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Abstract

Today’s microspeakers of portable devices are demanded to meet a number of
conflicting requirements including miniaturization, ‘high output level, good sound
quality, etc. In contrast to large loudspeakers; the structures of microspeakers are
generally simplified enough with suspension removed. The diaphragm serves as not
only a sound radiator but;also.the suspension.  Thus, the pattern design of the
diaphragm is crugcial to_the=overall response-and performance -of a microspeaker.
Traditional approach“for moedeling microspeakers using lumped-parameter models is
generally incapable of modeling flexural modes in high frequencies. In this paper, a
hybrid approach that combines finite element analysis (FEA) and electro-mechano-
acoustical (EMA) analogous circuit is presented to provide a more accurate model
than the conventional approaches. In particular, the minute details of diaphragms are
taken into account in calculating the mechanical impedance of the diaphragm-voice
coil assembly using the FEA. The mechanical impedance obtained using FEA is
incorporated into the lumped parameter model. The responses can be simulated by
solving the loop equations. On the basis of this simulation model, the pattern design

of the diaphragm is optimized using the Taguchi method. In addition, the optimal



number of diaphragm corrugations is determined by using sensitivity analysis. The
responses of vented-box system are also simulated using FEA-lumped method in this
thesis. In addition, a constrained optimization procedure is applied to maximize the
acoustic output under vented-box system based on FEA-lumped method. Another
optimal approach of diaphragm employs the neural network and simulated annealing

(NNSA).
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NOMENCLATURE

a = Radius of each hole of the metallic frame

a1, az, az = Coefficients of characteristic equation

b,,b,,b, = Bias units

Bl = Electromechanical transformation ratio, namely product of magnetic flux
density and voice—coil conductor length in air gap of the loudspeaker driver

b = Spaced a distance on center of each hole of the metallic frame

C, =Acoustic compliance
C,; = Acoustic complianece of enclosure of vented-box

C,» =Acoustic compliance of front cavity,

C,un,» C,qp =Acoustic compliance i circuit for pistonsair load impedance
C, =Acousticecompliance in circuit for piston air load impedance

C,, = Mechanical compliance

C,s = Mechanical compliance of diaphragm suspension

¢ = Speed of sound

d" = Output training dataof-neural network

d = the width of the outer arc of diaphragm
e, = The driving voltage

E(s) = Cost function for NN

F., = Unbalance force amplitude
f = the excitation force delivered by the voice-coil unit
f(xX) = Objective function

f, = Resonance of acoustical system (rad/s)

f, = The lower cutoff frequency

f; = The upper cutoff frequency
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H = the height of inner arc of diaphragm

h = the height of outer arc of diaphragm

ki1, k, = Spring constant of the rotating machine and the vibration absorber
L, = Electrical inductance

L, = Length of vent

M , = Acoustic mass

M ,,, = Acoustic mass of vent
M ,,, =Acoustic mass in circuit for piston air load impedance

M . M .., =Acoustic mass of holes of the metallic frame

M ..., M,., =Acoustic mass in circuit for piston air-loacimpedance
M ,,, =Acoustic.mass of the metallic frame

M ,, =Acoustic mass of duct

M ,, = Acoustic mass in circuit for piston air foad impedance

M,, = Mechanical mass

M,,, = Mechanical mass of diaphragm

m1, mp = Mass of the rotating machine and the vibration absorber

N =The number of holes of the metallic frame
O, = The jth output neuron of the hiddenlayer
p(x) =acoustic pressure of transmission line
p,, p, =Acoustic pressureatx =0andx =L

p = Acceptance probabilities
Q, = Quality factor of the acoustic system
Q,, = Quality factor of the mechanical system

R, =Acoustic resistance
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R, R,, =Acoustic resistance in circuit for piston air load impedance

R,,» =Acoustical resistance of duct

R, , R,, =Acoustic resistance in circuit for piston air load impedance

Al

R, = Electrical resistance
R, =The eddy current losses in the magnetic circuit

R, = Mechanical resistance

M
R, = Mechanical resistance of diaphragm suspension

S, =Area of diaphragm

S, = Area of duct

SPL = The mean SPL:in the piston bafdwidth

STD = The standard deviation of SPL In the piston bandwidth

T = a control parameter called the temperature

T, = Initial temperature

T, = Final temperature

t = Thickness of diaphragm
u , = the mean velocity.of the diaphragm

V= Volume of cavity

V.sc = Total volume of cavity

V, =Volume of duct

Z ,, =Acoustic impedance in rear of diaphragm

Z . =Acoustic impedance in front of diaphragm

Z ,,, =Acoustic impedance of the metallic frame

Z s Z,, =Acoustic radiation impedance

Z,, Z, =Partial acoustic impedance in front of diaphragm
Z,, = Electrical impedance
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Z,, Z,, Z,=Mechanical impedance

a =Acooling constant

A(w) = The frequency-dependent characteristic equation
4 = The kinematic coefficient of viscosity

p = Mass ratio

P, = Density of air

n = A constant known as the learning factor from 0 to 1

y = Aconstant known as learning factor from 0 to 1

AE = Variation of the objecti

w, =
, = Nature

x% = Input t
v, =thektho
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1 Introduction

Miniaturization is the trend of the 3C (computer, communication, and consumer
electronics) portable devices such as mobile phones, personal digital assistants
(PDAs), MP3 player, etc. Loudspeakers in these devices are required to play speech
and music signals with acceptable loudness and sound quality. This demand poses a
difficult problem to the design of micro-speakers whose physical sizes are usually
very small. In contrast to large loudspeakers, the structures of micro-speakers are
generally simplified enough with suspension removed. The diaphragm serves as not
only a sound radiator but also the suspension. Thus; the pattern design of the
diaphragm is crucial to the overall response and performance of a micro-speaker. In
this paper, a hybrid approach that combines finite element analysis (FEA) and
electro-mechane- acoustical (EMA) analogous circuit IS presented-to provide a more
accurate modekthan the.conventional approaches. In particular, the-minute details of
diaphragms are:taken into accountsin calculating the mechanical impedance of the
diaphragm-voice: coil.assembly using the FEA. = In order to meet the requirement of
output level and “sound. quality delivered by micro-Speakers, an optimization
procedure is also presented to determine the optimal pattern and dimensions of the
diaphragm.

Traditionally, most loudspeaker studies focused on large loudspeakers. In
recent years, however, micro-speakers have received increased research attention
owing to rapid development of 3C industries. The characteristics of micro-speakers
have been studied extensively in a variety of aspects, including the structure dynamics
of the diaphragm, the voice-coil impedance properties of cover perforation [1]-[4],
electronic compensation [5], and structural optimization [6]. A well-known method

to model of dynamic moving-coil micro-speakers is through the use of the EMA



analogy. Lumped parameter models can be established, with the aid of such
approach [7]-[9].The Thiele and Small (T-S) parameters of the micro-speaker need to
be experimentally identified prior to the response simulation [10]. Using the
analogous circuit, the dynamic responses of micro-speaker can readily be simulated,
enabling the ensuing design [11].

Despite the simplicity, the lumped parameter model is incapable of predicting the
higher-frequency response of the micro-speaker which is strongly influenced by the
diaphragm, corrugation and the enclosure. Modeling of the flexural motion of the
diaphragm calls for more sophisticated techniques such as finite element analysis
(FEA). Natural frequencies and mode shapes of the diaphragm-voice coil assembly
can be calculated‘by FEA [12]-[14]. Kwon and Hwang [15] used FEA to examine
acoustic performance of micro-speakers in lower frequency region for various designs
of diaphragm.** Chao et al. [16] modeled a.micro-speaker with a corrugated
diaphragm using FEA. The electromagnetic, mechanical and acoustical subsystems
of the speaker were represented byrarcoupled=FEA=model. . [The response of three
corrugation angles of 15°, 45", and 75" were investigated.. s FEA is employed in this
paper to model the diaphragm.of micro-speaker. - However, a feature of this work
that differs itself from the previous studies is that the FEA model of the diaphragm is
modified into a lumped-parameter model, where mechanical impedance of the
diaphragm-voice coil assembly is obtained using harmonic analysis of the FEA model.
This facilitates tremendously the coupling of the diaphragm model with the models of
the rest of the system such as an acoustical enclosure that is usually represented by a
lumped-parameter model. Using this simulation platform, the voice-coil impedance
and the on-axis sound pressure level (SPL) of the micro-speaker can be calculated by
solving the loop equations [17] of the coupled EMA analogous circuit.

