectors is thus proportional to the diaphragm motion,
providing the sensitivity of an interferometer. Similar optical
detection structures have already been used to implement
low-noise micromachined omnidirectional microphones
�Hall et al., 2005; 2007�. Figure 7 shows an end-view of the
diaphragm and optical components. The optical components
and the silicon chip containing the microphone diaphragm
have been assembled in a package depicted in Figs. 8 and 9.
The silicon chip containing the directional microphone dia-
phragm shown in Figs. 8 and 9 contains an array of three
microphone diaphragms, two differential diaphragms, and
one nondirectional microphone diaphragm. This microphone
array on the chip has been fabricated in order to explore the
use of co-located directional microphones in a signal pro-
cessing scheme as part of this effort described in Mohan et
al. �2008�.

In Sec. III, we examine the physical principles that de-
termine the noise performance of the microphone. Experi-
mental results will then be described and compared with pre-
dictions.

III. ANALYTICAL MODEL FOR MICROPHONE
RESPONSE AND NOISE FLOOR

In order to construct a simplified model that can predict
the microphone’s noise performance, it is necessary to write
down expressions for the response to sound. Because the

FIG. 6. �Color online� Schematic of the differential microphone diaphragm
and the optical components. This consists of an optical grating �an array of
slits�, a mirror placed above the diaphragm, a light source �in this case a
VCSEL�, and photodetectors. The light that is reflected back to the photo-
detectors is modulated by the relative motion between the grating on the
diaphragm and the mirror. The electrical output of the photodetectors is thus
proportional to the diaphragm motion, providing the sensitivity of an inter-
ferometer.
FIG. 7. �Color online� End-view of the diaphragm and optical components.
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diaphragm is intended to rotate about its hinge axis due to
the sound pressure gradient, we first write the relation be-
tween the pressure gradient and the applied moment about
the axis of rotation. A simple lumped-parameter model for
the diaphragm’s rotation can then be written in terms of the
equivalent mass moment of inertia, I, about the axis of rota-
tion, the equivalent torsional stiffness, kt, and the equivalent
viscous damping constant, ct. The equivalent driving mo-
ment due to thermal excitation is then determined along with
the equivalent pressure of an incident plane sound wave that
would cause the same response as the thermal excitation.
While the microphone diaphragm has been designed to re-
spond primarily in its first resonant mode, the second mode
of vibration, in which the two ends translate in-phase, can
influence the response. The effects of the response of this
translational mode along with the noise due to electronic
circuits are included in an expression for the equivalent
sound pressure noise.

FIG. 8. �Color online� Package assembly design for the optical components
and the silicon chip containing the microphone diaphragm.

FIG. 9. �Color online� Photograph of the assembled microphone. The opti-
cal components are below the microphone diaphragm chip and are not vis-

ible.
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A. Relation between sound pressure gradient and
driving moment

We will assume that the microphone diaphragm is small
relative to the wavelength of sound so that the spatial varia-
tion in pressure is small over its surface. Taking the origin of
our coordinate system to be at the center of the diaphragm
with the rotation oriented in the y direction and the length L
measured in the x direction, the sound pressure as a function
of x and t can be expanded in a two-term Taylor’s series,

p�x,t� � p�0,t� + x� �p

�x
�

x=0
. �1�

The moment applied by the sound field about the dia-
phragm’s axis of rotation is then given by

M�t� = �
−L/2

L/2

bxp�x,t�dx � �
−L/2

L/2

bxp�0,t�dx

+ �
−L/2

L/2

bx2� �p

�x
�

x=0
dx , �2�

where we have used the expansion in Eq. �1�. b is the width
of the diaphragm. Carrying out the integrations on the right
in Eq. �2� gives

M�t� � � �p

�x
�

x=0
IA, �3�

where, for this simple rectangular diaphragm, the area mo-
ment of inertia about the axis of rotation is IA=bL3 /12.

Equation �3� shows that the moment applied to the dia-
phragm is the product of the pressure gradient in the x direc-
tion and the area moment of inertia.

As mentioned above, the diaphragm has been designed
so that the only vibrational modes that influence its motion in
the audible frequency range have one of the two mode
shapes shown in Fig. 2. While additional, ultrasonic modes
could easily be included in our noise analysis, our present
aim is to construct a model containing only the essential
features that guide design.

