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Optimized Design of Earphone Enclosures and Omni-Directional

Source Design

Student: Shih Han Liao Advisor: Mingsian R. Bai
Master Program of Sound and Music Innovative Technologies

National Chiao-Tung University

ABSTRACT

Faced with various conflicting issues arising from sensitivity, distortion,
bandwidth and miniaturization requirements for earphones, it is desirable to develop a
systematic way to attain the design that would meet these requirements. Based on a
lumped parameter model, the design.of the-earphone enclosure is optimized using the
simulated annealing (SA) algorithm.-——Experimental results obtained using a type 3.3
artificial ear (IEC 711 ear simulator) reveals that the optimized design has resulted in
significant enhancement of "‘performance, complying with the frequency response
mask dictated in the 3GPP2 standard.

Omni-directional sources are required in some special acoustical measurements
as well as audio reproduction applications.  This thesis aims to design a
dodecahedral loudspeaker source to approximate an omni-directional source.
Twelve drivers are mounted in an enclosure made of stainless steel. In order to
predict the directional response, the equivalent source method (ESM) is employed to
calculate the pressure radiation pattern of the source. In addition to the numerical
simulation, practical measurement of the directional response was performed using
the turn table. Both numerical and experimental results show demonstrated the

satisfactory omni-directional property of the source.
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1. Introduction

Firstly, in recent years, electro-acoustical transducers have become key
components to many 4C (Computer, Communication, Consumer electronics and Car)
products. Therefore, miniaturization is the trend of the 4C portable devices such as
mobile phones, personal digital assistants (PDAs), MP3 player, earphone, etc. And
sound quality is an important part. This essay introduces the design of earphone.
Measure and simulate electro- acoustical transducer by using EMA analogous circuits.
Secondly, conventional loudspeaker systems consist of drivers mounted in an
enclosure and the sound pressure is limited in special range on one direction. Itisa
disadvantage of those loudspeaker systems used in some special surroundings.
Therefore, the omni-directional source has been designed by using ESM model.

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].

Earphones have become an important accessory for reproducing speech in
hands-free communication and consumer electronics. Faced with various conflicting
issues arising from sensitivity, distortion, bandwidth and miniaturization requirements,
it is desirable to develop a systematic and efficient way to attain the design that would
meet these requirements.

In this thesis, EMA analogous circuit is used to model a Bluetooth earphone.



Thiele and Small (T-S) parameters of the microspeaker embedded in the earphone are
experimentally identified. Thus, for the microspeaker and the associated enclosure
and casing, a lumped parameter model can be established to predict the frequency
response. On the other hand, acoustical impedance of ear canal that is distinct from
a free-field environment is also incorporated into the model.

As mentioned previously, it is vital to optimize the enclosure design for a given
driver such that the requirements are met.  To this end, the Simulated Annealing (SA)
[12] is employed to search for the optimal combination of enclosure parameters. SA
is a random-search technique which exploits an analogy between the way in which a
metal cools and freezes into a minimum energy crystalline structure (the annealing
process) and the search for a minimum in‘a more general system. Using the forgoing
lumped parameter model, the sound pressure response at the ear drum position can be
simulated for the SA optimization. The cost function alongside the constraints posed
by practical application and_implementation are formulated in accordance with the
frequency response mask dictated.in the standard of 3GPP2 C.S0056-0 [13]. A
mockup is made based on the optimal design.” Experimental results obtained using a
type 3.3 ear simulator [14]-[15] are discussed in the conclusions.

Traditionally, most of loudspeaker systems consist of drivers mounted in an
enclosure and the sound pressure is limited in special range on one direction which
becomes increasingly directional with frequency. It is a disadvantage of those
loudspeaker systems to use to be a source in some special surroundings such as
reverberant field evaluation [16], head related transfer function (HRTF) measurement
[17], digital band performance. A simple way to avoid this disadvantage is
eliminating the directivity from speaker system. Therefore, the omni-directional
speaker has been designed to meet the above requirements. A perfect

omni-directional source should be like a point source which could product spherical
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sound wave. The sound wave propagation of omni-directional speaker is considered
to be a perfect sphere in three dimensions. Designing an ideally omni-directional
source is very difficult to achieve not only the cost but also the mechanical limitation.
Therefore, the other geometric structure should be adopted to design the
omni-directional source. In this thesis, the structure of omni-directional source is
designed as a regular dodecahedron comprising twelve regular pentagonal faces with
three meeting at each vertex.

