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A miniature condenser microphone array that combines array signal processing and
micro-electro-mechanical systerddEMS) technologies is presented. A linear dynamic model and

a quasistatic analysis are presented. The array configuration serves two purposes: enhancement of
the signal-to-noise rati6SNR) and the directivity of sensor. A least-squares beamforming design
based on the template resulting from the Multiple Signals Classification algorithm is proposed to
achieve a directive beam pattern. To minimize the parasitic effects on the MEMS device, a
system-on-chip design composed of a microphone module, a dc bias circuit, an impedance matching
circuit, and array beamforming filters is proposed in the paper. The performance of the proposed
design is evaluated in terms of the frequency response, SNR improvement, and directional response
through numerical simulations and experiments. 2@04 Acoustical Society of America.
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I. INTRODUCTION show how electroacoustic transducers, array signal process-
ing, and MEMS technology can be applied in a multidisci-
3C (computer, communication, and consuinieddustry  plinary design problem. The second purpose is to improve
has recently emerged as one of the most rapidly growingNR through integration into arrays. The third purpose is to
industries of modern days. Commercial products such ainprove directionality through integration into arrays. How-
notebook computers, personal data assistants, mobile phoneser, for the last purpose, it shall be shown that it can be
and MP3 players are currently making their way into peo-achieved above moderately high frequency due to the physi-
ple’s lives. Miniaturization has been known to be one of thecal constraint of array size. In the single chip design, para-
chief concerns of 3C products. This is particularly true forsitic effects are reduced due to elimination of interconnec-
microphones that are important components of 3C productsions between modules. Apart from the SoC design, a
A condenser microphone based on micro-electro-mechanicahicrophone array configuration is also proposed in this study
systems(MEMS) technology offers a potential solution in to further enhance the SNR of the device. One benefit of
achieving ultimate miniaturization for 3C products. Silicon using such array configuration is that the SNR terms of
microphones have received a great deal of research intergsdwep increases by the number of elements in the afray.
for years and an excellent review can be found in Ref. 1Furthermore, the microphone array serves as a spatial filter to
However, there remain technical issues that need to be réecus only on the source and reject unwanted noise at the
solved before we find widespread use of such device. Alother directions, making the array an attractive solution for
though conventional capacitive microphones have highehands-free communications. In order to achieve a highly di-
sensitivity than piezoresistive microphones, sensitivity is stillrective beam pattern, a constant beamwidth array based on
a crucial consideration in micromachined capacitive microthe template from the Multiple Signals Classification
phones. This sensitivity problem pertinent to silicon micro-(MUSIC)® algorithm is designed using the least-squares
phones is due partly to the built-in stress in the diaphragnmethod. For simplicity, the resulting filters are realized by
resulting from the MEMS fabrication process, and partly toanalog circuits. The MEMS fabrication is well suited for
the parasitic capacitance in electrical connections. This probsuch multichannel array SoC design.
lem is further worsened by the self-noise in the chip, which In this paper, the properties of the condenser micro-
may overwhelm the exceedingly weak signal generated bphone and array filters are investigated. Electro-acoustical
the device. Hence, the signal-to-noise rd8&R) has always analogy is employed to establish a linear dynamic model of
been one of the major design factors in MEMS microphonesthe silicon microphone, while a quasistatic analysis based on
To address this issue of low sensitivity, a system-on-chighe finite difference method is conducted to find the collapse
(SoQ design of the microphone that integrates the sensogondition. Some previous research on this aspect should be
structure, a dc bias circuit, an impedance buffer, and arrayhentioned. Hohm and Kwef® applied an analytical ap-
beamforming filters in one chip is presented in this paperproach to calculate the nonlinear deflection of the diaphragm
The purpose of this paper is threefold. The first purpose is t@f a silicon microphone. Bergqvfssuggested a more com-
plex model based on the finite elements methB&M).
@Author to whom all correspondence should be addressed; electronic maiPedersehexamined the effects of the perforation in the back
msbai@mail.nctu.edu.tw plate on microphone stability and performance by using the
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released by a lift-off process. The metallization scheme
should play a role in the diaphragm stress and the parasitic
capacitance. Like traditional condenser microphones, a dc
bias voltage source is needed in our MEMS microphone. To
predict the large deflection of the diaphragm resulting from
an excessive dc bias, a quasistatic analysis in Ref. 1 is re-

viewed.
Assume that the backplate is rigid and the deflection is
L small so that the linear model applies. For simplicity, nonlin-

ear stiffening that may affect the prediction of the electro-

Diap}l"ag"; electrode static collapse point is not considered in the following pre-
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FIG. 1. A schematic diagram of the microphone arfay.The microphone d
array with four MEMS condenser microphonéls) Cross section of a con- Wherehd is the plate thicknessxd is the built-in stress, and
denser microphone with a perforated backplate. . . - -

wy(X,Y) is the deflectionC,1=C,,, C1,=C,;, andC,, are

o . o material constants of the plate. For isotropic materials, the
finite differences methodFDM). Similar to the work by forgoing material constants are given by