B. Lumped-parameter model for diaphragm rotation

We first consider the motion due to the mode which is
dominated by rotation about the pivot axis. Then, the contri-
bution to the noise due to the second mode of vibration will
be accounted for. Since the diaphragm has been designed so
that its dominant vibrational mode consists of pure rotation
as a rigid body, the equation of motion of the diaphragm in
terms of its rotation, �, may be taken to be

I�̈ + kt� + ct�̇ = M�t� , �4�

where I is the mass moment of inertia, kt is the equivalent
torsional stiffness, and ct is the effective dashpot constant for
rotation. Equation �4� can also be expressed in the more con-
venient form

�̈ + �0
2� + 2�0��̇ =

M�t�
I

, �5�

2 �
where �0=kt / I, and � is the damping ratio, �=ct /2 ktI.
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Because our aim is to examine the response of the dia-
phragm due to random thermal excitation from the surround-
ing medium, and compare that to the response due to sound,
the incident sound field will be taken to be a weakly station-
ary random signal. This enables us to examine the effects of
both the acoustic and thermal excitations using power spec-
tral densities. By using Eq. �5�, the power spectral density of
the rotation of the diaphragm can be shown to be

S����� =
SMM���/I2

��0
2 − �2�2 + �2�0���2 , �6�

where SMM��� is the power spectral density of the applied
moment, M�t�.

C. Response due to thermal excitation

We would like to compare the response of the micro-
phone due to acoustic excitation with that due to random
thermal excitation from the surrounding gas. The equiparti-
tion theorem and the Nyquist relation can be used to calcu-
late the response due to thermal excitation. Assuming, for
now, that the response is dominated by a single rotational
mode of vibration as assumed above, then

1
2KBT = 1

2ktE��2�n, �7�

where KB=1.38�10−23 J /K is Boltzmann’s constant, and T
is the absolute temperature. E��2�n is the mean square re-
sponse due to the thermal excitation. If the power spectral
density of the moment due to thermal excitation, SMM

N , is
independent of frequency, �, then for a system governed by
Eq. �5�, the mean square response of the rotation is obtained
by integrating the power spectral density of Eq. �6� over all
frequencies �Lin, 1967�,

E��2�n =
�SMM

N

2��0
3I2 =

�SMM
N

ktct
=

KBT

kt
, �8�

where we have also used Eq. �7�. Equation �8� then gives the
two-sided power spectral density of the applied moment due
to the thermal excitation �with units of �N m�2 / rad /s�,

SMM
N =

KBTct

�
. �9�

D. Equivalent input pressure due to a plane sound
wave

Since directional microphones are typically character-
ized in terms of their response to incident plane waves, it is
convenient to re-cast Eq. �9� to determine the equivalent
sound pressure of an incident wave that would correspond to
the response due to thermal excitation. If the sound pressure
is due to a plane wave incident with a speed c0 at an angle �
relative to the direction that is tangent to the plane of the
diaphragm, then the pressure on the diaphragm can be ex-

pressed as
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p�x,t� = p	t −
x

c0
cos���
 . �10�

In the case where the sound pressure is a weakly stationary
random signal, the power spectral density of the sound pres-
sure at x=0 may be obtained from the Fourier transform of
the autocorrelation function of the pressure, Rpp���
=E�p�t�p�t−���, where E denotes the expected value,

Spp��� =
1

2�
�

−	

	

e−j��Rpp���d� . �11�

Since the moment, M�t�, in Eq. �3� depends on the pressure
gradient, we need the power spectral density of the gradient
to determine the power spectral density of the response.
From Eq. �10�, the gradient of the pressure, dp /dx= px�x , t�
at x=0 is

px�t� = ṗ�t�
− cos���

c0
. �12�

The autocorrelation function of the gradient, �p /�x at x=0,
may then be written as

Rpxpx
��� = E�px�t�px�t − ��� = 	 cos���

c0

2

E�ṗ�t�ṗ�t − ��� .