The Equivalent Source Method (ESM) [18]-[21] also known as wave
superposition method [22]-[24], was suggested for sound field calculation with far
less complexity and had higher computational efficiency than the other methods such
as Boundary Element Method (BEM) [25]-[26] and Finite Element Method (FEM)
[27]. The idea underlying the ESM . is.to represents sound field with discrete simple
sources with no need to perform numerical integration. As opposed to the actual
source, these simple sources are solutions of the acoustic wave equation and pose only
in virtual sense for field representation purpose. .~ In this thesis, the ESM is used to
establish the regular dodecahedron model. = The numerical and experimental results

are discussed and summarized in the conclusions.


http://en.wikipedia.org/wiki/Pentagon

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 circuit

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 diagram of EMA analogous circuit is shown in-Fig. 1. The subject of EMA
analogous circuit is the application of electrical-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 +(jolg /IRL) (1)



When the current (i) is passed through the voice coil, the force () 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 (u) . The basic electromechanical
equations that relate the transduction of the electrical and mechanical system are
listed.

f =Bl )

e=Blu 3)
Here, electro-mechanical transduction can be modeled by a gyrator. So, the
loudspeaker impedance is formulated as:

2
7-8_7 . B
i Zy, +2Zya

(4)
where Z,, is the mechanical impedance andZ,, is the acoustical impedance
reflecting in mechanical system as shown in Fig. 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 Egs. (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. The acoustical impedance is induced by the
radiation impedance, enclosure effect and perforation of the enclosure. fg is the
force that air exerts on the structure. The coupled mechanical and acoustical systems

can be simplified as :

MypX = f_CL_RMsX_fs ©)

MS

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

Rys 1s the mechanical resistance and x is the displacement.



Mup (S)( 0 X(3) = 1(5) -2 R,y jox(5)- , (6

MS

Muo (9)j00(8) = 1(5)--25L R u(5)- 1,

MS

f =(Zy +Z,)u(s) (7)

where Z,, = joM,,, + Rys +-

is the mechanical impedance and Z, is the
MS

acoustical impedance.
f,=2,u (8)

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

Ly=Lp+ Ly 9)

The general acoustic cireuit_is_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.

fs=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 Sp 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 =S u represents the volume velocity
emitted by the diaphragm. From the Egs. (10), the pressure difference between the
front and rear of the diaphragm is given by

P=U(Zu +Z4) (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 is the 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, + o,

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

o, =21 f
1
QMS - 2_65 (13)
RE
QES - QMS (R_) (14)

ES

Closed box method

When the impedance of a mechanical systemis Z,, = joM,,s + Ry + the

MS

. 1 L . .
resonant frequency is w, :—C. When a driver is placed in a closed box, its
MD ~MS

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 Qg 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:

f .
Vs =V, ( Qec —1) Where V, is the total volume of the tested box
SXES

Therefore, the mechanical mass M,,, and mechanical compliance C,,; can be

solved as
V
C — AS 15
V
M. =—AS & 16
- = e (16)
Mo =M, —2M, (17)

where M, is the air-load impedance at low frequency.
On the other hand, the parameters, and the mechanic resistance ( wsR ) and the motor

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

_ oMy

MS
QMS

Bl = /—a’SFéEMMS (19)
MS

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

R (18)

Ze(jo) = (jo)" L

R, - {;} oL = {;} o 20)
cos(nz/2) cos(nz/2)

(n=1:inductor;n=0:resistor)



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

Ze =2, —Re
In|Z,|-In|Z VA
n=—tant| Im(Ze) | 22|~ In|2, ’LE:| | (21)
90 Re(Z.) nw,-Inw, "

The method to calculate lossy voice-coil inductance is described [28].