Pedersen and other researcHefs, electro-acoustical

analogy~°is exploited in this paper to account for the com- E Ev E

plex coupling among the acoustical, mechanical, and electri- Cll:_—vz’ ClZ:m’ C44ZM! @)

cal domains. The collapse condition of the microphone is

determined from a quasistatic analysis of the nonlinear sysvhereE andv are the Young's modulus and Poisson’s ratio,
tem. On the basis of the linear dynamic model, performanceespectively. In Eq(1), psp is the sound pressurgg, repre-
analysis was carried out to justify the proposed MEMS mi-sents the electrostatic force per unit area due to the dc bias
crophone array. As for the MEMS microphone arrays, twobetween the diaphragm and the backplate and is given by
references are relevant to the present study. Chowdituay
presented a 83 MEMS capacitive microphone arrdy.In
their design, beamforming was accomplished by the simple
delay-sum method. However, there was an error in the analy js the relative permittivity of the diaphragm materiey,is

sis of directional response, and no experimental results argeq \acuum permittivityh, is the distance of air gap, and
presented. Anothe_r work_b)_/ Arnqlelt al. developed a 16_— V,. is the dc bias voltage. The constaf, . accounts for
element ME_M“? piezoresistive microphone array for windie effect when the backplate is perforatetlithough in a
tunnel studieg! _The fast Fqurler transforr_n is used fqr practical setting the diaphragm is fixed by a tapered and
frequency-domain beamforming. However, instead of being,ymewhat asymmetric junction, it is assumed for conve-

fabricated on one chip, the microphones are mounted on giance that the diaphragm is clamped at the edge, i.e.
printed circuit board. Thus, the performance of such design T

(xy)=K Yz 3
Pel X,y hOIeSZ(hd+€d(ha_Wd)) ba’

was found comparable to conventional microphone arrays. IWG(X,y) IWG(X,y)
Wy(X,y)= ————=0, wy(x,y)=——=0
ax ay
IIl. DESIGN OF MEMS CONDENSER MICROPHONE on the boundary. An iterative quasistatic analysis based on

ARRAY the FDM is carried out for the partial differential equations in
Consider a four-channel MEMS microphone arrayEq. (1). The large deflection of diaphragm and the collapse
shown in Fig. 1a). Four condenser microphones are fabri-condition of the microphone is found from this analysis. The
cated with equal spacing on a straight line. In this sectiondetails of the procedure can be found in Ref. 1.
the quasistatic and the linear dynamic models and the array ~Next, electro-acoustical analog}® is adopted for pre-
beamforming design will be presented. dicting the linear dynamic behavior of the MEMS condenser
microphone. The equivalent circuits of the microphone are
shown in Fig. 2, wherein the acoustical, mechanical, and
We begin with a single channel condenser microphoneelectrical domains are coupled through ideal transformers.
with a square diaphragm and a perforated backplate, as In the acoustical subsystem of Fig(bg, the radiation
shown in Fig. 1b). In the metallization process, Cr and Au impedance is approximated by the analogous cirtintig.
are deposited using evaporation as the adhesion layer and tB&), where RAl:O.44JpOc/L2m, CA1=5.94_3m/p0027r\/;,
electrode layer, respectively. The metallization layer can b&Rn,=poC/LZ, M a1 =8pg/3m\7Ly, po is the density of air,

A. Quasistatic analysis and linear dynamic analysis
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Mechanical System Electrical System

U T=is, uw, Mw  Cw 1o

+hgep), and Cgy=(h,—wy)/Vp,. Hence, the impedance
matrix for the condenser microphone can be written as

