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ABSTRACT

The seltnoise 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 mechanal 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
successivesignal path. The thermalacoustic 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 pF'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 ththermalacoustic 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 describedand fom 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 resistie part of this impedance is flat at low frequencies and falls off
as "Q T at higher frequencies. According to the Fluctuatiomissipation theorem, this
resistance causes a noise fluctuation, which is proportional to the resistance. The frequency

dependerce of the resistance thus controls the spectral shape of the resultant noise.



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 Eesistances 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 rAidnd of the audible
frequency range. When the electrical noise from the bias resistor is also included
dominates all other sources of noise in the microphone for much of the audio barithese
OAOOI 0O AT i PAOA xAll xEOE OAOAOAI 1 OEAO AOOEIT C
The noise does not show a significanpf' Qdependence,and it is possible that no such

dependence exists as several errors in: O A E A Ometh@dlddy and data presentation

were discovered.
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Chapter 1

Introduction

1.1 Background and motivation

Microphones are used in a wide rangeof applications, each with its own special
requirements. Professional audio, hearing aids, automotive, consumer electronics, and
scientific researchare just a few of the widely disparate industries where microphoneare
needed.Often there are tradeoffs between variougparameters, and one must choose what
can be sacrificed in a given applicatior-or example in a smart phongform factor is crucial,
and manufacturers strive to release a final product that is slimmer, lighter, and more stylish
OEAT OEA AT i1 PAOEOT 006 h Al | warekt kuBh aBrall fpaekage. | 1T OA
Current devices mayalso have more than one microphone for noise cancation or beam
forming, and each of these must be made as small as possible. This comes at a cost in terms
of sensitivity, low frequency performance, and selfioise. On the other handsuppose a
microphone is needed for making field recordings of natural pnomena. In this case, size is
of little issue, buta high sensitivity and extended frequency response is desirable.

In this study, the primary focus is on measuremen condenser microphones,
specifically Briel & Kjeer Type 4134 and Type 4144In their Microphone Handbook][1],
Briel & Kjeer 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 thefrequency response, and the availability of comprehensive



2
performance data.The first of these can be broken down into a few simple parameterkw
influence on the sound field to be measuredwide frequency range,and wide dynamic
range. Theseare generaly desirable qualities for all microphone types and applicationsThe
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 iRigure 1.1. The level
upper and lower limits are in general frequencydependent, although they are typically
OAPT OOAA AO OETGI A 111 ETAI OATh® feQueriey ranpedd O £ZA A O«
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 parametes 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 ofhis is the level whee
distortions caused by the nonlinear behavior of the sensing elements exceed some
threshold, typically 3% or 10%. The lower limit is controlled by the selnoise of the
microphone system,which includes not only the microphone itselfbut also the preamplifier
and any other electronic equipmentin the signal chain.Each of these components will
contribute noise to the output signal. In measurement microphones the selfoise of the
cartridge is typically quite low, usuallyless than an guivalent pressure of 20 dBA2], 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 systemonetheless,
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there are occasions when one is limited by the selfoise, and in such situations it is

necessary to understand the sources of noise in the microphone system.

Level A

Distortion limit

Noise floor

Flat linear
response

. : Frequency

I
Low frequency High frequency
limit limit

Figure 1.1 The useful region of flat, linear response is bounded in frequency and

level.

It is often assumed that the selhoise associated with the electronic sourcess

dominant over the noise in themicrophone cartridge itself, but this is not necessarily the

case. The noise contributions are generally frequency-dependent, and as suchgseveral

sources may be dominant at different frequency bandsFigure 1.2 shows the relative

contributions of the components of an example microphone systenThe measurement

amplifier is dominant at high frequencies, the preamplifier at low frequenciesand the

microphone in the mid-band. If neglecting the microphone cartridge noise, the overall

system noise wouldbe underestimated above 100 Hz.

Microphone selfnoise is becoming more important as designs are miniaturized,

such as in microelectromechanial 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 mmz 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 agitatiof4]. MEMS microphones are
notorious for having higher selfnoise 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 sigal-to-noise ratio (SNR) boost or form

a noiserejecting beam pattern.
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Figure 1.2 Relative contributions in 1/3 octave bands of the microphone capsule,
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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 numberhich is
usually expressed in decibelsThis numberis a measure of the total mearsquared 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.flit is referenced to the input, then it is a measure of the equivalent root
meartsquared pressure at the diaphragm that would cause the same electrical power at the
signal output. In this case the noise is iracoustical units, eitheryuPa or dB réerencedto 20
UPa, sometimes written as dB SPL. Often there is a weighting function applidthe most
common, Aweighting in the US and CCH&68 (ITU-R 468) in Europe, are shown irFigure
1.3 along with an inverse of the ISO 226 equdabudness contour.Others are used as well
depending on application and industry standardsThese weightings are usually built into
the analyzer as an analog or digital filter and are intended tobab O1 GEI AOA OEA EOI A
response to noise.

Another way of gquantifying noise is to measure its frequency spectrum. This
provides much more information about the microphone noise, although this is very rarely
00PPI EAA ET OEA 1 Al OmeArsquéréiva@de Ghe Adis® #psctra, ntaff A OE A
also be referenced either to the input or the output. Outputeferenced noise can be given in
electrical units of \2/Hz for a power spectral density, or sometimes the square root of the
power spectral density is & OAT h xEEAE EAO OIT EOO 1T &£ 671-MN(U88 ),
referenced it can be in acoustical units of either P& (U T O O0OATWM( U8 311 AOQEI AO
guantities like displacement or force are used instead of pressure for the inpueferenced

noise spetra. 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

successive elements of the signal path.
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Figure 1.3 Three weighting curves: A, CCIR468, and the inverse of ISO 226.
It is advantageous to know the spectral distributionof 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 expresggherally as

0 . 0w Qe (1)

where 0 is the equivalent rootmean-squared noise in electrical, acoustical, or mechanical
units, "O™Q is the spectral density of the corresponding quantity, and> "Q is the weighting
function amplitude. The noise power in a signal ishus 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



7
the amount of noise power in the signal. It is therefore possle to detect signals that are
well below the nominal selfnoise rating. However, since the noise is frequenegependent,

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 itanits,
and it is especiallydifficult 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 microphte noise from
the preamplifier noise and other electronic noise sourcesThere arethree main ways of
doing this for condenser microphonesall of which require at least two measurements: one
with all sources of noise included and one with the acousticaloise eliminated. The latter is

effectively just the electrical (and possibly mechanical) sources of noise in the microphone

OUOOAiIinh OF EO AAT AA OOAOOAAOAA &EOT i OEA 01O

contribution.
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The first method istorepldA A OEA [ EAOI PEI T A AADPOOI A
i.e. an electrical capacitor of thsamevalue 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 theicrophone with its air gap,
holes, and back volumeThe dielectric loss mechanisms in the capacitor also add an
additional source of noise.

