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ABSTRACT
The self-noise of a microphone is the sum of the cartridge noise and the electrical
noise of the preamplifier. For many cases the electronic preamplifier noise is dominant, and
as such, the mechanical and acoustical sources of noise in the capsule can be neglected.
However, the relative levels of various noise components are strongly dependent on
frequency and the design of the transducer, as each source of noise is filtered through the
successive signal path. The thermal-acoustic noise in the capsule can then be the dominant
source of noise in certain frequency ranges for some microphone designs. Previously,
Zuckerwar has employed an acoustic isolation vessel to separate the noise present in the
motion of the microphone diaphragm from the total output noise and found a significant
component of

noise on the diaphragm. To date, no physical explanation has been given

for this spectral shape.
This study uses the finite element method to examine the thermal-acoustic noise
that is present in the back volume of microphones, a noise source that has historically been
neglected. A simple finite element method for determining the thermal distributions in
acoustic enclosures is described, and from this solution the impedance of any arbitrarily
shaped enclosure may be obtained. This impedance is complex, in contrast to the usual
adiabatic compliance approximation, which is purely imaginary. It is demonstrated using
simple shapes that the resistive part of this impedance is flat at low frequencies and falls off
as

at higher frequencies. According to the Fluctuation-Dissipation theorem, this

resistance causes a noise fluctuation, which is proportional to the resistance. The frequency
dependence of the resistance thus controls the spectral shape of the resultant noise.

iv

This method is applied to the internal geometries of two commonly used and
commonly studied measurement condenser microphones. The simulation results reveal
that the enclosure resistances of these microphones have the same frequency dependence
as for the simple enclosure shapes. Equivalent circuit models for these microphones with
their preamplifiers are presented. Using a circuit simulator, the relative noise contributions
of each acoustical noise source are compared. The simulated back volume noise dominates
the other sources of acoustical noise for about two decades in the mid-band of the audible
frequency range. When the electrical noise from the bias resistor is also included it
dominates all other sources of noise in the microphone for much of the audio band. These
results compare well with several other authors’ published measurements and calculations.
The noise does not show a significant

dependence, and it is possible that no such

dependence exists, as several errors in Zuckerwar’s methodology and data presentation
were discovered.
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Chapter 1
Introduction
1.1 Background and motivation
Microphones are used in a wide range of applications, each with its own special
requirements. Professional audio, hearing aids, automotive, consumer electronics, and
scientific research are just a few of the widely disparate industries where microphones are
needed. Often there are tradeoffs between various parameters, and one must choose what
can be sacrificed in a given application. For example in a smart phone, form factor is crucial,
and manufacturers strive to release a final product that is slimmer, lighter, and more stylish
than the competitors’, all while packing more and more hardware into such a small package.
Current devices may also have more than one microphone for noise cancelation or beamforming, and each of these must be made as small as possible. This comes at a cost in terms
of sensitivity, low frequency performance, and self-noise. On the other hand, suppose a
microphone is needed for making field recordings of natural phenomena. In this case, size is
of little issue, but a high sensitivity and extended frequency response is desirable.
In this study, the primary focus is on measurement condenser microphones,
specifically Brüel & Kjær Type 4134 and Type 4144. In their Microphone Handbook [1],
Brüel & Kjær provides criteria for the selection of a suitable measurement microphone.
These include good acoustical and electrical performance, minor influences from the
environment, high stability of the frequency response, and the availability of comprehensive
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performance data. The first of these can be broken down into a few simple parameters: low
influence on the sound field to be measured, wide frequency range, and wide dynamic
range. These are generally desirable qualities for all microphone types and applications. The
influence of the microphone on the sound field to be measured refers to the change in the
sound field caused by the introduction of the microphone. This includes diffraction effects
and modal coupling in small volumes. The frequency and dynamic ranges form the
boundaries of an operating region for the microphone, as shown in Figure 1.1. The level
upper and lower limits are in general frequency-dependent, although they are typically
reported as single nominal values in manufacturers’ specifications. The frequency range is
the band in the frequency domain in which the microphone sensitivity is reasonably flat.
Different applications may require an extension at the upper or lower end of this band, but
in general wider is better. The limits are controlled by the design parameters of the
microphone, including the transduction mechanism, diaphragm properties, and electrical
properties.
The third criterion is a wide dynamic range. This is the range of signal amplitudes
that the microphone can detect accurately. The upper limit of this is the level where
distortions caused by the nonlinear behavior of the sensing elements exceed some
threshold, typically 3% or 10%. The lower limit is controlled by the self-noise of the
microphone system, which includes not only the microphone itself but also the preamplifier
and any other electronic equipment in the signal chain. Each of these components will
contribute noise to the output signal. In measurement microphones the self-noise of the
cartridge is typically quite low, usually less than an equivalent pressure of 20 dBA [2], so in
most situations it is the noise floor of the environment that dictates the smallest pressure
amplitude detectable, rather than the noise floor of the measurement system. Nonetheless,
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there are occasions when one is limited by the self-noise, and in such situations it is
necessary to understand the sources of noise in the microphone system.
Level
Distortion limit

Flat linear
response

Noise floor

Frequency
Low frequency
limit

High frequency
limit

Figure 1.1 The useful region of flat, linear response is bounded in frequency and
level.
It is often assumed that the self-noise associated with the electronic sources is
dominant over the noise in the microphone cartridge itself, but this is not necessarily the
case. The noise contributions are generally frequency-dependent, and as such, several
sources may be dominant at different frequency bands. Figure 1.2 shows the relative
contributions of the components of an example microphone system. The measurement
amplifier is dominant at high frequencies, the preamplifier at low frequencies, and the
microphone in the mid-band. If neglecting the microphone cartridge noise, the overall
system noise would be underestimated above 100 Hz.
Microphone self-noise is becoming more important as designs are miniaturized,
such as in microelectromechanical systems (MEMS) microphones. These microphones are
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primarily used in the consumer electronics industry and presently come in package sizes of
2 mm – 5 mm on a side. They have high sensitivities, low power consumption, excellent
stability, and flat frequency response [3]. The small geometry of the moving parts means
that they are especially susceptible to molecular agitation [4]. MEMS microphones are
notorious for having higher self-noise performance, and they typically are rated at ~30 dBA
equivalent input noise. This has led many consumer electronics manufacturers to use two
or more of the microphones in order to provide a signal-to-noise ratio (SNR) boost or form
a noise-rejecting beam pattern.

dB re. 20 µPa

Complete
System

Preamplifier +
Measurement
Amplifier
Measurement
amplifier

Frequency (Hz)
Figure 1.2 Relative contributions in 1/3 octave bands of the microphone capsule,
preamplifier, and measurement amplifier of an example 1” microphone system [1].
The complete system includes the microphone, preamplifier, and measurement
amplifier.
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1.2 Quantifying noise
The noise floor of a microphone is most often reported as a single number, which is
usually expressed in decibels. This number is a measure of the total mean-squared noise of
the microphone or microphone and preamplifier combination. It may be referenced either
to the input or the output. If it is referenced to the output, it will be in electrical units, either
nV or dB re. 1 V. If it is referenced to the input, then it is a measure of the equivalent rootmean-squared pressure at the diaphragm that would cause the same electrical power at the
signal output. In this case the noise is in acoustical units, either µPa or dB referenced to 20
µPa, sometimes written as dB SPL. Often there is a weighting function applied. The most
common, A-weighting in the US and CCIR-468 (ITU-R 468) in Europe, are shown in Figure
1.3 along with an inverse of the ISO 226 equal-loudness contour. Others are used as well
depending on application and industry standards. These weightings are usually built into
the analyzer as an analog or digital filter and are intended to approximate the human ear’s
response to noise.
Another way of quantifying noise is to measure its frequency spectrum. This
provides much more information about the microphone noise, although this is very rarely
supplied in the manufacturer’s data. Like the mean-squared value, the noise spectra may
also be referenced either to the input or the output. Output-referenced noise can be given in
electrical units of V2/Hz for a power spectral density, or sometimes the square root of the
power spectral density is given, which has units of V/√Hz. If the noise spectrum is inputreferenced it can be in acoustical units of either Pa2/Hz or Pa/√Hz. Sometimes proportional
quantities like displacement or force are used instead of pressure for the input-referenced
noise spectra. In general the input- and output-referenced spectra are related by a transfer
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function that is not simply a constant. This is because the sources of noise are filtered by the

Gain (dB)

successive elements of the signal path.

Frequency (Hz)
Figure 1.3 Three weighting curves: A, CCIR-468, and the inverse of ISO 226.
It is advantageous to know the spectral distribution of the noise. These spectra are
all densities of their respective quantity, so they must be integrated over the frequency
band to give the equivalent pressure, etc. This integral can be expressed generally as

√∫
where
units,

,

(1)

is the equivalent root-mean-squared noise in electrical, acoustical, or mechanical
is the spectral density of the corresponding quantity, and

is the weighting

function amplitude. The noise power in a signal is thus directly related to the bandwidth of
the measurement. If the frequency content of a signal to be measured is known to be
confined to a small frequency band, the measurement can be isolated to that band, reducing
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the amount of noise power in the signal. It is therefore possible to detect signals that are
well below the nominal self-noise rating. However, since the noise is frequency-dependent,
not all bands have equal noise, so this technique may be sufficient for some signals and not
others. It is important to know the limitations of the measurement system precisely if it is
going to be used near the boundaries of its design ranges.

1.3 Results of previous work

1.3.1 Microphone noise measurements
Measuring the noise spectrum of a microphone is difficult. There must be good
isolation from ambient noise, vibrations, and electrical interference. Some sort of isolation
chamber or anechoic room must be used, and it must be suspended or placed on some kind
spring to isolate from ground vibrations. The transmission loss of the chamber has its limits,
and it is especially difficult to achieve good isolation at low frequencies. An electrically
grounded enclosure is often employed to shield from stray electromagnetic radiation.
The most difficult part, however, is managing to isolate the microphone noise from
the preamplifier noise and other electronic noise sources. There are three main ways of
doing this for condenser microphones, all of which require at least two measurements: one
with all sources of noise included and one with the acoustical noise eliminated. The latter is
effectively just the electrical (and possibly mechanical) sources of noise in the microphone
system, so it can be subtracted from the total noise to get the microphone’s acoustical
contribution.
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The first method is to replace the microphone capsule with a “dummy microphone,”
i.e. an electrical capacitor of the same value as the equilibrium electrical capacitance of the
microphone. This has the advantage of being completely impervious to the ambient noise,
but it adds its own set of complications. The capacitor does not behave exactly as the
microphone would, and it changes the physical structure of the microphone with its air gap,
holes, and back volume. The dielectric loss mechanisms in the capacitor also add an
additional source of noise.
Another method is to place the microphone in a vacuum chamber, which is a
method that can be used with other microphone types as well, not just electrostatic designs.
Caution must be taken that the pressure is not lowered at a faster rate than its barometric
leak can equalize, or the microphone may be damaged. The vacuum pump also contributes
noise and vibrations, so it must be turned off during the actual measurements.
The final method is to alter or null the polarization voltage. This is simple to do with
Brüel & Kjær condenser microphones that are externally biased, as the standard
measurement amplifier they are usually used with contains a switch to change the bias to
200 V, 48 V, or 0 V, but it is may be difficult or impossible in other designs. When the bias is
switched to 0 V, the noise inherent to the voltage supply is also removed. The subtraction
between bias-on and bias-off measurements will therefore still include this noise. This
method also has the consequence of changing the capacitance slightly, as the polarization
voltage normally deforms the diaphragm with electrostatic attraction.
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1.3.1.1 Brüel & Kjær measurement condenser microphones
Tarnow [5, 6] first published measurements of the noise spectra of Brüel & Kjær
Type 4134 and Type 4144, along with an experimental 1” microphone that was probably a
variation of a Brüel & Kjær design. The microphones with preamplifiers were sealed in a 1cm thick brass cylinder suspended from two rubber bands. Tarnow makes the dubious
claim that the attenuation of this chamber was so great that the noise from the
environment, which was an ordinary office during working hours, had only a negligible
effect on the measured signal. This would surely not be the case at the lower end of the
measurement band with such thin walls. The microphone capsules were replaced by an
equivalent static capacitor to get the preamplifier noise. Noise spectra for the experimental
1” condenser and the Type 4144 are given in Figure 1.4. In the 1” microphone, the
microphone noise dominates at most frequencies, but in Type 4144 the microphone noise
only becomes important above ~500 Hz. The noise trails off around 5 kHz in Figure 1.4a
because that is the resonance frequency of this microphone. Note that the spectra are given
in both acoustical and electrical units, distinguished only by different scales. Only the
electrical scale can be trusted at all frequencies, as the input-referenced spectrum was
calculated only by multiplying by the amplifier gain and dividing by the sensitivity, which is
not entirely correct, as mentioned in Section 1.2.
Ngo and Zuckerwar designed a superior isolation vessel for the measurement of
microphone noise [7], a diagram of which is shown in Figure 1.5. The vessel consisted of an
inner chamber and an outer chamber, with the space in between evacuated to
Torr by a vacuum pump. The chambers are each made of thick-walled brass, and the entire
assembly is placed on a rubber air bladder on top of foam blocks. The inner chamber is
where the microphones under test are placed, and it is kept close to atmospheric
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temperature and pressure at all times, with instruments for verification present. The
combination of heavy walls and a vacuum layer, make this a five-media system with a
transmission loss of more than 155 dB down to 40 Hz. With this vessel, noise measurements
could be made accurately down to single-digit Hz, which was unprecedented.

Pressure spectral
density (µPa/√Hz)

Voltage spectral
density (nV/√Hz)

a)

Frequency (Hz)
Voltage spectral
density (nV/√Hz)

Pressure spectral
density (µPa/√Hz)

b)

Frequency (Hz)
Figure 1.4 Noise spectra of a) an experimental 1” condenser microphone and b) Type
4134 [5].
This chamber was used to measure the noise spectra of a variety of Brüel & Kjær
measurement condensers of nominal sizes from 1/8”-1” [8]. The method of isolating the
acoustical noise was by nulling the polarization voltage, so measurements were taken with
both 200 V and 0 V bias settings. Simultaneously the noise of just the signal analyzer was
measured on the analyzer’s second channel with zero input. Much care was given to ensure
the stability of the system by letting the electronics warm up for an hour, taking many
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averages, monitoring temperature and pressure in the chamber, and even baking the
microphones at 150°F overnight ahead of time. The results are shown in Figure 1.6. The “P”
and “F” designations in the key indicated pressure or free-field type microphones.
Measurements were taken sequentially over overlapping low- and high-frequency bands,
with 0.25 Hz frequency bins in the lower region and 32 Hz bins in the upper region, so there
a total of 4 curves for each microphone, but they overlap and are quite difficult to see.

Figure 1.5 Cross-section of the acoustical isolation vessel of Ngo & Zuckerwar [7].
Zuckerwar and Ngo took several steps to analyze these measurements. First, they
subtracted the unpolarized noise from the polarized, leaving them with what they call the
membrane noise. However, as mentioned in Section 1.3.1, the voltage supply noise is also
eliminated when the bias is nulled, so it should be present in the difference calculation.
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Zuckerwar and Ngo did not consider this source of noise. There also seem to be some errors
in the calculation and presentation of this curve, which are discussed in Section 5.2.1, but
the plot is reproduced in Figure 1.7. Included is a best fit curve to their analytical expression
for the membrane noise,
⁄

where

is the total noise with 200 V polarization,

open-circuit sensitivity, the

is the unpolarized noise,

(2)
is the

and coefficients are constants, and

(
where

,

is the resonance frequency and

)

(

)

,

(3)

is the quality factor of the resonance. The first

term on the right side of (2) is a residual term due to the incomplete subtraction of
electrical noise. This is because the capacitance changes when the polarization voltage is
nulled. The second term of (2) is the purely mechanical and acoustical noise in the
microphone, and it contains two fit parameters,

and

. These parameters are not based

on anything physical but are instead trial expressions to be fit to the data in Figure 1.7. They
represent a truncated power series for the dependence of mechanical noise on frequency.
Fits to the data yield nontrivial values for

, which might indicate that there is some

dependence to the membrane noise. Zuckerwar reports a high level of confidence in the
presence of this

noise, with probabilities of 0.999 in some cases. Furthermore, a region

of dominance is established, where it is claimed that the

noise of the microphone and

preamplifier combined is dominant over all other noise types, and the membrane’s
contribution to this is between 14% and 69% for the various microphone models. The
membrane

noise coefficient has a high correlation with the air gap damping.
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# Model

Size

Type

1 Type 4144

1”

P

2 Type 4145

1”

FF

3 Type 4134

1/2”

P

4 Type 4135

1/4”

FF

5 Type 4138

1/8”

P

Figure 1.6 Noise spectra of Brüel & Kjær condenser microphones with (solid) and
without (dashed) the polarization voltage [8].
These results are puzzling because neither Zuckerwar nor anyone else to date has
been able to provide an explanation of this behavior. In general

noise is present in

many physical phenomena, but its mechanisms are not well understood. Adding an
acoustical source of
continue on to measure

noise contributes only another mystery. While Zuckerwar did
noise in piezoresistive, electret condenser, and ceramic

microphones [9], no one else has used this method in analyzing noise spectra to the author’s
knowledge, so whether it is reproducible remains to be seen. A primary motivation for the
current project is to determine if the methodology reported in this thesis explains the
behavior.
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Figure 1.7 Zuckerwar’s calculated “membrane noise” (solid) with a best-fit line to
Equation (2) (dashed) and the “mechanical Johnson noise” (dotted). The legend is the
same as in Figure 1.6 [8].