Acousticalﬁmm T ?_é €To+ . 1
Pp f CEO €out E H
- Z T JoCepm
—O- Lmic= 1 ’ ®)
(@) ZM
c, joCepm
1 where Zg and Z,, are the equivalent electrical impedance
A Acoustical Systetm and mechanical impedance, respectively. Note that this ma-
o G=15 trix is symmetric, as expected for a reciprocal electro-static
Ma “land & M, R, M, transducer.
XX
+ prp, — I
p C,
T - B. Constant beamwidth design based on the MUSIC
® template
c, Assume thatM microphones are uniformly distributed

with interelement spacind. One benefit of using arrays is
Ry the improvement of SNR that can be assessed battay
white noise gaifWNG) defined as the increase of the SNR

M, R between one sensor and the output of the entire array

—Tm—L—-o
+ G= SN F\)elrray
- SNRoansor

© The array inputgx) and the outpuiy) are given, respec-
FIG. 2. The equivalent circuit based on electro-acoustical analogy of thetlvely’ by
condenser microphondga) Complete system composed of three coupled
subsystems: the acoustical system, mechanical system, and electrical sys-
tem. (b) Detailed circuit representation of the acoustical subsystencir-

cuit representation of the radiation impedances.

o
T|~u+

x=s(t)at+n,
y=wHx=s(t)wHa+w'n,

where s(t) is the source signal, a
=[1 exdjw(dsindlc)]---exdjo(M—1)dsingl/c]" is
called the “manifold vector” associated with the look angle
nQ\:{vith respect to the normaand the center frequenay,, n

IS the noise vectofassumed to be wide-sense stationary un-
correlated white noise with equal poweﬁ), andw is the
array coefficient vector. Hence,

c is the sound speed in air, ahg, is the width of the square
diaphragm. Similar to the approach taken by Skvoihe
effect of the air gap is modeled as equivalent resistance a
mass elements in the acoustical domainR,
=(1.22pmbh%h3L2)B and M,=(0.10mb?h,L2)B,
wheren=1.86x 10 ° N s/n? at 20 °C is the dynamic viscos-
ity of air, h, is the distance of the air gap, aBds defined as

E{ls(hw"al?}  E{|s(t)|}w"ad'w

SN = =
o 1 (0187 3 a2 al Py E{|w"n|?} aawHw
=—-In -5t NP ..
4 a2 8 0.16° 0.2046* Recognizing that

whereay, is one-half of the width of the acoustical hole. The E{|s(t)|?}
acoustical holes are modeled by an acoustical resRfor —— = SNRenson
=127h,/b?L2 and masiM,=24poh,a2/5b%L2, whereh, In
is the thickness of the backplate. The acoustical compliancere end up with
of the backchamber i€,.=V./poc?, WhereV,, is the ef-

H o oH
fective volume. A transformef; with turn ratio 1:Sp (the _Waaw

area of diaphragjnaccounts for the coupling of the acousti- wHw
cal system and mechanical system.

In the mechanical subsystem, the flexural rigidity of theOr example, the array WNG of a ben.chmark delay-sum ar-
diaphragm is predominantly due to the built-in stress acfay can be calculated by setting=a/M:
quired during MEMS fabrication. That renders the compli-
ance of the diaphrag?TCMD=32/w60dhdLﬁ1, where oy is PN
the built-in stress antly is the thickness of the diaphragm. (IM%a"a
The mechanical mass of the diaphragm is givenVagp The physical ground to result in this desirable feature is that
=pdhdL§1, with py being the density of the diaphragm ma- uncorrelated noises tend to add or cancel with equal prob-
terial. The mechanical-electrical coupling factor  ability, while signals add in phase among the array channels.
=Cgo/Cgm, WhereCg is the capacitance due to the dc bias Our goal is to design a narrow beam throughout a wide
and is given by Cgy= KholesbedEOLﬁq/(haEbfd+ hpegq range of frequency. Pattern inversion by Fast Fourier Trans-

1M?)aHaaa
= # = aHa: M i
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form (FFT) would not work well in this case because the filters to yield a narrow beam throughout a wide frequency
aperture size of the four-element MEMS microphone array isange, as close as possible to that generated by the MUSIC
just too small to produce any meaningful directivity. The template. To this end, a MUSIC template is generated using
spectral leakage of the truncation effect resulting from theEq. (6) with a source located at 0°, at frequeney, e.g.,
small aperture simply destroys the directivity. one-half of the sampling frequendy. This template with