Another method is to place the microphone in a vacuum chamberwhich 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 ratean its barometric
leak can equalize, or the microphone may be damagedhé vacuum pumpalso 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 isimple to do with
Briel & Kjeer condenser microphones that are externally biased, as the standard
measurement amplifier they are usually used with contains a switch to change the bias to
200V, 48 V, or 0V, but it immay bedifficult or impossible in other designs.When the bias is
switched to 0 V, the noise inherent to the voltage supply is also removethe subtraction
between biason and biasoff measurements will therefore still include this noise. This
method also has theconsequence of changing theapacitance slightly, as the polarization

voltage normally deforms the diaphragm with electrostatic attraction.

xEOE



1.3.1.1 Bruel & Kjger measurement condenser microphones

Tarnow [5, 6] first published measurements of the noise specta of Briel & Kjeer
Type 4134 and Type 4144, along withah @D AOET AT OA1 pd [ EAOIT PETTA (
variation of a Briel & Kjeer design.The microphones with preamplifiers were sealed in a 41
cm thick brass cylinder suspended from two rubber bands. Taow 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 signalThis would surely not be the case athte lower end of the
measurement band with such thin walls.The microphone capsuls were replaced by an
equivalent static capacitor to get the preamplifier noise Noise spectrafor the experimental
pd AT T AAT OAO AT Are gvedin Fgur® A4. tip1t OEA po6 [ EAOT PEI
microphone noise dominates at most frequencigsbut in Type 4144 the microphone noise
only becomes important above ~500 HzThe noise trails off around 5 kHz inFigure 1.4a
because that is the resonance frequency of this microphoniote that the spectra are given
in both acoustical and eletrical units, distinguished only by different scales. Only the
electrical scale can be trusted at all frequencies, as thieput-referenced spectrum was
calculated only by multiplying by the amplifier gain and dividing by the sensitivity, which is
not entirely correct, as mentionedn Section1.2.

Ngo and Zuckerwar designed a superior isolation vessel for the measurement of
microphone noise[7], a diagram of which is shown irFigure 1.5. The vessel consisted of an
inner chamber and an outer chamber, with the space in between evacuated to p 1
Torr by a vacuum pump. The chambers are each made of thisklled brass, and the entire
assemblyis 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 fiveedia 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 singhaligit Hz, which was unprecedented.
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Figure 1.4 Noise spectra of a) an experimental p 6 AT T AAT OAOQardBAypé DPET T A
4134 [5].
This chamber was used to measure the noise spectra of a variety Brfliel & Kjaer
i AAOGOOAT AT O AT 1T AAT OAOO 1p/A8]] Tihé raethdd of idBEtAtEe AEOT |
acoustical noise was by nulling the polarization voltage, so measurements were taken with
both 200 V and 0 V bias settings. Simultanesly the noise of just the signal analyzer was
i AAOOOAA 11 OEA AT AT UUAOBO OAATT A AEATT Al xEOE

the stability of the system by letting the electronics warm up for an hour, taking many
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averages, monitoring temperatureand pressure in the chamber, and even baking the
microphones at 150°F overnight ahead of timéThe results are shown inFigure 1.6. TheO 0 6
AT A ©&d AAOGECTAOGETT O ET OE Afiel fpd mikrophoiies.A OA A
Measurements were taken sequentially over overlappig low- and high-frequency bands,
with 0.25 Hz frequency bins in the lower region and 2 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.
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Figure 1.5 Cross-section of the acou stical isolation vessel of Ngo & Zuckerwar [7].
Zuckerwar and Ngotook 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 Sectiori.3.1, the voltage supply noise is also

eliminated when the bias is nulled, so it should be present in the difference calation.
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Zuckerwar and Ngo did not consider this source of nois&here alsoseem to be some erros
in the calculation and presentation of this curve which are discussed inSection5.2.1, but
the plot is reproduced in Figure 1.7. Included is a best fit curve to their analytical expression

for the membrane noise,

‘0 "0 Qe I @)

where "Ois the total noise with 200 V polarization, "@as the unpolarized noise,0 is the

open-circuit sensitivity, the cand wcoefficients are constants, and

=] P — — (3)

where] s the resonance frequency and is the quality factor of the resonanceThe first
term on the right side of @) is a residual term due to the incomplete subtraction of
electrical noise. This is bcause the capacitance changes when the polarization voltage is
nulled. The second term of 4) is the purely mechanical and acoustical noise in the
microphone, andit contains two fit parameters,® and . These parameters are not based
on anything physicalbut are instead trial expressions to be fit to the data ifrigure 1.7. They
represent a truncated power series for the dependencef mechanical noiseon frequency.

Fits to the data yield nontrivial values forc , which might indicate that there is some
pX dependence to the membrane noise. Zuckerwar reports a high level @nfidence in the
presence of thispF'Onoise, with probabilities of 0.999 in some cases. Furthermore, a region
of dominance is established, where it is claimed that theZ"Qnoise of the microphone and
preamplifier combined is dominant over all other nce OA OUPAOh AT A OEA
contribution to this is between 14% and 69% for the various microphone models. The

membrane pT'oise coefficient has a high correlation with the air gap damping.
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Figure 1.6 Noise spectra of Briiel & Kjeer 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 gener@gif'Qnoise is present in

many physical phenomena, but its mechanisms are not well understood. Addi an

acoustical source ofp¥Qnoise contributes only another mystery. While Zuckerwar did

continue on to measure pf'Qnoise in piezoresistive, electret condenser, and ceramic
microphones[9], no one else has used this methddi AT A1 UUET ¢ 11T EOA OPAAO
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@f'Q

behavior.
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Power Spectral Density, Pa? /Hz

Figure 1.7: OAEAOxAO08 O AAI AOI AGAA Oi Al Adthdeho T T EOAOG
Equation (2)j AAOEAAQ AT A OEA Oi AAEAT EAAT *TETOIT TTE
same as inFigure 1.6 [8].

1.3.1.2 Other microphone types

Olson[10] designed a special higrsensitivity ribbon microphone to better measure
the thermal acoustic noise.A ribbon microphone is a velocity, orpressure gradient,
microphone, meaning that it responds to the difference between two closely spaced
pressures on either side of the diaphragmit was developedchiefly by Olson at RCA during
the 1930s and 1940s[11]. Like the more familiar dynamic micrgohone, 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 hatides, while being fixed
along its edgesThis 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 ira dynamic microphone is the
Johrson noisein the conductors. Presumably this only applies to dynamic microphones,
which employ a conductive coil of wirewith a non-negligible resistance As such, it would be
difficult to measure the thermal acoustic noise with a dynamic microphone. A ly
sensitive ribbon microphone provided abetter 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 wasplaced ina rubber suspension mount seated on a steel
plate. Olsoncovered 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 laboratoryith 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 kHz15 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,osonly a single mearsquare
value of noise can be ascertained, rather than a frequency spectrum. Olson gives his
measuredvalue of microphone thermal noise as an equivalent pressure of 8.3 pPa. He also

calculated an estimated acoustical radiation resistarc on the ribbon and determined its

Johnson noise to be 7.5 pPa, 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] describeda low-noise electret microphone designed for use in
hearing aids. Theystarted by analyzing the existing design shown irFigure 1.8. The
diaphragm is not exposed directly to theenvironment, instead coupling to a front volume
followed by asound 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 th&earing 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 iran isolation chamber commsedoftwoc & OEEAE
cylinders pressed together @ 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 pV, egivalent 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 chamler, which corresponds to measurements with and without the acoustical noise
included. The results of these measurements are shown 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 circuihodel, 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 shownhigure 1.9b.