Another feature of the thesis is that the aforementioned hybrid FEA-lumped

2



parameter model is introduced to extend the design optimization developed in Ref. [6].
The diaphragm pattern is optimized using the Taguchi method [18], [19]. In
addition, the optimal number of diaphragm corrugation is determined via sensitivity
analysis. A number of performance measures concerning the lower cutoff frequency
(f,), the upper cutoff frequency ( f,), mean SPL in the piston range, and the flatness
of SPL response are weighted and summed to constitute the cost function.  Using the
best result of the Taguchi analysis as initial condition, sensitivity analysis is then
carried out to determine the number of corrugations for the diaphragm. The thus
found optimal design will be.compared with the non-optimal design in this thesis.

Predication of the micro-speaker performance poses.a complex non-linear
problem as the system integrates the diaphragm geometry .and performance of
micro-speaker ‘produced via FEA-lumped ‘parameters model. 'In this thesis an
alternative artificial neural network approach.is developed to predict'the performance
of micro-speaker when the diaphragm geometry data is input. A set of the diaphragm
geometry as inputs and the correspendingzmicro=speaker performance as outputs (the
lower cutoff frequency ( f,), mean SPL in the piston range, and the flatness of SPL
response) are utilized to train the -network. The results predicted by the models are in
good agreement with the simulation data, and the average deviations for all the cases
are well within £5%.

Another optimal approach of diaphragm employs the neural network and
simulated annealing (NNSA), and consists of two stages. Stage 1 formulates an
objective function like as the aforementioned Taguchi method for a problem using a
neural network method to predict the value of the response for the given input
parameters setting. Stage 2 applies the simulated annealing algorithm to search for the
optimal parameter combination. The purpose of the present study is to exploit

nonlinear function approximation capability of a neural network to develop a simple

3



yet efficient hybrid optimization strategy by combining a multilayer feedforward

neural network with a Simulated Annealing algorithm.




2 Theory and Method

A loudspeaker is an electroacoustic transducer that converts the electrical signal
to sound signal. The processes of the transduction are complex. These cover the
electrical, mechanical, and acoustical transduction. In order to model the process of
the transduction, the EMA analogous circuit can be used to simulate the dynamic
behavior of the loudspeaker. The circuit is overall and decomposed to electrical,
mechanical, and acoustic part. A loudspeaker is characterized by a mixed of electrical,
mechanical, and acoustical parameters.

2.1 Electrical-mechanical-acoustical analogous ¢ircuit

The concept of the electric circuit often applied to analyze transducers in the
electrical and mechanical system. The technique analysis of the electric circuit can be
adopted to analyze the transduction of the mechanical and acoustical system. The
simple diagrams0f EMA analogous circuitsis shown in Fig. 1. The:subject of EMA
analogous circuit Is the application_of eléctrical circuit theory to solve the coupling of
the electrical, mechanical and acoustical system.. The EMA analogous circuit is
formulated by the differential equations of the electrical,;mechanical, and acoustical
system and the differential ;equations can be_modeled by the circuit diagram. The
rules of analytic methods are follows. “For the electromagnetic loudspeaker, the
diaphragm is driven by the voice coil. The voice coil has inductance and resistance
which are defined R, and L, . The term R, and L, are the most common
description of a loudspeaker’s electrical impedance. In order to model the
nonlinearity of inductance, a resistance R, can be parallel connected to inductance.
Thus, the electrical impedance of loudspeaker is formulated as:

Z, =R, +(joL, Il R}) )

When the current (i) is passed through the voice coil, the force ( f) is produced



and that drives the diaphragm to radiate sound. The voltage (e) induced in the voice
coil when it movies with the mechanical velocity (1) . The basic electromechanical
equations that relate the transduction of the electrical and mechanical system are
listed.
f=Bli (2)
e=Blu 3)
Here, electro-mechanical transduction can be modeled by a gyrator. So, the

loudspeaker impedance is formulated as:

2
7=—7 i (4)
i B

where Z,, is the mechanical impedance and Z,, is the" acoustical impedance
reflecting in mechanical system as.shown in kig. 1(b).

A simple driver model is-shown in"Fig. 2. This simple driver model can be used
to describe the;mechanical dynamics of the electromagnetic loudspeaker. Force f is
produced according to the Eqs. (2). Vibration of the diaphragm of the loudspeaker
displaces air volume at the interface. The primary, parameters of the simple driver are
the mass, compliance_ (compliance is the reciprocal of stiffness) and damping in the
mechanical impedance. iThe  acoustical impedance s ‘induced by the radiation
impedance, enclosure effect and perforation of the enclosure. f; is the force that air
exerts on the structure. The coupled mechanical and acoustical systems can be
simplified as :

.. X .
MMszf_C__RMSx_fS (5)

MS

where M, is the mass of diaphragm and voice coil, f is the force in newtons,
fs s the force that air exert on the structure, C,, is the mechanical compliance,

R, s the mechanical resistance and x is the displacement.



M ()0 ) = ) -2

MS

— R, jox(s) - f (6)

M (s)jenu(s) = £(5) )R u(s)— 1,
joC

MS

f:(ZM +ZA)”(S) (7)
where Z,, = joM,,, + R, +— is the mechanical impedance and Z, is the
JoCy
acoustical impedance.
Js=Zu (8)

The acoustical impedance primarily includes radiation impedance, enclosure
impedance, and perforation, of the enclosure. . The ,acoustical impedance can be
formulated as:

ZE Lyt Ly 9)

The general acoustic circuit 1S “shown in "Fig. 3(a). The Z,. means the
impedance in the front of diaphragm and Z,,- means that in the back side. In general,
the circuit would turn to Fig. 3(b) the general form in the electronics.” The following
discussion will use this kind of.circuit:

The two basic. variables in ‘acoustical analogous circuit.are pressure p and
volume velocity U .- Because-of using impedance analogy, the voltage becomes
pressure p and current becomes volume velocity ‘U . Therefore, the ground of
this circuit showing in Fig. 3 means the pressure of the free air. Thus, it also can
employ the concept about the mechanical system and the acoustical system can be
coupled by the below two equations.

Jfs=Spp (10)
U=S,u (11)

The equation f,=S,p represents the acoustic force on the diaphragm

generated by the difference in pressure between its front and back side, where ».S is

the effective diaphragm area and p is the difference in acoustic pressure across the
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diaphragm. The volume velocity source U=Spu represents the volume velocity
emitted by the diaphragm. From the Eqgs. (10), the pressure difference between the
front and rear of the diaphragm is given by
p=U(Z,;+Z,,) (12)

Using Egs. (10) and (11), force field can be transformed to pressure field.
2.2 The method of parameter identification

Almost all of the useful loudspeaker parameters had been defined by other
researchers before Thiele and Small. However, Thiele and Small made these
parameters in a complete design approach and shown how they could be easily
determined from impedance data. There are at least four methods for measuring
Thiele and Small parameters from-driver impedance data. ~ They are:

1. Closed box (Delta compliance method)

2. Added'mass (Delta mass method)

3. Open box only

4. Open box/closed box

The first two procedures are the most popular. But for miniature speaker, the
closed box method isithe best choice. The closed box method and curve fitting
method are adopted to calculate the Thiele and Small‘parameters. Placing the driver in
a closed box will induce the alteration of the resonant frequency. The curve fitting
employs the impedance of system to calculate the parameters of Thiele and Small
precisely. Both methods are explained in the following section.

Curve fitting method

The curve fitting method is used to calculate Q,, and the result is more

accurate. The procedure of the curve fitting method is explained as follows.



(@) Choose the ( ! ) to be become the basic element that it fit a

JoM +R+——
joC

peak of the impedance curve. Because the purpose of the method is to fit the
mechanical part, the electrical part can be obtained previously.

(b) Choose the fitting range in the impedance curve. If the range of the
impedance curve is chosen broadly, result of the fitting is poor. Therefore, the
range that starts and ends both sides of peak enclosures the peak, and it can be
chosen. Then, the peak will fit better and it is obtained second order system
transfer function.

(c) We compare the coefficient between the second order.transfer function and
1

s° + 28w, +iw,

@, =27 f

19

28

Ry
Ois = Ous (R_) (14)

ES

>, then the parameters @, and Q, are solved.

Ous (13)

Closed box method

When the impedance of a mechanical system is#'Z,, =,joM . + R, + the

JoC\

resonant frequency isw, = ."When a driver is placed in a closed box, its

1
\ MMD CMS

resonant frequency rises. This is because the inward cone motion is resisted not only
by the compliance of its own suspension, but also by the compression of the air in box.
The compliance of the driver suspension is reduced by the compliance of the air
spring. If the total compliance has decreased, the resonant frequency of the driver will
rise. The concept can employed to calculate to the mechanical mass, mechanical
compliance and mechanical resistance of the system.