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 a fine mesh screen or 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, , wherep, is the
pressure on the side that U entersand 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 u. 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.) The mechanical compliance is defined as the

reciprocal of the spring constant. Thus we can write

X 1

f =k, Xx=—=—+}udt 23
wX=eSE f (23)

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

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

to obtain

1 1
- Udt =— [Udt 24
P sszj CAI @)

This equation defines the acoustic compliance C, of the air in the volume. It
is
given by
C,=S°C, (25)
An integration in the time domain corresponds to a division by jw for phasor
variable. It follows from Eqgs. (24). That the phasor pressure is related to the phasor

volume velocity by p=

Thus the acoustic impedance of the compliance is

_P 1 (26)

11



The impedance which varies inversely with jeo is a capacitor. The analogous
circuit 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,=—s> (27)

Acoustic mass
Any volume of air that is accelerated without being compressed acts as an
acoustic mass. Consider the cylindrical tube of air illustrated in Fig. 6(a) having a

length | and cross-section S . The mss of theair in the tube is M ¢ M,, = p,SI .
If the air moved with velocity ‘u , the-force requiredisgivenby f =M, d%t . The
volume velocity of the air through the tube is U = Suand the pressure difference
between the two ends is p=p;=p, = % . It follows from these relations that the

pressure difference p can be related to the volume velocity U as follows:

M, du_M,du_ . du

=p —-p, = = = 28
PR T TS Adt (28)

where M, is the acoustic mass of the air in the volume that is given by
My _ sl (29)

ATsr s
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
Z,=2 = joM
A== JoV, (30)
U
An electrical impedance which is proportional to je is an inductor. The

12



analogous circuit is shown in Fig.. 6(b). For a tube of air to act as a pure acoustic
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 | < % , Where A

is the 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 detail of the theory of radiation impedance is-clearly described by Bernek.
The analogous circuit of the radiation impedance for the piston mounted in an infinite
baffle is shown in 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

Ry = % (32)
Rug =225 )
o 34

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

Radiation impedance on a piston in a tube
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The flat circuit piston in an infinite baffle that is analyzed in the preceding
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

v = 061330 (35)
za

0.5045pc

R = 7a’ )

pC

Ra, = E (37)
0.557°a’

Co=——Z%— (38)

pC

Transmission line model of-a duct

Consider a length of duct, we can write the pressure at any point in the duct as a

superposition of two standing waves:
p(x) =B, coskx+ B, sinkx (39)

(We could also have started with the superposition of two traveling waves, one in
each direction.) Using this expression, we will evaluate the constants, B1 and B2, so
that the pressure at x = 0 is pl and the volume velocity at x = 0 is UL. Find U(x)

from Newton’s second law in a fluid,

P _ jopy (40)
dx
A dp
U(x)=-v-A=—— " 41
( ) Jop dx (“41)
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U (x):_A—k[—Blsin kx + B, cos kx] (42)
jop

Replace B, and B, by using the pressure and volume velocity at x=0 and evaluate

the pressure and volume velocity at x=L.

P, =P coskL+U1(JA%05in KI) (43)
Ak .
U, = p,(———sinkL) +U, coskL (44)
Jop
coskL —_A—ksin kL
U .
241 J9P ginkL coskL !

These equations are in transfer matrix form.

Compare to transfer matrix for the T-circuit shown in Fig. 8. Its transfer matrix is
shown below:

1+% Z, (2+%]
T=| g (46)
1 Z,
J— 1+—2
Zb Zb

Then Z, and Z, can be got as:

Z, = iz, tan(k—zL)

ZO
= 47
" jsinkL (47)
pC
“=n

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. 9(a) illustrates the
geometry. If the holes in the sheet have centers tat are spaced more than on diameter

i isfi i ity 0.0 10
apart and the radius a of the holes satisfies the inequality %/T<a< ﬁ ,
where f isthe frequency and a is in m, the acoustic impedance of the sheet is
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given by

7, =Pt : {%[LZ[P ”"’;2 ﬂ+ ja{t+l.7(1—gﬂ} (48)
Nra a b b

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

viscosity. For air at 20°C and 0.76 mHg, u~1.56x10"° m%. This parameter

value approximately as T% , where T is the Kelvin temperature and P, 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

8nl . 4pl'
Z,= + - 49
A oral Ja)37ra2 )
where | is the actual length of the tube and |' is the length including end

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

n=1.86x10"°N /

sz at 20°C and 0.76 “mHg /.. This parameter varies with

temperature as T%', where T is the Kelvin temperature. If the radius of the tube

satisfies the inequality 0-% <a< 1% , the acoustic impedance is given by

Z, =22 200 G+2j+ ja)ﬁiz (50)

za

For a tube with a radius such that 0-0%<a<0-%, interpolation must be

used between the two equations.