.1 6A OEAOG Oi 1 01 66 OAZEAOO OI OEA AAIDPET C 1
the barometric leak, andOi AAEAT EAAI 6 OAEAOO OI OEA | AAEA
in avacuum.
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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 madehna

redesign of the microphone. The sound coupling tube was replacéy several larger holes

£
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diameter of the pierce was decreased, which increases its flow resisize, but shifts its



18
effect to lower frequency. The impact of this redesign is shown frigure 1.9c&d. The overall
noise is decreased in the range of 40 Hz9 kHz. Thedominant sources are now the pierce
at low frequencies, electrical noise in the micband, and the squeezdlm 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 squeeze
film 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) EM-3346 Spectral Noise Voltage b) EM-3346 Noise Contributors
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Figure 1.9 Noise contributions in the EM -3346 and saltshaker microphones [12].
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Becker, Engel, and Brdow [13] developed their own analytical model for
determining the acoustical noise in condenser microphones. They focused omesign 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 backolume to allow a significant pressure to enter
from the outside and interfere with the diaphragm motion. In this desig type, this
acoustical resistance is the dominant damping source over the squeefiln damping in the
air gap.

The analytical approach started with the development of an equation of motion for
the diaphragm. Thisincluded the forces from the input pressue, the pressure difference
across the acoustical resistorand the tension in the diaphragm.Inertial effects were
ignored, and adiabatic compression was assumed Gaussian white noise source was added
to represent the stochastic thermal noise at th@coustical resistor, the only source of noise
considered. Fourier transforms were used to derive a spectrum of spatialhaveraged
diaphragm displacementdue to the Gaussian noise sour¢avhich were thenused to find the
noise voltage spectrum.

They performed measurements on anodified large-diameter Neumann condenser
i EAOT PETTA AT AAOAA £ isolate Heddie@roricdise,ithe rdplacgd 6
the microphone capsule with an equivalent capacitor, and this was subtracted from the total
noise to getthe acoustical noiseThe acoustical resistance of a thin disc of a porous medium
is much easier to measure than the squeeZ#m resistance, and they were able to swap out
different resistors and gauge the impact on the nois&he power spectral densities of the
output noise voltages for microphones with two of these resistors are shown iRigure 1.10.

The agreement betweertheory and measurement in most of the measued frequency range
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is quite good. Between about 100 Hz and 10 kHz the acoustical nofals at approximately
pF' Q. At high frequencies the theoretical curves exhibit strong resonances that are not
reflected in the measured data, which is a result of thereakdown of their theory when the
wavelength becomes comparable to the dimensions of the microphone capsubnd other
sources of viscous damping become importanfThe most surprising result of their study is
that the noise of the higher damped capsulesiactually 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 bawveen the backvolume and the outside pressure. This creates
a low-pass filter with the compliance of the backolume, so a higler resistance shifts the

corner frequency down, lessening the impact of the damping at higher frequencies.
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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 ofthe diaphragm is not a trivial task,
and there has been research in this area for nearly a centurWhile the membrane motion
in a vacuum is well known[14, pp. 95107], 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 boodary 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 quastatic electric fields in play as well. Some
authors have focugd on particular aspects of this coupling, arguing that various terms can
be neglected in certain applications, while otheshave attempted to present a unified, fully
coupled approach. Often the help of numerical techniques is needed to apply these models
to the complicated microphone geometries, especially for the fullgoupled approaches.

The first general models of the dynamic behavior of condenser microphones were
lumped element approximations given by Wente[15] and Cranddl [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 Navier
Stokes equations for the fluid mechanics to determine the pressure on the diaphragm.
Robey[17] solved these equations for a thin cylindrical volume represding the air gap

between the diaphragm and backplate, but henade the mistake of usinga 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 als@ble to be
accounted forin her model by expressing the boundary conditions as series expansion of
eigenfunctions. He publications omitted many analytical details, making the results
difficult to reproduce [20].

Zuckerwar[21] OEi P1 EAEAA 0AOOEOOEAUASGO I AOET A xEOE
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 ahe backplate.

Unlike previous authors he includes the impact of their flows converging in the back
volume, as shown in the equivalent circuit model ifrigure 1.11. Theshape ofthe membrane
deformation is approximated by Bessel functions.

4EA OAOGOI O T &£ : OAEAOxAO8O AAI AOI AGET 10 EO ¢/
the membrane, which can be expressed as

I

0 — (4)

where “Yis tension, Qis the membrane wavenumber,Yis area,®is radius, and 0 and 0
represent Bessel functions of the first kindO is equal to a complicated matrix expression
accounting for the noruniform boundary condition at the backplate. This can be simplified

at frequencies well below resonance to
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o Q-— — —, (5)

where , 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 8, respectively. This is due to the fact that the membrane
does nd behave as a piston, and they match expressions for the effective mass and
compliance found previously [22, p. 202] Only the last term depends onO, and it
represents the air compliance and dampingTheoretical responses of Briiel & Kjeer Types
4134 and 4146 were calculated using this method, and the agreement with measured data

was quite good.

L.
T

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 £ E OJ2%). This method assumes incompressible air flow Ieeen 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 resistanceis frequencyindependent but
becomes frequencydependent 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 Briel & Kjeer Type 4134, they saw an
improvement in accuracy of the damping estimate, assuming that this is this damping is the
sole soure@ of thermal noise. A comparison of th&€ E Oif ®OET Ah 4A1T Q -EAIT 80
£EOT AOET Ah AT A : OA EteQeaA@ad 6f (5)) AoD Estindating the air

resistance is given inFigure 1.12.
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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 ultisonic frequencies. Thebackplate boundary
conditions can no longer beaveraged over the surface, as the air near the holes behaves
locally at these frequencies. Thughe azimuthal position of theholes becomes important,
andthe membrane motion can no loger be considered axisymmetric. They also included an

averaged slip condition and thermal condition over the backplate surface to account for
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further hole effects. Since theywere dealing with high frequencies, they trea¢d the back
volume as a large cavit 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 isnsall enough that the NavierStokes 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 aunit cell around single hole in the backplate which had axisymmetry, allowing
for a reduction to a 2D problem again. Thanit cell solution could then be extrapolated for
all the backplate holesin the highly regular distribution of a perforated microstructure.
They also succssfully transformed this analytical model into a numerical model using the
weakly compressible NavierStokes physics mode in the Heat Transfer module of COMSOL.
They later generalized their method to be used with any condenser microphorig6]. They
used COMSOL to calculate the response for Type 4134 and a Briel & Kjeer MEMS
microphone. Both showed good agreement.