The closed box procedure for determining T/S parameters is given below:



1. Measure f; and Q,; using the curve fitting method

2. Mount the driver in the test box. Make sure there are no air leaks around the
box and speaker. One point must be noticed is that the testing volume for the
case of miniature speaker must be less than 0.015L, or you can’t measure the
realizable T/S parameters.

3. Measure the new in-box resonant frequency and electrical Q using the same
procedure as that used in step 1. Label these new value f. and Q.. .

4. Compute the ¥V, as follows:

Vi = VT(f s —1) s\Where- V. is the total volume of the tested box

SZES

Therefore, the mechanical mass A,,, and mechanical-compliance C,, can be

solved as
V
C B AS 15
V
Mo = A5 16
uery (16)
M,y =M, =2M, (17)

where M, is theair-load impedance at fow frequency.
On the other hand, the parameters, and the mechanic resistance ( »sR ) and the motor

constant ( B/) can be calculated, using the following formula:

_ oM

MS
Ous

Bl= /_wng s (19)
MS

And the lossy voice-coil inductance can be calculated, using the following method:

R (18)

Z(jo)=(jw)"L;

R[L_}M{#}o (20)
cos(nz/2) cos(nz/2)

(n=1:inductor;n=0:resistor)
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The parameters n and L, can be determined from one measurement of Z,. at a

frequency well above f, , where the motional impedance can be neglected

Zy=Z,—R;
In|Z,|—In|Z Z
n=—ttan IM(Z,) | 2|~ In|z, ’LE:| : (21)
90 Re(Z,) nhao,-Ine, "

The method to calculate lossy voice-coil inductance is described [20].
2.3 Modeling Acoustical Systems

Electroacoustics is using the analogous circuit to model the acoustical behavior
including acoustic mass, acoustic resistance and acoustic compliance. The impedance
type of analogy is the.preferred analogy for acoustical circuits. The sound pressure is
analogous to voltage in electrical circuits. The volume velocity is analogous to
current.
Acoustic Resistance

Acoustic resistance is associated.with dissipative losses that occur when there is
a viscous flow of air through afine:-meshrscreenor-through a capillary tube. Fig. 4(a)

illustrates a fine mesh screen with a volume velocity U flowing through it. The

pressure difference across the screen is given by.p=p,—p, , where p, is the
pressure on the side that U enters and p, IS the pressure on the side that U exits.
The pressure difference is related to the volume velocity through the screen by
p=p—p,=RU (22)
where R, is the acoustic resistance of the screen. The circuit is shown in Fig. 4(b).
Theoretical formulas for acoustic resistance are generally not available. The
values are usually determined by experiments. Table 1 gives the acoustic resistance of
typical screens as a function of the area S of the screen, the number of wires in the

screen, and the diameter of the wires.
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Acoustic compliance

Acoustic compliance is a parameter that is associated with any volume of air that
is compressed by an applied force without an acceleration of its center of gravity. To
illustrated an acoustic compliance, consider an enclosed volume of air as illustrated in
Fig. 5(a). A piston of area S is shown in one wall of the enclosure. When a force f
is applied to the piston, it moves and compresses the air. Denote the piston
displacement by x and its velocity by « . When the air is compressed, a restoring
force is generated which can be written f =k, x, where k,, is the spring constant.
(This assumes that the displacement is-not too: large or the process cannot be modeled
with linear equation.)sT"he mechanical compliance is-defined.as the reciprocal of the

spring constant. Thus we can write

X 1
g x = B =Bl (23)
¢ qj

M

This equation involves the mechanical variables f and « .We convert it to

one that involves acoustic variables® p-and U by writing f=pS and u=U/S

to obtain

1
s*c,,

p= fudt = CLAJ‘Udt (24)
This equation defines the acoustic compliance C, "of the air in the volume. It is
given by
C,=5C, (25)
An integration in the time domain corresponds to a division by j@ for phasor

variable. It follows from Egs. (24). That the phasor pressure is related to the phasor

volume velocity by p =

. Thus the acoustic impedance of the compliance is

A

—2__1 (26)
u jwC,

A

The impedance which varies inversely with je is a capacitor. The analogous circuit

12



is shown in Fig. 5(b). The figure shows one side of the capacitor connected to ground.
This is because the pressure in a volume of air is measured with respect to zero
pressure. One node of an acoustic compliance always connects to the ground node.
The acoustic compliance of the volume of air is given by the expression derived for

the plane wave tube. It is
C,=— (27)
Acoustic mass

Any volume of air that is accelerated without being compressed acts as an

acoustic mass. Consider jthe cylindrical tube of air illustrated in Fig. 6(a) having a

length / and cross-section 'S . The mss of the air_in-the tubg,is »0 M,, = p,SI . If
the air moved with velocity « , the force required -is given by «f =M, d%t. The
volume velocity of the air through the tube is- U/ = Su and' the pressure difference
between the two ends is p =p, — p, :% . It follows from thesesrelations that the

pressure difference p can be related-to-the-velume-velocity ./ as follows:

Myt~ M, a0~ = dU

=P —p, = — = = 28
PrB IR " 0 TSt ar A di (48)
where M , isthe acoustic massof the air in the volume that is given by
M, p,l
M, == =FC 29
=B @9)

A differentiation in the time domain corresponds to a multiplication by jo for

sinusoidal phasor variable. If follows from Egs. (28) that the phasor pressure is related

to the phasor volume velocity by p = joM U . Thus the acoustic impedance of the

mass is

p .
ZA:U:](()MA (30)

An electrical impedance which is proportional to j@ is an inductor. The
analogous circuit is shown in Fig.. 6(b). For a tube of air to act as a pure acoustic
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mass, each particle of air in the tube must move with the same velocity. This is strictly
true only if the frequency is low enough. Otherwise, the motion of the air particles

must be modeled by a wave equation. An often used criterion that the air in the tube

act as a pure acoustic mass is that its length must satisfy 1<4 where A is the

g
wavelength.
Radiation impedance of a baffled rigid piston

Radiation impedance can be easily explained by an example of the diaphragm
vibration. When the diaphragm is vibrating,.the medium reacts against the motion of
the diaphragm. The phenomenon of this can be described as there is impedance
between the diaphragm and the medium. The impedance is called the radiation
impedance.

The detailyof the theory-of radiation impedance is clearly deseribed by Bernek.
The analogousseircuit of the radiation impedance for the piston mounted in an infinite
baffle is showngin Fig. 7. The acoustical-radiation impedance for,a piston in an

infinite baffle can be approximately over the.whole frequency;range by the analogous

circuit. The parameters of the analogous values are given by

8P
M = g 31
a=pa (31)
0.4410p.c
R, =——=FC (32)
wa
C
R, =25 (33)
wa
5.944°
CA1= 2 (34)
Po€

where p, is the density of air, ¢ is the sound speed in the air, « is the radius of
the circuit piston.

Radiation impedance on a piston in a tube

The flat circuit piston in an infinite baffle that is analyzed in the preceding
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section is commonly used to model the diaphragm of a direct-radiator loudspeaker
when the enclosure is installed in a wall or against a wall. If a loudspeaker is operated
away from a wall, the acoustic impedance on its diaphragm changes. It is not
possible to exactly model the acoustic radiation impedance of this case. An
approximate model that is often used is the flat circuit piston in a tube.