To achieve high directivity, a beamforming design baseddentical subtending angle applies to all frequencies, hence
on MUSIC® template is adopted. In the MUSIC algorithm, the name “constant beamwidth.” The vector of the MUSIC
the beam pattern is given as template denoted 8$=[SMU(01)"'SMU(9Qd)]T is created

by uniformly sampling atQq discrete angles 90°< 6,

. , (6) < <fq,S 90°) the MUSIC beam pattern in E). Next,
a’Pya P, equally spaced discrete frequenciég))=(fs/P,)! (1
where the angl® and the manifold vectoa are as defined <I!=<P,,, are selected within the Nyquist frequency. Let the
previous|y, the projection matriRN: 2m=3+lumum, Jis the filter gain at themth element and thkh frequency bevm(l)
number of sources, and,, is the mth eigenvector of the The array pattern at thiéh frequency can be written as
signal correlation matrix. M (m—1)dsing

The beam pattern produced by the MUSIC is known to  P(l,0)= 21 W:%(Uexl{jZWfr(Uf

Swu(8)=

be highly directional. However, the MUSIC is mainly in-
tended for finding direction of arrival and it requires inten- v
sive computation in the correlation matrix and eigen-The symbol* denotes complex conjugate. Since we wish to
decomposition. Instead of direct implementation, we adoptedhatch an array pattern to the MUSIC template, i.e.,
a practical approach that utilizes the beam pattern resultin@+(l,8)~Syy(6), the model matching problem for a spe-
from MUSIC as a design template. That is, we seek the arragific angle can be written as

AON

F<' dsina) [{ (M—l)dsina) w3 (1)
lexpj2xf.(l) c coex Jwa,(I)f : =Syuu(0). (8

wy(1)

Assembling all anglesﬂl,...,an of Eq. (8) leads to the following matrix equation:

, dsiné, . (M—1)dsing,\ ]
1 expj2#f.(l) c exp{12wfr(l)f
_ dsiné, _ (M—1)dsiné, wi (1) Swu(61)
L expj2nfi () — exp j2mf(l) ———— w3 (1) Suu(02) ©
: : B : w’,f,;(l) Swu(bg,)
dsinan (M—l)dsinaQd
1 exp j2nf,.(l) S e j2afl) ———(———
Let t-he array gain vecton(l)=[wj (I)---w¥ ()], sT=[SMU(Gl)SMU(HZ).-..SMU(HQd)]T, and
1 exp(jzwfru)dsgwl) ex;a(jzwfru)w)
[{_ dsin02> ;{ (M—l)dsinez)
1 expj2wf.(l) exp j2nf () ———
P(l)= ¢ ¢ (10
1 ex;{jzwfru)ds'ze“”) exp(jzwfr(l)—(M_l)fsmgM)

The optimization problem can be written as a model matchwhere we choose the two notfr||, as the measure of match.

ing problem In general®(l) is not square an@4>M. This “overdeter-
mined” problem has the least-squares solutiom,g(l)
min=||s;—®()w(l)]|,, (1)  =(®"®) ®"s;. Direct calculation of this pseudoinverse
w(k)
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often yields impractical solutions becaudél) usually has TABLE I. The parameters assumed in the FDM procedure for the quasistatic
. : . analysis of the MEMS condenser microphone.
very small singular values. Alternatively, Tikhonov 2" icrop

regularization® is employed to solve this problem, Diaphragm material Silicon nitride
wis()=(®d"d+gl) s, . (12 Diaphragm length () 1 mm
. Diaphragm thicknessh) 1 um
By varying the parameteg, we can control the degree of i gap distance ) 3 um
regularization. Repeating the same procedure Rgrfre-  Acoustical holes numbem,) 100
quencies, the frequency response samples afrthechannel  Acoustical holes side lengtraf) 60 pm
w¥ (1) can be obtained. To ensure real impulse responses, tl*ééeclilg*r‘_cpg;’:;t;"r"iyofgae diaphragrag 8.85¢ 1;’ F/m
. . | | |
following symmetry of frequency response must be applledYoung,S modulusE) 300 GPa
—\* Built-in stress ¢g) 50 MPa
Hm(0)=win(D), Poisson’s ratic(u;j 0.2
—\* — Bias voltage V) 50 V
Hm(D=wn(D),  1=1.2,...Py, (13 Pressure loadingRs,) 5 Pa
Ho(D=w,), I=(P,+1),(Py,+2),....(2P,—1).
The impulse response for each channel is then calculated ) 5
with the aid of inverse FFT, 1= S7(4KT Ry + AR/ T) 4(0.65KT
2P, —1 (1- 0% 03)%+ (0l 0,Q)? Om
(k)= 55— 2, Hp(l)el7Pw',
2Py, =0 2qlg 5
+ 5| (ImR) “+4KTRy. (16)
k=0,1,..(2P,—1). (14 (0Cyo)
The resultingh,,(k) is generally noncausal and circular shift In Eq. (16), Sis the diaphragm areé,is the Boltzmann
is required to obtain a causal impulse respom&ek). constant,T is the absolute temperaturfeand w are frequen-