Tan and Miao[27] ADPI EAA OEA AAOECI 1 &£ AobAOEI AT O
model to optimize condenser microphone backplate desigrThey 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 notsare

air gap size, slot presence, and hole location.

1.3.3 Summary

Very few microphone selfnoise spectra have been published. The papers that do
include noise spectra demonstrate the usefulnessf such measurements, as the curves are
quite different for diffeOAT O | EAOTI PETI T A AAOGECI 08 4EEO EO
[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, Engeld 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 Briel & Kjeer measurement condenser line of microphones is thepic of the
most published studies, especially Types 4134 and 414%he best available measurements
for these microphones were published by Zuckerwaf8], who attempted to isolate the
acoustical/mechanical noise. He further dcomposed that spectrum in an attempt t@rove a
pX QdependenceThere are doubts as to the validity of some of his calculations, but the total
noise power spectral density ncluding the preamplifier noiseseems 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 methds for predicting the microphone

damping, noise, or response have been suggested. These vary in complexity from simple

AO
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formulae to finite element implementations coupling the acoustics of air gap, holes, and
back volume with the structural behavior of themembrane.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 foapproximating the impedance of any arbitrary enclosure.

2.1 Electrostatic microp hone 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 smalinplitude varying
pressure superimposed on the mucltarger atmospheric pressure, and the electrical energy
is in the form of a timevarying 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 ofoperation 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
guasi-static electrical field between two (or more) differently chaged 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 li@g anarchaic 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 elsewherdn oscillatory pressure incident on
the diaphragmwill causeit to move, changing the separation distance by a small amount, on
the order of £5 nm for a 1 Pa root mean squarsine wave signal[28].

The capacitance of a simple parallgblate capacitor is

[ 74

0 —, (6)

where - is the permittivity of air approximately equal to the permittivity of free space
- U v p 1, "Yis the plate area and"Q is the separation distance.Changes in the
separation distance correspond to an inverse change in the capacitancehe corstant
chargen on the plates means the capacitance changes lead to a voltage signal, using the
relationship

n 0w (7)
Figure 2.1 is a visualzation of this. Equations (6) and (7) can be combined and applied to
the case of aondenser microphone with amoving diaphragm if the separation distance is
separated into an equilibrium distanceQ and a displacementQ, and the voltage is likewise

split into the polarization voltage w and the small signal voltagéQ This giveq1]
W Q— 0w —, (8)
which reduces to
Q 0w —. (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
separation between the plates leads to a decreased capacitance and an increased
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 platecapacitor. There are
holes in the backplate, the backplate is smaller than the diaphragm, there is stray
capacitance between the backplate and the hbsing, and the diaphragm deforms in the
center. A better expression for the capacitance of a condenser microphonaking some of

these factors into accounts [29]
6 —p ——. (10)

where & is the radius of the diaphragm,®is the radius of the backplate, andb is the
equilibrium deflection of the diaphragm, which can be expressed as

[3)

® —op ¢l i-, (11)

where 1] is the pressure on the diaphragm due tohte electrostatic attraction, and”Yis the
tension. An ideal backplate size for maximum energy density is given by a ratio of

diaphragm and backplate radii20]:

- - T@poeu (12)
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2.1.1 Electret microphones

One method of giving the microphone capacitor its fixed charge is to use an
OAl AA QO Eibér thé diaphka@rs or backplate is coated withthis layer on its inside
surface. Tte electret is a polymer such apolytetrafluoroethylene (abbreviated to PTFEand
commercially known asTeflon) that is embedded with a permanent electrical charge that
remains stable for thousands of year§l]. This can be thought of as the electrical equivalent
of a permanent magneti28]. 4 EA O&O0I UAT 6 AEAOCA EO 11 AAOAA
electret layer. Acollection of dipoles form inside the electret due to a balancing static charge
accumulation [30]. This then attracts an equal and oposite chargethat 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 diaphragnigure 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 electretyer 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 manufacturedjore commonly used in

low cost applications.

2.1.2 Externally polarized ¢ ondenser 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 gwound the diaphragm

becauseit 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 sigaplia a
large electrical resistor, typically tp 1 [1]llto ensure that the charge on the backplate
remains the same even as the diaphragm moveBhis is because the large resistor creates a
long RC time constant with the cpsule capacitance.The configuration is illustrated in

Figure 2.3.
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©0
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b El\l/

Backplate

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

Diaphragm

L —
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Electrical I A
ground \l_( N\ AN Output voltage
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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 ofrequiring an external voltage source of 200 V. This is not always

practical, for example in outdoor measurements or for use with portable hanteld
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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 manufacturdt also performs better at high temperatures.
These daysthough, 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.

Yyl OEA DOl £ZAOGOEIT 1T A1 AOAET ET AOOOOUKh OEA Ag

bl xA0O86 4EA $# AEAO O1T1 OACA EO AAOOEAA AliTTC

contained in the mixing console. In that industry he 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 sclemes.

2.1.3 Frequency -modulated electrostatic microphones

Both the condenser and electret microphonesuse a constant charge difference
between thdar plates, caused by either the electret layer for the electret type or an external
voltage source for the condenserThere 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 resulh a modulation of the

carrier, either frequency-modulated or phasemodulated, depending on the configuration.
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This approach is obviously a bit more complicated than the ones peviously
described, and it has the additional disadvantage of a highetectrical noise. A 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 fequencies, below the range of human hearing. In a fixetharge
electrostatic microphone the lowfrequency response is limited by the time it takes to
charge the capacitor.The frequencymodulated system is not limited by this, so it can
operate atarbitrarily 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 ismade of a finely grained nickel, apecial stainless steel alloyor a metallized
polymer that is made into a very thin foil, typically 1.5 png 8 um [1]. This foil is stretched
over the housing with a very high tension. For examp in Type 4144 the tension is about
400 N/mmz2 81, and other models may use up to 600 N/menlil. The air gap between
diaphragm and backplate is typically initially between 15 pum and 30 pum. At suchigh
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 um, but when polaed this
decreases to about 20.5 pri81].