The analogous circuit for the piston in a long tube is the same from as that for the
piston in an infinite baffle; only the element values are different. The analogous

circuit is given in Fig. 7. The parameters of the analogous values are given by

0.6133
M, =21 (35)
wa
0:5045 pc
R, == (36)
wa
C
R (37)
wa
0.557%4°
C’Al: 2 (38)
pc

Other acoustic elements

Perforated sheets are often used as an acoustic resistance;in application where an
acoustic mass in series with the resistance is acceptable. Fig. 8(a) illustrates the
geometry. If the holes inithe sheet have centers tat are spaced more than on diameter

apart and the radius a of the holes satisfies the inequality 0-%7<a<1% ,

where f isthe frequency and « is in m, the acoustic impedance of the sheet is

given by

P t _72'612 . _a
Z, = Nnd? {\/Zwu [;+2[1 X j}rﬂ{”lj(l bﬂ} (39)

where N is the number of holes. The parameters  is the kinematic coefficient of

viscosity. For air at 20°C and 0.76 mHg, u~156x107 m% This parameter
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value approximately as T% , Where T is the Kelvin temperature and £, is the
0

atmospheric pressure.
A tube having a very small diameter is another example of an acoustic element
which exhibits both a resistance and a mass. If the tube radius a in meters satisfies

the inequality a < 0-0% , the acoustic impedance is given by

7z, =80 20 (40)
za 3ra

where [ is the actual length of the tube and /' is the length including end

corrections. The parameter "7z is - the wviscosity coefficient. For air,

77:1.86><10’5N'%12 at 20'C and 0.76 mHg = This sparameter varies with

temperature as #°', where T is the Kelvin temperature. |f thesradius of the tube

satisfies the inequality 0-%7 <a <1% “the acoustic impedanceis given by

Z, =L J20u (£+2j+ja)le2 (41)

wa S na

For a tube with a radius such that 0-0% <a< 0-(}/ , interpolation must be
Wi Jr

used between the two equations.
A narrow slit also exhibits both acoustic resistance and mass. Fig. 8(b) shows the
geometry of such a slit. If the“height "# "of the slit in meters satisfies the

inequalityz < 0-0%, the acoustic impedance of the slit, neglecting end corrections

for the mass term, is given by

12n1 . pl
Z,= + jo—— 42
T Po / St (42)

2.4 Finite Element Analysis of the Diaphragm-Voice coil Assembly
The FEA is applied to model the diaphragm-voice coil assembly shown in
Figs.9(a)-(b) with dimensions summarized in Table 2. The material properties of the

diaphragm-voice coil assembly are included in Table 3. The FEA is conducted using
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ANSYS® [21], where the element “shell 63” is used. The shell element has four
nodes and 6 degrees of freedom (U, U,, U., ROT,, ROT,, ROT) at each node. The
finite element model and the mesh of the diaphragm with voice-coil are shown in Figs.
10 (a)-(b). The boundary conditions are selected that all degrees of freedom for the
outer rim of the diaphragm and the X, Y-displacements of the voice-coil are set to zero.
The fundamental resonance frequency calculated by the modal analysis is 803 Hz and
the associated mode shape is shown in Fig. 11 (a). The fundamental mode known as
the piston mode can be used to “fine-tune” FEA parameters to match the measured
data. The measured result of'the fundamental resonance frequency is 792 Hz which
is about 1.4 % lowerthan the-FEA prediction. Figure 11 (b) shows another higher
order mode at 18978 Hz, where major motion takes place at the cénter circular portion
inside the voice=coil bobhing, while "the outer ring of: the ‘diaphragm is almost
motionless. Due to 'this nature, we call it the second piston mode. The SPL
response shows a peculiar boost above the Second piston mode, as will be seen in the
experimental results.

In order to fit the aforementioned FEA model into the analogous circuit of the
microspeaker system, the dynamics of the FEA modelhas to'be adapted into a lumped
parameter model next. To begin with, the short-circuit mechanical impedance (Z,,)

defined in the following expression is calculated using the FEA harmonic analysis:

z -1, (43)

ms E
where u denotes the mean velocity of the diaphragm and f'is the excitation force
delivered by the voice-coil unit.
f =Bl (44)

To calculate Z_, the excitation force is set to be 0.13 N. The damping ratio is

ms !

assumed to be 0.16 and 0.07 for 20 ~ 4000 Hz and for 4k ~ 20 kHz, respectively.
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The complex displacements calculated using the FEA harmonic analysis are then
converted into the average velocity (#). Using Eq. (43), the mechanical impedance

of the diaphragm-voice coil assemblyZ can be calculated, as shown in Fig. 12.

As a result, the dynamics of the flexible diaphragm is represented by a
frequency-dependent impedance element and is readily integrated into the analogous

circuit.

2.5 Neural networks

Artificial neural network [22] [23] is.a.system which is deliberately constructed
to make use of some organizational principles resembling those of the human brain.
ANN has a large number of highly interconnected processing elements (nodes or units)
that usually operate in parallel and .are configured. in regular architectures. A
processing element (PE) can-dynamically respond to its" inputs-stimulus, and the
response completely depends on its local information that-the inputssignals arrive at
the PE via impinging connections and connection weights. It has the ability to learn ,
recall and generalize, from_training data by assigning or adjusting the connection
weights. This thesis utilizes the error back-propagation' network (EBP) which is
trained by supervised learning rules. The correct output ‘data called target vector is
known compulsorily through the training cycle. Given a training set of input-output
pair (x*),d™), the algorithm provides a procedure for changing the weights in EBP
to classify the given input patterns correctly. EBP performs two phases of data flow.
First, the input pattern x*) is propagated from the input layer to the output layer and
as a result of this forward flow of data, it produces an actual output y*’. Then the
error signals resulting from the difference between 4% and y® are
back-propagated from the output layer to the previous layers for them to update their

weight. If the error is lower than previous setting range of allowance, the work is
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completed. Otherwise, repeat the above-mentioned method until the error is
converged.
2.5.1 Error Back-Propagation Network (EBP)

EBP is multilayer feed-forward neural network (FFNN) with the
back-propagation learning algorithm which is including input layer, hidden layer and
output layer. The way of this operating is transmitting the input signal forward to the
hidden layer through the calculating of activation function and then estimates from the
hidden layer to the output layer. Figl3 is shown as a general FFNN figure. Every big
circle is considered a neuron, consisting of summer and. TF (f, or f;). The input target

is shown as

x = (%, X, B ) (45)

d=(djidy ... dy o dy) (46)

O, is the jth output neuron ofi the hidden layer. y, is the kth output neuron of the

output layer. The_points in front of TF=f;-and f, are ,considered as m; and

n, respectively.

v, =t,(n) k=01, ... K (47)

n =wWuO, +- 4w, 0+ +w, O, k=01,.... K (48)
We define the cost function as

E, = M k=0, 1,....., K (49)
Then according to the gradient-descent method, the least value of E, is estimated by

OE, | ow,; = (OE, 1 0y, )(9y, | On, )(On, | Ow,;) = —¢, T,'(n,)O; (50)

e, =d, -y, (51)

assuming o, =¢,f,'(n,) , the weights of the output layer are updated by
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Wi new =Wij ota T AWy (52)
Aw,;=16,0,; (53)
n is a constant known as the learning factor from 0 to 1. In Fig13 it is observed that

the influence of weight v, will extend to all output. Hence we need all the value of
errors {e,,e,,--- ¢, e} . To obtain the optimum value of v, we should calculate

the value of OE/dv, using chain rule.

OE [ 0v,, = (OE | 0y,)(0y,  On, )(Om, €04 )(0@, [ om ) (Om; [ Ov )+
+(OE 1 0y, M@y, I on)(On, 160,)(80; I 01, )(Om [ Ov ;) + -+
+(OF [oy)(0yy 1 ony )(On, 160, )(00; Fém,)(Om, | ov )
=—a folm)w, f, (m,)x, = (54)
£, fy (11, ) Wy /(11 )%, 155

=&, fo(n Iwg £ (m)x;
=3 fe 0 11 |
Assuming §J.H :fl'(mj)i[ékw,g.], the _above symbol A is expressed as o in the
k=1
hidden layer, and "0, is.part of the output layer.

v

Ji,new = v_/'i,old + Avji (55)
H H .
Av, =y5;(x;) , y isaconstant knownas learning factor from O to 1. In general, y

isequal to 7.

2.6 Simulation Annealing

Simulated annealing (SA) is a generic probabilistic meta-algorithm for the global
optimization problem, namely locating a good approximation to the global optimum
of a given function in a large search space. SA has demonstrated to be a good

technique for solving hard combinatorial optimization problems. In SA method, each
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point of the search space is analogous to a state of some physical system, and the
objective function E(s) to be minimized is analogous to the internal energy of the
system in that state. The goal is to bring the system from an initial state to a new state

with the minimum possible energy.

2.6.1 Acceptance probabilities

There are two conditions about accepting rule of SA. One is that the value of
the objective function is decreased. When the value of the objective function is
increased the other accepts moves with probability.