�13�

Taking the transform of Eq. �13� as in Eq. �11� enables us to
obtain the power spectral density of the pressure gradient as

Spxpx
��� = 	� cos���

c0

2

Spp��� . �14�

By using Eqs. �3� and �14�, we can obtain the relation
between the power spectral density of the applied moment
and that of the pressure for this plane wave,

SMM��� = IA
2	� cos���

c0

2

Spp��� . �15�

Equations �6� and �15� give the power spectrum of the re-
sponse as

S����� =
�� cos���/c0�2�IA/I�2Spp���

��0
2 − �2�2 + �2�0���2 . �16�

The relation between the spectral densities in Eq. �15� along
with Eq. �9� can allow us to write the power spectral density
of the pressure due to a plane wave, Spp���, that would cause
the same response as the thermal excitation,

Spp
N ��� =

SMM
N

IA
2�� cos���/c0�2 =

KBTct

�IA
2�� cos���/c0�2 . �17�

This result is normally evaluated for sound that is incident at
�=0, the most sensitive direction. The power spectrum of
the response due to thermal excitation may be written by

N
replacing Spp��� with Spp��� in Eq. �16�,
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S��
N ��� =

�� cos���/c0�2�IA/I�2Spp
N ���

��0
2 − �2�2 + �2�0���2

=
KBTct/��I2�

��0
2 − �2�2 + �2�0���2 . �18�

E. Influence of the translational mode on noise
performance

While the motion of the diaphragm is typically domi-
nated by rotation, �, at most frequencies of interest in audio
applications, it is also important to account for the second
mode shown in Fig. 2�b� in which the ends of the diaphragm
move in the direction normal to the plane. This translational
mode will be described by the coordinate X�t�. Assuming
that the properties of the diaphragm are symmetric about its
axis of rotation, the coordinates X�t� and ��t� will be un-
coupled. The equation governing X�t� is

mẌ + kX + cẊ = p�0,t�A ,

Ẍ + �X
2X + 2�X�XẊ = p�0,t�A/m , �19�

where m is the effective mass, k is the equivalent stiffness, c
is the equivalent dashpot constant, �X is the natural fre-
quency, and �X is the damping ratio. A is the equivalent area
of the diaphragm and p�0, t� is the surface average of the
sound pressure acting on the diaphragm �which is also equal
to p�x , t� at x=0�.

As in Eq. �6�, the power spectral density of the transla-
tional mode is related to that of the acoustic pressure by

SXX��� =
Spp����A/m�2

��X
2 − �2�2 + �2�X�X��2 . �20�

If both the rotational and translational modes are accounted
for, the equipartition theorem states that each uncoupled
mode receives the same thermal energy, KBT /2, so that the
thermal energy imparted to the translational mode is

1
2KBT = 1

2kE�X2�N, �21�

where E�X2�N is the mean square of the response of the mode
due to thermal excitation. Proceeding as in Eqs. �5�, �6�, and
�18�, the power spectral density of the translational mode due
to thermal excitation is

SXX
N ��� =

KBTc/��m2�
��X

2 − �2�2 + �2�X��X�2 . �22�

Because the response is detected at the end of the diaphragm
at a distance d from the pivot, the detected displacement,
W�t�, is related to the translation and rotation by

W�t� = X�t� + d��t� . �23�

F. Equivalent input pressure noise including effects
of electronic circuit noise

Since the output of the microphone must be detected
using non-ideal electronic circuits, there will be some contri-

bution to the noise due to noise generated in the circuits. This
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electronic noise can be represented by an equivalent dis-
placement noise of the diaphragm We�t�, having a power
spectral density given by SWW

Ne ���. The noise due to the elec-
tronics is not examined in detail here; the relative contribu-
tion due to laser intensity noise, shot noise in the photode-
tectors, and noise from other electronic components will be
examined in other studies.

Since the thermal excitation is comprised of spatially
random impacts of gas molecules with the diaphragm, the
electronic noise and the thermal responses of the two modes
are uncorrelated. Equations �18�, �22�, and �23� allow us to
write the power spectral density of the thermal response of
W�t� as

SWW
N ��� =

KBTctd
2/��I2�

��0
2 − �2�2 + �2�0���2

+
KBTc/��m2�

��X
2 − �2�2 + �2�X��X�2 + SWW

Ne ��� . �24�

Having the power spectral density of the equivalent displace-
ment noise in Eq. �24�, it is possible to estimate the power
spectral density of the sound pressure that would produce
this level of noise. To compute this input pressure-referred
spectral density, note that the power spectral density of the
displacement response due to sound pressure is

SWW��� = �HPW����2Spp��� , �25�

where

HPW��� =
A/m

�X
2 − �2 + 2�X��Ẋĵ

+
ĵ� cos���dIA/�c0I�

�0
2 − �2 + 2�0��ĵ

.