1.3.1.2 Other microphone types
Olson [10] designed a special high-sensitivity ribbon microphone to better measure
the thermal acoustic noise. A ribbon microphone is a velocity, or pressure gradient,
microphone, meaning that it responds to the difference between two closely spaced
pressures on either side of the diaphragm. It was developed chiefly by Olson at RCA during
the 1930s and 1940s [11]. Like the more familiar dynamic microphone, the ribbon
microphone uses a permanent magnet to induce an electromotive force in a moving
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conductor, in this case a thin corrugated aluminum foil strip called the ribbon. The ribbon
acts as the diaphragm, and it is exposed to the sound field on both sides, while being fixed
along its edges. This means that there is no back volume in this design, so the only source of
acoustical resistance is the radiation resistance.
Olson claimed that the dominant source of noise in a dynamic microphone is the
Johnson noise in the conductors. Presumably this only applies to dynamic microphones,
which employ a conductive coil of wire with a non-negligible resistance. As such, it would be
difficult to measure the thermal acoustic noise with a dynamic microphone. A highly
sensitive ribbon microphone provided a better alternative because the ribbon acts as both
the conductor and the diaphragm, and the electrical resistance of the ribbon is much
smaller than that of the coil in the dynamic microphone.
The ribbon microphone was placed in a rubber suspension mount seated on a steel
plate. Olson covered this with a glass bell jar fitted with a vacuum pump, and finally covered
the jar with a wooden cover. He claimed the combination of wood cover and bell jar
provided an isolation of 50 dB, which made for an ambient noise level at the microphone of
-44 dB SPL in a 6 dB SPL laboratory. With the bell jar evacuated, the noise measured
consisted only of electrical sources, which included the ribbon Johnson noise, the
transformer noise (Barkhausen effect), and the preamplifier noise. The preamplifier
employed a vacuum tube triode, and its noise contributions were calculated to be well
below the microphone noise in the measurement band, 5 kHz – 15 k Hz. The electrical noise
measured with the bell jar evacuated could then be subtracted from the noise measured
with the bell jar at atmospheric pressure, leaving only the microphone noise, which Olson
argued was only acoustical noise.
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The measurements were made using a voltmeter, so only a single mean-square
value of noise can be ascertained, rather than a frequency spectrum. Olson gives his
measured value of microphone thermal noise as an equivalent pressure of 8.3 µPa. He also
calculated an estimated acoustical radiation resistance on the ribbon and determined its
Johnson noise to be 7.5 µPa, which shows a reasonable agreement with the measured value.
However, it is difficult to draw conclusions from this study because of the lack of reliable
data.
Thompson et al. [12] described a low-noise electret microphone designed for use in
hearing aids. They started by analyzing the existing design shown in Figure 1.8. The
diaphragm is not exposed directly to the environment, instead coupling to a front volume
followed by a sound coupling tube. This is generally desirable for use in hearing aids, as it
allows for the microphone to be oriented with its smallest side towards the hearing aid case.
Another important feature is a small pierce in the diaphragm acting as a barometric leak,
which is not visible in the diagram.
The microphone was placed in an isolation chamber composed of two 3” thick steel
cylinders pressed together on a rubber gasket with a 200 ml space hollowed out for the
microphone. This is set on a plate on a rubber air bladder, and the whole chamber is
electrically grounded. The electrical noise floor of the measurement system was determined
to be under 1 µV, equivalent to a pressure of 5 dBA, which is well below the microphone
noise level. The acoustic isolation of the chamber was not able to be quantified, but it
appeared to be sufficiently high. Measurements were then made with and without a vacuum
in the chamber, which corresponds to measurements with and without the acoustical noise
included. The results of these measurements are shown in Figure 1.9a, in electrical units.
The acoustical sources of noise appear to be significant at least up to 20 kHz. The bump at 5
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kHz is the main resonance, while the tall peak at 25 kHz corresponds to the natural
resonance of the diaphragm without fluid loading. Using an equivalent circuit model, they
were also able to isolate the contributions of each noise source, the total of which agrees
reasonably well with the measured noise at atmospheric pressure, as shown in Figure 1.9b.
Note that “motor” refers to the damping of the air gap, “pierce” refers to the resistance of
the barometric leak, and “mechanical” refers to the mechanical resistance of the diaphragm
in a vacuum.
a)

b)

Figure 1.8 a) Cross-section and b) photograph of the EM-3346 microphone [12]
It is apparent from Figure 1.9b that the most significant noise contributions in this
microphone design are the pierce in the diaphragm and the flow through the sound
coupling tube. An attempt to reduce the impact of these noise sources was made with a
redesign of the microphone. The sound coupling tube was replaced by several larger holes
in the casing, which led to it being dubbed the “salt-shaker” microphone. Additionally, the
diameter of the pierce was decreased, which increases its flow resistance, but shifts its
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effect to lower frequency. The impact of this redesign is shown in Figure 1.9c&d. The overall
noise is decreased in the range of 40 Hz – 9 kHz. The dominant sources are now the pierce
at low frequencies, electrical noise in the mid-band, and the squeeze-film damping at high
frequencies. Perhaps the most significant contribution from this study is showing that it is
indeed important to consider other sources of acoustical noise besides the usual squeezefilm damping in the air gap. Noise sources relating to the flow of air through other narrow
passages, like the sound coupling tube and the pierce in the diaphragm, were shown to be
dominant in the original design, and reducing these did indeed reduce the overall noise in
some bands.

a)

b)

c)

d)

Figure 1.9 Noise contributions in the EM-3346 and saltshaker microphones [12].
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Becker, Engel, and Breitlow [13] developed their own analytical model for
determining the acoustical noise in condenser microphones. They focused on a design that
is more common for professional audio microphones, where the desired polar response has
a cardioid pattern. This means that instead of a high resistance barometric leak, a lower
acoustical resistance is employed in the back volume to allow a significant pressure to enter
from the outside and interfere with the diaphragm motion. In this design type, this
acoustical resistance is the dominant damping source over the squeeze-film damping in the
air gap.
The analytical approach started with the development of an equation of motion for
the diaphragm. This included the forces from the input pressure, the pressure difference
across the acoustical resistor, and the tension in the diaphragm. Inertial effects were
ignored, and adiabatic compression was assumed. A Gaussian white noise source was added
to represent the stochastic thermal noise at the acoustical resistor, the only source of noise
considered. Fourier transforms were used to derive a spectrum of spatially-averaged
diaphragm displacement due to the Gaussian noise source, which were then used to find the
noise voltage spectrum.
They performed measurements on a modified large-diameter Neumann condenser
microphone encased in a “soundproof box.” To isolate the electronic noise, they replaced
the microphone capsule with an equivalent capacitor, and this was subtracted from the total
noise to get the acoustical noise. The acoustical resistance of a thin disc of a porous medium
is much easier to measure than the squeeze-film resistance, and they were able to swap out
different resistors and gauge the impact on the noise. The power spectral densities of the
output noise voltages for microphones with two of these resistors are shown in Figure 1.10.
The agreement between theory and measurement in most of the measured frequency range
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is quite good. Between about 100 Hz and 10 kHz the acoustical noise falls at approximately
. At high frequencies the theoretical curves exhibit strong resonances that are not
reflected in the measured data, which is a result of the breakdown of their theory when the
wavelength becomes comparable to the dimensions of the microphone capsule, and other
sources of viscous damping become important. The most surprising result of their study is
that the noise of the higher damped capsule is actually below the noise of the lower damped
capsule for much of the measured band, as evidenced by both measured and theoretical
data. The explanation for this seems to lie in the type of damping in this microphone, which
is manifested by a resistor between the back volume and the outside pressure. This creates
a low-pass filter with the compliance of the back volume, so a higher resistance shifts the

Power Density (µV2/Hz)

corner frequency down, lessening the impact of the damping at higher frequencies.

Frequency (Hz)

dashed

Theoretical
acoustical noise
with
R=27.6 kg/m4s

solid

Theoretical
acoustical noise
with
R=64.1 kg/m4s

x

Measured
acoustical noise

o

Measured
electrical noise

Figure 1.10 Power spectral densities of a cardioid condenser microphone with
varying damping [13].

1.3.2 Analytical and numerical models of microphone damping
Accurately describing or predicting the motion of the diaphragm is not a trivial task,
and there has been research in this area for nearly a century. While the membrane motion
in a vacuum is well known [14, pp. 95-107], the difficulty comes from the strong coupling
between the mechanics of the diaphragm and of the surrounding air. This coupling works
both ways; the pressure of the air on the diaphragm affects its motion, while the position of
the diaphragm changes the boundary condition for the fluid problem. The holes that are
usually present in the backplate complicate the problem considerably. Moreover, in the case
of a condenser microphone, there are quasi-static electric fields in play as well. Some
authors have focused on particular aspects of this coupling, arguing that various terms can
be neglected in certain applications, while others have attempted to present a unified, fullycoupled approach. Often the help of numerical techniques is needed to apply these models
to the complicated microphone geometries, especially for the fully-coupled approaches.
The first general models of the dynamic behavior of condenser microphones were
lumped element approximations given by Wente [15] and Crandall [16]. These are
relatively simple models that are straightforward to work with, but they make many
assumptions about the geometries and spatial uniformity of the pressures, and as such are
not generally applicable.
A more fundamental approach is to attempt to solve a simplified set of NavierStokes equations for the fluid mechanics to determine the pressure on the diaphragm.
Robey [17] solved these equations for a thin cylindrical volume representing the air gap
between the diaphragm and backplate, but he made the mistake of using a boundary
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condition of vanishing pressure on the periphery of the air layer. Petritskaya [18, 19]
improved upon this solution by using the appropriate boundary condition of vanishing
radial velocity at the air layer periphery. The holes in the backplate are also able to be
accounted for in her model by expressing the boundary conditions as a series expansion of
eigenfunctions. Her publications omitted many analytical details, making the results
difficult to reproduce [20].
Zuckerwar [21] simplified Petritskaya’s method with two key assumptions that hold
true for many microphones, allowing a closed form solution: the membrane displacement is
axisymmetric and the variation of the reaction pressure due to the shape of the diaphragm
as it deforms is negligible. The axisymmetric assumption is nearly true in a cylindrical
microphone except for the presence of the holes. Zuckerwar assumes that the tension of the
membrane smoothes out the variations in local pressure the holes would cause. The holes
are considered, however, in the determination of the boundary condition at the backplate.
Unlike previous authors he includes the impact of their flows converging in the back
volume, as shown in the equivalent circuit model in Figure 1.11. The shape of the membrane
deformation is approximated by Bessel functions.
The result of Zuckerwar’s calculations is a derivation of the acoustical impedance on
the membrane, which can be expressed as

[
where

is tension,

],

is the membrane wavenumber,

represent Bessel functions of the first kind.

(4)
is area,

is radius, and

and

is equal to a complicated matrix expression

accounting for the non-uniform boundary condition at the backplate. This can be simplified
at frequencies well below resonance to
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,
where

(5)

is the membrane surface density. The first and second terms represent the

membrane mass and compliance. These differ from the physical values of mass and
compliance by a factor of 4/3 and 8π, respectively. This is due to the fact that the membrane
does not behave as a piston, and they match expressions for the effective mass and
compliance found previously [22, p. 202]. Only the last term depends on

, and it

represents the air compliance and damping. Theoretical responses of Brüel & Kjær Types
4134 and 4146 were calculated using this method, and the agreement with measured data
was quite good.

Figure 1.11 Equivalent circuit of the holes in the backplate and the back volume [21].
A simpler alternative approach to determine just the air gap damping was proposed
by Škvor [23]. This method assumes incompressible air flow between diaphragm and
backplate to the holes in the backplate, which are uniformly spaced. The results are thus
dependent only on the number and average diameter of the holes, not on their locations. He
found that at low (audio) frequencies, this resistance is frequency-independent but
becomes frequency-dependent at higher frequencies. This simple approximation is quite
easy to calculate given a few geometrical parameters, but it tends to overestimate the
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damping. Tan and Miao [3] modified this approach by taking into account the location of the
hole using a mode shape factor. When applied to the Brüel & Kjær Type 4134, they saw an
improvement in accuracy of the damping estimate, assuming that this is this damping is the
sole source of thermal noise. A comparison of the Škvor method, Tan & Miao’s modified
Škvor method, and Zuckerwar’s method (the real part of (5)) for estimating the air
resistance is given in Figure 1.12.

Zuckerwar
Resistance (x10 Ns/m5)

Škvor
Tan & Miao

Frequency (Hz)
Figure 1.12 Comparison of squeeze-film resistance calculation methods for Type
4134 [3].
Lavergne et al. [24] developed a method for analyzing the dynamic behavior of
condenser microphones being used at ultrasonic frequencies. The backplate boundary
conditions can no longer be averaged over the surface, as the air near the holes behaves
locally at these frequencies. Thus, the azimuthal position of the holes becomes important,
and the membrane motion can no longer be considered axisymmetric. They also included an
averaged slip condition and thermal condition over the backplate surface to account for

25
further hole effects. Since they were dealing with high frequencies, they treated the back
volume as a large cavity where modal coupling takes place. Thermal boundary layers in the
back volume were neglected. They attempted to validate their analytical method using a
laser scanning vibrometer on the diaphragm surface, and some of their results are given in
Figure 2.6b&c. Unfortunately it seems their results greatly overestimated the influence of
the holes on the local pressure at these frequencies.
Homentcovschi and Miles [25] proposed a new analytical model of the viscous
damping between diaphragm and backplate that was intended specifically for gaps where
the Reynolds equations cannot be applied. This is because the lubrication approximation,
which assumes the gap height is small enough that the Navier-Stokes equations may be
integrated over it to yield a two-dimensional problem, does not hold in the highly
perforated microstructures found in most MEMS designs. Instead they restricted their
analysis to a unit cell around single hole in the backplate, which had axisymmetry, allowing
for a reduction to a 2D problem again. The unit cell solution could then be extrapolated for
all the backplate holes in the highly regular distribution of a perforated microstructure.
They also successfully transformed this analytical model into a numerical model using the
weakly compressible Navier-Stokes physics mode in the Heat Transfer module of COMSOL.
They later generalized their method to be used with any condenser microphone [26]. They
used COMSOL to calculate the response for Type 4134 and a Brüel & Kjær MEMS
microphone. Both showed good agreement.
Tan and Miao [27] applied the design of experiment technique to Zuckerwar’s
model to optimize condenser microphone backplate design. They studied the effects of 6
parameters: the air gap size, presence of a slot, hole location, hole number, hole radius, and
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backplate thickness. They found that the major factors in controlling the thermal noise are
air gap size, slot presence, and hole location.

1.3.3 Summary

Very few microphone self-noise spectra have been published. The papers that do
include noise spectra demonstrate the usefulness of such measurements, as the curves are
quite different for different microphone designs. This is especially evident in Thompson’s
[12] results, which show the relative contributions of several noise sources. When the
design is altered, so is the noise curve. The results from Becker, Engel, and Breitlow [13]
also show the importance of including the filtering effects, as their result of lower noise for
higher damping would not otherwise make sense.
The Brüel & Kjær measurement condenser line of microphones is the topic of the
most published studies, especially Types 4134 and 4144. The best available measurements
for these microphones were published by Zuckerwar [8], who attempted to isolate the
acoustical/mechanical noise. He further decomposed that spectrum in an attempt to prove a
dependence. There are doubts as to the validity of some of his calculations, but the total
noise power spectral density including the preamplifier noise seems to be the best available
data with which to compare simulation results. Several other authors based calculations or
simulations on the specifications of these microphones, so their results provide another
point of comparison for the results of this thesis.
A number of analytical and numerical methods for predicting the microphone
damping, noise, or response have been suggested. These vary in complexity from simple
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formulae to finite element implementations coupling the acoustics of air gap, holes, and
back volume with the structural behavior of the membrane. However, none of them seem to
account for the noise in the back volume due to the thermal exchange with the boundaries.
This thesis will show that it is indeed important to consider this source of damping and
noise.

Chapter 2
Theory
Here the relevant theoretical concepts are presented. This includes the
fundamentals of transducer mechanisms, generalized dissipation theory, dissipative
acoustic theory, and a method for approximating the impedance of any arbitrary enclosure.

2.1 Electrostatic microphone transduction principles
A microphone is an electroacoustic transducer; that is, it converts acoustical energy
to electrical energy. The acoustical energy is in the form of a small-amplitude varying
pressure superimposed on the much larger atmospheric pressure, and the electrical energy
is in the form of a time-varying voltage signal. There are a number of mechanisms that can
achieve this transduction, but the focus in this thesis is on condenser microphones. The
basic principles of operation for this type are presented here, along with a brief description
of a few other types for comparison.
An electrostatic microphone is one whose transduction mechanism comes from a
quasi-static electrical field between two (or more) differently charged plates. These plates
are separated by an air gap, which serves as the necessary dielectric medium in the
formation of an electrical capacitor. For this reason electrostatic microphones are also
called capacitive or condenser microphones, the latter being an archaic term for a capacitor.
One of the plates, the backplate, is fixed, while the other is a stretched diaphragm that is
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fixed around the edges but is free to move elsewhere. An oscillatory pressure incident on
the diaphragm will cause it to move, changing the separation distance by a small amount, on
the order of ±5 nm for a 1 Pa root mean square sine wave signal [28].
The capacitance of a simple parallel-plate capacitor is
,
where

(6)

is the permittivity of air approximately equal to the permittivity of free space
,

is the plate area, and

is the separation distance. Changes in the

separation distance correspond to an inverse change in the capacitance. The constant
charge

on the plates means the capacitance changes lead to a voltage signal, using the

relationship
.

(7)

Figure 2.1 is a visualization of this. Equations (6) and (7) can be combined and applied to
the case of a condenser microphone with a moving diaphragm if the separation distance is
separated into an equilibrium distance
split into the polarization voltage

and a displacement , and the voltage is likewise

and the small signal voltage . This gives [1]

,

(8)

which reduces to

.