_.

p=e (56)

where AE denotes variation of the objective funetion, T is a controliparameter called
the temperature~. Next, a random number generated uniformly on the interval (0,1) is
sampled, and if'the sample.is less‘than p the move. is accepted. It follows that the
system may move to the new state even when it is worse than the current one. It is this
feature that prevents the method from staying in a local minimum—a state that is
worse than the global minimum, but.better than any of its neighbors. Initially the high
temperature 7' causes the high probability ‘of accepting a move that increases the
objective function. When the search progresses the temperature is gradually decreased.
Finally, the probability of accepting a move that increases the objective function
becomes vanishingly small. In general, the temperature is lowered in accordance with

an annealing schedule.
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2.6.2 Cooling course

The most generally employed annealing schedule is called exponential cooling

which begins at some initial temperature 7; and decreases the temperature in steps

according to

T;Hl = (ZT;{ (57)

where 0<a <1 a cooling constant. Typically, a fixed nhumber of moves must be

accepted at each temperature b 0 the new state. A course of SA

random.
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3. Design optimization of diaphragm pattern

Model of microspeakers

Traditionally, lumped parameters methods with EMA analogy are commonly
exploited to model loudspeakers. Despite the simplicity, the conventional methods
are applicable to model the dynamics in low frequency regime especially in the
neighborhood of fundamental resonance. However, this may not be sufficient for
microspeaker analysis. The lumped parameter model can not predict well the high
frequency responses of microspeakers.that. may play an important role in overall
performance such as owutput: level and roll-off frequency. In this work, the
diaphragm-coil assembly of microspeaker will be modeled using FEA. The FEA
model will be combined with the EMA.analogous circuit to establish a fully coupled
model for the microspeaker.
EMA analogous circuit of microspeaker

A samplesof moving-coil microspeaker with a.16.4 mm diameter and 4.3 mm
thickness is shown in* Fig. 14. “The front_and rear view of the microspeaker are
shown in Figs. 14%(a) and.(b), respectively. The EMA analogous circuit of this
microspeaker can be established'in Fig. 3. The eoupling of the electrical domain and
the mechanical domain is modeled “byagyrator, whereas the coupling of the
mechanical domain and the acoustical domain is modeled by a transformer [9]. The
T-S parameters can be identified via electrical impedance measurement [9] and [10],
as summarized in Table 2. The dynamic response of the microspeaker can be
simulated on the platform of this model.

Loop equations can be written for the preceding FEA-lumped parameter circuit

of the microspeaker as follows [29]:
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Z, Bl 0 i e,
Bl  —-Z -pp |l U |=

ms

0 =S,Z, p, S,

0, (58)
0

where 7 is the current, u is the mean velocity of the diaphragm, S, is the effective

area of the diaphragm, e, is the driving voltage, s= jw is the Laplace variable,

and
Z,=R,+(R,0L,s) > (58)
1
Z, :{(ZR+MAPS+RAP)D—}+ZBC (59)
C’AF
1
ZR:[ DRA1+RAZJDMA1S (60)
415
1

Zye = (Ryo + M ,.5)E (61)

BcS

The symbol “[3”” denotes parallel connection.of circuit. The loop equations can be
solved for the‘eurrent and velaocity of the diaphragm for each frequency. From the
current and velocity, the electrical impedancerand-~theron-axis: SPL responses of the
microspeaker can be-simulated.
3.1 Simulation and Measurement of Frequency Responses

Simulations and experiments' are undertaken™ in this paper to validate the
aforementioned integrated micro-speaker model. The frequency response from 20
Hz to 20 kHz of the micro-speaker is measured using a 2 Vrms sweep sine input.
Figure 15 (a) shows the experimental arrangement for measuring voice-coil

impedance (with symbols defined in the figure):

zZ =—% R (62)

e, —e,

Figure 15 (b) shows the experimental arrangement for measuring the on-axis SPL

response by using a microphone positioned at 5 cm away from the micro-speaker.
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Next, simulation of the diaphragm response was carried out using the integrated
FEA-lumped parameter model mentioned above. Figures 16 (a) and (b) compare the
voice-coil impedance and the on-axis SPL obtained from the simulation and the
experiment, respectively. It can be observed that response predicted by conventional
lumped parameter model is in good agreement with the measurement in low
frequencies. In high frequencies, the conventional approach fails to capture the
response due to the flexural modes of the diaphragm. However, the response
simulated by the integrated FEA-lumped parameter model matches the measured
response quite well.

3.2 Diaphragm Optimization-using the Taguchi method

As mentioned. previously, the diaphragm pattern has major impact on the
micro-speaker response. To pinpoint'the optimal pattern design, the Taguchi method
and sensitivity‘analysis are exploited in this study: The Taguchi method [18] is very
useful for experimental design, particularly for problems with finite number of
discrete levels of design factors andrthusrreduction=ofithe number of experiments is
highly desired. In the following, the dimensions of diaphragm-voice coil assembly

of micro-speakers willibe optimized by using the Taguchi method. Table 4 shows
the L,(3') orthogonal array to"be used in ithe Taguchi procedure. Here, nine

observations and four factors are involved. The factors, each discretized into three
levels, include the height of inner arc (H), the height of outer arc (%), the bandwidth of
outer arc (d) ,and the thickness of diaphragm (¢), as summarized in Table 4.

The following procedure aims to find the optimal parameters for the

micro-speaker diaphragm design according to the cost function:

ﬁ:—A—fOxwl+A—flxw2+AS_ixw3—@xw4, (63)
Jo N SPL STD
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where £, is the lower cutoff frequency of micro-speaker, f, is the upper cutoff

frequency of micro-speaker, SPL denotes the mean SPL in the piston bandwidth
(defined in Fig. 17) and STD denotes the standard deviation of SPL in the piston

bandwidth that serves as a flatness measure

STD =\/ L v (spL,-SPL) (64)

n-1%3
where » is the number of frequency components of SPL in the band and SPL, is the

ith SPL in the band. The symbol A signifies the difference of the performance

parameters between the  original- design .and" .the Taguchi design, e.g.,

Afo = foraguen = Soorgiain s Wi J =1~ 4, is the weight for the performance parameter i.

In order to accommodate more design..objectives, we consider using four kinds of
weighting schemes, and summarized in Table 5..41n scheme 1, the weights for the
performance parameters are equal. Larger weights are used to emphasize the lower
cutoff frequeney and the mean of SPL.in evaluating schemes 2 and 3, respectively.
In the weighting scheme 4, ‘however, mare.emphasis Is placed on the lower cutoff
frequency, the upper. cutoff frequency and the mean .of SPL than the standard
deviation of SPL.

Figures 18 (a)-(d) show the"simulated "voice-coil impedance and the SPL
response of Run 1 to 9 in the L,(3*) orthogonal array. The values of calculated

cost function for all weighting schemes are summarized in Table 6. The cost
function of Run 7 has attained the highest value among all schemes. In Run 7, the
lower cutoff frequency is reduced to 567.3 Hz, the upper resonance frequency is
increased to 20 kHz, the SPL of the resonance frequency is increased to 84.8 dB, and
the standard deviation is 1.88 dB. The optimal design result indicates that the height

of inner arc (H) and the width of the outer arc (d) should be as large as possible, and
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the height of outer arc (%) should be as small as possible, which will maximize the
cost functions.
3.3 Sensitivity Analysis of Corrugation

Sensitivity analysis of diaphragm corrugation is undertaken to examine the effect
of corrugation number on the micro-speaker performance. The analysis is based on
the optimal diaphragm dimensions obtained in Run 7 of the preceding Taguchi
procedure. The simulated voice-coil impedance and SPL response of Run 7 for
different corrugation numbers are shown in Figs. 19 (a)-(b). The values of
performance indices and the.resulting-cost function for.different corrugation numbers
are summarized in Table 7. It can be observed that.corrugation tends to reduce the
fundamental resonance frequency, but the relation is not linear. . Further, corrugation
tends to increase the mean and the standard deviation .of the SPL response. In
another word, increasing the number of corrugations will decrease the flatness of SPL
during the effective frequency range. .. Nevertheless, the corrugation does not seem to
affect the upper‘cutoff frequency significantly:

The values of eost. function in relation to the corrugation-number for different
weighting schemes arealso summarized in Table 7. The values of cost function are
derived from the result of Run"7i0f the Taguchi method. The results reveal that the
optimal corrugation number is 30, in which the cost function is within 0.0493 - 0.0616

for the four weighting schemes.
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4. Bass-enhancement and Optimization Using FEA-Lumped

In this section, the simulation of the vented-box system designed to enhance the
bass response of the micro-speaker is carried out using the integrated FEA-lumped
parameter model mentioned above. This will be explored in a more general context
of vibration absorber theory. In this paper, vibration absorber theory will not be
discussed. The detail is clearly discussed in [28]. Next, the Sequential Quadratic
Programming (SQP) suggested in References [24]-[27] is utilized to design the
optimized vented-box system.