�26�

Equations �24� and �25� may be used to obtain an equivalent
sound pressure power spectral density that would cause the
predicted noise response power spectrum, SWW

N ���,

Spp
Nt��� = 	 KBTctd

2/��I2�
��0

2 − �2�2 + �2�0���2

+
KBTc/��m2�

��X
2 − �2�2 + �2�X��X�2

+ SWW
Ne ���
 1

�HPW����2
. �27�

In order to allow direct comparisons with measured results,
the predicted spectral density of the displacement noise in
Eq. �24� can be modified to predict the output voltage noise,
SVV

N ���, by

SVV
N ��� = �HWV����2 � SWW

N ��� , �28�

where HWV��� is the transfer function between the dia-
phragm displacement and the output voltage in V/m, given in
Table I.

Knowing the displacement relative to the pressure,
HPW���, in Eq. �26� and the output voltage for a given dis-
placement, HWV���, the output voltage relative to the input

sound pressure is
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HPV��� = HPW��� � HWV��� . �29�

IV. COMPARISONS WITH EXISTING TECHNOLOGY

A straightforward and common way to create a direc-
tional acoustic sensor is through the use of a pair of omnidi-
rectional microphones. The equivalent input-referred noise
of this directional system can be estimated knowing the noise
floors of the two-omnidirectional microphones, Soo

N ���, and
by accounting for the loss of sensitivity to sound when the
outputs of the microphones are subtracted to achieve a direc-
tional response. This loss of sensitivity can be accounted for
by multiplying the output sensitivity of the omnidirectional
microphones by �do /c, where � is the frequency in rad/s do

is the distance between the microphones, and c is the sound
speed. In addition, because the power of the uncorrelated
noise of the microphones is added when the output signals
are subtracted, the resultant noise power spectrum is effec-
tively increased by a factor of 2. By taking the difference of
the two signals to achieve a directional output, the equivalent
sound input-referred noise is then

Sdd
N ��� = 2	 c

�do

2

Soo
N ��� . �30�

To compare the equivalent input pressure noise levels of a
two-omnidirectional microphone system with that of the

TABLE I. Parameters used in predictions.

Estimated diaphragm mechanical parameters
Mass moment of inertia, I=5�10−15 kg m2

Rotation mode natural frequency, fr=735 Hz
Rotational mode damping ratio, 
r=0.16
Rotational dashpot
constant=ct=7.389�10−12 N m s / rad
Translational mode effective mass, m=4
�10−8 kg
Translational mode natural frequency, f t

=15220 Hz
Translational mode damping ratio, 
t=0.25
Translational mode dashpot
constant=c=0.001 912 6 N s /m

Diaphragm dimensions
Length, 1=2.2�10−3 m
Width, b=10−3 m
Area moment of inertia, IA=bl3 /12=8.87
�10−13 m4

Electrical parameters
Electrical/mechanical sensitivity: HWV�f�
=0.0056 V /nm

Parameters for noise prediction
Boltzmann’s constant=KB=1.38�10−23 J /K
Absolute temperature=T=293 K

Diaphragm parameters from ANSYS finite element design
model
I=3.49�10−15 kg m2

Rotational mode natural frequency, fr=821.7 Hz
Translational mode natural frequency, f t=15 002.7 Hz
present study, it can be more convenient to express the
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equivalent input noise levels in decibels. If SPLoo��� is the
equivalent input sound pressure level of the two-
omnidirectional microphones, then the input-referred noise
level of the directional system may be estimated from

SPLdd��� = 10 log10 Sdd
N ��� = SPLoo��� + 3

− 20 log10	�do

c

 . �31�

V. MEASURED RESULTS

The electrical output of the microphone shown in Fig. 9
has been measured relative to the incident sound pressure as
measured by a calibrated reference microphone. The results
are shown as a function of frequency in hertz in Fig. 10
along with those predicted by Eq. �29�. The sound source
was oriented in the most sensitive direction for the micro-
phone. The measured and predicted results are in very close
agreement. Figure 10 shows that the frequency dependence
of the sensitivity is that of a bandpass filter as expected from
the form of Eq. �16� for the power spectral density of the
diaphragm rotation.