(9)

This shows that the output signal voltage is linearly related to the displacement of the
diaphragm. Contrast this to the inverse relationship between capacitance and separation
distance in Equation (6). This linearity is important in ensuring the linearity in the final
microphone response.
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Figure 2.1 a) A fixed charge is placed on a parallel plate capacitor, b) an increased
𝑉 the plates leads to𝑉a >
𝑉
𝑉 < 𝑉and an increased
separation between
decreased
capacitance
voltage, and c) a decreased separation leads to an increased capacitance and
decreased voltage. Adapted from [28].
In reality the microphone capsule is not truly a parallel plate capacitor. There are
holes in the backplate, the backplate is smaller than the diaphragm, there is stray
capacitance between the backplate and the housing, and the diaphragm deforms in the
center. A better expression for the capacitance of a condenser microphone taking some of
these factors into account is [29]

(
where

is the radius of the diaphragm,

),

is the radius of the backplate, and

(10)
is the

equilibrium deflection of the diaphragm, which can be expressed as

[
where

( )],

is the pressure on the diaphragm due to the electrostatic attraction, and

(11)
is the

tension. An ideal backplate size for maximum energy density is given by a ratio of
diaphragm and backplate radii [20]:

√

.

(12)
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2.1.1 Electret microphones
One method of giving the microphone capacitor its fixed charge is to use an
“electret” layer. Either the diaphragm or backplate is coated with this layer on its inside
surface. The electret is a polymer such as polytetrafluoroethylene (abbreviated to PTFE and
commercially known as Teflon) that is embedded with a permanent electrical charge that
remains stable for thousands of years [1]. This can be thought of as the electrical equivalent
of a permanent magnet [28]. The “frozen” charge is located near the inner surface of the
electret layer. A collection of dipoles form inside the electret due to a balancing static charge
accumulation [30]. This then attracts an equal and opposite charge that is shared by the
backplate and diaphragm. Two electrical fields are thus induced: one from the backplate to
the electret and another from the electret to the diaphragm. Figure 2.2 is a diagram showing
these electrical fields. In this example the electret layer is on the backplate, as this is the
way that high quality measurement microphones are produced. The electret layer is
therefore stationary, which is advantageous because the polymer material may not be best
suited to act as a diaphragm. However, microphones with the electret layer coated on the
diaphragm or as the diaphragm alone are indeed manufactured, more commonly used in
low cost applications.

2.1.2 Externally polarized condenser microphones
Electrostatic microphones can also be polarized using an external voltage supply.
This supply, which is typically 200 V, is connected to either the diaphragm or backplate,
while the other plate is grounded. It usually makes more sense to ground the diaphragm
because it is connected electrically to the housing. If it were charged it would lead to
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grounding noise issues as well as the danger of electric shock. The voltage is supplied via a
large electrical resistor, typically 1-10 GΩ [1], to ensure that the charge on the backplate
remains the same even as the diaphragm moves. This is because the large resistor creates a
long RC time constant with the capsule capacitance. The configuration is illustrated in
Figure 2.3.

Diaphragm
E2

Air gap

Electret layer

+

+

+

E1

+

+

+

Backplate
Figure 2.2 Electrical fields produced in the back plate and diaphragm of an electret
microphone. Adapted from [1, 30].
Diaphragm

Backplate

Electrical
ground

Output voltage
DC voltage
supply

Polarization
resistance

Figure 2.3 A quasi-static charge used for polarization is supplied by a DC voltage
source through a large resistor. Adapted from [1].
Compared to the electret microphone, the externally polarized condenser has the
obvious disadvantage of requiring an external voltage source of 200 V. This is not always
practical, for example in outdoor measurements or for use with portable hand-held
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analyzers. It also limits the equipment that can be used with the microphone, as the
measurement amplifier must be one that contains the correct voltage source. On the other
hand, the externally polarized condenser is somewhat simpler in its design, so it may be
easier and more economical to manufacture. It also performs better at high temperatures.
These days though, while externally polarized measurement condenser microphones are
still in wide use, it seems that the electret types are becoming more popular for the above
mentioned reasons. Nonetheless, the present study focuses on two externally polarized
types because of the availability of data.
In the professional audio industry, the external voltage supply is called “phantom
power.” The DC bias voltage is carried along the microphone cables and the source is
contained in the mixing console. In that industry the voltage is standardized to 48 V.
Sometimes this is not enough to give the desired sensitivity of a high quality studio
microphone, so the DC bias is supplemented by an electret layer, effectively combining the
pre-polarized and externally polarized schemes.

2.1.3 Frequency-modulated electrostatic microphones
Both the condenser and electret microphones use a constant charge difference
between their plates, caused by either the electret layer for the electret type or an external
voltage source for the condenser. There exists another method of extracting a usable signal
from the variable capacitor. It can be used in a high frequency tuning circuit, where the
variable capacitor is wired in parallel with an inductor driven at a high carrier frequency,
typically 1-10 MHz [20]. Changes in the capacitance then result in a modulation of the
carrier, either frequency-modulated or phase-modulated, depending on the configuration.
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This approach is obviously a bit more complicated than the ones previously
described, and it has the additional disadvantage of a higher electrical noise. As such, it is
very rarely used [1]. However, it does have one advantage that makes it useful in the special
case of detecting very low frequencies, below the range of human hearing. In a fixed-charge
electrostatic microphone the low-frequency response is limited by the time it takes to
charge the capacitor. The frequency-modulated system is not limited by this, so it can
operate at arbitrarily low frequencies, even including the detection of barometric pressure
changes [20].

2.1.4 Condenser microphone design parameters
The diaphragm properties are critical in creating the desired response. The
diaphragm is made of a finely grained nickel, a special stainless steel alloy, or a metallized
polymer that is made into a very thin foil, typically 1.5 µm – 8 µm [1]. This foil is stretched
over the housing with a very high tension. For example in Type 4144 the tension is about
400 N/mm2

[31],

and other models may use up to 600 N/mm2

[1].

The air gap between

diaphragm and backplate is typically initially between 15 µm and 30 µm. At such high
tensions there can be assumed no sagging due to gravity, but the electrostatic attraction
between the polarized backplate and the diaphragm does bring the separation distance
down slightly. In Type 4144 the initial gap height is 22 µm, but when polarized this
decreases to about 20.5 µm [31].
The mechanical motion of the diaphragm is important to consider. A first-order
approximation is to model the motion as a simple damped harmonic oscillator. Figure 2.4
shows this oscillator as a piston connected to a spring and a dashpot. Springs are usually
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described in terms of their stiffness

, while acoustical systems are more commonly

described by the compliance , the reciprocal of . Newton’s second law of motion gives the
equation of motion to be

∑

.

(13)

The resonance frequency of this system is

√

,

(14)

so (13) can be re-expressed as

.

(15)

This is a second order differential equation, and solutions are in the sinusoidal form [14, p.
9]
,
where

is a real amplitude,

(16)

is phase in radians,
,

(17)

and
⁄

𝑚

𝑘

.

𝑥
𝑅

𝐶

Figure 2.4 Simple harmonic oscillator.

(18)
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Each of the three oscillator parameters,

,

, and

; comprises multiple physical

contributions in the microphone capsule. The oscillator compliance is formed by a
combination of the compliance of the diaphragm and the compliance of the volumes of air
surrounding it. In the microphones studied in this project, there is only a back volume
because one side of the diaphragm is directly exposed to the environment. In some
transducer designs, such as those used in the hearing aid industry, there is a front volume as
well, which is then ported to the outside environment with a tube [12]. This is desirable in
such applications, as it allows greater flexibility in the orientation of the microphone, which
can be helpful in reducing the form factor of the complete package.
A ratio of the air compliance to diaphragm compliance, , shows which is dominant
in controlling the microphone sensitivity. This ratio should be greater than unity in order to
have a reliable design because the diaphragm is much less sensitive to temperature
changes. The effect of this ratio on the microphone sensitivity is given as [1]

(

where

is the sensitivity,

pressure at which

)

is the ambient pressure, and

was measured. The larger

,

(19)

is the reference ambient

is, the less effect an ambient pressure

change will have on the microphone sensitivity. Tan and Miao [27] suggest a

of about 16

for stable microphone design.
The thin air gap has the consequence of creating a high stiffness and resistance on
the diaphragm. The high stiffness comes from the small volume of compressible air, and the
high resistance comes from the non-negligible viscous shearing of the air moving in narrow
spaces. Both of these can be relieved by the inclusion of a number of holes in the backplate
that vent to a back volume, as can be seen in Figure 2.5. Of course, creating these holes leads
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to other consequences, such as a non-uniform electrical field, a reduced electrical
capacitance, a non-uniform pressure on the back of the diaphragm, and an increased
moving mass of air in the holes. The viscous effects of the air in the holes also lead to
resistance, which could be comparable to the original resistance of the air gap with a
continuous backplate. Therefore it is quite important to consider these tradeoffs when
choosing the number, location, and size that should drilled or pierced in the backplate, and a
great deal of study has been undertaken to analyze and improve upon hole distributions.

Figure 2.5 Sectional view of a traditional measurement condenser design showing the
holes in the backplate [1].
The mass of the vibrating diaphragm system is ideally kept as low as possible
because a decrease in mass leads to an increase in the resonance frequency, thus increasing
the operating frequency range. Practically, the limitation of mass reduction is given by the
available diaphragm materials that can withstand the high tensions applied. The mass
comprises both the mechanical mass of the diaphragm and the acoustical mass or
“inertance” of the air in the gap and holes in the backplate. The physical mass of this air is
much lower than that of the diaphragm, but because it moves at a higher velocity than the
diaphragm, its effective mass is non-negligible. This effective mass is typically 10%-50% of
the total diaphragm system mass [1].
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The mechanical mass of the diaphragm is also not exactly the physical mass because
not all of it moves at the same amplitude; the edges are fixed, and below the resonance
there is a gradient of displacement amplitude from edge to center. However, measurement
microphones are sometimes employed to measure frequencies above their fundamental
resonance, where the membrane motion becomes more complex. Figure 2.6a shows the
first few modes of a circular membrane. Only the first one appears at frequencies below
resonance. These modes are further complicated by the influence of the holes on the
pressure on the membrane. Lavergne et al. [24] measured the displacements of a Brüel &
Kjær Type 4134, which has six holes in the backplate, using a laser scanning vibrometer at
an extended frequency range. Some of the displacement patterns they found are shown in
Figure 2.6b&c, which demonstrates the influence of the holes at high frequencies.

a)

c)

b)

Figure 2.6 a) The first three vibrational modes of a circular membrane fixed at the
outer edge [28] and the measured displacement patterns at b) 40 kHz and c) 70 kHz
[24].
A barometric pressure leak must also be included in the design of the microphone in
order to avoid the influences of barometric pressure changes on the diaphragm. The
acoustical pressure amplitude being measured is usually much smaller than the barometric

39
pressure. For example, a relatively loud signal of 1 Pascal root-mean-square amplitude (94
dB re. 20µPa) is only a 0.00001% fluctuation of a 101.3 kPa barometric pressure. Changes in
the barometric pressure would displace the diaphragm away from its operating equilibrium
position, which would change the sensitivity and lead to nonlinearities in the response.
The need for a barometric leak is similar to the need to “pop” one’s ears after a
change in environmental pressure, perhaps when ascending or descending in an airplane or
while SCUBA diving. In the ear the pressure is relieved by opening the Eustachian tubes,
which is achieved by yawning or closing one’s mouth and nose while blowing. In a
microphone the pressure is also equalized via a capillary tube or slit leak, but it is usually
left open at all times. This leak’s effect on the diaphragm must be minimal at audio
frequencies; otherwise pressure on the underside of the diaphragm coming from the leak
would interfere with the pressure impinging on the outside of the diaphragm. Preventing
this interference is achieved by ensuring the leak has a high resistance path to the
diaphragm, effectively creating a low-pass filter with a relatively long

time constant. For

measurement microphones this is usually about 0.1 s, which corresponds to a corner
frequency of 1.6 Hz [1], sufficiently low as to leave the response virtually unaffected above 5
Hz.
The impact of the leak is, however, dependent upon the atmospheric pressure. This
is mainly due to the change of back volume compliance with ambient pressure, which
changes the time constant of the low-pass filter. Also, it is sometimes necessary to block this
leak, for example when using the microphone in a coupler that physically blocks the
opening. This can be done safely as long as the leak is still periodically exposed to the
environment, and it also must be noted that this will actually give the response a slight lowfrequency rise. This is because the ratio of air compliance to diaphragm compliance

is
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effectively increased by the vent at low frequencies. This effect is also dependent on the
ambient pressure. The impact of a blocked or exposed leak on the magnitude of the lowfrequency response at various absolute pressures is shown in Figure 2.7.

Leak blocked

Leak exposed

Figure 2.7 Effects of exposing or blocking the barometric leak at a) 1 bar, b) 2 bar, c)
10 bar, and d) 0.5 bar [1].

2.1.5 Microphone preamplifiers
A preamplifier is necessary following the microphone before the signal is
transmitted to the measurement instrumentation via a cable. This is purely for the purpose
of impedance matching, and the gain is kept near unity. The microphone has a very high
electrical impedance, so it would not otherwise be able to sustain the load of the cable and
following instrumentation. The preamplifier usually uses a junction gate field-effect
transistor (JFET) or in older designs a vacuum tube [10]. A simple model of a microphone
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combined with a preamplifier and cable is shown in Figure 2.8. Ce0 is the microphone
electrical capacitance, Ci and Ri are the input capacitance and resistance of the preamplifier,
g is the preamplifier gain, Ro is the preamplifier output resistance, and Cc is the cable
capacitance.
The preamplifier is designed to have a minimal impact on the microphone signal,
but its effects are still important to consider. The low-frequency response and the dynamic
range effects, including the electrical noise and distortions, can be significant in their
contributions to the output. Using the circuit in Figure 2.8, the frequency response of the
system is given by [1]

,

(20)

and using the typical values in Table 2.1, magnitudes and phases of this response are given
in Figure 2.9. The low frequency roll off is caused by the high-pass filter formed by
, and the high frequency roll off is caused by the low-pass filter formed by

𝐶𝑒
Vin

𝑔
𝐶𝑖

and

and
.

𝑅𝑜

𝑅𝑖

𝐶𝑐

Vout

Figure 2.8 Circuit diagram of a simple model of a microphone, preamplifier, and cable
combination. Adapted from [1].
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Element
Symbol Units
Value
Microphone capacitance
pF
18
Preamplifier input capacitance
pF
0.2
Preamplifier input resistance
GΩ
10
Preamplifier gain
-.995
Preamplifier output resistance
Ω
30
Cable capacitance
nF
3
Table 2.1 Typical values for the circuit elements shown in Figure 2.8 for a ½”
microphone with preamplifier [1].
a)

b)

Figure 2.9 a) Magnitude and b) phase of the frequency response of the circuit shown
in Figure 2.8 with typical values given in Table 2.1 [1].
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2.2 Dissipative acoustics
Dissipation is the loss of energy in a system undergoing an irreversible process. An
irreversible process is any process that cannot be reversed without impacting its
surroundings [32, p. 201]. This impact comes in the form of an energy transfer, which is
usually heat. A damped harmonic oscillator’s movement is an example of an irreversible
process. With each period of motion, the damping resistance converts some of the kinetic
energy of the system to thermal energy, which can be considered dissipation because it
does not reenter the system.
In air acoustics, dissipation primarily comes from three mechanisms: thermal
conduction, viscosity, and relaxation effects. This last one is a consequence of the finite
amount of time it takes a real fluid to come to thermodynamic equilibrium when the
pressure or temperature is changed [33, pp. 316-317]. It is more important when
considering sound propagation over longer distances and is not relevant in air in the small
dimensions considered here.

2.2.1 Viscosity effects
The Navier-Stokes equations describe the motion of a fluid. In a compact general
form, they can be expressed as

,
where

(21)

is the velocity vector, T is the stress tensor, and f is body force per unit volume

acting on the fluid. This is an expression of Newton’s second law. The left side of the
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equation is an intensive mass ( ) times an acceleration. The right side is a sum of
volumetric forces acting on a parcel of fluid.
The large

operator is the material derivative or convective derivative, which is

defined as

[

].

(22)

The material derivative is required by the choice to operate in an Eulerian frame of
reference [34]. This approach does not follow the time evolution of individual parcels of gas,
instead monitoring a spatially stationary control volume and accounting for flows passing in
and out of its boundaries. The material derivative consists of two parts: a partial derivative
with respect to time and a directional derivative along the flow of the fluid velocity.
Together they are the equivalent of a time derivative of a quantity, which is the velocity in
(21).
Solving the Navier-Stokes is difficult; in fact, there are no known general solutions.
However, some simplifications can often be made to disregard certain terms, making a
closed form solution possible in certain cases. For example using an acoustic approximation,
where only first-order terms are kept and viscous and gravitational forces are disregarded,
the Navier-Stokes equations become the Euler equation:
.

(23)

Note that the last two terms of Equation (22) have vanished and the material derivative has
been replaced by a partial derivative. This approximation is often sufficient in linear
acoustic applications, but more terms need to be included when considering thermoviscous
losses.
If only external body forces are neglected, (21) becomes [14, p. 211]
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(
where

is the dynamic viscosity, and

,

)

(24)

is the bulk viscosity. This now includes several

higher order terms that are not ignored. The

term accounts for the shear stress on

the fluid. This is a result of the diffusion of momentum by the collisions of molecules from
neighboring fluid parcels at different velocities. The
fluid from molecular relaxation effects. The coefficient

term is the effective force on the
is zero for in a monatomic gas, so

the term vanishes in that case. For other fluids its value may be nonzero. In the case of air its
impact is negligible for most applications, including the present one. The final term gives
the higher order viscous force contributions, which come from turbulent flow.
Equation (24) can be applied to the fluid as a whole, but it requires the knowledge of
the velocity field of the fluid. However, since it really only depends on the gradient of the
velocity, it is only relevant at locations where the velocity varies spatially. In an enclosure
like a microphone back volume, this only occurs near a wall. The “no-slip” condition
specifies that velocity vanishes at the wall, so there must be a decrease in velocity as one
approaches the wall, as shown in Figure 2.10.