Since we wished to simplify the array design on thecies in Hz and rad/s, respectively, and Q are the reso-
chip, we chose simple implementation using analog filtersnance and quality factor of the diaphrag?, is the 1f
The frequency responses of the FIR filté/s(k) are calcu- coefficient, g, is the FET transconductanc&,, is the

lated diaphragm-backplate capacitancgis the electronic charge,
2P, 1 andl g is the gate leakage current. As revealed in 8d),
H (1) = h' (ke i7PwIk  |=01 . (2P, —1). the gate shot noise introduces a1/omponent. At frequen-'
ml!) kZO m(K) (2Pw=1) cies well below the resonance, the membrane damping

(15 (Brownian component behaves as a Johnson noise source,

The transfer functions of the analog filters are fitted with theVhich dominates over the channel and drain resistor compo-

MATLAB ® commandinvfregs The resulting analog filters of NeNts. - _ _ _
array beamforming are realized by using active filter tech- AN important finding in their work is a formula obtained

niques such as the biquad circuifs. by linear regression that correlates thé hbise coefficient
(b;) with the diaphragm damping resistBy, .
log(b;)=—24.1+1.89 logR,). (17

C. Discussion of self-noise This empirical relationship applies to any diaphragm-based

The self-noise, or background noise, is defined as thenicrophone, independent of detection technology. Because
rms output signal of the microphone in the absence ofthe diaphragm damping resistance increases inversely with
acoustical excitation. An in-depth comparison of the backdiaphragm diameter, one may expect a significaftcbim-
ground noise in piezoresistive, eletret condenser, and cerampionent in MEMS microphones. As a caveat, the SNR of a
microphones can be found in the paper by Zuckerstaal 1’ microphone with overly damped diaphragm can be quite
Their analysis identified four types of background sources: poor at low frequencies due to the associatednbise.

(1) mechanical Johnson noise due to the Brownian motion
of air molecules impinging on the diaphragm, as repre-il. NUMERICAL AND EXPERIMENTAL
sented by a damping resist@y , and 1f (inversely pro- INVESTIGATIONS
portional to frequencynoise generated by motion of the A. Quasistatic analysis

diaphragm;
(2) thermal channel noise generated in the FET channel; Following the aforementioned iterative procedure of
(3) gate shot noise generated in the FET; FDM, the quasistatic analysis was carried out to predict the
(4) electrical Johnson noise generated in the drain resistgollapse condition. Table | shows the parameters assumed in
Ry. this simulation. The diaphragm material was assumed to be

silicon nitride. The FDM calculation was based on a mesh
An equivalent circuit analysis in their work led to the follow- with 25X25 grid points, covering a quarter of the diaphragm.
ing expression of the power spectral density of backgroundhe built-in stress50 MPa and the Young's modulaS800
noise in terms of the above-mentioned sources: GPa is assumed fa 1 mmsquare diaphragm made of sili-
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FIG. 3. The deflection profiles calculated by the FDM for three different FIG. 4. The frequency response of the MEMS condenser microphone simu-
conditions: bending effect only, built-in stress only, and “strebending.” lated by using the PSPICE. The effects of parasitic capacitance on sensitiv-
The diaphragm material was assumed to be silicon nitride. The built-inty are also indicated in the same plot. In the simulation, 10 pF parasitic
stress=50 MPa, the Young's modules300 GPa, and the diaphragm is sub- capacitance is assumed.

ject to a uniform load of 5 Pa.

than the nominal air gaf8 um), the condenser microphone
con nitride?® The calculated deflection profiles for three dif- should be rather safe during operation without the risk of
ferent conditions including “bending effect only,” “built-in collapse.