Since a flat frequency response is sought in most micro-
phone applications, it may be desirable to incorporate a com-
pensation filter that will result in a flat frequency response
over most of the audible range. This frequency compensation
can be accomplished without influencing the sound input-
referred noise because, as will be discussed below, the noise
is dominated by the diaphragm thermal noise �and not the
noise from the electronics�. The diaphragm thermal noise is
superimposed on the detected sound pressure so its relation

FIG. 10. �Color online� Comparison of predicted and measured electrical
output in response to sound. The results are normalized relative to the sound
pressure that is incident on the diaphragm. The data shown in this and the
following figures were obtained by averaging auto- and/or cross power spec-
tral density estimates from 20 records of the measured signals. The spectra
were computed using the fast Fourier transform algorithm applied to the
discrete time domain data. A coherence squared function was also calculated
between the measured input signal and the response. Data were rejected
when the coherence was less than 0.85. The coherence was typically greater
than 0.95.
to the sound pressure is not affected by subsequent process-
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ing of the signal. In addition, an active electronic feedback
system is being developed that provides the beneficial effects
of damping for both the transient response and frequency
response of the diaphragm without adversely affecting the
noise performance �Miles, 2008�.

The physical parameters used in evaluating Eq. �29� to
obtain the predicted results shown in Fig. 10 are given in
Table I. The mass moment of inertia, I, the natural frequen-
cies, equivalent mass, m, and the damping constants have
been identified empirically through a least squares curve fit
of the measured displacement of the diaphragm due to sound
using the method outlined in the Appendix. Table I also lists
the mass moment of inertia and the first two natural frequen-
cies predicted by our finite element design model. The pre-
dicted and measured frequencies of the rotational mode are
821.7 and 735 Hz, respectively �12% error�. The predicted
and measured in-phase mode frequencies are 15002.7 and
15220 Hz, respectively �1.4% error�. The resonant frequen-
cies of the fabricated device were thus very close to those of
our finite element design model.

The agreement between measured and predicted results
indicates that the measured characteristics of the diaphragm
are consistent with those expected from an analytical model
based only on the physical dimensions and known material
properties. It is also important to note that the frequencies of
the first two modes are separated by roughly a factor of 20,
which results in the rotational mode dominating the response
over a wide range of frequencies.

The relation between the output voltage and the dia-
phragm displacement, HWV��� in Eqs. �28� and �29�, has
been obtained by measuring the electrical output and the
diaphragm displacement �measured using a Veeco optical
profilometer� due to a voltage applied between the mirror
shown in Figs. 4, 6, and 7 and the diaphragm.

The measured directivity pattern of the diaphragm is
shown in Fig. 11 along with the figure-eight pattern expected
for an ideal differential microphone. The measured results
are shown to be in reasonable agreement with the ideal di-
pole pattern.

The output noise of the microphone as predicted by Eq.
�28�, in terms of the single-sided power spectral density
�with units of V /�Hz�, is compared to the measured output
noise in Fig. 12. The measurements were performed while
the microphone was placed in an anechoic chamber at the
Georgia Institute of Technology to minimize sources of
acoustic noise. The noise floor of the anechoic chamber was
measured using a 1 /2 in. Larson Davis model 2541 micro-
phone and is significantly below the measured noise shown
here; external acoustic noise does not influence these results
except at very low frequencies. For frequencies below about
3 kHz, the output noise is strongly influenced by the thermal
noise of the rotational mode of the diaphragm as predicted
by the first term in Eq. �24�. As shown in Fig. 12, the total
microphone noise is dominated by the thermal noise for fre-
quencies below about 3 kHz. The discrepancy between the
predicted and measured noise below 100 Hz is likely due to
acoustic noise in the anechoic chamber. The discrepancy at
frequencies above 3 kHz is probably due to electronic noise

in the optical system.
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The equivalent sound input pressure-referred noise as
predicted by Eq. �27� is compared to the measured input
pressure-referred noise in Fig. 13. The measured results are
obtained by dividing those of Fig. 12 by those given in Fig.
10.