Figure 2.10 Velocity profile near a wall.
Consider a plane wave travelling toward a rigid wall. In this scenario Equation (24)
can again be simplified by quite a bit. The pressure is assumed constant in this small space,
so the

term vanishes. Turbulent and bulk effects are ignored, so those terms drop as
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well. Finally, only a linear one-dimensional motion is needed, so the Navier-Stokes
equations reduce to [35]

,
where

(25)

is the velocity in the y-direction. Recognizing that

is a harmonic variable, (25)

becomes
,
where
for

is the complex wavenumber, and

(26)

is the kinematic viscosity,

⁄ . Solving this

gives

√

√

,

(27)

where

√

.

(28)

Equation (27) shows that the complex wavenumber consists of real and imaginary parts of
equal magnitude, which is the reciprocal of the viscous penetration depth, ⁄ . This means
that the viscosity of the fluid results in an evanescent wave radiating from the wall.

2.2.2 Thermal conduction effects
The balance of energy in a fluid is given by the conservation of entropy equation:
,

(29)
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where

is the thermal conductivity of the fluid, and

is the entropy. The left side of the

equation is the time rate of change of the energy content in the fluid, where again the
material derivative has been used. The right side of the equation contains two sources of
entropy generation. The first is from thermal conduction, and the second is from viscous
(friction) effects.
Consider again the plane wave travelling toward a rigid wall. Once again, a
linearized one-dimensional model is used. The viscous contributions to the entropy can be
neglected because most of the viscous effects are already being accounted for in the
previous section. This leaves

,

(30)

which is the Fourier diffusion equation in one dimension. Recognizing that

is a harmonic

variable, (30) can be rewritten as
.

(31)

This can again be solved for , which gives

√

√

,

(32)

where

.

√

(33)

Equation (32) shows an evanescent thermal wave, just like the evanescent viscous wave in
(27), this time with a thermal penetration depth,
The relative importance of

and

.

is given by the Prandtl number Pr:
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( )

.

(34)

The value of Pr for air at 20°C is approximately 0.8. This indicates that both boundary layers
are of similar size, so when one must be considered the other should be as well [36].

2.3 Generalized noise
The fluctuation-dissipation theorem [37] establishes a relationship between the real
part of the “impedance” of any linear dissipative system and a corresponding “force.” This
was originally observed by Johnson [38] and explained by Nyquist [39] for the case of
electrical resistor noise. It was found that there were voltage fluctuations across a resistor
at thermal equilibrium. This noise exists independent of any applied voltage. This has come
to be known as Johnson noise or Johnson-Nyquist noise, and its power spectral density is

〈
where

is the noise voltage,

〉

,

is the Boltzmann constant,

(35)
is the ambient temperature.

is the frequency band, and the brackets indicate a time average. Note that there is no
dependence on frequency (just the frequency band), so this noise may be considered
“white.” The noise is, however, dependent on the temperature and resistance of the
conductor. This is because the noise is caused by the scattering of free charge carriers
(electrons) by the thermal vibrations in the solid lattice of the conductive material [40].
Tarnow [6] used a liquid nitrogen tank to cool a microphone to demonstrate the
temperature dependence of the noise, as shown in Figure 2.11. The data point at absolute
zero was obtained by replacing the capsule with an equivalent capacitor.
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Figure 2.11 The dependence of noise power on absolute temperature [6].
The fluctuation-dissipation theorem extends this example to the general case,
stating that any dissipation caused by a generalized impedance will create a corresponding
fluctuating generalized force. These generalized forces and impedances come from the
“impedance analogy,” which is described further in the Modeling chapter. In essence, this
theorem means that in order to understand the noise of a system, one must first understand
its damping.
Another method for analyzing noise is the Equipartition theorem. This states that an
object in thermal equilibrium with its surroundings has its energy partitioned, with an
average value of

⁄ for each independent component [41]. A qualifying independent

component of energy will have an energy expression that is dependent on the square of
some variable, e.g.

for kinetic energy or

for a spring’s potential energy [4]. For

example, the simple harmonic oscillator in Figure 2.4 has one degree of freedom for its
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kinetic energy and one type of potential energy, stored in the spring. This makes two
components, so the total energy of the system in thermal equilibrium is

. Furthermore,

the mean-squared speed and displacement can be determined by setting

〈

〉

(36)

〈

〉

(37)

for the kinetic energy of the mass and

for the potential energy of the spring.
The Johnson-Nyquist relation (35) is more useful than the Equipartition Theorem in
analyzing the thermal noise in a microphone because the latter only provides a way of
determining a mean-squared representation of noise. From (35) it is possible to determine
the frequency spectrum of the noise from each source of resistance, which may be electrical,
mechanical, or acoustical. While the equation does not directly depend on frequency, the
resistances themselves may be frequency-dependent, or they may be passed through filters
that alter their spectra. The integral of the sum of these noise contributions over the entire
frequency range would give the same result as could be determined using the Equipartition
Theorem, but this process cannot be reversed to get the spectra.

2.4 Sources of noise
In the microphone system there are noise contributions to consider from the
environment, the microphone itself, and the preamplifier. In the majority of use cases the
ambient acoustic noise is the limiting factor in achieving a good signal-to-noise ratio.
However, it is important to know the limitations of the system components if one is
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interested in very small amplitude signals, or if one wishes to improve the noise
performance of one of the components. A plot of the noise spectra of a typical Brüel & Kjær
microphone system showing the relative contributions of microphone and preamplifier is

SPL re. 20 µPa

given in Figure 2.12.

Both

Preamp

Microphone
Frequency (Hz)

Figure 2.12 Typical 1/3-octave noise spectra of a Brüel & Kjær 50 mV/Pa sensitivity
condenser microphone with preamplifier. The bars show total linear (L) and Aweighted (A) noise levels for the microphone (M), preamplifier (P), and combination
(C) [1].

2.4.1 Preamplifier noise
The preamplifier noise depends on the electrical mechanism used. Today it is
usually a JFET, but historically vacuum tubes were used as well. In a JFET preamplifier the
noise is typically due to the shot effect, Johnson noise of the conductors, and other
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electronic effects. In a vacuum tube preamplifier, the Johnson noise is exchanged for flicker
noise [10]. The electrical Johnson noise in the preamplifier is as described in the previous
section.
Shot noise is a phenomenon associated with the discrete nature of charge, and it
appears in semiconductor p-n junctions, photodetectors, vacuum tubes, and electron
tunneling junctions [41]. When these independent particles move about randomly, they
create a noise current, which can be expressed as

〈
where

is the noise signal current,

〉

,

is the elementary charge (

(38)
C), and is the

average current. Unlike the Johnson noise, shot noise is not dependent on temperature,
which means it becomes more important to the overall noise level at lower temperatures.
Flicker noise is one type of “

” noise, which means it has a spectral density with a

dependence. It can arise from the variations in resistance of some circuit elements.
Using Ohm’s Law, this creates a noise voltage. In reality the frequency dependence may not
be exactly

, but rather

are other possible sources of

, with

ranging from 0.8-1.3 for most examples [12]. There

noise, none of which are well understood. These are

present in the JFET preamplifiers as well. It is not an equilibrium source of noise, so it
vanishes when there is no driving power, but a DC bias voltage is enough to sustain it [41].
At present it is most important to understand that this noise is ubiquitous in electrical (and
possibly other) systems, and that it has the biggest impact at low frequency because of its
spectral behavior.
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2.4.2 Microphone noise
The noise in the microphone itself may come from the mechanical-thermal noise of
the diaphragm, the acoustical-thermal noise in the air on either side of the diaphragm, and
the electrical Johnson noise of the electrical components in the microphone. The
mechanical-thermal noise is the noise from the random vibrations of the solid lattices in the
diaphragm material. The acoustical-thermal noise is from the fluctuations of Brownian
motion of gas molecules in an acoustical resistance. In the literature, the acoustical-thermal
and mechanical-thermal noise are usually grouped together and called the mechanicalthermal noise. Presumably this is because the acoustical noise is only relevant to the extent
that it affects the membrane motion, i.e. the air impinging upon the diaphragm. The
electrical Johnson noise depends on the polarization method. For an externally polarized
condenser the large bias resistor provides a large source of noise. In the electret
microphone the only electrical Johnson noise is from the small amount of resistance in the
conductive plates, which is negligible.
The mechanical/acoustical thermal noise is mostly due to the acoustical damping on
the diaphragm; the mechanical damping on the diaphragm in a vacuum is negligible. The
primary source of acoustical damping, and often the only one considered, is the viscous
dissipation in the air gap and holes in the backplate. If this is indeed the only important
source of damping in a microphone design, the microphone noise voltage spectrum will
have the same frequency response as the microphone sensitivity, since the Johnson noise is
white and it acts directly on the diaphragm with no filtering. This is often not the case. The
noise from the barometric leak must also be considered, as well the thermal noise from the
resistance in the back volume, as described in the next section.
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2.5 Derivation of a thermal correction impedance,
In standard lumped element models for the impedance of acoustical enclosures the
air behavior is usually approximated as adiabatic. As long as the thermal penetration depth,
, is much shorter than the dimensions of the enclosure, then the thermal boundary layer
is thin and makes up an insignificant portion of the volume, and this adiabatic assumption is
valid. This makes it simple to make useful calculations of the compliance of a cavity or the
inertance of a section of pipe. Models for the back volume of a microphone are usually
represented as only this adiabatic compliance.
However, at lower frequencies or small enclosure sizes, the boundary layer is larger
and may represent a significant portion of the total volume. The acoustical behavior can no
longer be treated as purely adiabatic, and the effects of heat transfer with the boundaries
must be considered. As this section shows, these effects manifest themselves as a correction
impedance that is added in parallel to the adiabatic impedance. In contrast to the adiabatic
approximation, the thermal correction impedance includes a resistive component. This adds
a source of damping and therefore noise to the microphone model.
To begin, an energy balance equation is needed to describe energy entering and
leaving a volume element of gas. Wente, the inventor of the condenser microphone,
provided this equation originally as a means of deriving a theoretical formula for the
efficiency of a device known as a thermophone [42]. This device consists of a metal foil or
wire that is heated by an alternating current. The temperature variation gives rise to a
periodic pressure. These thermophones are quite inefficient, but they are able to create a
very precisely controlled source of sound over a large frequency range. For this reason, they
were used as a means of calibrating microphones in the 1910s and 1920s [43, 44].
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Pistonphones are used in their place now. These devices similarly produce a precise
acoustic pressure in a small coupling volume, but they rely on a known volume
displacement rather than thermoacoustic principles. They only operate at a single
frequency, which is usually rather low for practical purposes, but they are more efficient
than thermophones. Interestingly, thermophones are showing up in research literature
again recently, using carbon nanotubes in a thin film in places of the metal foil [45]. These
thermoacoustic films could have future applications as “loudspeaker coatings” on surfaces.
Wente’s equation [42] is a balance of the rate of change of the heat content of a gas
volume element with the work done on it and heat transferred to it by conduction, which
can be expressed as

.
Here the volume

is given as a specific volume,

(39)

⁄ . In Wente’s statement of this

equation, the final term, which is the heat conduction term, is negative. This cannot be
correct. A positive heat transferred to the system should give a positive increase in heat
content, so the first and final terms in the equation must have the same sign. Conversely, the
middle term must have the opposite sign because it represents work done by the system,
while the heat content increases with work done on the system. As this derivation
continues, the equations will again match Wente’s exactly, which suggests that this initial
equation was a simple oversight.
Although Wente never explicitly explains the

term, it appears to be a conversion

factor to maintain dimensional consistency because this paper was published before the
standardization of SI units. If SI units are used for all variables,
Each term is then dimensionally consistent with units of [W⁄m3].

and can be omitted.
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In the case of a small enclosure like a microphone back volume, the fluid velocity is
quite small, and thus can be neglected, meaning that

⁄

may be replaced with

. By

use of the chain rule
,
⁄ , where

the last transformation using the ideal gas law,
constant. Using this and the fundamental relationship

(40)
is the specific gas

for an ideal gas, (39) can

be rewritten as

.

(41)

Each of the variables , , and can be assumed to be the sum of a static equilibrium
component and a harmonic component, where the harmonic component is much less than
the static component. This may be expressed as
,

(42)

,

(43)

,

(44)

and

which means (41) conveniently becomes

.

(45)

Henceforth for simplicity’s sake, the subscript will be omitted from variables like
and

will be understood to mean the oscillatory temperature, with

,

still designating the

static value. Equation (45) can be written compactly as [46]
,

(46)
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where
,

(47)

and
,
the last transformation using
capacity ratio,

(48)

, the ideal gas law, and the definition of the heat

⁄ . Equation (46) shows that the conductive term from (39) is related

to the difference between the oscillatory temperature

and

.

has physical significance

as the oscillatory temperature amplitude in the case of purely adiabatic gas compression. It
can be considered spatially constant, since it is a function only of pressure, and in a small
enclosure it is reasonable to assume that the pressure is the same everywhere.
A solution to (46) will give the spatial variation of the oscillatory temperature
amplitude. A simple example is in the case of a semi-infinite space bounded by an infinite,
rigid, isothermal plane positioned at

(

. Thompson [47] gives the solution as

)

(

⁄

).

(49)

The familiar thermal penetration depth as defined in (33) shows up here, suggesting a
spatially constant temperature amplitude except close to the boundary. Figure 2.13 shows
this to be true. Here the temperature has been normalized by

, and the distance from the

wall has been normalized by the thermal penetration depth. At the wall the magnitude
vanishes because the wall is isothermal, so there can be no temperature variation there. It
quickly rises in the first penetration depth, and after three it is very nearly unity. The phase
is zero at

, which means that the temperature is in phase with pressure, since

function of pressure. As we near the wall the phase difference approaches 45°.

is a
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Figure 2.13 Normalized temperature variation near an infinite, rigid, isothermal wall.
Solutions to (46) can be used to find the impedance of an enclosure. The definition
of acoustical impedance can be written as
,

where

is volume velocity, and

expression for

(50)

is an incremental volume displacement. To find an

we turn to Boyle’s law, which can be expressed in our notations as
̅

,

(51)

where ̅ is the spatially averaged oscillatory temperature amplitude. Combining (48) and
(51) gives

(
which makes [47]

̅

),

(52)
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[

̅

̅

]

,

(53)

where
.

(54)

and

⁄

.

(55)

The negative sign was removed because the expression of Boyle’s Law in (51) assumes a
decrease in pressure for an increase in volume, while in our case a positive volume velocity
is associated with positive pressure [46].
Equation (53) is now an expression for the total acoustical impedance of an
enclosure, including the thermal effects of heat exchange with the boundaries. The last part
of (53) shows that the total impedance can be expressed as a function of the purely
adiabatic impedance

and the relative temperature variation in the enclosure. Thompson

[47] shows that (53) can be conveniently expressed as
,

where

(56)

is the thermal correction impedance given as
,

(57)

where

̅⁄

.

(58)

This is an interesting result because it is equivalent to a parallel combination of two
impedances: the impedance of the pure compliance of an adiabatic volume and a thermal
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correction impedance. At high frequencies and large enclosure sizes, ̅
reduced to

. It is also important to note that while

is purely imaginary,

, and

is

has both an

imaginary and a real component because ̅ is complex. This introduces a resistive term that
is not present with the adiabatic assumption, and it is this resistance that adds an additional
source of noise to the complete microphone model.

Chapter 3
Finite Element Modeling
The analytical method described in the previous section can be used to calculate the
noise performance of a microphone. The equations have been solved for simple shapes, but
they are difficult or impossible to apply to more complicated shapes, such as those found in
a real microphone. Simplifications must be made to the problem in such a way that it can be
solved but is not made less accurate. Further simplifications are needed to relate the back
volume thermal noise to the other sources of noise in the signal chain. Modeling is this
practice of reducing the complexity of problems for ease of calculation. There are two main
modeling processes used in this project and described in this chapter: finite element
modeling of the thermal noise in the microphone back volume and lumped element
modeling of the microphone with connected preamplifier. The results of the former are
used in the latter, allowing the thermal noise in the back volume to be compared to the
other sources of acoustical and electrical thermal noise in the microphone and preamplifier.

3.1 Brüel & Kjær Types 4134 and 4144
The microphones examined in this study are both manufactured by Brüel & Kjær, a
Denmark-based company specializing in sound and vibration measurement equipment.
They began manufacturing microphones in 1945, and five years later they were a leading
supplier of measurement microphones [1]. In 1973 they solidified their importance by
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introducing Types 4160 and 4180, which are laboratory reference condenser microphones
of 1” and ½” nominal diameters, respectively. These models are still manufactured and used
today due to their stability and familiarity as references. Now Brüel & Kjær produces a wide
range of microphones for various purposes, including a measurement condenser
microphone line with sizes ranging from 1/8” to 1”, as shown in Figure 3.1.