stress only,” and “stressbending” are shown in Fig. 3. The
results indicate that the effect due to built-in stress is th
dominant factor in overall diaphragm stiffnegsbout two
orders higher than the bending effedtf only the built-in
stress is considered, the maximum deflection at the center of ~The linear dynamic model is simulated with the aid of
the diaphragm reaches 7 nm, which is of the same order 8¢ psPICE!® Table Il summarizes the parameters assumed in
the value 3.3 nm predicted by a parallel plate/linear springhis simulation. For simplicity, the linear analysis considers
model with the spring constant deduced frofyp only the dynamic response, but not the dc deflection of the
=32/7T6Udhd|-r2n- Using this FDM model, the critical bias diaphragm caused by the bias voltage. The partial pull-down
voltage near collapse was found to be 84 V for the preserifay change the effective compliance, increasing it or de-
setting. For stability of the device, a conservative value, 609&reasing it depending on the proximity to snap-down. In-
of the previously calculated critical voltage, or 50 V, was creasing(decreasingthe compliance reduces the bandwidth
thus selected to be the dc bias. The maximum static defledresponsivity. Figure 4 shows the simulated frequency re-
tion of the diaphragm corresponding to such dc bias voltagéPonse between the incident sound pressure and the open-
attained 0.32um. Since the predicted deflection is far less Circuit output voltage of the microphone Wi 1 mm<1 mm

8. Simulation of linear dynamic model and
preamplifier circuits

TABLE Il. The parameters assumed in the linear dynamic analysis of the Var
MEMS condenser microphone.

Diaphragm material Silicon nitride

Diaphragm length(,,,) 1 mm

Diaphragm thicknessh() 1 pum

Diaphragm density dq) 3440 kg/ni R

Backplate thicknessh{) 20 um Vot

Air gap distance If,) 3 um

Air density (pg) 1.3 kg/n® —O

Sound speedc) 343 m/s Vi -

Dynamic viscosity of air(7) 1.86x10 ° N s/n? O _ I pl 12 20120

Acoustical holes numbe\,) 100 _L I =

Acoustical holes side lengttaf) 60 um C

Vacuum permittivity €,) 8.85< 10 ?F/m PAT g

Dielectric constant of the diaphragre) 2 M1, 20/20 tl

Dielectric constant of the back platey 2

Young's modulugE) 300 GPa —L

Built-in stress @) 50 MPa

Poisson’s ratidv) 0.2 _=_

Bias voltage V) 50 VvV

Pressure loadingR;) 5 Pa FIG. 5. The PMOS source-follower preamplifier. Two PMOS transistors of
20 um/20 um are selected to implement the amplifier.
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FIG. 6. A template obtained using MUSIC algorithm fQy=181, P,
=256. The beam pattern of this template exhibits a sharp peak at 0° with JC2|
beamwidth approximately 10° for 40 dB attenuation. 11 2
2
VWA
square diaphragm. The 3 dB cut-off frequency occurs at 42.7
kHz. The frequency response is relatively flat throughout the R, e}
band Q—42 kHz. The predicted open-circuit sensitivity was VWA | | b
approximately—39.7 dB V/Pa, or 10.35 mV/Pa. The ob- R, 4 :+
tained sensitivity of MEMS microphone is comparable to A%
conventional 1/4 in. condenser microphones. R ¢
The preamplifier shown in Fig. 5 is needed because of V.,
the relatively large output impedance of the condenser mi-O
crophone. This buffering preamplifier utilizes the PMOS R, R SR,
transistor as the bias element, owing to its high impedance _ i
characteristic. The optimum SNR is achieved by having & O

much higher input impedance than the sensor impedance
After the preamplifier, the signal should be robust and can be
taken off chip if necessary. However, on-chip integration of
the buffering preamplifier is still important to reduce parasit-cuit.
ics. Figure 4 also plots the microphone frequency response if

FIG. 8. Analog implementation of the array filtefs) Four channel micro-
phone array implemented by the biquad modu(e$.Detailed biquad cir-

the parasitic capacitand@y,= 10 pF is present. The loss of mjcrophones is significantly reduced by 10 dB up to the
sensitivity is frequency dependent. The sensitivity of MEMSytoff frequency due to the parasitic capacitance. As evident

from this result, the SoC design is crucial for MEMS micro-
phones to yield sufficient sensitivity.