4.1 Modeling the Vented-bax.Acoustical System

The general diagram- of a vented-box system_.is shown in Fig. 20 The system
primarily consists.of an enclosure of volume ¥4z and a port with a.cross-sectional area
Sp with radius ap and length £». The mechanism of low-frequency=enhancement lies
in the Helmholtz resonator comprised of the acoustic mass in ithe vent and the
acoustic compliance in the enclosure: More precisely, the vent can be modeled as an
acoustic mass and an acoustic resistance. = Ihe-acoustic resistance and acoustic mass

of the port, and acoustic compliance of the enclosure are given-by [9]

R = 72’_002 J2ou {£+ 2} (65)

ap ap
M, = %LP . (66)
P
V
Cuis = ABZ (67)
Po€

The mechanical impedance obtained using FEA mentioned above is changed into a
lumped-parameter model. Therefore, the overall EMA analogous circuit of vented-box

is shown in Fig. 21.

4.2 Optimal Design of the Vented-box

The design variables are selected to be the port radius («, ), the duct length (L, )
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and the volume of cavity (V,,.). The Helmholtz frequency of the vented box

system is selected to be 400Hz. To initiate the SQP constrained optimization
procedure, the lower resonance frequency of the coupled speaker-enclosure system is
also selected to be 400 Hz. The design variables are selected to be the port radius,
the duct length and the volume of cavity. To make circuit like as a parallel
second-order oscillator circuit, the acoustic system is simplified to Fig. 22. And the
cost function is chosen as the maximum sound pressure level at the frequency 400Hz.

This can be written in terms of the following optimization formalism:

0.001<a,, <0.2
0.001<17,,<0.06
le® < ¥, <5e ™
Vipo+V, <5e”®
max SPL(ap, Ly, V ) St-4-2¢° e |, < 6e™ (68)
p e | B 2¢°
le® < o de®
/=400
A(r,)=0

where M, , R4 are'Cyare obtained from acoustic system resistanee M zp ,Ripp , Cas
reflect to mechanical system respectively. 7, is the volume.of the duct. The results
obtained using constrained optimization are also summarized in Table 8. Fig 23 shows
the on-axis SPL obtained using constrained optimization. Result reveals that the SPL

response after optimization at 400Hz is higher than original design.
4.3 Simulation and Measurement of Frequency Responses

A mockup was made for validating the vented-box design obtained previously
using constrained optimization. The frequency response from 20 Hz to 20 kHz of
the micro-speaker is measured using a 2 Vrms sweep sine input. Fig 24 (a) and (b)
the voice-coil impedance and the on-axis SPL with the vent open are compared,

respectively. The solid line is the result of experiment. The dot is the result of
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simulation. The result of SPL response reveals that simulation is larger obviously
than experiment at 400Hz about 5dB. The higher frequency range of on-axis SPL
can be modeled nearly as a result of the aforementioned hybrid FEA-lumped

parameter model.
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5. Intelligent modeling and Optimization of the Diaphragm

Geometry

In this section intelligent modeling with neural network is used to predict the

performance of micro-speaker SPL response. A number of performance measures
concerning the lower cutoff frequency f,, mean SPL in the piston range SPL, and

the flatness of SPL response S7D are weighted and summed to set up the cost
function. Next, the SA method is utilized to design optimization of the diaphragm

geometry.
5.1 Predicted System WUsing Neural Network

A set of the diaphragm geometry as inputs and the corresponding micro-speaker
performance as outputs summarized .In ‘Table 9 ;and« Table 10 respectively are

normalized by formula

_Index-Min (Index)
normalized Max (Ind€X) -Min (Index) (69)

Index

where Index denotes the input or, output data. - A-training set of input-output pair
normalized in the range of.0-1 is summarized in Table 11. “For the problems, we
study here, we chose a four-layer feedforward network shown in Fig. 25 with four
neurons in the input layer, the two hidden layers of Ny neurons and My neurons, and
an output layer of four neurons corresponding to the number of performance variables.

According to EBP theory above-mentioned we can obtain NN system given by

My 3
yn:ZZ(HIJXGZ—’_b[) , Mp=6
J=1I=1
NH MH
a, = Y tansh(W, xa,+b,) , Ny=10

K=1J=1

4 Ny
a, =Y Y tansh(V, xX, +by) (70)

m=1 K=1

where 7, denotes output about f;,SPL ,and STD, &, and 4, are first hidden layer
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and second hidden layer respectively, b, , b, and b, are bias units, 6,,, W,
and V., areweight, X,  is input about diaphragm geometry H, ,i ,d and ¢. We refer
this network as 4-Ny-My-3 NN. The error values resulting from the difference
between target output obtained by measuring and actual output obtained by NN
system are shown in Table 12. The NN system predict correctly so that all differences
are very small. We produce others new set of input-output pair normalized in the
range of 0-1 summarized in Table 13. Then we can obtain actual output with NN
system. All errors obtained from the difference between target output and actual
output are very small summarized in Table 14: It follows that this NN system has very
high accuracy.

5.2 Performance©ptimization Using the Simulated Annealing’(SA)

In the present study, we choose-simulated annealing for this purpose because of
its simplicity and ability to produce global optimal solutions for complex problems
which outweigh its relatively large computational requirements. The SA algorithm
above-mentioned is detailed. -Differing=procedure=above-mentioned, we study here,
is solve the maximization problem. According to the NN system that can predicts
the performance of microspeaker SPL response the objective function £ is chosen as

follow:

E =-05f,+0.4SPL—0.1STD (71)
The parameters of SA algorithm 7; , 7, and « are 1, 0.1 and 0.95 respectively.

Fig. 26 reveals the converge profile of SA algorithm with 4-10-6-3 NN system. The
maximum value of objective function E is 0.4625. Then we can obtain the optimal
performance of microspeaker using the hybrid method of neural network and
simulated annealing (NNSA). The geometry of diaphragm summarized in Tablel5.

To prove the precision of optimal result obtained by the hybrid method NNSA we
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utilize the geometry of diaphragm to simulate the SPL response of microspeaker by
ANSYS again. Results obtained via ANSYS and NNSA are shown in Tablel5. It
shows that the difference of performance has very high drop height as a result of too

less training set of input-output pairs.
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6. Conclusions

FEA-lumped parameter model has been presented for electroacoustical
simulation of microspeakers. The mechanical impedance obtained from the FEA
model of the diaphragm-voice coil assembly is incorporated into the lumped
parameter model of the microspeaker system. The integrated EMA model provides
better prediction for the voice-coil impedance and the SPL response at high
frequencies than the conventional lumped parameter approach that neglects the
higher-order flexural modes of the diaphragm.

On the basis of the propesed model, the dimensions:of diaphragm are optimized
with the aid of the Taguchi method. _Using the results of the, Taguchi method as a
starting point, the ‘optimal number “of,diaphragm corrugation is, determined using
sensitivity analysis.' According-to the optimized.design of Table 65 the fundamental
resonance frequency has been decreased and the flatness of-the SPL response has been
improved over;the non-optimized design. In terms,of the SPL frequency responses
of Run 7 for different number. of corrugation-in:Fig 18(b) reveals that SPL will
increase with adding number of corrugation. FEA-lumped parameter model is also
employed to the simulation of vented-box system that can predict the high frequency
behavior of SPL response. Constrained optimization techniques were also employed
to find the design that maximizes the sound pressure output of the vented-box system
under practical constraints.

Another optimization method of dimensions of diaphragm geometry is NNSA.
Using the intelligent modeling of NN system which can predict the performance of
SPL response, the optimal dimensions of diaphragm geometry is estimated via SA
method. According to the optimized dimensions of diaphragm geometry, the

performance of SPL response is calculated again to prove the accuracy of prediction.
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The high difference shown in Table 15 reveals that dimension of diaphragm geometry
which is not involving in the training set of input-output pair causes the high variation
of performance of SPL response. This phenomenon bringing about high difference
is due to the insufficient of the training set of input-output pairs which aren’t easy to

produce via ANSYS.
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7. APPENDIX

The measurement of loudspeaker efficiency

Loudspeaker efficiency is defined as the sound power output divided by the
electrical power input. Most loudspeakers are actually very inefficient transducers;
about 1% of the electrical energy sent by an amplifier to a typical home loudspeaker
is converted to the acoustic energy we can hear. The remainder is converted to heat,
mostly in the voice coil and magnet assembly. The main reason for this is the
difficulty of achieving proper impedance matching between the acoustic impedance of
the drive unit and that of the air into which it is radiating. The efficiency of
loudspeaker drivers varies with frequency as well. For instance, the output of a

woofer driver decreases as the input frequency decreases.