Figure 3.1 The Brüel & Kjær family of measurement condensers, from 1/8” to 1” [1]
The models studied in this thesis, Types 4144 and 4134, are also a pair of 1” and ½”
measurement condensers. These microphones are chosen because they are widely used,
they have been previously studied [21, 8, 24, 26, 5], and some geometrical data were made
available. According to the manufacturer’s guide [2], these microphones are designed for
use with acoustical couplers, such as an artificial ear. However, the low self-noise and high
sensitivity make them appropriate microphones to use in other sorts of laboratory
measurements as well [48]. Both of these microphones are also externally polarized, so an
external voltage source must supply the bias of 200 V. This comes from a power supply,
which is typically integrated into the measurement amplifier.
These microphones are of the “pressure response” type. This refers to the type of
signal they are designed to accurately capture, a distinction necessary as a consequence of
increased diffraction at high frequencies, when the dimensions of the microphone are of the
same order of magnitude as the wavelength of sound [1]. A pressure response measures a
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local scalar pressure that is independent of the orientation of the microphone with respect
to the incident signal. This is what makes these microphones appropriate for use with
couplers, where the source of sound may not be facing the microphone, but they are both
confined within a small volume. A “free-field response” microphone measures a signal
coming from some known direction, and the microphone diaphragm must be oriented
normal to the source signal. A pressure response microphone can also measure a free-field
response as long as the microphone diaphragm is oriented parallel to the direction of
incident sound, which may seem unintuitive. Free-field corrections can also be applied to
pressure response microphones if other angles of incidence are to be used. An example is
shown in Figure 3.2. A third type of signal is “random-incidence” or “diffuse-field,” where
the signal is equally likely to come from all directions. A special diffuse-field microphone
can be used for this, or there is another correction curve, an example of which is also shown
on Figure 3.2, labeled as “Random.” Since pressure response microphones can be used for
all these signal types under certain conditions, they are good candidates for general
purpose measurement microphones and are in wide use.
The designs for the two microphones are similar, both looking approximately like
the diagram in Figure 3.3. The various physical features generally scale appropriately from
Type 4134 to Type 4144 with the important exception of the holes in the back plate as
shown in Figure 3.4; more holes are used in the larger Type 4144, rather than simply
scaling the holes up. This creates both a more uniform electrical field and a more uniform
air resistance against the diaphragm.
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Figure 3.2 An example of free-field correction curves for Type 4144 [48]

Figure 3.3 Sectional view of a typical Brüel & Kjær condenser microphone including
the protective grid [2]
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b)

a)

Figure 3.4 Hole distributions in the backplates of a) Type 4134 and b) Type 4144.
Approximately to scale. [49, 50]

3.2 The finite element method
The finite element method (FEM) is a numerical approach for approximating the
solutions to differential equations in arbitrary geometries [51]. The geometry is divided into
a number of partitions called elements, which are connected by nodes to form a mesh. These
elements are simple shapes, typically three- or four-sided polygons for two-dimensional
meshes and four- or six-sided polyhedrons for three-dimensional meshes. Boundary
conditions are set on the outer boundaries of the mesh, and a number of equations equal to
the number of nodes are solved for the dependent variable or variables. This systematic
approach allows for computer calculation using matrix operations. There are many
commercial software packages available that employ the finite element method, with some
of the most popular being ANSYS, Abaqus, NASTRAN, and COMSOL. These packages are
widely used in many engineering fields, including acoustics, mechanics, heat transfer,
electromagnetics, and practically any field where differential equations are applied to a
geometry.
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3.3 COMSOL Multiphysics
COMSOL Multiphysics is a commercial FEM software package with a special
emphasis on “multiphysics” couplings, scenarios in which there is more than one physical
phenomenon at work. In COMSOL the set of differential equations to be solved, along with a
set of built-in variables and settings, are called a “physics” type. Physics types are grouped
together by discipline and sold together in modules. Any physics type can be used in
conjunction with any other with the proper couplings established. Additionally, userdefined differential equations may be solved, allowing virtually any physical phenomenon
to be modeled. COMSOL is widely used and supported, and as such there is a large library of
example models supplied in COMSOL’s Model Library and in the user community. Updates
to the software usually come several times per year. All of the data presented in this thesis
come from Version 4.3a, the most recent version as of April 2013, although earlier versions
were used for preliminary work.
The normal mode of operation is with a user-friendly, interactive graphical user
interface, although there are also options for batch operations. In versions after 4.0 the
commands and parameters defining the model are organized in a tree structure called the
Model Builder. The primary tree nodes are the Global Definitions, Models, the Studies, and
the Results. Global Definitions are parameters, variables, and functions that apply to all
current models. The parameters are especially useful to define; geometrical and physical
values can be parameterized in the model, allowing their values to be altered later in Global
Definitions. The Model nodes contain all the definitions and settings to create the model,
The Study nodes contain the solving parameters, and the Results node contains the plots
and data created by the solver. The Model node is divided into Definitions, Geometry,

67
Materials, physics, and Mesh nodes. There may be one or multiples physics nodes,
depending on the problem. Each of these nodes contains multiple subnodes that are edited
to define the model properties. By default much of the mathematics is hidden from the user
but can always be viewed and modified when desired.

3.4 COMSOL implementation of acoustic heat transfer
In order to calculate the thermal noise in the microphone back volume, Equation
(46) needs to be solved for in the back volume geometry. COMSOL has the ability to solve
user-defined differential equations, but this method can be a bit obtuse, and it does not take
advantage of the numerical optimizations and predefined variables contained in COMSOL’s
supplied physics types. There are a few options that may seem viable. The first is the
Pressure Acoustics physics, which is intended for general acoustics in fluid media. In the
present case of non-negligible heat conduction, this physics is inappropriate because its
model assumes a linear elastic fluid. Recently COMSOL has introduced other fluid model
options in Pressure Acoustics, including models purporting to approximate viscous and/or
thermal losses, but these have not been explored. Another option is COMSOL’s new
Thermoacoustics physics, which is left for future work (see Section 5.3.2).
The final option, and the one used for simulations in this project, is Heat Transfer
physics. Heat Transfer is not normally intended for acoustics applications, so pressure is not
a dependent variable; rather, the dependent variables are temperature and surface
radiosity. This is not a problem as long as the temperature is normalized to ̃

,

eliminating the pressure from (46). The COMSOL model temperature variable will be called
̃ , and (46) becomes
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̃

(̃

).

(59)

The equation solved in the Heat Transfer physics is

̃
where

̃)

(

is the fluid velocity vector and

,

(60)

is a volumetric heat source. In the microphone

back volume, there is no net air flow, so this needs to be set to zero. This can be done in
COMSOL by choosing Heat Transfer in Solids rather than the expected Heat Transfer in
Fluids physics. This reduces (60) to

̃
which can be set equal to (59) and solved for

,

(61)

to get

̃

(̃

).

(62)

A user-defined volumetric heat source with this value can be added to the Heat Transfer
model. Frequency is recognized in all COMSOL models, and the thermodynamic constants
can be referred to the information in the Materials subnode. With these physics settings and
the appropriate boundary conditions it is possible to apply the method of Section 2.5 to
enclosures of complicated shapes, including microphone back volumes.

3.5 Thermal noise in a spherical enclosure
A preliminary model of a spherical enclosure was created as a means of verifying
the validity of this method. The analytical solution for this shape has been given by
Thompson [47], so a direct comparison is possible. The model is a hemispherical air domain
with a 2 mm radius, as shown in Figure 3.5. Using a hemisphere takes advantage of
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symmetry to reduce the mesh size and consequently, the computing requirements. Further
symmetries could have been used but were unnecessary in this simple model. Also included
is a line through the axis, which is used as a reference to calculate the radial temperature
distribution. The material selected for the air domain is COMSOL’s included Air material,
which includes built-in functions for properties including density, heat capacity at constant
pressure, and thermal conductivity.

Figure 3.5 Geometry of the spherical enclosure model
The parameters used as Global Definitions are given in Table 3.1. The inclusion of a
“test frequency” is to prevent warnings of an unknown variable in later expressions in
COMSOL; it is not strictly necessary and will be replaced by a parametric sweep of
frequencies later by the solver. Table 3.2 displays the variables used in this model. The
expressions for Z_t, Z_a, and Z_tot correspond to equations (54), (56), and (57). The aveop1
function in the expression for T_a refers to an averaging “model coupling” over the volume,
which is defined in the Definitions subnode.
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Name

Expression

Description

rad

2[mm]

radius

T_0

293.15[K]

atmospheric temperature

p_0

1[atm]

atmospheric pressure

gamma

1.4

ratio of specific heats

freq

1000[Hz]

test frequency

Vol

(4/3)*pi*rad^3

volume

Table 3.1 Model parameters for the spherical enclosure
Name

Expression

Description

C_0

Vol/(gamma*1[atm])

adiabatic compliance

T_bar

aveop1(T)[1/K]

spatially averaged temperature
amplitude

Y

1-T_bar

--

Z_t

1/(i*2*pi*freq*C_0*(gamma-1)*Y)

thermal correction impedance

Z_a

1/(i*2*pi*freq*C_0)

adiabatic impedance

Z_tot

1/(1/Z_a+1/Z_t)

total impedance

Table 3.2 Variables for the spherical enclosure
The boundary conditions on the outer curved surfaces are ̃

, which means the

walls of the sphere are isothermal. It should be noted that the walls of this enclosure are
simply modeled as this boundary condition, not as a solid material. As such, they are
perfectly rigid. The flat cut surface has a symmetry boundary condition, which is specified
as
,
where

(63)

is the unit normal vector. Note that the inclusion of this boundary condition means

that odd symmetry modes of the temperature distribution are not included. The initial
condition is ̃

everywhere. The heat source in (62) is included, expressed in COMSOL as
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-i*2*pi*freq*mod1.mat1.def.rho(p_0,T_0)*mod1.mat1.def.Cp(T_0)*(T-1),

(64)

where the two terms beginning with “mod1” are references to the material properties of
density and specific heat at constant pressure, evaluated at atmospheric conditions.
The mesh must be fine enough that the temperature oscillations in the solution can
be resolved to an accuracy sufficient for use in the impedance formulae. When applying the
finite element method to a wave problem, it is useful to consider the element size relative to
a wavelength. In the present case this is not the acoustic wavelength but rather the thermal
wavelength, corresponding to the thermal wavenumber in (32). For a chosen minimum
number of elements per wavelength,

, the maximum element size is
√

where

is the element size, and

tetrahedral elements are used, so

√

,

(65)

is the thermal wavelength. In the sphere mesh
corresponds to the maximum length of a side of a

tetrahedron. A general rule of thumb is to use at least five quadratic elements per
wavelength in order to fully resolve a wave solution [52]. However, it is the averaged
temperature amplitude that contributes to the thermal correction impedance, so it is not
necessary for the thermal waves to be perfectly resolved; numerical inaccuracies will cancel
out to some degree. It is supposed that two quadratic elements per thermal wavelength may
be sufficient in this case. Setting

µm generates a mesh in the hemisphere of

564,810 elements, which is shown in Figure 3.6.
The upper frequency limit for the validity of solutions using this mesh can be found
by rearranging (65) to solve for frequency:
.

(66)
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Using

, the mesh should yield valid impedance results below 5.2 kHz. Using the rule

of thumb

, the temperature solution is only expected to be accurate to 834 Hz.

Figure 3.6 Mesh of the spherical enclosure model.
The frequency is varied as a parametric sweep with a logarithmically spaced range
of 1 Hz – 10 kHz with 10 frequencies per decade. A stationary solver then evaluates the
temperature distribution at each frequency, and this distribution can be displayed with a
color map on the cut plane of the sphere. Selected frequencies are shown in Figure 3.7, with
the same color scale used for each. At low frequency the air in the sphere is essentially
isothermal; there is still some small temperature change, but it is all below the visible
threshold with this color scale. At high frequency ̃
boundary layer. This means

everywhere except for a small

, so the air behaves adiabatically. In between is a

transition region visible in the 10 Hz and 100 Hz plots, where a significant portion of the
volume has a temperature gradient.
The temperature can also be plotted as a one-dimensional function of the radial
coordinate of the sphere. This can be directly compared to the analytical solution provided
by Thompson [47] as
,

(67)
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where

is the radius of the sphere, and is the radial coordinate. The magnitude and phase

of this distribution is shown in Figure 3.8, along with the COMSOL simulation results. The
agreement is excellent except very close to the wall at high frequencies, where the mesh is
unable to properly resolve the temperature oscillation. An expression for the thermal
correction impedance in the sphere is [47]
,
and

and

(68)

can be calculated from (54) and (56). These can be compared to the COMSOL

output for the variables Zt, Za, and Ztot, respectively. The real and imaginary parts of these
give the acoustical resistance and reactance of the enclosure and are displayed in Figure 3.9.
There is no adiabatic curve in the resistance plot because the adiabatic impedance is purely
reactive. The agreement is excellent at all frequencies.
The total resistance has flat frequency dependence in the low-frequency limit but
transitions to a slope of

at higher frequencies, corresponding to the changes from

isothermal to adiabatic behavior seen in Figure 3.7. It is convenient to define a “transition
frequency” that is characteristic of this change. The selection is somewhat arbitrary because
the transition is a gradual process, but a good definition is when the total resistance has
decreased from its low-frequency limit by half. For the 2 mm spherical enclosure, this
transition frequency is approximately 11.5 Hz, well below the limit of human hearing.
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1 Hz

100 Hz

10 Hz

1 kHz

10 kHz

Figure 3.7 Temperature distribution in the spherical enclosure model at select
frequencies.
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Figure 3.8 Analytical solution (lines) and COMSOL simulation results (points) of a)
magnitude and b) phase of temperature distribution in a spherical enclosure at select
frequencies.
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Figure 3.9 Analytical solution (lines) and COMSOL simulation results (points) of a)
real and b) imaginary parts of the acoustical impedance of a spherical enclosure.
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3.6 Preliminary studies
Before geometrical data for Type 4134 and Type 4144 were made available, the
COMSOL Heat Transfer method verified in the previous section was applied to several
shapes approximating a microphone back volume, including several annular cylinders and
the generic 1" microphone back volume geometry shown in Figure 3.10. These generally
had resistances of the same shape as Figure 3.9a, with the level or transition frequency
shifted depending on the geometry. Several attempts were made to make systematic
parametric changes to the geometries in an effort to change the shape of the frequency
dependence of the resistance. It was hypothesized that with certain geometrical
configurations, different portions of the air volume would transition from isothermal to
adiabatic behavior at different frequencies, leading to an overall widening of the transition
region. Perhaps also there is a dependence on the volume-to-surface-area ratio because the
thermal effects are confined to the boundaries. However, none of these attempts revealed
particularly interesting results; they all had similar shapes, and none had a significantly
increased transition region.
Thompson [47] tried a similar method of applying his analytical solution to a family
of rectangular prisms having equal surface area but different volume. One dimension (the
thickness) of the enclosure is varied, and the square sides at opposite ends are adjusted
accordingly to keep the total surface area at 96 mm2. Thompson’s numerical solutions for
these enclosures are given in Figure 3.11. The overall shape of the resistances does not
change with the variation of volume relative to surface area. The only changes are in
starting level and transition frequency. The enclosure with the highest volume (4 mm cube)
starts at a higher resistance at low frequencies but also has the lowest transition frequency.
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These results match the COMSOL simulation results, that there is not a simple relationship
between transition region width and the relative surface area.

Figure 3.10 COMSOL model of a generic condenser microphone geometry.
.

Acoustical Resistance (kg/m4s)

Coordinates are in m

Frequency (Hz)
Figure 3.11 Acoustical resistance of a family of rectangular prisms having a surface
area of 96 mm2 with thicknesses indicated in the legend [47].
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3.7 COMSOL models of Types 4134 and 4144

3.7.1 Geometry
Geometric information for the microphone models was provided by Brüel & Kjær
for Type 4144 [50] and by COMSOL with the cooperation of Brüel & Kjær for Type 4134
[49]. When using computational methods it is advantageous to reduce the mesh size by
making use of symmetries in the geometry. These microphones are nearly axisymmetric,
but the presence of the holes in the backplate breaks this symmetry. Instead, other lines of
symmetry must be found. In Type 4134, there are six holes, so the geometry can be divided
into 12 segments, each containing half of a hole. Figure 3.12 shows is a diagram of
COMSOL’s provided geometry, showing the symmetry planes. Also included in this model
are six long, thin domains protruding from the outer bottom edge of the back volume. These
are representative of the barometric leak. In this project the resistance of the leak is not
modeled in COMCOL, but rather as a simple lumped element. It is retained in this model
only for its possible effects on the temperature distribution in the back volume. The 1/12
segment of the microphone that will be used for the finite element geometry is shown in
Figure 3.13. There are five air domains in this model. Three of them are portions of the air
gap: above the hole, above the backplate, and above the slot between the backplate and
housing. The other two domains are the back volume, including the hole, and the leak
resistance.
The order of symmetry in Type 4144 is lower because the center hole in the
backplate is ported to the back volume with a 90° bend. As such, the Type 4144 geometry
can only be reduced by half, as shown in Figure 3.14. In this model there are separate
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domains defined for each of the holes, the back volume, the portion of the air gap above the
backplate, and the portion of the air gap above the slot. In both microphone models, all of
the domains will have the same material properties and physics; their purpose is for ease of
meshing and for allowing calculations on isolated sections of the geometry. As a means of
comparison between the two microphones, Table 3.3 shows the most critical geometrical
parameters of each.

Figure 3.12 Diagram of Type 4134 geometry showing symmetry planes [49].
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Figure 3.13 Geometry of the section of the Type 4134 geometry used in the COMSOL
model.

Figure 3.14 Geometry of the section of the Type 4144 geometry used in the COMSOL
model.
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Parameter
Diaphragm radius
Backplate radius
Equilibrium gap height
Number of holes in backplate

Symbol

Units
mm
mm
µm
--

Type 4134
4.445
3.6
18.6
6

Type 4144
9.0
6.6
23.5
19
center & outer: 1
Hole diameters
-mm
1
inner ring: 1.4
outer ring: 4.6
Radial coordinates of holes
-mm
1.7
inner ring: 2.3
Table 3.3 Important geometrical parameters for Type 4134 [49] and Type 4144 [50].

3.7.2 Parameters and variables
The parameters used in these two models are given in Table 3.4. In these
complicated geometries, the volume cannot be expressed as a simple analytical function, so
it will be a variable to be solved for, rather than a parameter. The variables are thus the
same as in Table 3.2 with the addition of a “Vol” variable equal to 2*intop1(1) for Type 4144
or 12*intop1(1) for Type 4134. The intop1 functions are model couplings similar to the
aveop1 function, but these represent integrations over the volume of the entire geometry.
The argument is the integrand, which is 1 to calculate volume.