The mechanical motion of the diaphragm is important to consider. A firsbrder
approximation is to model the motion as a simple damped harmonic oscillatoFigure 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 stiffnessQ while acoustical systems are more commonly
described by the complianced, the reciprocal of 8 . Ax 0T 180 OAATT A 1 Ax 1T &

equation of motion to be
BO Y— -w a—. (13)
The resonance frequency of thisystem is
1 ¢Q —, (14)

s0(13) can be reexpressed as
— — 1 o T (15)

This is a second order differential equation, tad solutions are in the sinusoidal form[14, p.
9]
®w 6Q AT100 %o, (16)
where 0 is a real amplitude %.s phase in radians,
T —, (17)
and

] ] P (18)

Figure 2.4 Simple harmonic oscillator.
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Each of the three oscillator parametersg, 'Y, 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 $ 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 witha 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 aircompliance 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 #ect of this ratio on the microphone sensitivity is given agl]

0 n on ——, (19)
where 0 is the sensitivity, ] is the ambient pressure, and) is the reference ambient
pressure at which, was measured.The larger, is, the less effect an ambient pressure
change will have on the microphone sensitivity. Tan and Mig@7] suggesta, 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 nomegligible viscousshearingof the ar 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 volumeas can be seen ifrigure 2.5. Of course, creating these holes leads
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to other consequences, such as nonuniform electrical field, a reduced electrical
capacitance,a nonuniform pressure on the back of the diaphragm, and an increased
moving mass of air in the holes. The viscous fetts of the air in the holes also leado
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 siztéhat 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 systems 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 appliedlhe mass
comprises both the mechanical mass of the diaphragm and the acoustical mass or
OET AOOAT AA6 1T &£ OEA AEO EIT TodEphAysiliass Afithis aidd 1 A O
much lower than that of the diaphragm, but because it moves at a higher velocity than the
diaphragm, its effective mass is nomegligible. This effective masss typically 10%-50% of

the total diaphragm system mas$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 reanoe
there is a gradient of displacement amplitude from edge to centeHowever, measurement
microphones are sometimes employed to measure frequencies above their fundamental
resonance, where themembrane motion becomes more complextigure 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 thiefluence of the holes @ the
pressure on the membrane. Lavergnet al.[24] measured the displacements of a Briel &
Kjeer Type 4134, which has six holes in the backplate, using a laser scanning vibrometer at
an extended frequency range. Some of thesglacement patterns they found are shown in

Figure 2.6b&c, which demonstrates the influence of the holes at high frequencies.

s D B

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 ofghmicrophone in
order to avoid the influences of barometric pressure changes on the diaphragrihe

acoustical pressure amplitude being measured is usually much smaller than the barometric
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pressure. For example, a relatively loud signal of 1 Pasgabt-mean-square amplitude (94
dB re. 20uPa) is only &#.00001% fluctuation of a 101.3 kPa barometric pressure. Changes in
the barometric pressure woulddisplace the diaphragm away from its operating equilibrium
position, which would change the sensitivity and lead to nonlinearities in the response.

The need for a barometrici AAE EO OEIi EI AO O1 OEA 1T AAA OI
change in environmental pessure, 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 yawningi O Al T OET ¢ T1T1TA80 11 OOEmATA 1106
microphone the pressue is also equalized via a capillary tube or slit leak, but it issually
left open at all times.4 EEO | AAESO AEZAAO 11 OEA AEADPEOAC
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 dow-pass filter with a relatively long 'Y ¢time constant. For
measurement microphones this is usually about 0.1 s, which corresponds to a corner
frequency of 1.6 H41], sufficiently low as to leave the response virtually unaffected above 5
Hz.

The impact of the leak is, however, depglent upon the atmospheric pressure. This
is mainly due to the change of back volume compliance with ambient pressure, which
changes the time constant of théow-pass filter. Also,it is sometimesnecessary to block this
leak, for example when using the narophone in a coupler that plysically 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 givehe response aslight low-

frequency rise. This isbecausethe ratio of air compliance to diaphragm compliance, is
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effectively increased by the vent at low frequenciesThis effect is also dependent on the
ambient pressure.The impact of a blocked or exposed leak on the magnitude of the lew

frequency responseat various absolute pressuress shown inFigure 2.7.
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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 thesignal 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 sustairné load of the cable and
following instrumentation. The preamplifier usually uses ajunction gate field-effect

transistor (JFET) or in older designs a vacuum tubjd0]. A simple model of a microphone
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combined with a preamplifier and cable is shown inFigure 2.8. Go is the microphone
electrical capacitance, Gand R are the input capacitance and resistance of the preamplifier,
g is the preamplifier gain, R is the preamplifier output resistance, an C 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 lowfrequency response and the dynamic
range effects, including the electrical noise andlistortions, 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]

— Q : (20)

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

'Y, and the high frequency roll off is caused by the lowass filter formed by'Y and o .

Microphone Preamplifier Cable

0 2%

11>

T3

Figure 2.8 Circuit diagram of a simple model of a microphone, pre amplifier, and cable

e — — — — — i — — —

combination. Adapted from [1].
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Element Symbol Units

Value

Microphone capacitance o]
Preamplifier input capacitance 0
Preamplifier input resistance Y
Preamplifier gain Q
Preamplifier output resistance Y
Cable capacitance 0

pF
pF

nF

18
0.2
10
.995
30

3

Table 2.1 Typical values for the circuit elements shown in

Figure 28 &1 O A €6

microphone with preamplifier  [1].
a) 5
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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 fan of an energy transfer, which is
usually heat.! AAi PAA EAOITTEA 1T OAEI T AOI 060 i1 OAIATO
process. With each period of motion, the damping resistance converts some of the kinetic
energy of the system to thermal energy, whicltan be considered dissipation because it
does not reenter the system

In air acoustics, dissipation primarily comes from three mechanisms: thermal
conduction, viscosity, and relaxation effectsThis last one is a consequence of tHeite
amount of time it takes a real fluid to come to thermodynamic equilibrium when the
pressure or temperature is changed[33, pp. 316317]. 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 NavierStokes equations describe the motion of a fluid. In a compact general
form, they can be expressed as

= an N £ (21)

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

AAOET ¢ 11 OEA &I OEA8 4EEO EO Al A@DPOAOOEIT i
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equdation is an intensive mass ) times an acceleration. The right side is aum of
volumetric forces acting on a parcel of fluid.

The largeO operator is the material derivative or convective derivative, which is

defined as
— —  oftn . (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 sptially 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
(22).

Solving the NavierStokes is difficult; in fact, there are no know 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 gndtational forces are disregarded,

the Navier-Stokes equations become the Euler equation:

(0] n

— —. (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 includedhen considering thermoviscous
losses.

If only external body forces are neglected2(l) becomeg[14, p. 211]
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— np - ‘“ no ‘n n o (24)

where ‘ is the dynamic viscosity, and is the bulk viscosity. This now includes several
higher order terms that are not ignored.The-* o 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. Thée o term is the effective force on the
fluid from molecular relaxation effects. The coefficient 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 termives
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 knoetige 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 backvolume, this only occurs near a wal 8 4 EGAl E®ioT AT T AEOE
specifies that velocity vanishes at the wall, so there must be a decrease in velocity as one

approaches the wall, as shown ifrigure 2.10.