The one-third octave band levels of the narrowband in-
put pressure-referred noise of Fig. 13 are shown in Fig. 14.
The corresponding dBA levels of the measured and predicted
data are 35.6 and 34 dBA, respectively. The difference be-
tween the predicted and measured results is most likely due
to electronic noise SWW

Ne ���, which has been neglected in the
predictions and has not been measured independently.

FIG. 11. �Color online� The measured directivity pattern of the diaphragm
along with the figure eight pattern expected for an ideal differential micro-
phone. The directivity measurements are performed in an anechoic chamber.
The directional microphone is mounted on a rotation stage which can be
controlled with a motion controller. The sound source is at a fixed location
and driven by a pure tone sine wave at a frequency of approximately
800 Hz.

FIG. 12. �Color online� The output noise of the microphone as predicted by
Eq. �28� compared to the measured output noise. The predicted results were
obtained while neglecting the contribution due to the electronic noise,

Ne
SWW���, in Eq. �24�.
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To compare the results obtained in the present study
with those of commercially available hearing aid micro-
phones, Eq. �31� has been evaluated to estimate the equiva-
lent input noise of a differential sound sensor composed of
two Knowles low-noise EM omnidirectional microphones.
The noise floor of these omnidirectional microphones,
SPLoo���, obtained from Knowles.com, is shown in the fig-
ure along with the results of Eq. �31�. It is assumed that the
spacing between the microphones is do=10 mm. The esti-

FIG. 13. �Color online� The equivalent sound input pressure-referred noise
as predicted by Eq. �27� compared to the measured input pressure-referred
noise. The measured results are obtained by dividing those of Fig. 12 by
those given in Fig. 10. As in Fig. 12, the thermal noise limit was estimated
by neglecting the contribution of electronic noise.

FIG. 14. �Color online� The one-third octave band levels of the narrowband
input pressure-referred noise of Fig. 13. Equation �31� has been evaluated to
estimate the equivalent input noise of a differential sound sensor composed
of two Knowles low-noise EM omnidirectional microphones. The noise
floor of these omnidirectional microphones, SPLoo���, obtained from
Knowles.com is shown in the figure along with the results of Eq. �31�. It is
assumed that the spacing between the microphones is do=10 mm. The esti-
mated noise of the differential sound sensor constructed by subtracting the
output of the Knowles EM microphones is substantially higher than that of

the differential microphone described here.
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mated noise of the differential sound sensor constructed by
subtracting the output of the Knowles EM microphones is
substantially higher than that of the differential microphone
described here. In the microphone developed here, one can
roughly estimate the effective separation distance between
the pressure sensors to be the distance between the centers of
each side, separated by the axis of symmetry, which is half
the diaphragm length, or 1 mm. It is important to note that
the effective separation distance, do, of the omnidirectional
microphones is ten times that of the microphone developed
in the present study. As can be seen in Eq. �31�, this factor of
10 gives the two microphone system a noise floor advantage
of approximately 20 dB, yet its noise is substantially higher
over much of the audible frequency range and its A-weighted
noise floor of 47.9 dBA is more than 10 dB higher.

VI. CONCLUSIONS

The miniature differential microphone described in this
paper is able to detect pressure gradients with minimal influ-
ence of microphone noise. This is accomplished through the
use of a microphone diaphragm that rotates about a highly
compliant central hinge due to an applied moment resulting
from an incident sound wave. By minimizing the mass, stiff-
ness, and passive damping in the diaphragm design, it is
possible to achieve adequate sensitivity to sound and low
thermal/mechanical noise. The use of a low-noise optical de-
tection scheme has resulted in a design in which the total
microphone noise is dominated by the diaphragm thermal/
mechanical noise rather than noise in the electronic compo-
nents over much of the audible frequency range.
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APPENDIX: EMPIRICAL ESTIMATION OF
DIFFERENTIAL MICROPHONE MECHANICAL
PARAMETERS