Name

Expression

Description

gamma

1.4

ratio of specific heats

T_0

293.15[K]

atmospheric temperature

p_0

1[atm]

atmospheric pressure

freq

1000[Hz]

test frequency

Table 3.4 Model parameters for Types 4134 and 4144
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3.7.3 Physics settings
Boundary conditions are no more complicated for the microphone models than for
the sphere. All boundaries that represent physical surfaces are set to be isothermal. This
includes the diaphragm surface, which in reality has a rather different boundary condition,
as it is a flexible membrane. The impact that this inaccuracy has on the temperature
distribution in the back volume, however, is minimal. Symmetry conditions are set for the
other boundaries. All other physics settings are the same as for the sphere.

3.7.4 Meshing
Meshing for the microphone models is significantly more challenging than for the
sphere. There are narrow spaces like the air gap, curved surfaces, couplings between large
and small geometries, and in the case of Type 4144, many geometrical features. All of these
present challenges. Fortunately the general behavior of the solution is already known; that
is, the high wavenumber temperature changes occur close to the walls. The mesh can be
tailored accordingly, with more elements near the walls, gradually decreasing to a coarser
mesh in the center of the back volume. Also because the gap is such a narrow region, it is
essentially isothermal throughout the frequency range of interest. This means fewer
elements can be used than would otherwise be necessary, since a constant temperature is
easy to resolve.
A first pass at mesh generation for Type 4134 is to use the default mesh that
COMSOL has provided, which is shown in Figure 3.15a. This mesh emphasizes the areas
near the edge of the backplate, the top edge of the hole, and the entrance of the barometric
leak. A swept mesh is used in the air gap domains, which uses the triangular mesh visible on
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the diaphragm surface, and sweeps it through the gap 3 elements thick. The thin leak
resistance is meshed with 75 regular rectangular prisms. The back volume is meshed too
coarsely, however, especially near the boundaries. Elements are allowed to be as large as
500 µm, which means impedance results would only be valid up to 130 Hz according to (66)
with

. Attempts to improve the mesh are shown in Figure 3.15b&c. These were

generated with the condition that the maximum element size along the boundaries is 100
µm for Figure 3.15b or 50 µm for Figure 3.15c. The maximum element size in the rest of the
back volume is 500 µm. The elements grow as they leave the walls at a maximum rate of
20%, so that elements are not wasted in the center of the back volume. The impedance
results should be valid up to for 3.3 kHz mesh b and 13 kHz for mesh c. The number of
elements in meshes a, b, and c are 7,876; 32,554; and 119,833. Attempts to solve this model
with a finer mesh than in Figure 3.15c were unsuccessful on a computer with 32 GB
memory.

a)

b)

c)

Figure 3.15 Three meshes for Type 4134.
The mesh for Type 4144 was generated with a similar strategy. First a triangular
mesh is created on the diaphragm surface, emphasizing the areas near the hole and
backplate edges. The mesh has a maximum element size of 100 µm along the portion of the
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diaphragm surface that is not over the backplate. This mesh is swept through the air gap
domain 3 elements thick. The back volume and holes are meshed with a tetrahedral mesh
that has a maximum size of 100 µm along the boundaries and 500 µm in the center, which
corresponds to a cut-off frequency of 3.3 kHz. This mesh is not as fine as the best mesh for
Type 4134, but attempts to solve the Type 4144 with those mesh settings were unsuccessful
with 32 GB memory because the model is much bigger. The completed mesh is shown in
Figure 3.16, and it consists of 564810 elements.
Front
Top

Back

Isometric

Figure 3.16 Several views of the Type 4144 mesh.
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3.7.5 Results
The models were solved with a stationary solver and a parametric sweep of 107
logarithmically spaced frequencies from 0.1 Hz -19953 Hz. Degrees of freedom and solve
times are given in Table 3.5. The resulting temperature distributions at selected frequencies
using the best meshes are shown in Figure 3.17 for Type 4134 and Figure 3.18 for Type
4144. Note that in both figures the plots at 0.1 Hz and 1 Hz have different color scales
because the small temperature variations would be invisible at the higher frequencies’
scales. At these frequencies the air behavior may be considered isothermal. The air gap
remains isothermal at all simulated frequencies. By 100 Hz, the temperature variations have
shrunk to a small thermal boundary layer. At higher frequencies there is numerical noise
visible in the plots, especially in the Type 4134 model. This is a combination of poor mesh
resolution and numerical noise from the software, exacerbated by the use of symmetries. In
both models the transition from isothermal to adiabatic conditions is between 1 Hz and 100
Hz.
Model
Type 4134
Type 4144

Mesh
Degrees of freedom
Solve time (hours:minutes:seconds)
a
19,279
00:01:24
b
61,444
00:05:08
c
198,667
00:21:02
-1,346,211
04:33:08
Table 3.5 Solve times for microphone COMSOL models.

Plots of the calculated impedance variables are given in Figure 3.19 and Figure 3.21.
The general shapes are the same as for the spherical enclosure. The transition frequencies
are 9 Hz for Type 4134 and 3.5 Hz for Type 4144, both still more than an octave below the
range of human hearing. The transition regions do not appear to be significantly widened in
either model. Above the transition frequency the slope is approximately

. A
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comparison of resistance plots calculated from solutions of the three different Type 4134
meshes is given in Figure 3.20. The resistance values for the three meshes agree until about
the respective cut-off frequencies of the two coarser meshes, which are 133 Hz and 3.3 kHz.
This corroborates the assumption that only two quadratic elements per wavelength are
necessary to obtain accurate impedance curves. After the respective cut-off frequencies, the
solutions for mesh a and b fall off at a steeper slope, while the finer meshes continue at
. It is therefore reasonable to assume that that this slope continues above the cut-off
frequency of the finest mesh, which is 13 kHz for Type 4134 and 3.3 kHz for Type 4144. For
no significant period does the resistance have a slope of
resistance on its own does not account for the

. It is clear that the back volume

noise measured by Zuckerwar.

88
0.1 Hz

1 Hz

10 Hz

100 Hz

1 kHz

10 kHz

Figure 3.17 Temperature distributions in Type 4134 at select frequencies.
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0.1 Hz

1 Hz

10 Hz

100 Hz

1 kHz

10 kHz

Figure 3.18 Temperature distributions in Type 4144 at select frequencies.
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Figure 3.19 Simulated microphone resistances

Figure 3.20 Mesh comparison of resistances in Type 4134.
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Chapter 4
Equivalent circuit models
The noise contributions from each dissipative element of the microphone are
filtered by the successive acoustical, mechanical, and electrical elements. It is important for
this reason to have a means of comparing the filtered noise components, referenced either
to the input or the output. A simple and convenient method is to use lumped element
approximations to create an equivalent circuit for the microphone and preamplifier.

4.1 The impedance analogy
In order to use a circuit to relate elements of the microphone and preamplifier, an
analogy must be made for the acoustical and mechanical components to relate them to the
electrical circuit elements. This is known as the impedance analogy. This analogy comes
from the observation of similarities in the forms of the differential equations governing the
behavior of several types of dynamical systems [53]. In the electrical domain, a voltage
potential across an impedance causes a current flow. Ohm’s law states that the current flow
through an impedance is
,
where

is the current,

is the voltage, and

(69)

is the complex impedance. This makes the

impedance equal to the voltage potential divided by the current flow. In other physical
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domains, there are similar potentials and flows, so similar impedances can be defined. Table
4.1 shows the flow and potential variables for the three domains of interest, along with
expressions for their respective impedances.
Domain
Potential
Flow
Impedance
Electrical
voltage,
current,
Linear mechanical
force,
velocity,
Acoustical
pressure,
volume velocity,
Table 4.1 The impedance analogy in three physical domains. Adapted from [30].
In each of these domains, lumped elements can be defined with impedances
dependent on either the flow variable, its derivative, or its integral. In an electrical circuit
there are familiar circuit physical components with these impedances, which are resistors,
inductors, and capacitors, respectively. These components and their analogous lumped
elements in the linear mechanical and acoustical domains are listed in Table 4.2. In each
domain these components may be arranged in a circuit diagram, connected by their
respective flows.
Domain
Electrical
Linear mechanical
Acoustical

Analogous capacitor
Analogous inductor
name
units
name
units
capacitor
F
inductor
H
mechanical 2
s /kg
mass
kg
compliance
acoustical
m4s2/kg inertance
kg/m4
compliance
Table 4.2 Analogous lumped elements.

Analogous resistor
name
units
resistor
Ω
mechanical
kg/s
resistance
acoustical
kg/m4s
resistance

One domain may be coupled to another using an analogous transformer. The “turns
ratio” of the transformer provides the coupling factor between the domains and contains
the necessary unit conversion. To connect the acoustical domain to the mechanical domain
the turns ratio is the diaphragm area. To connect the electrical domain to the mechanical
domain the turns ratio is
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.

(70)

With the use of transformers, the elements in each domain retain their respective physical
dimensions. It is also possible to transform elements across domains by multiplying by the
correct power of the turns ratio, which is shown in Figure 4.1. After the transformation, the
elements will all have the same units, which may make comparison easier. This latter
approach was used for validation of the circuit models, but the circuits presented in this
thesis all make use of transformers because this gives a more intuitive representation of the
microphone behavior.
:𝜙
R

𝜙 R

m

𝜙 m

C

C/𝜙

F

𝜙F

Figure 4.1 Transformations across a domain-coupling transformer
The lumped element approximations are generally only valid for low frequencies,
where the wavelength is much larger than the physical dimensions of the transducer
components. This can be expressed by saying that

, the product of the wavenumber

and

a characteristic length , must be much less than unity. For the Types 4134 and 4144 this
condition is satisfied for most of the audio band. Using the diaphragm radius for , the
upper frequency limit when

is 12.3 kHz and 6.07 kHz, respectively. The present

study is most concerned with the low frequency behavior, so this approximation will suffice.
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4.2 SPICE
SPICE (Simulation Program with Integrated Circuit Emphasis) is an open source
circuit simulator. It interprets an input code structure called a netlist, which contains the
names of the circuit components, their values, and their connections. SPICE translates the
meshes described in the netlist into differential equations that it solves using numerical
techniques. There are several analysis processes that SPICE is capable of performing,
including AC analysis and noise analysis. The former assumes linear small signals and
produces frequency domain plots of the voltages at circuit nodes and the currents flowing
through components. The noise analysis calculates the noise in the system by inserting an
equivalent voltage source in series with each noisy component. SPICE is very widely used,
and a number of commercial versions are available for more specific applications.
The version of SPICE used in this project is LTspice, which is supplied free of charge
by Linear Technology. LTspice contains expanded capabilities tailored for power electronics
and digital electronics, but it can still be used for analog simulations. A more user-friendly
graphical user interface is provided, so the circuit components can be laid out in a diagram,
rather than inputted via a text netlist. There are a number of other added capabilities, many
of which are not officially documented. Several of these undocumented features were
exploited in this project. There is also an active user group of LTspice, so there are many
example files and other useful resources available.
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4.3 Equivalent circuits for the externally polarized Brüel & Kjær
microphones
The circuit diagram shown in Figure 4.2 applies to both Type 4134 and Type 4144.
The model consists of two acoustical domains, one mechanical domain, and one electrical
domain. On the left side is the input pressure, V_P_in. For certain function LTspice requires
that names of voltage sources start with ‘V’, but this represents an acoustical source with an
amplitude of 1 Pa. The volume velocity flows through a parallel combination of elements,
m_r and R_r, representing the radiation impedance. There is a transformation to the
mechanical domain via a transformer with a turns ratio equal to the diaphragm area. In the
mechanical domain there is the mass, m_d, and compliance, C_d, of the diaphragm.
Next there is a coupling to the electrical domain, which contains the electrical
capacitance of the microphone, C_e0. There is also a negative capacitor, C_e0-, which is not a
physical component but rather an artifact of the change in the physical compliance of the
diaphragm due to the presence of electrostatic forces [30]. The DC bias voltage, V_DC, is
connected to the circuit via a bias resistor, R_b. Right before the electrical output, Vout, a
DC-blocking electrical capacitor, C_DC, is included in series with the signal path to eliminate
the DC bias from the output signal. This is not strictly necessary in the present model since
only AC analysis (i.e. frequency-domain analysis) is considered, but it is included as a
reminder that it will exist in real microphone systems. In Brüel & Kjær’s microphones this
capacitor is contained inside the preamplifier [1].
On the right side of the circuit is another acoustical domain with another pressure
source, V_P_leak. This represents the pressure entering the microphone back volume via the
barometric leak, and its flow must first pass through the leak resistance R_l. The box
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represents the back volume impedance, which comes from the COMSOL simulation. A series
resistance, R_s, represents the damping found in the air gap and backplate holes.

4.4 Preamplifier circuit model
The microphone electrical output can be connected to a simplified circuit model of
the preamplifier, shown in Figure 4.3. The preamplifier gain is essentially unity, but the
impedance loading conditions are important to consider, as they may cause additional low
frequency roll-off. Preamplifier noise sources could also be modeled here, but these are
beyond the scope of the current project. The signal from the microphone first flows past a
parallel set of elements to ground that represent the preamplifier’s input capacitance, C_i,
and input resistance, R_i. A voltage-controlled voltage source acts as an ideal amplifier with
gain g. R_o represents the preamplifier output impedance, and C_c represents the
subsequent cable capacitance.
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Acoustical
Electrical

Mechanical
Acoustical

Figure 4.2 Circuit diagram of an externally polarized condenser microphone.

99

g

Figure 4.3 Preamplifier schematic. Adapted from [1].

4.5 Estimation of lumped element values
Values for the lumped elements of Types 4134 and 4144 are needed to use the
above equivalent circuits to estimate the relative contributions from the various Johnson
noise sources. Fortunately, Brüel & Kjær provides extensive data for their microphones [2],
which can be used as a starting point. They also provide individual calibration reports with
each unit they sell, which include the open circuit sensitivity, the polarized cartridge
capacitance, and a frequency response plot. If evaluating a particular unit it is preferable to
use the calibration values for these parameters, as the variation from unit to unit is small
but not insignificant. However in the present case a more general approach is appropriate,
so the typical values for these parameters will be used. The values used are listed in Table
4.3.
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Parameter
Nominal diameter
Open circuit
sensitivity

Symbol
--

Units
in

4134
1/2

4144
1

dB re 1 V/Pa

-38

-26

mV/Pa

12.5

50

Source
[2]
[2]

Resonance frequency
Hz
23000
8000
Quality factor
-~1
~1
Polarization voltage
V
200
200
Polarized capacitance
pF
18.5
55
@ 250 Hz
Equivalent air
m3
10 × 10-9
1.48 × 10-7
volume @ 250 Hz
Table 4.3 Selected specifications of Type 4134 and Type 4144.

[2]
[1]
[2]
[2]
[2]

4.5.1 Compliance
The compliance of the total diaphragm system is made up of a series combination of
three compliances, which can be expressed as
,
where

is the diaphragm system compliance,

volume,

(71)

is the acoustical compliance of the back

is the mechanical compliance of the diaphragm, and

is the acoustical

compliance of the air gap. All of these must be in equivalent acoustical units. The
compliance of the back volume is determined from the output of the COMSOL model. It is
not necessary to distinguish between the other two components in the present study, so
only

is included in the equivalent circuit model, but it should be noted that its value

really represents the series combination of

and

, and it is in mechanical units.

The COMSOL model gives the complex, frequency-dependent impedance of the back
volume, and it is implemented in the LTspice circuit via a look-up table. The implementation
makes use of undocumented features for ‘B’ current sources [54], and the netlists used are
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found in the appendix. The real part of the impedance is the frequency-dependent
resistance shown in the total curves of Figure 3.19, and its imaginary part shown in the total
curves of Figure 3.21 closely approximates a compliance. The value of the compliance can
be calculated with a curve fit to (54). A value for

can be calculated using the equivalent

air volume provided in the manufacturer’s specifications. The relationship is
.
Then, to find a value for

(72)

insert this value into (71).

4.5.2 Series resistance
The series resistance, R_s, is the main source of damping on the diaphragm. Its value
controls the quality factor of the primary diaphragm resonance. The back volume resistance
also factors into the resonance damping, but it is frequency dependent, and its value is
relatively low at the resonance frequency. One way to estimate the primary damping is to
model the air gap as an ideal “squeeze-film” [55]. In this approximation the Navier-Stokes
equations with low Reynolds number, an isothermal fluid, incompressible flow, and linear
perturbations are reduced to
,

(73)

which can be solved to give an acoustical resistance of [4]

.

(74)

There are several criteria to establish the validity of this result. If the gap is small enough
that the fluid can no longer be considered a continuum, then the no slip condition no longer
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applies, and there will be an effective loss of damping. This, however would not occur unless
the gap height was less than ~9 µm [55]. The Reynolds number, which is a non-dimensional
ratio of inertial forces to viscous forces, must be less than one, meaning that the viscous
forces must dominate. The Reynolds number condition in this case is
.

(75)

For the air gap in the Types 4134 and 4144, this is only valid below ~5 kHz. Since the
squeeze film damping is most important for damping the diaphragm resonance, which
occurs above 5 kHz in both microphones, this approximation may be insufficient. Even more
importantly, the actual geometry of the microphone air gap is more complicated than the
simple parallel plate assumption of the squeeze-film model. There are holes in the
backplate, the diaphragm is larger than the backplate, and the displacement of the
diaphragm is non-uniform.
An improvement to this model can be made by considering a perforated backplate
[23]. This model assumes that the holes are regularly spaced and are small enough that no
compression occurs in them. The acoustical resistance in this case is
,

(76)

where

[

],
,

is the total area of the holes,
This validity of this is limited by

is the area of the backplate, and

(77)

(78)
is the number of holes.
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√
√

,

(79)

which holds even at 20 kHz. The resistance in (76) can be added in parallel to the
resistance in (74), as the flow path is split between the gap and the holes [4]. This provides
an improvement over (74) alone, but it still is a simplified model. The hole patterns shown
in Figure 3.4 are not evenly distributed, and many studies have shown that the damping is
highly dependent on not just the number of holes but the locations as well [3, 56, 25, 57, 58,
21].
It is much simpler and possibly more accurate in this case to take a different
approach entirely for the damping estimations; rather than using the geometrical
parameters and squeeze-film models, the specifications provided by the manufacturer can
be used to give an approximation of the total series resistance. One way would be to use the
Q values for the diaphragm resonance, but the only information available is that both
microphones have a Q of approximately one. A better way is simply to choose a value for R_s
that gives a microphone response similar to the manufacturer’s specifications

4.5.3 Mass and inertance
Both the mass of the diaphragm and the acoustical “mass” of the air in the holes and
the gap contribute to the total mass of the diaphragm system. The acoustical inertance of
the air in the holes could be estimated as [23]
,

(80)
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but in the present case there is no need to distinguish between acoustical inertance and
mechanical mass. The total mass is what affects the diaphragm, and it can be estimated from
the resonance frequency and the diaphragm system compliance:
,

(81)

which is in mechanical units (kg).