AAAA A
\L 22 2 7

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

so thenr 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 NavieBtokes

equations reduce tq[35]

, (25)

where U is the velocity in the ydirection. Recognizing thatv is aharmonic variable, (25)

becomes
QU -Qu QU | (26)
where Qis the complexwavenumber, and’ is the kinematic viscosity,  *j” . Solving this
for "Qgives
T — p Q- —, (27)
where
= (28)

Equation (27) shows that the complex wavenumber consists of real and imaginary parts of
equal magnitude, which ighe reciprocal of the viscous penetration depthpj1 . This means

that the viscosity of the fluid results in an evanescat 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:

"IN Y 4D Do, (29)
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where Il is the thermal conductivity of the fluid, andi 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 twowces 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 wallOnce again, a
linearized one-dimensional model is used. The viscous contsutions to the entropy can be
neglected because most of the viscous effects are already being accounted for in the

previous section. This leaves
ow— I —, (30)

which is the Fourier diffusion equation in one dimensin. Recognizing thatYis a harmonic

variable, (30) can be rewritten as
"OQ Y 1'QY (31)
This can again be solved fofQ which gives
Q — p Q— —, (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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00 — —. (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 i@d].

2.3 Generalized noise

The fluctuation-dissipation theorem[37] establishes a relationship between theeal
part of the OET DA A AT Alikdar AED OLIDAOEOA OUOOAI AbtisA AT 0O
was originally observed by Johnsor38] and explained by Nyquist[39] for the case of
electrical resistor noise. Itwas found thatthere were voltage fluctuations across a resistor
at thermal equilibrium. This noise exists independent of any applied voltag&his has come

to be known as Johnson noise or Johnsé¥yquist noise, and its power spectral density is
QO 1TQYWQ (35)

where ‘Q is the noise voltage,’Q is the Boltzmann constant]Y is the ambient temperature.
YQis the frequency band, and the brackets indicate a time average. Note that there is no
dependence on frequency (jat the frequency band), so this noise may be considered
O x E E ThA &dise 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 \brations 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 irigure 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 anydissipation caused by a generalized impedance will createa@rresponding
fluctuating generalized force. These generalized forces and impedances come from the
OEi PAAAT AA AT Al T CUhd xEEAE EO AAbASédlAths £FOOOE.
theorem means that in order to understand the noise of a system, one must firstderstand
its damping.

Another method for analyzing noise is the Equipartion theorem. This states that an
object in thermal equilibrium with its surroundings has its energy partitioned, with an
average value of QY ¢ for each independent componenf41]. A qualifying independent
component of energy will have an energy expression that is dependent on the square of
some variable, e.g-G 0 for kinetic energy or-"@ &£ O A ODOET Cd (].Bof OAT OEA

example, the simple harmonic oscillator inFigure 2.4 has one degree of freedom for its
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kinetic energy and one type of potential energy, stored in the sipg. This makes two
components, so the total energy of the system in thermal equilibriuris 'Q “Y Furthermore,

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

—a® O -QY (36)
for the kinetic energy of the mass and

"B O -QUY (37)

for the potential energy of the spring.

The JohnsorNyquist relation (35) is more useful than the Equipartition Theorem in
analyzing the thermal noise in a microphone because thiatter only provides a way of
determining a meansquared 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 acousticalWhile the equation does not directly depend on frequency, the
resistances themselve may be frequencydependent, 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 preamplifierin the majority of use cases the
ambient acoustic noise is the limiting factor inachieving a good signato-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 ifone wishes to improve the noise
performance of one of the componentsA plot of the noise spectra of a typical Briel & Kjeer
microphone system showing the relative contributions of microphone and preamplifier is

given in Figure 2.12.
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Figure 2.12 Typical 1/3 -octave noise spectra of a Briiel & Kjeer 50 mV/Pa sensitivity
condenser microphone with preamplifier. The bars show total linear (L) and A -
weighted (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 mehanism 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 facker
noise [10]. The electrical Johnson noise in the preamplifier is as described in the previous
section.

Shot noise is a phenomenon associated witthe discrete nature of charge, and it
appears in semiconductor pn junctions, photodetectors, vacuum tubes, and electron
tunneling junctions [41]. When these independent particles move about randomly, they
create a noise currem, which can be expressed as

6Q O ¢QOQ (38)
where "Qis the noisesignal current, Q is the elementary chargeg® p m C), andQs 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.

&1 EAEAO TTEOBIrGEO IMERAOUOREARE IGAAT O EO EAO A
pF Qdependence. It can arisefrom the variations in resistance of some circuit elements.
50ET¢C /EIi80 ,Axh OEEO AOAAOAO A TTEOA O11 OAGCAc
be exactlypf'Q but rather p7'Q, with| ranging from 0.81.3 for most exampleg12]. There
are other possible sources opfQnoise, 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 powe but a DC bias voltage is enough to sustain[#1].

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 frequentgcause of its

spectral behavior.
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2.4.2 Microphone noise

The noise in the microphone itself may com&om the mechanicatthermal noise of
the diaphragm, the acousticathermal noise in the air on either side of the diaphragm, and
the electrical Johnson noise ofthe electrical components in the microphone.The
mechanicalthermal noise is the noise from the random vibrations of the solid lattices in the
diaphragm material. The acousticathermal noise is from the fluctuations of Brownian
motion of gas molecules iran acoustical resistanceln the literature, the acousticatthermal
and mechanicalthermal noise are usually grouped together and called the mechanieal
thermal 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 diaphragmThe
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 negtjible.

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 thécous
dissipation in the air gap and holes in the backplatelf 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 sensitivitsince the Johson noise is
white and it acts directly on the diaphragm with no filtering.This is often not the caseThe
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 nexdcion.
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2.5 Derivation of a t hermal correction impedance 4L,

In standard lumped element models for the impedance of acoustical enclosures the
air behavior is usually approximated as adiabaticAs longas the thermal penetration depth,

1 , is much shorter han the dimensions of the enclosure, then the thermal boundary layer
is thin and makes up an insignificant portion of the volume, anthis adiabatic assumptionis
valid. This makes it simple to mak 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 poiibn of the total volume. The acoustical behavior can no
longer be treated as purely adiabatic, and the effects of heat transfeith the boundaries
must be considered. As this section shows, these effects manifest themselves as a correction
impedance thatis 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 bance 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 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 ablo create a
very precisely controlled source of soundver a large frequency range. For this reason, they

were used as a means of calibrating microphones in the 1910s and 192043, 44].
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Pistonphones are used in thei place now. These devices similarly produce a precise
acoustic pressure in a small coupling volume, but they rely on &nown volume
displacement rather than thermoacoustic principles. They only operate at a single
frequency, which is usually rather low fo 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 fpdI5]. These
OEAOI T AAT OOOEA £Z£EI T O AT OI A EAOGA E£OOOOA AbPDPIiI EAA
7AT OAG O [ANi©aAKalEricd of the rate of change of the heat content of a gas

volume element with the work done on it andheat transferred to it by conduction, which

can be expressed as

" — on=— Iln"y (39)

Here the volume is given as a specific volumep pj”8 )1 7AT OA6O OOAOAI
equation, the final term, which is theheat 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 hawe the opposite sign because it represents work donay the system,
while the heat content increases with work doneon the system. As this derivation
Al 1T OET 6AOh OEA ANOAOGEITO xEIl ACAET 1 AOGAE 7AI
equation was asimple oversight.
Although Wente never explicitly explains thed term, it appears to be a conversion
factor to maintain dimensional consistency because this paper was published before the

standardization of Sl units. If SI units are used for all variabded p and can be omitted.