The predictions of the response and noise performance
through the analysis described in Sec. III above rely on
knowledge of the effective mass, stiffness, and damping of
the microphone diaphragm. For the rotational mode, these
are I, kt, and ct in Eq. �4�. These have been obtained by
processing the measured response power spectra for the dia-
phragms due to a weakly stationary random acoustic excita-
tion. The parameters are identified through a least squares

approach where the mean square error in the model equation
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�Eq. �4�� is minimized �Su, 2005�. The approach leads to a
linear system of three normal equations for the three un-
known parameters, I, kt, and ct. Power spectral density func-
tions estimated from the measured random response are used
to obtain the statistical information for construction of the
normal equations. The empirical estimation process is out-
lined in this Appendix. It is shown that this procedure is
essentially similar to the frequency domain method that is
derived for deterministic signals presented in Raol et al.
�2004�, Napolitano et al. �2001�, and Morelli �1999�.

As discussed in Sec. III above, the mechanical system is
modeled as a linear second order resonator, as described in
Eq. �4�. If the actual measured rotation of the diaphragm,
��t�, is entered into the equation, errors in the model will
introduce an error in the net moment, ��t�, so that Eq. �4�
becomes

Ĩ�̈�t� + c̃t�̇�t� = k̃t��t� = M�t� + ��t� . �A1�

The mean squared error, E��2�t��, where E� � is the expected
value, is minimized by differentiating with respect to each
unknown parameter,

�E��2�t��

�Ĩ
= 0,

�E��2�t��
�c̃t

= 0,

�E��2�t��

�k̃t

= 0. �A2�

Equations �A1� and �A2� lead to a system of equations for
the unknown parameters that may be written in matrix form
as

�E��̈2� E��̇�̈� E���̈�

E��̈�̇� E��̇2� E���̇�

E��̈�� E��̇�� E��2�
� Ĩ

c̃t

k̃t

� = �E�M�̈�

E�M�̇�
E�M��

� . �A3�

The expected values in Eq. �A3� may be expressed in terms
of correlation functions R�̇�̇��� and RM�̇��� when �=0. For
weakly stationary signals, the correlation functions may be
determined from the inverse Fourier transforms of the auto-
and cross spectral density functions, S�̇�̇��� and SM�̇���, by
the Weiner–Khinchine relations.

E��̇�t��̇�t − ��� = R�̇�̇��� = �
−	

	

eĵ��S�̇�̇���d� ,

E�M�t��̇�t − ��� = RM�̇��� = �
−	

	

eĵ��SM�̇���d� . �A4�

The two-sided autospectral density function is real valued
and an even function of frequency, and the two-sided cross
spectral density function is complex with the real part an
even function of frequency and the imaginary part an odd
function of frequency �Bendat and Piersol, 1986; Lin, 1967�.

˙ ˙ ˙ ˙ ˙ * *
Therefore S�����=S���−�� and SM��−��=S
M�̇

���, where
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is the complex conjugate, and the expected values in Eq.
�A3� are

E��̈2� = �
−	

	

�2S�̇�̇���d� = 2�
0

	

�2S�̇�̇���d� ,

E��̇2� = �
−	

	

S�̇�̇���d� = 2�
0

	

S�̇�̇���d� ,

E��2� = �
−	

	 1

�2S�̇�̇���d� = 2�
0

	 1

�2S�̇�̇���d� ,

E��̈�� = E���̈� = − �
−	

	

S�̇�̇���d� = − 2�
0

	

S�̇�̇���d� ,

E��̈�̇� = E��̇�̈� = �
−	

	

ĵ�S�̇�̇���d� = 0,

E��̇�� = E���̇� = − �
−	

	 ĵ

�
S�̇�̇���d� = 0, �A5�

and

E�M�̈� = �
−	

	

ĵ�SM�̇���d� = 2�
0

	

R�ĵ�SM�̇����d� ,

E�M�̇� = �
−	

	

SM�̇���d� = 2�
0

	

R�SM�̇����d� ,

E�M�� = − �
−	

	 ĵ

�
SM�̇���d� = − 2�

0

	

R� ĵ

�
SM�̇����d� ,

�A6�

where R denotes the real part. Solving Eq. �A3� for the
mechanical parameters gives