C. Constant beamwidth design based on the MUSIC

In this section, the constant beamwidth design based on
the MUSIC template is presented. The array contains four
microphones in a line, with interelement spacing 5 mm. A
MUSIC template is constructed using E@) for Q4=181
discrete angles and,,= 256 discrete frequencies. The beam
pattern of the resulting template is shown in Fig. 6. This is
the MUSIC spectrum plotted in the angle space, and not the
conventional Fourier spectrum. This template exhibits a
sharp peak at 0° with beamwidth approximately 10° for 40
dB attenuation. After obtaining the frequency response of the
microphone array, the impulse response, or the FIR filter
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FIG. 7. The calculated impulse responses of the array FIR filters after th
circular shift. (@) Channel one(b) Channel two.(c) Channel three(d)

Channel four.
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e

coefficients, are calculated using inverse FFT. Circular shift
is applied to obtain causal FIR filters. The resulting impulse
responses of the array FIR filters are shown in Fig. 7. The
MATLAB functioninvfregsis used to find the continuous time
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TABLE Ill. The parameters used in the analog biquad circuits of the array

element 1

element 2

filters. 0 = Desired 2 = Deasired
- == |mplemented 10 == [mplemented
Module 1 Module 2 Module 3 Module 4 g » ﬁ ==
] @
- k-
R, 265<10°Q 3.64x10°Q  1.75x10°Q  5.60x10°Q 2" 2 .
R, 83IX10PQ 7.68x10°Q  7.89x10°Q  1.07x10°Q 2 or~~ g
Rs Infinite 3.44x10°Q  Infinite 3.18<10° Q
Rs Infinite 4.34¢10°Q  Infinite 2.83x10° Q 10 b _ . , _ . . ,
R,  787X1FQ  222¢10'Q  275x1FQ  1.74x10°Q T frequency D) ' O euency 3 ’°
Rc 6.82x10° Q) 2.39x10°Q  9.75x10°Q  5.25x1C°Q element3 element4
Rp 117x10PQ 1.72x10°Q  1.11X10°Q  1.24<10°Q B Desired b ey
r, 100x10°Q  10.0x1°Q  10.0x1°Q  10.0x10° O g T T gl
C, 0.01uF 0.01uF 0.01uF 0.01uF R T 2
C, 0.01uF 0.01uF 0.01uF 0.01 uF 3 LR
€ -0 T
Module 5 Module 6 Module 7 Module 8 E 0 ';" ] T
R, 226x10°Q  552x10°Q  1.64x10°Q  3.82x10°Q - 10
R, 7.88x10°Q 859%x10°Q  8.15x10*Q  1.32x10°Q o0 Fr;g’umy (Jg; w’ o Fr;ﬂ“um (Hg; 10’
Rs Infinite 3.42¢10°Q  Infinite 2.78<10° Q aueney
Ry Infinite 2.19<10°Q  Infinite 7.71x10° Q (@)
R, 426<107 Q0 1.99x10°Q  2.76x10PQ  7.18<10°Q cloment 1 slement2
Rc 6.83x10° Q) 4.20x10°Q  1.63x10°Q  4.15x10°Q | p— 00
Rp 1171000 1.31X16PQ  1.07x10°Q  1.32x10°Q .
r, 10.0x10°Q  10.0x1C°Q  10.0x10°Q  10.0x10°Q ;' 3 Ofoem =
C, 0.01luF 0.01uF 0.01uF 0.01 uF § ™ $ 1o
C, 0.01uF 0.01uF 0.01uF 0.01uF $ 8w
£ =
& 400} === Desired * 300} Desired
=== implemented © == |mplemented
-4
transfer functions of the array filters, applicable to the fre- o e o 1o I e 10 10°
_ H H _ Frequency (Hz} Frequency (Hz)
guency range_O 8 kHz. Ngxt, the_se array _f||ters are imple Slement3 Slement 4
mented by using analog biquad circuits. Since each analo( 1 Opr===
transfer function is of order four, two biquad circuits shown R 1
in Fig. 8 are cascaded to realize the array filter. The param-g -
eters of the biquad circuits are shown in Table Ill. The fre- g R
quency responses obtained using the simulation and the ext - £
. . . . - — esire = [esired
periment, respectively, are compared in Fig. 9. The | == s 400} =2 imglemant
equivalent filter weights at four frequencies are shown in e e o o e e s e
Table IV. The magnitude and phase responses are in goo Frequency (Hz) Frequency (Hz)
agreement. It is worth noting that the 180° phase inversion at (b)
_6 kHz for elements 2 and 3 results in the increased dIreCtIVTZIG. 9. Comparison of the frequency responses of the analog array filters
Ity. obtained using the simulation and the experiment, respecti(@/yagni-