I. Calculate Loudspeaker Efficiency based on TS parameters

The reference on-axis sensitivity of.a driver is defined as the SPL at 1m away
from the loudspeaker. for a voice-coil voltage 1Vrms or \/E Vrms. The latter is the
rms voltage required for a.power of 1W into a resistor of value, R, , i.e. the voice-coil
resistance. The sensitivity can be denoted as two type SPL” and SPL”

sens sens !

respectively. They could be approximated by TS parameters and given by

SPIY (dB) = 20log,,(—2 B! )+ 94
27S,R,M
BI
SPIY (dB) = 20log(—222" )4+ 94+20l0g. /R 72
sens ( ) g(ZHSDREMAS ) glO E ( )

The TS parameters are shown in Table 16. The efficiency 7 of a driver is defined

as follow:
PAR
=7 (73)

where P,, is the acoustic power radiated to the front of the diaphragm and P, is
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the electrical input power to the voice coil. This expression is a function of

frequency. The efficiency could be estimated by TS parameters. It is given by

__py B’S)
27c R.M i

_p BIS) 1

G(jo)] 74
27c R,*M ,,° GG (74)

G(jo)|

Real(——
e (Zvc)

where G(jw) is the second-order high-pass transfer function given by

(s/@,)’
(/@) + (1 Oy )(s/ @) +1

where @, is the resonance frequency, Q,, is the total quality factor.

G(jow) = (75)

A loudspeaker with an efficiency of 100% would output 1W energy for 1W input. At
this condition it could be .ebtained SPL of 112.02dB. ' It follows the relation between

sensitivity and efficiency as

SPL” (dB)=112.02+1010g,,(77) (76)

sens

Therefore, "the efficiency can be obtained by the measured result of the 1m
on-axis SPL from Eq. (76).. Fig 27.shows the efficiency comparison between
experiment and.simulation.. ‘Blue line is the result of the measured efficiency
obtained by Eq. (76).. The result ‘of efficiency-Simulation are red and green lines.

Red line is derived by the left formula of Eq. (74). . Green.line is computed by the

right formula of Eq. (74)." And black dotted line is calculated with |G(jw) =1.

The calculation of miniature loudspeaker efficiency is about 0.0536% at 2k Hz
I1. Calculate loudspeaker efficiency based on the measured response

According to the Eq. (73), loudspeaker efficiency can also be estimated based on
the sound power and the electrical power obtained by experiment. Relation between

sound pressure and sound power is given by

2
=L 902 (77)
Po€

Thus we can obtain the sound power via measuring the sound pressure. The
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experimental arrangement for measuring the ten points of a semi-sphere surface is
shown in Fig. 28. Fig. 15 shows the experimental arrangement for measuring

electrical power that can be derived as follows:

1. E, .. 1 w_ 1y

Ve =5 Rely E} =g RelHBii} = LB Redi,o} (78)
E

Ly _E 79

. (79)

where E; is a voltage cross the loudspeaker, E, is a voltage cross the electric
resistance, H is a scale between E; and E,. Using the measured result of sound
power and electrical power, we.can' obtain the leudspeaker efficiency by Eq. (73).
Fig. 29 shows the microspeaker efficiency response. . Solid.line is the result obtained
via experiment of sound power and electrical power.. Dot isithe result estimated via
sound power and electrical power obtained by simulationi.and experiment respectively.
The value of microspeaker efficiency is about 1.22% at 2k Hz.
I11. Compare results of loudspeaker efficiency obtained using TS parameter and
measured response
Comparison between those two methods-that calculate the loudspeaker efficiency
has very high variation at 2k Hz. Difference of loudspeaker efficiency at 2k Hz is
about two decade multiple as a result of accuracy ‘problem of electrical power

measurement.
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Table 1. Acoustic resistance of a screen of area S

Number | Wire Acoustic

of wires | diameter | Resistance

perinch | incm N.s/m’
30 0.033 5.67/S
50 0.022 5.88/S
100 0.0115 9.10/S

13.5/S
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Table 2. Experimentally identified lumped-parameters of a microspeaker

Parameters Value Parameters Value

a 6.20 mm Bl 0.54 T.m
1 791.9 Hz C s 1.55e-11 m°/N
R, 7.76 ohm M 2598.07 kg/m*
Ry 4.40 ohm R 4.52e6 N.s/m’
Ouss 2.86 Chis 0.000131 F
Ops 5.05 Legs 0.000309 H
Ors 1.83 R,; 7.07¢6 N.s/m°
Vis 0.002213 L R, 0.01 N.s/m®
Cos 0.001066 mm/N M,, 3.63e-5 kg
M 3.79-5 kg L 2.62e-5H
Ry 0.066 N.s/m R, 61.72 m?
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Table3. The dimensions of the diaphragm and voice-coil assembly of the

microspeaker

Parameters Value
Radius of diaphragm, R 7.8 mm
Thickness of diaphragm, t 0.029 mm
Height of inner arc, H 7 0.5mm

Height of outer arc, h = 0.4 mm
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Table 4. The L,(3*) orthogonal array of the Taguchi method.

Factor
H h d t
Run
1 1 1 1 1
2 1 2 2 2
3 1 3 3 3
4 2 1 2 3
5 2 2 3 1
6 2 3 1 2
7 3 L 3 2
8 3 2 1 3
9 3 3 2 1
Factor Level 1 Level 2 Level 3
Height of inner arc, 0.25 0.5 0.75
H
Height of outer arc, h 0.2 0.4 0.6
Bandwidth of outer 2 3 4
arc, d
Thickness of 0.028 0.029 0.030

diaphragm, t
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Table 5. Four weighting schemes for the cost function.

Weighting Scheme 1l | Scheme2 | Scheme3 | Scheme4
W 0.25 0.35 0.25 0.8/3
W, 0.25 0.15 0.15 0.8/3
Wy 0.25 0.25 0.35 0.8/3
W, 0.25 0.25 0.25 0.2
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Table 6. The values of the cost function in the Taguchi analysis for nine runs and four

weighting schemes

Run Schemel | Scheme2 | Scheme3 | Scheme 4
1 -0.0610 -0.0052 0.0025 -0.0279
2 -0.0080 0.0242 0.0322 0.0136
3 0.1029 0.1068 0.1119 0.1116
4 0.0634 0.0836 0.0611 0.0657
3) 0.1714 0.1835 0.1575 0.1770
6 -0:1/31 -0.2035 -0.1541 -0.1712
7 0.2506 0.2792 0.2381 0.2615
8 -0.0970 -0.1349 -0.0960 -0.1016
9 0.0533 0.0369 0.0430 0.0510
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Table 7. The calculated performance parameters of sensitivity analysis and the

associated cost function.

Corrugation | ¢ (Hz) £ (H2) SPL (dB) STD
0 567.25 20000 84.8 1.88
10 527.45 20000 86.4 1.80
20 507.55 20000 88.7 1.81
30 497460 20000 90.0 1.85
40 507.55 20000 90.3 1.88

Corrugation | Scheme 1 Scheme 2 Scheme 3 Scheme 4

10 0.0324 0.0394 0.0343 0.0346
20 0.0465 0.0570 0.0511 0.0496
30 0.0493 0.0616 0.0554 0.0526

40 0.0418 0.0523 0.0483 0.0446
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Table 8. Resulting obtained using the constrained optimization of vented-box system

parameters original | optimal [difference(%o)
Duct radius (mm)| 1.785 2.2 23.3
Volume (cc) 3 4.47 49
SPL at 400Hz (dB)| 66.13 71.41 8
Duct length (cm) 2.8 3.6 28.6
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Table9. Input data of diaphragm geometry

Parameter H h d t

1 0.25 0.2 2 0.028
2 0.25 0.2 2 0.029
3 0.25 0.2 2 0.03
4 0.25 0.4 3 0.029
5 0.5 0.4 3 0.029
6 0.75 0.4 3 0.029
7 0.25 0.6 4 0.03
8 0.5 0.6 4 0.03
9 0.75 0.6 4 0.03
10 0.5 0.2 3 0.03
11 0.5 0.2 2 0.03
12 0.5 0.2 4 0.03
13 0.5 0.4 4 0.028
14 0.5 0.2 4 0.028
15 0.5 0.6 4 0.028
16 0.5 0.6 2 0.029
17 0.5 0.2 2 0.029
18 0.5 0.4 2 0.029
19 0.75 0.2 4 0.029
20 0.75 0.2 2 0.029
21 0.75 0.2 3 0.029
22 0.75 0.4 2 0.03
23 0.25 0.4 2 0.03
24 0.5 0.4 2 0.03
25 0.75 0.6 3 0.028
26 0.75 0.6 3 0.029
27 0.75 0.6 3 0.03
28 0.6 0.1 2.5 0.0285
29 0.6 0.1 2.5 0.0295
30 0.5 0.3 2 0.029
31 0.5 0.5 2 0.029
32 0.15 0.4 2 0.03
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Table10 Output data of SPL response of microspeaker
Run fo(Hz)  SPL(dB) Std