A narrow slit also exhibits both acoustic resistance and mass. Fig. 9(b) shows the
geometry of such a slit. If the height t of the slit in meters satisfies the

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

for the mass term, is given by
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271 . pl
Z,= + jo- 51
At Jo 5wt (1)

2.4 Formulation of the ESM
In this section, the ESM is used to calculate the pressure field of an
omni-directional source. The pressure of a linear sound field can be represented by a

simple layer potential [29]-[31] as

p(x) = [ o(y)G(x, Y)AS(y), (52)
where
e—jkr
Cxy)=7 (53)
r

being the free-space Green’s function between the source point x and the field point y,
o(y) isan unknown source strength-of the point source distribution, j denotes J1

k=w/c 1S wave number,.c is speed of sound, - is angular frequency and
r=|x-y|. The basic idea of ESM is to model soundfield by using distribution of
virtual simple sources, as shown:in Fig. 10..~The symbol z, is the mth measured
position on the free space surface S;. The symbol x, is the Ith sampled point on the
actual source surface Ss.  The symbol y; is the ith virtual source point on the virtual
surface S,.

The configuration used in this thesis is shown in Fig. 11, in the configuration, the
virtual source surface S, is kept away from the actual source surface Sg with a
non-zero retreat distance. Due to singularity of virtual point sources, we need a
non-zero retreat distance between the virtual source surface S, and the actual source
surface Ss to assure smooth computation results. The sound pressure on the actual

source surface can be written by discretizing Equation (52)
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p(x) = [ ()G y)dS() = X[, oIGKX,Y)IS()

ik (54)

zg{a(yi)éi}e(x,,yi):'zaﬁ e ,

=) ff

where | is the number of focal point, Si is the area on the virtual source of the ith

element, y, €S, a represents the source amplitude of the ith point source and

., =|X,—y;|. The particle velocity can be expressed via the momentum equation as

u(xl):iip(x):ii(n.eli)(l+ 1 )aiell’n

JpOa) an pOC i=1 Jkr“ r“
[ , (55)
=Y dia
i=1
where
1 1 e
d =——(nee, )| 1+——
e ")[ J'kr.i] G (56)

being the transfer function between the 'source point x and the field point v,

e; = (X, —Y;)/|[x, —y;| is the unit vector pointing from the ith virtual source to the Ith

actual source point and n is the outward unit normal vector. Equation (55) can be

written into the matrix form

u=Da, (57)
where u represents the velocity vector, a represents the virtual source amplitude
vector, D is the transfer function matrix between virtual source points and actual

source points. In this case, because of the velocity on the actual source is known so

that the unknown source amplitude can be calculated by inverting Eq. (57).

A

a=D"u (58)
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where a is the estimated source amplitude vector, D" is the pseudo-inverse matrix
from D. In practice, truncated singular value decomposition (TSVD) or Tikhonov
regularization [32] can be used to deal with the ill-conditioned inversion process of

calculated source amplitude.
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3. Acoustical design of an Earphone

3.1 Electro-acoustic modeling of earphone
3.1.1 EMA analogous circuit of earphone

In this section, a lumped parameter model based on EMA analogy is established for
the earphone. The cross-section of an earphone connected to the type 3.3 ear
simulator and the experimental arrangement and the lumped parameter model are
shown in Figs. 12 and 13, respectively. In Fig. 1(a), the coupling of the electrical
and the mechanical domains is modeled by a gyrator, whereas the coupling of the
mechanical and the acoustical domains is modeled by a transformer. The T-S
parameters of the microspeaker identified via an electrical impedance measurement
are summarized in Table 1. A distinct feature of the electroacoustic modeling of the
earphone as compared with the other free-field loudspeaker systems is the ear canal
impedance. To gain an-appreciation of the main difference of these two
environments, the ear canal is-approximated as a cavity -with acoustic compliance C,.
Simplifying the circuit in the acoustical.domain leads to the pressure response at the

ear canal

Lo ) C'Bl 1

2 €
271 C,SpRe S 1 S
— | + — [+1
@, Qar J\ @,

where p, is air density, r is distance from the microspeaker diaphragm to the

P =( (59)