tude responseb) Phase response.
D. Experimental investigation

In order to verify the proposed array microphone sys-when the source is switched off. Hence, the noise would be
tem, experiments were carried out using a commercial prodthe combination of the electronic self-noise and the back-
uct of silicon condenser microphone, SP0103NC3-2 ofground noise inside the anechoic chamber. The thus mea-
EMKAY. This omni-directional microphone has the fre- sured SNRs were found to be 24.1 and 35.5 dB for the single
guency range of 100 Hz-10 kHz and sensitivity-o42 dB  microphone and the array microphone, respectively. The
V/Pa at 1 kHz. With the same configuration as in the simu-SNR was improved by 11.4 dB, which was not far from the
lation, a linear array comprising four elements of such mi-theoretical prediction, 12 dB. This experimental result sug-
crophones with 5 mm interelement spacing was constructedjests that array configuration is capable of enhancing SNR,
as shown in Fig. 10. The previously designed array filters folas compared to one sensor element. However, the broadband
these four microphone elements were realized by using opneasurement does not assess the performance at 6 kHz.
erational amplifier circuit. Using this experimental arrange- A second experiment compares the measured directional
ment, tests were conducted inside an anechoic chamber tesponses of the silicon microphones for three cases. The
evaluate the SNR as well as the directivity for various mi-results are shown in Fig. 11. The first case labeled in Fig.
crophone configurations. 11(a) as “one microphone” refers to the measured directivity

First experiment compares the SNRs of one single miof a single microphone. The second case labeled in Fig.
crophone and the four-element array. In each case, the SNRL(b) as “four microphones” refers to the measured directiv-
is calculated by subtracting the power of the sensor outputy produced by the direct sum of four microphone outputs.
when the microphones are exposed to a white noise inpufhe third case labeled in Fig. () as “four microphones
band-limited to 20 kHz, from the power of the sensor outputwith filters” refers to the measured directivity produced by
310
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TABLE IV. The equivalent filter weights and directivity indices at four
frequencies.

Weights Directivity index(dB)
Frequency Magnitude  Phase
(H2) Element (dB) (degre¢  Delay Sum MUSIC
1 0.67836 —15.87
500 2 1.586 —13.619 0.004 0.004
3 1.352 —13.576
4 0.47528 —15.285
1 2.4985 —27.868
1000 2 0.60249 —24.254 0.015 0.016
3 0.36099 —24.558
4 1.2602 -31.171
1 5.659 4 -52.9
2000 2 —-4.7238 —44.433 0.060 0.087
3 —-5.9254 —43.677
4 4.780 6 —58.882
1 17.578 —194.06
6000 2 12.482 —14.345 0.533 1.997
3 12.652 —14.392
4 17.859 —202.77

filtering the four microphone outputs with the aforemen-
tioned analog filter circuits. Comparison of the experimental
results of cases 1 and 2 reveals that only minor improvement
on directivity is obtained if the array outputs are directly
summed. However, significant improvement on directivity is
observed by comparing cases 1 and 3 if the array outputs are
preprocessed by the previously designed constant beam-
width array filters. Specifically, at the frequency 6 kHz, deep
notches appear at the end-fire direction and the 10 dB beam-
width reaches approximately-60° when the four micro-
phone outputs are filtered with the aforementioned analog
filter circuits. This is also revealed in the measured directiv-
ity indices at four frequencies in Table 1V: 0.533 dB for the
delay-sum array versus 1.997 for the MUSIC array at 6 kHz.

IV. CONCLUSIONS AND FUTURE PERSPECTIVES

The present work represents a multidisciplinary effort
that combines the knowledge in electroacoustic transducers,

19 mm
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...... 2 KHz
— B KHz
0
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Four Microphones — Reference
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— 6 KHz
0
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=== 500 Hz
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©

FIG. 11. Comparison of the measured directional responses of the silicon
microphones(a) The measured directivity of a single microphofig. The
measured directivity produced by the direct sum of four microphone out-
puts.(c) The measured directivity produced by filtering the four microphone
outputs with the analog filter circuits.

array signal processing, and MEMS technology. The original

FIG. 10. Experimental arrangement of the four-element MEMS microphonos,m_)mribLItion 'Of this paper can be summarized as follows.
array. First, by taking advantage of MEMS process, we have ac-
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