4.5.4 Radiation impedance
Another impedance source that has not so far been discussed is the radiation
impedance, the impedance due to the air loading on the outside of the diaphragm. It is
complex and mainly depends on the size of the diaphragm, but at higher frequencies it also
depends on the baffling configuration. It can be modeled accurately at low frequencies (ka <
1) using a parallel combination of a mass and a resistance. The expressions are [30, pp. II22]
,

(82)

,

(83)

and

where
and

is the radius of the diaphragm,
and

and

are constants related to the source type,

are radiation mass and resistance in acoustical units. For a microphone in

standard usage, the source type can be approximated as an unbaffled circular piston, for
which the constant values are

and

. Figure 4.4 shows the real and

imaginary parts of this approximation of the radiation impedance for an unbaffled piston.
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The impedance has been normalized by dividing by
normalized to

, and the frequency has been

.
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Figure 4.4 Normalized parallel element approximation of radiation impedance for an
unbaffled piston
For ka < 1, the imaginary part of the impedance dominates and is positive, so the
effects on the diaphragm are mainly mass-like. In Type 4134 and Type 4144, which are
acoustically small, the mass effect dominates throughout the audio band, as shown in Figure
4.5. The limit where ka = 1 is 12.3 kHz for Type 4134 and 6.1 kHz for Type 4144. The
resistance is quite small until quite high frequencies, so it is anticipated that it will have
little effect on the overall damping and noise of the microphone. The elements are retained
for the sake of completion. For transducers with a larger diaphragm area, such as woofers,
the radiation impedance has a larger effect, and the frequency dependence gets more
complicated. For ka > 1 the parallel element approximation also loses accuracy, tending to
overestimate the radiation impedance. However, for the present study, these
approximations are sufficient.
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Figure 4.5 Parallel element approximations of radiation impedance for Types 4134
and 4144

4.5.5 Barometric leak
The leak resistance has the purpose of creating a low-pass filter for the leak
pressure. The leak resistance can thus be estimated using
,
where

is the time constant of the filter. In the microphones studied here

(84)
is

approximately 0.1 s [1]. The leak pressure itself has the same amplitude as the input
pressure on the diaphragm, but it will have a slight phase shift due to the path length
difference. At the frequencies studied in this project, this phase difference is negligible.
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4.5.6 Summary
A summary of the lumped element values for Types 4134 and 4144 is given in Table
4.4. Values for the preamplifier parameters are typical values that are suggested in the
Microphone Handbook [1]. The values in this table can be used with the circuit schematic
shown in Figure 4.2.
Element

Symbol

Units

Multiply
by
4
Acoustical radiation inertance
kg/m
Acoustical radiation resistance
kg/m4s 106
Acoustical series resistance
kg/m4s 107
Acoustical leak resistance
kg/m4s 1010
Mechanical diaphragm mass
kg
10-6
2
Mechanical diaphragm compliance
s /kg
10-6
Static electrical capacitance
F
10-12
Electrical DC-blocking capacitor
F
10-12
Electrical bias resistance
Ω
109
Polarization voltage
V
Preamplifier input capacitance
F
10-12
Preamplifier input resistance
Ω
109
Preamplifier gain
Preamplifier output resistance
Ω
Cable capacitance
F
10-9
Table 4.4 Lumped element values.

Type
4134
51.7
9.58
9.3
142
2.62
19.4
18.5
300
5
200
0.2
10
.995
30
3

Type
4144
25.5
2.34
1.85
9.6
24.6
19.3
55
300
5
200
0.2
10
.995
30
3
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Chapter 5
Conclusions
5.1 Relative noise contributions
Using the noise analysis capabilities in LTspice, the noise contributions of each
source of acoustical damping in the equivalent circuit models of the microphones can be
compared. The sources considered are the radiation resistance, the series resistance of the
gap and holes, the leak resistance, and the resistive part of the back volume impedance
found in the COMSOL model. A Johnson noise voltage source is inserted in series with each
resistor, and the resultant voltage at the preamplifier output is calculated as a spectrum
with units of V/√Hz. The back volume resistance must be calculated by hand, as LTspice
does not recognize the B source implementation as a noise generator. It is more useful to
look at the noise referenced to the input, so that it can be compared to an equivalent
pressure, so to obtain this each curve is divided by the gain function of the microphone and
preamplifier combination. The results are thus in units of Pa/√Hz and are shown in Figure
5.1. The curves labeled RZ4134 and RZ4144 are the noise spectra due to the back volume
impedances. The others are as defined in Table 4.4.
For both microphones the dominant source of acoustical noise at very low
(infrasonic) frequencies is the leak resistance, which is expected for such a long time
constant. At high frequencies the series resistance of the gap and holes dominates. For
nearly two decades in the mid-band the back volume resistance is dominant, and it is more
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significant for Type 4134, the smaller microphone. The impact of the radiation resistance is
negligible except perhaps at very high frequencies, which was expected due to the small
diaphragm sizes.
It is also interesting to include the Johnson noise contribution of the electrical bias
resistor. Even though it is an electrical source of noise, the resistor noise would still be
present in any noise measurement performed on the microphone, even if the bias voltage is
switched off. The resistor is physically located in the preamplifier, so grounding the DC
voltage supply at the analyzer does not eliminate its Johnson noise from entering the signal
chain. Together this electrical Johnson noise and the acoustical noise sources give a
conservative estimate of the total noise for the microphone and preamplifier combination.
These total noise spectra are given in Figure 5.2. Now the dominant sources are the bias
resistor noise,

, at low frequencies and the series resistance at high frequencies. The back

volume thermal noise does have some influence in the mid-band, but it is never the
dominant source of noise.
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Figure 5.1 Acoustical noise contributions in a) Type 4134 and b) Type 4144. Noise
sources are the radiation resistance (Rr), leak resistance (Rl), series damping (Rs),
and the real parts of the back volume impedances (RZ4134 and RZ4144). The leak, back
volume, and series damping are each dominant noise sources in some frequency
range for both microphones.
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Figure 5.2 Acoustical noise sources and electrical resistor Johnson noise (Rb),
representing a conservative estimate of the noise of the microphone and
preamplifier combination. The resistor noise dominates all acoustical noise sources
for the lower half of the frequency range.
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5.2 Comparisons to measurements and other simulations

5.2.1 Zuckerwar’s measured noise spectra
The most precise published noise measurements of Type 4134 and Type 4144 to
date were made by Zuckerwar and Ngo [8]. Attempting to explain their measured
membrane

noise was a principal motivation for this project. In Section 3.7.5 it was

shown that the back volume thermal resistances alone do not explain this observation, as
their frequency dependence is
was not a slope of

for much of the audible frequency range. However, it

that was claimed by Zuckerwar but rather a

component in a

power series decomposition of the noise spectrum. A comparison of his membrane noise
spectra (Figure 1.7) with the total noise curve in Figure 5.1 squared should reveal whether
his observations can be explained by the known principles described in this paper.
Unfortunately there are a few other inconsistencies and possible errors in
Zuckerwar’s paper. His membrane noise plot is supposed to be a subtraction of the
polarization-off measurements from the polarization-on measurements, which are given in
Figure 1.6. For Type 4145 it is easy to see that the polarization-off measurement is lower
than the polarization-on measurement by about a factor of 4 at the low-frequency limit. The
difference between the two should therefore not be much less than the value for the
polarization-on measurement, but in Figure 1.7 the low frequency limit is about a decade
lower. Also, the curves marked “mechanical Johnson noise” do not match the values given
elsewhere in his paper.
It seems that the most reliable plot to compare against is the plot of measured noise
spectra with the polarization voltage turned on, the upper curves from Figure 1.6. This
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represents the total noise, however, including all electrical sources of noise. This
comparison is shown in Figure 5.3, using sampled points from Zuckerwar’s data. The
agreement for Type 4144 is excellent. Agreement for Type 4134 is also good, but
Zuckerwar’s measurements are consistently higher above 100 Hz. This could be due to a
number of reasons. One is that these measurements include the preamplifier noise, while
the simulations do not, with the exception of the Johnson noise of the bias and input
resistances. The higher frequencies are where the dominant acoustical noise source is the
series resistance, and the estimation of those values was loose. It is also possible there was
something damaged in Zuckerwar’s Type 4134 unit. His measured open circuit sensitivity
for Type 4134 is reported as 10.4 mV/Pa, which can also be expressed as -39.7 dB re. 1
V/Pa. However, the specified sensitivity is -38 dB ± 1.5 dB [2], which means either there
was some error in the measurement procedure or the microphone used was out of
calibration. The latter is unlikely because the stability of these microphones is on the order
of a 0.1 dB variation per 200 years [31], barring any physical trauma.

5.2.2 Other measurement and simulation comparisons
Several other authors have published either single-valued equivalent input noise
pressures or values for the acoustical damping, but not the full noise spectra. It is possible
to determine the equivalent A-weighted noise of the above simulated spectra to compare
with these values. For an “A” weighting Equation (1) becomes

√∫

,

(85)
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where

is the A-weighting function, and

is A-weighted root-mean-squared noise

pressure.

can then be converted to a decibel referenced to 20 µPa to yield an equivalent

noise in dBA.
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Figure 5.3 Comparison of modeled microphone noise with Zuckerwar’s
measurements (See Figure 1.6) [8].
Comparisons of a number of measured and simulated values for the equivalent Aweighted noise of Types 4134 and 4144 are given in Table 5.1 and Table 5.2. Also given in
these tables are values for the acoustical resistance for those authors that considered only a
frequency-independent damping. In some cases the equivalent A-weighted noise was
calculated from the resistance value using (85). Entries without a source come from results
presented in this thesis. The parallel resistance combination of (74) and (76) tends to
overestimate the damping. Gabrielson’s calculation used these same equations, but he
assumed a higher gap height of 21 µm. For Type 4134 the value used for

in the

equivalent circuit models is lower than all other estimates of the damping. This could be at
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least part of the reason why Zuckerwar’s noise measurements are higher than the simulated
results. For Type 4134 the equivalent A-weighted noise of the simulated spectrum without
the bias resistor matches the manufacturer’s specification exactly to 3 significant digits. For
Type 4144 this is not the case, with the simulation overestimating the noise by about 2 dB.
Description

Acoustical resistance
(kg/m4s
)

Equivalent ASource
weighted noise
(dBA)
Manufacturer’s specification
-18.0
[2]
B&K handbook specified resistance
15.4
(18.9)
[6]
Zuckerwar theory at 250 Hz
18.9
(19.7)
[21]
Zuckerwar calculated resistance
16.5
(19.2)
[8]
Zuckerwar measured spectrum
-(27)
[8]
Ngo measurement
12.5
(18.0)
[59]
Tarnow measurement
(15.6)
(19.0)
[5]
Homentcovschi & Miles simulation
12
17.9
[26]
Tan & Miao simulation
13.5
18.3
[3]
Gabrielson calculation
20.7
(20.2)
[4]
Parallel resistance approximation
30.5
21.9
-9.3
--Total acoustical noise
-18.0
-Acoustical noise plus resistor noise
-19.9
-Table 5.1 Comparison of calculations and measurements of the acoustical resistance
and equivalent A-weighted noise of Type 4134. Parentheses indicate a value not
explicitly stated in the reference but calculated from the given information.
Description

Acoustical resistance
(kg/m4s
)

Equivalent ASource
weighted noise
(dBA)
Manufacturer’s specification
-9.5
[2]
B&K handbook specified resistance
1.8
(9.6)
[6]
Zuckerwar calculated resistance
1.47
(8.7)
[8]
Zuckerwar measured spectrum
-(11)
[8]
Tarnow measurement
(1.24)
(7.7)
[5]
Parallel resistance approximation
4.72
13.8
-1.85
--Total acoustical noise
-11.4
-Acoustical noise plus resistor noise
-11.8
-Table 5.2 Comparison of calculations and measurements of the acoustical resistance
and equivalent A-weighted noise of Type 4144. Parentheses indicate a value not
explicitly stated in the reference but calculated from the given information.
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5.3 Future work

5.3.1 COMSOL’s Thermoacoustics physics
COMSOL recently (version 4.2) introduced another way to simulate acoustic
behavior in situations where thermoviscous effects cannot be neglected, as a new physics
type called “Thermoacoustics” [36]. This an extension of the “Pressure Acoustics” physics in
the Acoustics Module. The dependent variables are pressure, velocity in three dimensions,
and an oscillatory temperature, and mathematical details of the finite element application of
this problem are given in [60]. All variables are solved for simultaneously due to the strong
coupling. This is more computationally expensive than the Pressure Acoustics physics, so a
boundary condition is defined that connects Thermoacoustics and Pressure Acoustics
domains, allowing the simpler Pressure Acoustics physics to be used in portions of the
geometry where losses are negligible.
The Thermoacoustics physics is specially designed to be used in models like the
present one, but there are a few difficulties in incorporating it with the method described in
Section 2.5. One problem is that the check of comparing the model results to the analytical
solutions for the back volume impedance can no longer be used. The analytical solutions
relied on the assumptions that viscous effects would be negligible, but they are included in
the Thermoacoustics physics. The acoustic temperature has a weak dependence on the
viscous forces, and this dependence in turn changes the calculated thermal correction
impedance. It is possible that this slight change is actually correct, but investigating this
would require a derivation of thermal correction impedance that did not neglect viscosity,
which is beyond the scope of this project. Another problem is that COMSOL requires an
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input source. In the Heat Transfer method used in this project the source was just the heat
generated by thermal conduction. The same source cannot be used in the Thermoacoustics
physics because the thermal conduction is already being explicitly accounted for in the
differential equations. In a simple enclosure it is unclear what the appropriate source
condition should be. COMSOL does not allow many of the possibilities with this physics, like
a prescribed pressure or velocity at the boundaries. In a microphone model the source
should be the velocity or displacement of the diaphragm, but this is not a simple boundary
condition to specify, since the motion of the diaphragm is affected by the air behavior on
either side of it. In order to get an accurate expression for this motion, a fully coupled model
of the fluid-structure interaction is needed, as has been shown in the literature.

5.3.2 COMSOL’s model of Type 4134
Recently, COMSOL released an example model of Type 4134 in their Model Library
[49]. This is a fully coupled model including the motion of the membrane, the electrostatic
fields, and the dissipative acoustics in the volume. The geometry and other microphone
parameters have been supplied by Brüel & Kjær, and it is the geometry that has been used
throughout this thesis for Type 4134. A moving mesh is used for the membrane to calculate
the correct equilibrium deformation due to electrostatic attraction. The solution for this
step is completed first before solving for the small-scale perturbations from this
equilibrium in pressure, velocity, and temperature. The source in this model is the incident
pressure on the outer side of the diaphragm, which is much simpler to specify; it is assumed
to be constant as it would be with a normal incidence signal. There is also an optional
secondary source of the pressure at the barometric leak.
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Unfortunately this model requires three separate COMSOL modules to run:
Acoustics, AC/DC, and Structural Mechanics. For the majority of the duration of this project
the author has only had access to licenses for the first two, making it impossible to take
advantage of the improvements that this fully coupled model could offer. Very recently it
was discovered that it was possible for the author to access a fully-featured and up-to-date
version of COMSOL on the Penn State Research Computing and Cyberinfrastructure
computer networks. These are a collection of high performance computing clusters, where
multi-core and distributed simulation jobs can be run. The jobs are scheduled by a resource
manager called PBS, which determines what compute nodes should run each job, or
whether they need to wait in a queue until resources are available. PBS gives priority to
smaller jobs that require fewer resources for less time, and users belonging to a funding
research group are given preferred access. Unfortunately this makes getting access to the
necessary computing resources for the fully coupled Type 4134 model quite difficult. When
using the best mesh settings the memory requirement was approximately 55 GB, while the
maximum memory per node on most clusters is 48 GB. Using a coarser mesh the memory
requirement was reduced to 20 GB, but there was still a queue time of several days before
the job was sent to be solved. As a result the capabilities of this model have not been fully
explored for this thesis, but are rather left for future work.
An example of the possible benefits of the fully coupled model is the ability to
compare the viscous and thermal effects on the acoustic dissipation. In the Acoustics
module there are built-in variables that represent the power dissipation density due to
thermal effects, viscous effects, and the sum of the two [61]. A thorough examination of
these variables and their relation to the impedances and noise described in this thesis
would be valuable, but at present just a simple check is presented. Figure 5.4a shows these
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dissipation density variables integrated over the entire air volume in Type 4134. It shows
that at all frequencies the viscous losses dominate the thermal losses, by about two decades
at most frequencies. This makes sense, as all previous analytical and numerical models of
microphone damping have asserted that the most important mechanism is the squeeze-film
damping in the air gap, which is a consequence of the air viscosity. However, the goal of this
thesis was to show that the thermal effects are important too, but their region of dominance
should be the back volume because the gap is essentially isothermal at all audio frequencies.
This is corroborated in Figure 5.4b, which shows the dissipation densities integrated over
just the back volume and holes. Here the thermal dissipation is indeed the dominant
mechanism at low frequencies. The shape of thermal dissipation curve is strange, however,
and it would be interesting to determine its cause in future study.