Ĩ =
E��2�E�M�̈� − E���̈�E�M��

E��̈2�E��2� − E���̈�2
,

c̃t =
E�M�̇�

E��̇2�
,

k̃t =
E��̈2�E�M�� − E��̈��E�M�̈�

E��̈2�E��2� − E���̈�2
. �A7�

The finite Fourier transforms of the signals are

�̇��,T� =
1

2�
�

−T

T

e−ĵ�t�̇�t�dt ,

M��,T� =
1

2�
�

−T

T

e−ĵ�tM�t�dt , �A8�

which enables the calculation of the auto- and cross spectral

densities,
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S�̇�̇��� = lim
T→	

�

T
E���̇��,T��2� ,

SM�̇��� = lim
T→	

�

T
E�M*��,T��̇��,T�� . �A9�

When the signals are deterministic and their Fourier
transforms exist, the identification procedure is the same as
that described by Raol et al. �2004�, Napolitano et al. �2001�,
and Morelli �1999�. The Fourier transform can be applied to
the governing equation and arranged as Z� = �Y�� +�� for dis-
crete data:

�
M��1�

M��2�

]

M��n�
� = �

�̈��1� �̇��1� ���1�

�̈��2� �̇��2� ���2�

] ] ]

�̈��n� �̇��n� ���n�
� Ĩ

c̃t

k̃t

� + �� .

�A10�

The least squares solution for complex data is

� = �R��Y�*T�Y���−1R��Y�*TZ� � �A11�

and is the same solution as described in terms of the spectral

densities when the signals are deterministic with �̈���
= ĵ��̇��� and ����=−� ĵ /���̇���.

1. Parameter estimation for the differential
microphone diaphragm

The power spectra required in the above procedure were
estimated from measured acoustic response of the micro-
phones. Using a random excitation signal to drive a loud-
speaker, a Doppler laser vibrometer �Polytec PSV-300H� was
used to measure the out-of-plane velocity of the diaphragm
and a probe microphone �Bruel and Kjaer Type 4182� mea-
sured the sound pressure at the diaphragm. Transfer func-
tions of the velocity with respect to the sound pressure were
estimated with a spectrum analyzer from averaged estimates
of the auto- and cross power spectral densities. Two transfer
functions for the diaphragm response were used for the me-
chanical parameter identification, Hpẇ1

��� and Hpẇ2
���,

where ẇ1�t� and ẇ2�t� are the velocities at two points on
opposite halves of the differential diaphragm separated by
the pivot, and p�t� is the sound pressure at the pivot. The
spectral density functions in Eq. �A6� were estimated from
Hpẇ1

���, Hpẇ2
���, and the sound pressure autospectral den-

sity Spp���.
Assuming that the diaphragm is symmetric about the

pivot axis, the rotation is approximated as �= �w1

−w2� / �2d�, and the driving moment is estimated from the
sound pressure using the plane wave model, M =
−ṗ�t�cos���Ia /c0. The auto- and cross spectral density func-
tions that are needed in the identification procedure are re-
lated to the measured transfer functions by S�̇�̇���
= �Hp�̇����2Spp��� and SM�̇���=H

pM
* ���Hp�̇���Spp���, where

Hp�̇���= �Hpẇ1
���−Hpẇ2

���� / �2d�, and H
pM
* ���

ˆ
= j� cos �IA /c0. This gives
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S�̇�̇��� = �Hpẇ1
��� − Hpẇ2

���

2d
�2

Spp��� ,

SM�̇��� =
ĵ� cos �IA

c0
	Hpẇ1

��� − Hpẇ2
���

2d

Spp��� .

�A12�

The same procedure is used to estimate the parameters
of the translational mode, governed by Eq. �19�. The average
diaphragm displacement is X= �w1+w2� /2 and the average
normal force due to the sound pressure is F= pA. The spec-
tral density functions for the identification algorithm in this
case are

SẊẊ��� = �Hpẇ1
��� + Hpẇ2

���

2
�2

Spp��� ,

SFẊ��� =
A�Hpẇ1

��� + Hpẇ2
����

2
Spp��� . �A13�

The integrals of the spectral density functions for the
expected values are approximated by summation over a user
selected frequency range, where the mode in question is
dominant, and where data quality is good, as verified by
coherence squared functions.
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