1 905.55 94.9819  3.4867
2 9354  95.0145 3.4637
3 975.2 95.136  3.5716
4 915.5 94287  3.3811
5 905.55 88.1376  4.4594
6 9155  93.4054 2431
7 895.6  93.5957  2.8238
8 895.6  97.2101 0.9462
9 895.6 923121  1.577
10 895.6  93.5957 2.8238
11 965.25 86.0688  4.4497
12 597.1  92.6994 2.1344
13 716.5  83.6059  2.4923
14 557.3  92.8525 2.3133
15 8359  92.7772 1.6789
16 1363.25 87.077  4.3387
17 9354  86.0595 4.46
18 1223.95 86.0795 4.3616
19 567.25 84.8149 1.8754
20 92545 85.8685 4.2671
21 676.7  86.8331 3.2073
22 1273.7  86.583  4.1729
23 1223.95 87.9437  4.1069
24 1223.95 86.0795 4.3616
25 975.2 86.718  3.4823
26 985.15 86.7977 3.6071
27 1054.8  86.4403  3.0097
28 587.15 88.9168 4.4336
29 597.1  88.9348  4.431
30 1094.6  85.8592 4.425511
31 1323.45 86.23508 4.34173

w
N

1243.85 87.3613 4.1312
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Tablell. Normalize the input and output data

Run H h hve t Jfo SPL Std

1 0.166667 0.2 0 0 0.432099 0.546613 0.778648
2 0.166667 0.2 0 0.5 0.469136 0.548179 0.773417
3 0.166667 0.2 0 1 0.518519 0.554017 0.797957
4 0.166667 0.6 0.5 0.5 0.444444 0.513223 0.75463
5 0.583333 0.6 0.5 0.5 0.432099 0.217747 0.999874
6 1 0.6 0.5 0.5 0.444444 0.470863 0.538544
7 0.166667 1 1 0.419753 0.480007 0.627881
8 0.583333 1 1 0.419753 0.653677 0.200848
9 1 1 1 0.419753 0.41833 0.344314
10 0.583333 0.2 0.5 1 0.419753 0.480007 0.627881
11 0.583333 0.2 0 1 0.506173 0.118342 0.997668
12 0.583333 0.2 1 1 0.049383 0.43694 0.471087
13 0.583333 0.6 1 0 0.197531 0 0.552486
14 0.583383 0.2 1 0 0 0.444296 0.511775
15 0.583333 1 0 0.345679 0.440678 0.36749
16 0.583333 0 0.5 ¢ 0.166785 0.972423
17 0.583333 0.2 0 05 0.469136 0.117895 1.00001
18 0.583333 0.6 0 0.5 0.82716 0.118856 0.977631
19 1 0.2 1 0.5 0.012346 10.058092 0.412181
20 B 0.2 0 o8-8 0.45679, 0.108717 0.956138
21 1 0.2 0.5 0.5 0.148148 0.155066 0.715102
22 1 0.6 0 1 0.88888970.143049 0.934714
23 0.166667 0.6 0 1 0.82716 0.20843 0.919703
24 0.583333 0.6 0 1 0.82716 0.118856 0.977631
25 1 1 0.5 0 0.518519 0.149535 0.777647
26 1 1 0.5 0.5 0.530864 0.153365 0.806031
27 1 1 0.5 1 0.617284 0.136192 0.670161
28 0.75 0 0.25 0.25 0.037037 0.255187 0.994006
29 0.75 0 0.25 0.75  0.049383 0.256052 0.993415
30 0.583333 0.4 0 0.5 0.666667 0.10827 0.992167
31 0.583333 0.8 0 0.5 0.950617 0.126331 0.973112
32 0 0.6 0 1 0.851852 0.180446 0.92523
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Tablel2. difference between target output and actual output

Run fo SPL Std

1 -0.42613 -0.018788 -0.0076
2 0.234319 0.010479 0.004152
3 -0.18792 -0.004344 -0.001
4 -0.13398 -0.003328 0.000808
5 -0.01474 -0.001436 -0.00206
6 -0.13437 -0.003833 -0.00186
7 -0.15634 -0.002703 -0.0011
8 -0.10618 -0.001918 -0.00137
9 0.291111 0.000678 -0.0011
10 -0.30361 -0.007197 -0.00271
11 -0.35976 -0.005935 -0.00165
12 0.055848 -0.000771 -0.00097
13 -0.00596 -0.002297 -0.00183
14 0.030824 -0.001265 -0.00084
15 0.066737 -0.001034 -0.00165
16 1.128039 0.001893 -0.01476
17 1.745159 0.027755 0.000498
18 592718 0.053829 -0.01214
19 0.040372 0.002054 -9.7E-05
20 3.189864 0.04128 -0.01187
21 1.555462 0.022809 -0.00707
22 4.186743 0.037457 -0.01307
23 4.207969 0.064671 -0.00079
24 4.309533 0.057579 -0.00374
25 1.545691 0.023033 -0.00834
26 2.397174 0.021782 -0.00746
27 2.990334 0.032486 -0.00755
28 2.154917 0.029699 0.000122
29 2.568321 0.045554 0.000466
30 0.943214 0.011669 -0.01745
31 -1.74793 0.001198 0.009493
32 -0.09111 -0.010246 -0.00412
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Table13. New set of input-output pair

Run H h d t fo SPL Std
1 0.333333 0.6 0 1 0.851852 0.182296 0.974242
2 0.35 . 0.25 0.432099 0.251184 0.938671
3 0.666667 0 0.413684 0.453734
4 0.509 1 0
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Tablel4. difference of new set of microspealer performance
Afs(Hz) ASPL(dB) ASTD

-54.8809 -0.208193 -0.15428
-42.1958 2.056779 -0.12227
-26.9846 -2.621956 1.145778
" -16.5807 -8.269137 1.356635
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Table 15. Compare results obtained via ANSYS and NNSA

Geometry parameter H h d t
Value(mm) 0.16266 0.20095 3.9566 0.02855
Performance fo(H2) SPL (dB) STD
ANSYS 617 86 4
NNSA 828 117 1.05
difference 211 31 -2.95
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Tablel6 ~ TS parameters of microspeaker with type HYCOM2008C

Parameter Value Parameter Value
a (mm) 10 Bl (T.m) 0.974776
fo (Hz2) 658.33 Cas (m5/N) 4.57815e-011

Re (ohm) 6.17548 | Mas (kg/m*) | 1276.63
Res (ohm) | 8.69629 | Ras (N.s/m°) |1.10707e+006

Oms 4.76992 Cmes (F) |0.000132603
Qes 3.38726 Lees (H) |0.000440758
Ots 1.9807 | Rat (N.s/m°) |2.66605e+006

Vas (L) | 0.00651723 | Rmt (N.s/m°)| 0.263128
Cms (mm/N) | 0.000463863 | Mmd (kg) | 0.000119545
Mms (kg) | 0.000125998 r(H)  |2.88294e-005

Rms (N.s/m) | 0.109264 27.5663
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Figure 1. (a) Electro-mechano=acoustical analogous circuit of loudspeaker. (b) Same

circuit with acoustical impedance reflecting to mechanical system.
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Figure 3. (a) Detailed Electro-mechano-acoustical analogous circuit of loudspeaker.

(b) Another form of acoustic system.
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Figure 5.
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Figure 7. Analogous of circuit piston in

infinite.L
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Figure 9 (a) The model o view (b) The dimensions

of diaphragm-voice coil assembly

66



Figure10 The fi [

(a) top
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(b)
Figurell. The results of the modal analysis with mode shape (a) the first piston mode
(b) the second piston mode
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Figure 14. Photos of a mobile phone microspeaker. (a) Front view (b) Rear view
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voice-coil impedance and (b) on-axis SPL response.
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Figure 22. The acoustic circuit of vented box system is simplified to parallel
second-order oscillator circuit

80



100 T T T

=== Optimal
—— Original

80+

B0 |

4t

20F

Sound pressure level (dB)

20k

A0 M| e e

10 10 100 10 10
Frequency (Hz)

81



Figure 24.
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Figure 25. The frame of neural network system with 4-Ny-My-3.
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