5.3.3 Miniature microphone applications
Future studies could also focus on smaller microphone designs. The transition
frequency increases as the back volume decreases, so the transition enters the range of
human hearing. This can be seen for example in Figure 5.5, a plot of the calculated
resistance of a miniature microphone provided by Thompson [47]. Here the transition
frequency is approximately 100 Hz. This pushes the resistance up in the low audible
frequencies accordingly. Smaller microphones, like MEMS devices, would have even higher
transition frequencies. However, other effects become important in these miniature designs
as well, such as viscous losses in the back volume and a breakdown of lubrication and
continuum assumptions. A number of analytical and numerical models to describe the
mechanics of miniature microphones have been proposed, some of which were discussed in

120
Section 1.3.2. Future work could explore these models and compare them to the method
presented here, in order to determine when this simpler approach is valid.
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Figure 5.4 Power dissipation in Type 4134 due to thermoviscous losses in a) the total
volume and b) the back volume.
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Figure 5.5 Calculated resistance of the back volume of a miniature electret condenser
microphone [47].

5.4 Summary
An important parameter in the design and selection of microphones is the dynamic
range, the range of signal pressure amplitudes that the microphone can accurately detect.
The upper limit is set by the onset of distortions caused by the nonlinear behavior of the
sensing elements, while the lower limit is controlled by the noise floor. This noise floor is
the sum of noise contributions from not only the microphone itself but also the preamplifier
and any other electronic equipment in the signal chain. For many cases the electronic
preamplifier noise is dominant, and as such, the mechanical and acoustical sources of noise
in the capsule can be neglected. However, the relative levels of various noise components
are strongly dependent on frequency and the design of the transducer, as each source of
noise is filtered through the successive signal path. The microphone thermal noise can
become the dominant noise source for certain frequency ranges depending on the
microphone design. Thermal-acoustic noise is especially important to consider for
miniature microphones.
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The microphone thermal noise itself can be decomposed into several sources, each
stemming from thermal fluctuations in an acoustic resistance, according to the FluctuationDissipation theorem. Of these, the resistance in the air gap, holes, and the radiation
resistance are all due to viscous dissipation. Another component not usually considered is
the thermal dissipation in the back volume due to the heat exchange with the boundaries. It
results in a thermal correction impedance to be added in parallel to the usual adiabatic
approximation of the impedance of an enclosure. This impedance is complex, and its
frequency-dependent real part results in a frequency-dependent noise spectrum. The
impedance is related to the spatially averaged temperature amplitude in the enclosure, so
the temperature distribution must be known. This has previously been solved for simple
shapes [46, 47], and in those cases the resultant acoustic resistance is flat at low frequency,
and it falls as

at high frequency, with a transition in between. This corresponds to the

isothermal behavior at low frequency and the adiabatic behavior at high frequency.
FEM software was used to find the temperature distribution in real microphone
geometries, namely Brüel & Kjær Types 4134 and 4144. The solutions showed the expected
thermal boundary layer behavior. The acoustical impedances were calculated, and they
showed similar shapes to the simple enclosure geometries. Equivalent circuits for these
microphones with their preamplifiers were created, so that the relative noise contributions
of the acoustical resistances could be compared and filtered properly. The total noise was
dominated by the barometric leak resistance at low frequencies, by the damping of the air
gap and holes at high frequencies, and by the back volume resistance simulated here for
about two decades in between. This further proves that this thermal noise in the back
volume is important to consider, even in these larger microphone designs. The noise from
an electrical resistor, representing the parallel combination of the voltage bias resistor and
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the preamplifier input resistance, was also added as a means of comparison. It dominated
all acoustic sources of noise for the lower half of the frequency range.
Results were compared to several other author’s measurements and calculations.
The total A-weighted noise calculated from the simulated noise spectra was in good
agreement with the published specifications and other published values. The simulated
total noise spectra including the electrical resistor noise compared well to measurements
made by Zuckerwar [8], especially at low frequencies. The noise at these frequencies was
dominated by the electrical resistor Johnson noise.
Zuckerwar reported a

component of the noise spectra that he attributed to

mechanical or acoustical phenomena. Determining if this observation could be explained
using the first principles described above was a primary motivation for this project.
Unfortunately, direct comparisons with Zuckerwar’s “membrane noise” measurements
were impossible, as several errors were discovered in his methodology and presentation.
Most importantly, his method did not separate out the voltage supply noise, and his results
are not self-consistent. No source of acoustical
it is possible that it was never really measured.

noise was discovered in this thesis, and
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Appendix A: SPICE Netlists
Note: the ideal transformer subcircuits are based on those found in the example file
IdealTransformer.asc found in the examples/Educational folder of the LTspice installation
directory.

A.1 Type 4134 equivalent circuit
V_P_in N004 0 AC 1
L§m_r N004 N005 51.73
R_r N004 N005 9.581Meg
L§m_d N006 N007 2.762µ
C_d N007 P001 1.943e-5
C_DC Vout N001 300p
C_e0 0 N001 18.5p
R_b N002 N001 5G
V_DC N002 0 200
XX3 N008 0 N009 0 idealtransformer params: ratio={1/6.2072e-5}
XU1 N010 0 Z4134
XX4 N005 0 N006 0 idealtransformer params: ratio={6.2072e-5}
XX5 P001 N008 0 N003 idealtransformer params: ratio={-1/1.989e-4}
C_e0- N001 N003 -18.5p
Rf N010 N009 1.1e8
Rl N011 N010 1.421e12
V1 N011 0 AC 1 -5.6e-4
* block symbol definitions
.subckt idealtransformer P+ P- S+ SR1 P+ P- {1/Gmin} noiseless
R2 N001 0 {1/Gmin} noiseless
G1 P+ P- N001 0 1
G2 N001 0 P+ P- 1
R3 S+ S- {1/Gmin} noiseless
G3 N001 0 S+ S- {-1/ratio}
G4 S+ S- N001 0 {-1/ratio}
.param ratio=1.0
.ends idealtransformer
.include backvolumeZ4134.lib
.ac dec 20 .1 19953
.backanno
.end
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A.2 Type 4134 back volume impedance (backvolumeZ4134.lib)
.subckt Z4134 1 2
R1 1 10 0.001
V1 10 11 0
B1 11 2 V=I(V1) R_I FREQ=
.include Zdata4134.txt
.ends

A.3 Type 4134 back volume impedance data (Zdata4134.txt)
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+

1, 3103546365.18495, 117998065570.254
1.995262315, 2987270707.54203, 59624564681.4384
3.9810717055, 2607910608.32066, 30681205166.246
7.9432823472, 1783403331.22089, 16266547690.5197
15.8489319246, 902213440.209428, 8678898689.23274
31.6227766017, 400527717.954795, 4561106009.97225
63.095734448, 168133720.0254, 2372119863.30831
125.8925411794, 66441025.6432782, 1221996009.60561
251.188643151, 25342285.0315574, 624391666.817537
501.1872336273, 9488739.09794325, 317265945.842806
1000, 3495863.18469942, 160567899.360374
1995.2623149689, 1273834.97771233, 81030795.2136971
2238.7211385683, 1075694.64645276, 72286169.1750413
2511.8864315096, 908193.794456661, 64481860.2136015
2818.3829312645, 766628.881732351, 57517292.2942139
3162.2776601684, 647010.814041601, 51302560.8615133
3548.1338923358, 545958.191438083, 45757314.2066274
3981.071705535, 460606.17836246, 40809749.9561733
4466.8359215096, 388528.775756345, 36395715.1861837
5011.8723362727, 327672.572456234, 32457899.7553713
5623.4132519035, 276300.312285119, 28945113.4517344
6309.5734448019, 232942.835316745, 25811638.4529013
7079.4578438414, 196358.148634809, 23016649.41654
7943.2823472428, 165496.564568014, 20523694.2561836
8912.5093813375, 139471.013499637, 18300229.3369179
10000, 117531.786456778, 16317203.454543
11220.1845430196, 99045.0832243093, 14548685.5414153
12589.2541179417, 83474.8349613756, 12971531.5683613
14125.3754462276, 70367.3422992383, 11565086.5831537
15848.9319246111, 59338.3281876666, 10310918.2448586
17782.7941003892, 50062.0550670795, 9192578.58571067
19952.6231496888, 42262.2014666053, 8195391.06472441

A.4 Type 4144 equivalent circuit
V_P_in N006 0 AC 1
L§m_r N006 N007 25.55
R_r N006 N007 2.337Meg
L§m_d N008 N009 2.46e-5
C_d N009 P001 1.934e-5
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C_DC N001 N003 300p
C_e0 0 N003 55p
R_b N004 N003 5G
V_DC N004 0 200
XX3 N010 0 N011 0 idealtransformer params: ratio={1/2.545e-4}
XU1 N012 0 Z4144
XX4 N007 0 N008 0 idealtransformer params: ratio={2.545e-4}
XX5 P001 N010 0 N005 idealtransformer params: ratio={-1/4.681e-4}
C_e0- N003 N005 -55p
Rf N012 N011 1.91e7
Rl N013 N012 1.421e12
V1 N013 0 AC 1 -5.6e-4
Ci1 0 N001 .2p
Ri1 0 N001 10G
Ro1 Vout N002 30
E1 N002 0 N001 0 .995
Cc1 0 Vout 3n
* block symbol definitions
.subckt idealtransformer P+ P- S+ SR1 P+ P- {1/Gmin} noiseless
R2 N001 0 {1/Gmin} noiseless
G1 P+ P- N001 0 1
G2 N001 0 P+ P- 1
R3 S+ S- {1/Gmin} noiseless
G3 N001 0 S+ S- {-1/ratio}
G4 S+ S- N001 0 {-1/ratio}
.param ratio=1.0
.ends idealtransformer
.ac dec 20 .1 19953
.include backvolumeZ4144.lib
.backanno
.end

A.4 Type 4144 back volume impedance (backvolumeZ4144.lib)
.subckt Z4144 1 2
R1 1 10 0.001
V1 10 11 0
B1 11 2 V=I(V1) R_I FREQ=
.include Zdata4144.txt
.ends

A.4 Type 4144 back volume impedance data (Zdata4144.txt)
+
+
+
+
+
+

1, 1331462589.12857, 21260992149.4724
1.995262315, 1088952456.88368, 11061038862.8675
3.9810717055, 664910726.8255, 5912989635.47764
7.9432823472, 310426228.470755, 3144174545.54914
15.8489319246, 131195327.561567, 1644083065.82295
31.6227766017, 53452762.835079, 850136510.584967
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+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+
+

63.095734448, 21150876.5547037, 436248853.977331
125.8925411794, 8087141.60441001, 222461109.201382
251.188643151, 3017580.43159755, 112872506.50004
501.1872336273, 1108850.20592981, 57063830.4770769
1000, 402307.68047673, 28775926.6195004
1995.2623149689, 143871.363533643, 14484645.0947017
2238.7211385683, 120993.5157375, 12916941.4409001
2511.8864315096, 101695.004672465, 11518503.7489152
2818.3829312645, 85424.9887288309, 10271116.7842194
3162.2776601684, 71716.9334436921, 9158516.90188048
3548.1338923358, 60175.5373809535, 8166184.33503832
3981.071705535, 50465.7105465652, 7281157.29657264
4466.8359215096, 42303.3024245523, 6491865.6695982
5011.8723362727, 35447.3109777666, 5787982.28051276
5623.4132519035, 29693.3362050211, 5160289.94379956
6309.5734448019, 24868.0725214008, 4600562.64365053
7079.4578438414, 20824.6633923385, 4101459.37655355
7943.2823472428, 17438.7689799559, 3656429.3235381
8912.5093813375, 14605.2227513585, 3259627.15245465
10000, 12235.1759432725, 2905837.3708631
11220.1845430196, 10253.6493760819, 2590406.76014453
12589.2541179417, 8597.430102356, 2309184.0224957
14125.3754462276, 7213.2653800425, 2058465.86537165
15848.9319246111, 6056.3181226442, 1834948.83321584
17782.7941003892, 5088.8560593387, 1635686.27418119
19952.6231496888, 4279.1512493263, 1458049.89997228

A.5 Preamplifier circuit
C_i 0 Vin .2p
R_i 0 Vin 10G
R_o Vout N001 30
E§G N001 0 Vin 0 .995
C_c 0 Vout 3n
.backanno
.end
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Appendix B: Matlab Scripts
B.1 Type 4134 lumped elements
% Constants for Air @ 20C
mu = 1.81e-5;
rho = 1.204;
c = 343;
gamma = 1.402;
p0 = 101.325e3;
% Microphone geometrical parameters
a = 4.445e-3;
b = 3.6e-3;
h0 = 18.6e-6;
N = 6;
Ve = 1e-8;
%The following radiation impedance coefficients are for an unbaffled
piston
Bi = 0.6;
Br = 1/4;
% Microphone electrical parameters
Ce0 = 18.5e-12;
V0 = 200;
Rb = 5e9;
tau = 0.1;
% Approximate back volume compliance from COMSOL
C0 = 1.180e-12;
S = pi*a^2;
Splate = pi*b^2;
Shole = 6*pi*(0.5e-3)^2;
A = Shole/Splate;
G = A/2-A^2/8-log(A)/4-3/8;
Rs = 12*mu/(N*pi*h0^3)*G;
Rf = 3*mu/(2*pi*h0^3);
mr = Bi*rho*a/S;
Rr = Bi^2*rho*c/(Br*S);
Cds = Ve/(gamma*p0);
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Cd = C0*Cds/(S^2*(C0-Cds));
Rl = tau/Cds;
phi = -Ce0*V0/h0;
md = S^2/(w0^2*Cds);
%
%
%
%

Alternative expression for the purely mechanical diaphragm mass
rho_m = 8900;
t = 5e-6;
md = 4/3*S*rho_m*t;

% Alternative expression for series acoustical resistance
% Rs = 1/(w0*Cds);

B.2 Type 4144 lumped elements
% Constants for Air @ 20C
mu = 1.81e-5;
rho = 1.204;
c = 343;
gamma = 1.402;
p0 = 101.325e3;
% Microphone geometrical parameters
a = 9e-3;
b = 6.6e-3;
h0 = 23.5e-6;
N = 19;
Ve = 148e-9;
%The following radiation impedance coefficients are for an unbaffled
piston
Bi = 0.6;
Br = 1/4;
% Microphone electrical parameters
Ce0 = 55e-12;
V0 = 200;
Rb = 5e9;
tau = 0.1;
% Approximate back volume compliance from COMSOL
C0 = 6.192e-12;
S = pi*a^2;
Splate = pi*b^2;
Shole = 6*pi*(0.5e-3)^2;
A = Shole/Splate;
G = A/2-A^2/8-log(A)/4-3/8;
Rs = 12*mu/(N*pi*h0^3)*G;
Rf = 3*mu/(2*pi*h0^3);
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mr = Bi*rho*a/S;
Rr = Bi^2*rho*c/(Br*S);
Cds = Ve/(gamma*p0);
Cd = C0*Cds/(S^2*(C0-Cds));
Rl = tau/Cds;
phi = -Ce0*V0/h0;
md = S^2/(w0^2*Cds);
%
%
%
%

Alternative expression for the purely mechanical diaphragm mass
rho_m = 8900;
t = 5e-6;
md = 4/3*S*rho_m*t;

% Alternative expression for series acoustical resistance
% Rs = 1/(w0*Cds);

B.3 Equivalent A-weighted noise
function [EIN] = equivalentInputNoise(f,noisespectrum)
% Determines the A-weighted equivalent noise value in dB
% A-weighting filter parameters
f1 = 20.598997; f4 = 12194.217;
f2 = 107.65265; f3 = 737.86223;
w1 = 2*pi*f1; w4 = 2*pi*f4;
w2 = 2*pi*f2; w3 = 2*pi*f3;
a1 = 1.00356968;
a3 = 1.11800525;
wwj = j*2*pi*f;
HC = (a1^2)*(wwj.^2)*(w4^2)./(((wwj + w1).*(wwj + w4)).^2);
HA = (a3^2)*HC.*(wwj.^2)./((wwj + w2).*(wwj + w3));
integrand = noisespectrum.^2.*abs(HA).^2;
NA = sqrt(trapz(f,integrand));
EIN = 20*log10(NA/20e-6);
end
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B.4 Johnson noise
function [noisevolt]=noisefinder(resist,transfer)
% Computes Johnson noise of a frequency dependent resistance related to
% a reference point via a transfer function
kb = 1.380648e-23;
T = 293.15;
noisevolt = sqrt(4*kb*T*resist).*transfer;
end

B.5 Sphere analytical solution
% Constants for air @ 20C
rho = 1.204;
cp = 1005;
kappa = .0257;
p0 = 101.325e3;
gamma = 1.402;
%
a
V
r

Geometrical parameters
= .002;
= (4/3)*pi*a^3;
= linspace(0,.002,1000);

% Create temperature distribution plots
for f = [1 10 100 1000 10000]
omega = 2*pi*f;
beta = sqrt(1i*omega*rho*cp/kappa);
spheretemp = 1- (beta.*a.*sinh(beta.*r))./(beta.*r.*sinh(beta.*a));
plot(r,angle(spheretemp)*180/pi)
%plot(r,abs(spheretemp))
hold on
end
hold off
% Calculate impedances
f=logspace(0,4);
omega = 2*pi*f;
beta = sqrt(1i*omega*rho*cp/kappa);
C0 = V/(gamma*p0);
Zt = beta.^2*a^2./(3*1i*omega*C0*(gamma-1).*(beta*a.*coth(beta*a)-1));
Za = 1./(1i*omega*C0);
Ztot = (1./Zt+1./Za).^(-1);
% Impedance plots
figure
%loglog(f,real(Zt),f,real(Ztot))
loglog(f,imag(Zt),f,imag(Za),f,imag(Ztot))
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