Each term is then dimensionally consistent with units ofWj m3].
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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 th& ‘'O omay be replacedwith T I 0By

use of the chain rule
_ = —— _— ——, (40)

the last transformation using the ideal gas lawm 'Y M), where 'Y is the specific gas

constant. Using this and he fundamental relationshipd @ 'Yfor an ideal gas, 89) can

be rewritten as
w— — In"Y m (41)

Each of thevariables” ,”Y andr) 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

K K "Q (42)
YUY YQ (43)
and
n n na ., (44)
which means @1) conveniently becomes
Iny Q" QY Qn w (45)

(AT AAZE OOE &I O OEiI bl EAEOUGO OAEAh ORA OOAOQ!
and "Ywill be understood to mean the oscillatory temperature, with"Y still designating the

static value. Equation(45) can be written compactly ag46]

ny Y Y, (46)
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where
[ E—— (47)
and

Y , (48)

the last transformation using(f) ® Y, the ideal gas lawand the definition of the heat
capacity ratio,),  @j &. Equation @6) shows that the conductive term from(39) is related
to the difference between the oscillatory temperature'Yand Y. Y has physical significance
as the acillatory temperature amplitude in the case of purely adiabatic gas compressioh.
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 seinffinite space bounded byan infinite,
rigid, isothermal plane positioned atd 1. Thompson[47] gives the solution as

Y Yp Q Yp Q b (49)

The familiar thermal penetration depth as defined in 33) shows up here, suggesting
spatially constant temperature amplitude except clos¢o 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 e¢hermal, 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
iszeroatfl |1 p, which means that the temperature is in phase with pressursince”Y is a

function of pressure. As we near the wall the phase difference approaches’45
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Figure 2.13 Normalized temperature variation near an infinite, rigid, isothermal wall.

Solutions to @6) can be used to find the impedance of an enclosuréhe definition

of acoustical impedance can be written as

o - —, (50)

where "Yis volume velocity, and] cis an incremental volume displacementTo find an
expressionforf cx A OOOT O1 "TUI A6O0 1 Axh xEEAE AAT AA
- - -, (51)

where “Yis the spatially averaged oscliatory temperature amplitude. Combining 48) and

(51) gives

1T w0 — 7 I p—, (52)

which makes[47]
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Q , (53)
where
o —. (54)
and
0 wrn. (55)

4EA TACAOEOA OECT xAO OAIi T OAA AAKAHGBUNnesGE A
decrease in pressure for an increase in volume, while in our caaepositive volume velocity
is associated with positive pressurd46].

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 functiaf the purely
adiabatic impedanced® and the relative temperature variation in the enclosureThompson

[47] shows that(53) can beconveniently expressed as

o —, (56)

where @ is the thermal correction impedance given as

114

w _ (57)

where
O p YV (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

Aob
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correction impedance At high frequenciesand large enclosure sizesyY Y, and®is
reduced tow . It is also important to note that while® is purely imaginary,® has both an
imaginary and a real component becausevis 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 analyticd method describedin the previous sectioncan be used tacalculatethe
noise performance of a microphoneThe equations have been solved for simple shapes, but
they are difficult or impossible to apply to more complicated shapes, such as those found in
areal microphone. Simplifications must be made to the problem in such a waat 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. Mging 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 andumped 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 griophone and preampilifier.

3.1 Briuel & Kjeer Types 4134 and 4144

The microphones examined in this study are both manufactured bBriel & Kjeer, a
Denmark-based company specializing in sound and vibration measurement equipment.
They began manufacturing microphoes 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
ofpd AT A eo T1T1ETAIl AEAI AOAOOh OAOPAAOEOAI U8 4E
today due to their stability and familiarity as references. Now Briel & Kjeer produces a wide
range of microphones for various purposes, including a measurement condemse
i EAOTPETTA TETA xEOE OEUAO w#dre@ET C £OT T pTyo O
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Figure 3.1 The Briiel & Kjeer familyof | AAOOOAT AT O AT 1T AAT OAYHOh AEOT |
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measurement condensersThese microphones are chosetecause they are widely used,
they have beenpreviously studied [21, 8, 24, 26, 5] and some geometrical data were made
AOGAEIT AAT A8 ' AAT OAET ¢ @, thésE Aicrdptohe® 4 dedigded Aod 6 O ¢ O
use with acoustical couplers, such as an artificial ear. However, the low salfise and high
sensitivity make them appropriate microphones to use in other sorts of laboratory
measurements as wel[48]. Both of these microphonesare 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.
AEAOA TEAOIPEITAO AOA 1T &£ OEA ObieAkPddOA OAO
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 sourfd]. 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 surce of sound may not be facing the microphone, but they are both
AT 1T Z£ZET AA xEOEET A -REAIA OAOEIITABAG [1CEANAET T A
coming from some known direction, and the microphonediaphragm must be oriented
normal to the source sigal. A pressure response microphone can also measure a frigeld
response as long as the microphone diaphragm is orientegarallel to the direction of
incident sound, which may seem unintuitive. Fredield corrections can also be applied to
pressure respaise microphones if other angles of incidence are to be used. An example is
shown inFigure328 | OEEOA OUDA -EFA BALH AAcmEGA AMAE ARIEDON
the signal is equally likely to come from all directions. A special diffusiéeld microphone
can be used for this, or there is another correction curve, an example of which is also shown
onFigure32h 1 AAAT AA AO O2AT Ai i 86 3ETIAA DPOAOODOOA OF
all these signal types under certain conditions, they are good candidates for general
purpose measurement microphones and are in wide use.