CACAS _ 1 l M AD

measurement point. C'= =

= y a)s —, Q = — ;
CatCas yM aC’ . Ra V C

the acoustic compliance of the suspension, M,, is the acoustic mass of the

, Cu IS

2
(Bl) +m BI

5 o is the force factor of the voice coil, Rg is the
SDRE SD

diaphragm, R,; =

voice-coil resistance, R, is the mechanical resistance of the suspension, and S, is
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the effective area of the diaphragm. It should be noted that the equation above is

P

valid only for the low-frequency pressure response. The multiplication factor )
zr

could be omitted when compared to the pressure transfer function for direct radiation
in the free-field conditions. It follows that the pressure response has a second-order
low-pass characteristic, which is quite different from a direct radiator typically having
a second-order high-pass characteristic. Note that, since the acoustic compliance
C' is effectively decreased due to the ear canal impedance, the system quality factor
Qar will be increased. Thus, it is crucial in designing earphones to “shape” the
resonant peak at o, for an acceptable Qar value.

Apart from the approximation above, a more detailed circuit model of the

acoustical system is illustrated in Fig.-14.  The @acoustical system primarily consists

of three parts: a cavity (C,-) and-a-duct in front of the speaker, the type 3.3 ear
simulator, and a cavity (C,; ) with a leakage hole behind.the speaker.

The duct in front of the speaker can be modeled-as an acoustic resistance [9]

R.. cascaded with a transmission line.which.can be simulated with a T-circuit with

ST

parameters Z., and Z.,. The T- circuit with parameters is given by

2, = iz, tan() (60)
ZO
= 61
®  jsinkL (61)
DC
Z, = ”;2 , (62)

where Zg,=2Z,, Zgy =2Z,, a=ag IS the radius of the cross-section of the duct,

L = Lg; is the length of the duct, and k = 2 is the wave number.
c

The analogous circuit of the type3.3 ear simulator using IEC 60711 ear simulator
[33]-[34] is shown in Fig. 14. The equivalent circuit of the type 3.3 simulator

models the low-leak simplified pinna simulator and the ear simulator [15], as shown
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in Figs. 15 and 16, respectively. In the electrical equivalent circuit of the IEC 60711
coupler in Fig. 16, the LC components corresponding to M,,, C,,, M, C,.
M, and C,, represent the ear canal that is approximated by a tube of rigid walls
with constant cross section. The two RLC circuits with components R,,, M,

Cu, Ry, M., and C,, are used to match the eardrum impedance[35]. The
acoustic parameters of the type 3.3 ear simulator are summarized in Table 2.
The leakage hole impedance is given in the acoustical domain as [9]
Z,=Ry+ joM (63)
The leakage hole can cause the radiation by air loading. The acoustic element
parameters calculated according to the formulas given in [9] in Sections 3.7 and 3.8

are summarized in Table 2. This:analogous circuit serves as the simulation platform

for the earphone.

3.1.2 Verification of the lumped parameter-model
The volume velocity U, “flowing_through™C,; in the ear simulator can be

obtained from solving the analogous circuit in Fig.2. From U ,., the pressure pe,,

at the element C,; can be calculated by

1

Peas =U ae i oC g (64)
Therefore, the sound pressure at tympanic membrane position p., is given by
Peo = Pcas: (65)

The arrangement of experiment according to the ITU-T p.57 standard [15] is
shown in Fig. 14. Experiments were undertaken to validate the aforementioned
earphone simulation model. It can be observed from Fig. 17 that the Sound Pressure
Level (SPL) response predicted by lumped parameter model (blue line) is in good

agreement with the measurement (red line).
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3.2 Optimization of the enclosure design of earphone

The SPL response of the earphone shown in Fig. 17 did not meet the requirement
in 3GPP2 C.S0056-0 [13]. The peak at 2 kHz exceeded the frequency response
mask. This calls for optimization of the enclosure design, where Simulated
annealing (SA) [36] is exploited in this study.