The desgns for the two microphones are similar, both looking approximately like
the diagram inFigure 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 caphragm.
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Figure 3.2 An example of free -field correction curves for Type 4144 [48]
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Capillary tube for pressure Diaghragm
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Figure 3.3 Sectional view of a typical Bruel & Kjaer condenser microphone including

the protective grid [2]
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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
solutionsto differential equations in arbitrary geometries[51]. The geometry is divided into
a number of partitions calledelements which are connected byhnodesto form amesh These
elements are simple shapes, typically threeor four-sided polygons for twodimensional
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 nodesare solved for the dependent variable or variablesThis systematic
approach allows for computer calculation ging matrix operations. There are many
commercial software packagesvailable that employ the finite element methodwith some
of the most popular beingANSYS, AbaqudlASTRANand COMSOL. These packages are
widely used in many engineering fields, includig 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 isa commercial FEM software package with a special

Al PEAGEO 11 061 @i OPPEUGBA OAAT AOET O E1T xEEAE

phenomenon at work.In COMSOLHe set of differential equations to be solved, along with a

setof buitET OAOEAAI A0 AT A OAOOET ¢cOh AOA AAITT AA A

together by discipline and sold together in modulesAny physics type can be used in
conjunction with any other with the proper couplings established. Additionally, user
defined 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 i / - 3 / ModeOLibrary and in the user community Updates

to the software usually come several times per yearAll of the data presented irthis 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 usefriendly, interactive graphical user
interface, although there are also opbns 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 Deifitions 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 solverThe Model node is divided into Definitions, Geomejr

(



67
Materials, physics, and Mesh nodes. There may be one or multiples physics nodes,
depending on the problem. Each of these nodes contaimultiple subnodes that are edited
to define the model properties.By default much of the mathematics is hidden fromhe 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 volumesquation
(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 ofOEA 1 Oi AOEAAT 1 POEI EUAOETT O AT A DPOAAAEEI]
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 nomegligible 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 viscouand/or
thermal losses, but these have not been explored. Another option #/ - 3/ , 80 1 Ax
Thermoacousticsphysics, whichis left for future work (see Section5.3.2).

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 andurface
radiosity. This is not a problem as long as the temperature is normalized tor "YY,
eliminating the pressure from @6). The COMSOL moddkemperature variable will be called

“Y and @6) becomes
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nY 1Y p. (59)

The equation solved in the Heat Transfer physics is
OO XY nolnyY 0, (60)

where ¢ is the fluid velocity vector and0 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 liat than the expected Heat Transfer in

Fluids physics.This reduces 60) to
n"y -, (61)

which can be set equal to%9) and solved for0 to get

~
g

0 It Y p QDY p. (62)

A userdefined volumetric heat source with this value can be added to thdeat 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 themethod of Section2.5 to

enclosures of complicated shapes, inclug microphone back volumes.

3.5 Thermal noise in a spherical enclosure

A preliminary model of aspherical 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 aondain

with a 2 mm radius, as shown inFigure 3.5. Using a hemisphere takes advantage of
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symmetry to reduce the mesh size and consequently, the computing requiremenEurther
symmetries could have been used but were unnecessary in this simple model. Also included
is a line through the axis, which is useds a reference to calculate the radial temperature
distributon. 4 EA | AOAOEAT OAlI AAOAA /A itcludeEAr matgial, AT | AET
which includes built-in functions for properties including density, heat capacity at constant

pressure, and thermal conductivity.

207 | [ | ‘
L -—é._-.:,,, | . ‘ [

'i ]

xloogl,

| N
l l 1
i !
LN N
Yo &
x10 4N < »A?lg'zo

105 | 7.:17"% -4

-2m.'.. g x10

Figure 3.5 Geometry of the spherical enclosure mode |
The parameters used as Global Definitions are given Trable 3.1. The inclusion of a
OO0AOO AEOARNOAT AvdraingE @ anQihkno®rOvaratidinOater 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 modelThe
expressions for Z_t, Z_a, and Z_tot correspond to equatioBd) (56), and 67). The aveopl
functil T ET OEA AZPOAOOEIT &I O 4 A OAEAOO O Al A

which is defined in the Definitions subnode.
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Name Expression Description

rad 2[mm] radius

TO 293.15[K] atmospherictemperature
p o0 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

co Vol/(gamma*1[atm]) adiabatic compliance

T bar aveop1(T)[1/K] spatlglly averaged temperature
amplitude

Y 1-T_bar --

Zt 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_1) total impedance

Table 3.2 Variables for the spherical enclosure
The boundary conditions on the outer curved surfaces aréY 11, which means the
walls of the sphere are isothermal. It should baoted 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
=D Y m (63)
where = 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

conditionis“Y Tteverywhere. The heat source inG2) is included, expressed in COMSOL as
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-i*2*pi*freg*modl.matl.def.rho(p_0,T_0)*modl.matl.def.Cp(T_0)*(], (64)
where OEA Ox1 OAOI O AACEITEIC xEOE Oii Apo6 AOA
density and specific heat at constant pressureevaluated at atmospheric conditions.
The meshmust be fine enough that the temperature oscillations in the solution can
be resolved to an accuracy sufficient for use in the impedance formula#/hen applying the
finite element method to a wave problem, it isiseful to consider the element size relative to
a wavelength.In the present case this is not the acoustic wavelength buather the thermal

wavelength, corresponding to the thermal wavenumber in 32). For a chosen minimum

number of elements per wavelength)) , the maximum elementsize is

, " (65)

where , is the element sizeand _  ¢* ¥Qis the thermal wavelength. In the sphere mesh
tetrahedral elements are used, sq 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 witincel
out to some degreelt is supposed that two quadratic elements per thermal waveingth may
be sufficient in this case.Setting, W Tum generates a mesh in the hemisphere of
564,810 elements which is shown inFigure 3.6.

The upper frequeng limit for the validity of solutions using this mesh can be found

by rearranging (65) to solve for frequency:

"Q _— (66)

OA
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Using 0 ¢, the mesh should yield valid impedance resultsbelow 5.2 kHz.Using the rule

of thumb 0 v, thetemperature 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 Hzz 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 showifrigure 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’Y p everywhere except for a small
boundary layer. This means”Y “Y, so the air behaes adiabatically. In between is a
transition region visible in the 10 Hz and 100 Hz plots, where a significant portion ohée
volume has a temperature gradient.

The temperature can also be plotted as a ordimensional function of the radial
coordinate of the sphere.This can be directly compared to the analytical solutioprovided

by Thompson[47] as

- P (67)
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where Qis the radius of the sphere, andl is the radial coordinate. The magnitude and phase
of this distribution is shown in Figure 3.8, along with the COMSOL simulation resultsThe
agreement is excellent except very close time wall at high frequencies, where the mesh is
unable to properly resolve the temperature oscillaibn. An expression for the thermal
correction impedance in the sphere i$47]

1 14

W : (68)

and @ and d@can be calculated from $4) and (56). These can be compared to the COMSOL
output for the variables Z, Z, and 4., respectively. The real and imaginary parts of these
give the acoustical resistance and reactance of the encleswand are displayed inFigure 3.9.
There is no adiabatic curven the resistance plot because the adiabatic impedance is purely
reactive. The agreement is excellerdt all frequencies.
The total resistance has flat frequencylependencein the low-frequency limit but
transitions to a slope of'Q 7 at higher frequencies, corresponding to the changes from
isothermal to adiabatic behavior seen irFigure3.7.) O EO AT 1 OAT EAT O O AA=#
AOANOAT AUbd OE A Othi€dbande ETACSAl DA i© 900 Eafarbltra#®y because
the transition is a gradual process but a good definition is when the total resistance has

decreased from its lowfrequency limit by half. For the 2 mm spherical enclosure, this

transition frequency is approximately 11.5 Hz, well below the limit of human hearing.



10 Hz 100 Hz L

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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