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 [37]. SA's major advantage over other methods is the ability to
avoid becoming trapped at local minima [38]-[39]. The algorithm employs a
random search which, in the initial_stage, not only accepts changes that decrease the
cost function Q but also changes (bad solutions) that increase it. The acceptance

of the bad solutions is determined by the probability
P= exp(—AT—Qj > 7(0.9) (66)

where AQ istheincrease in Q and T is a control parameter, which by analogy is

known as the system “temperature” irrespective of the cost function involved.
;/(0,1) is a random number generated uniformly in the interval (0,1).
In the earphone optimization, we choose the initial temperature T. =200 and

the final temperature T, =107°. The temperature decrement rule is given by

Tya=al,, (67)

where the annealing coefficient «=0.95 when T >20, «=0.99 when T <20.
The solution will be rejected if it fails to comply with the the frequency response

mask. The cost function for the SA optimization is chosen to be
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2

95
Q= [SPL,(n) Ly (n)], (68)
n=1
where SPL., is the SPL of the current design, while L. is a smooth reference

SPL curve passing the central region of the mask. The parameter n is the frequency
index within the band 20-4500 Hz. The frequency range from 20 to 4500 Hz is
sufficient for human speech application [40]. In each iteration of the optimization
procedure, random numbers are generated within the constraint intervals to perturb
the current design parameters. The design variables and the associated constraints

are given in the following inequalities:

5x107* <ag, <1.2x107
10° < L, <1.5x10°7
3x10° <V, <5x107 "

3x10%<V,. <3x10~'

AB . —

(69)

where ag, is the radius of the duct, Ly, is the length ofthe duct, V,. is the volume

of the front cavity, and V,; iSthe volume of the back cavity.

With the SA procedure, the optimized enclosure parameters are compared with
the original non-optimized ones in Table 3. Note that the radius of duct has the
largest design change to make. The port legth has to be added to 375% of its
original size. The SPL responses of the optimal and original designs are compared
in simulation and experiment, as shown in Fig. 18. As opposed to the original
non-optimized design, the optimized design effectively lowers the resonance peak to

be within the frequency response mask of 3GPP2.
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4. The source design by using ESM model

4.1 The structure design of omni-directional source

In this thesis, the structure of omni-directional source is selected as a
dodecahedron which is mounted a moving-coil speaker on every surface. The mesh
configuration of the source is created by Soildworks 2007® triangular mesh code.
The perspective drawing of three surfaces is shown in Fig. 19. All of the
dimensional parameters about this ESM model are summarized in Table 4. On the
actual source surface, red line and black line are indicated the actual source position
and fixed boundary position, respectively. The discrete points of dodecahedron
source are shown in Fig. 20, red points and black points are meant the actual source
and fixed boundary, respectively.« The given-initial velocity on red line and black
line are u = 5m/s and u = Oml/s, respectively. The blue and green dotted line are
meant the virtual source surface and free field surface, respectively. The virtual
source surface is shrunk as a“conformal dodecahedron. The inner circle radius of
virtual source surface Ry is shorter than.actual-source R,. The free space surface is
the discrete sphere points with a radius R.. The origin is set on the center of inner
circle of dodecahedron source. The numbers of discrete points on three surfaces are
also summarized in Table 4.

In order to calculate the retreat distance, the average lattice spacing had to be
determined. The total area A of the dodecahedron source is 0.2065 m?, every
discrete point has a average area 7.12x10™ m? on dodecahedron source. In this case,
the average area of every discrete point is regarded as a square, therefore, the lattice
spacing d can be calculated as square root of average area is 2.67x102m. Therefore,
the retreated distance r;can be regarded as one time lattice spacing [32], [41]-[42] is

2.67x102 m. The maximum frequency has been calculated by following the ,2/2
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rule [42]-[43] is 6.5 kHz.

4.2 Establishing the ESM model

In this thesis, the dodecahedron is selected to be the structure of omni-directional
source.  There are twelve regular pentagonal surfaces to form a regular
dodecahedron surface. Therefore, to make a regular pentagon which is mounted a
speaker is the first step of designing this omni-directional source. The length of
regular pentagon sides is L and the depth of regular pentagon is D. A moving-coil
speaker has been mounted at the center of regular pentagon and the material of
pentagon is stainless steel.

Combining those twelve regular pentagons.to form a regular dodecahedron is the

final step. The dihedral angle of regular dodecahedron is Hzcos’l(—llx/g).

Welding twelve pentagons to form the dodecahedral speaker according to the

geometric structure and dihedral angle and the finished work is shown in Fig. 21.

4.3 Experimental investigation

Experiments were undertaken to validate the aforementioned ESM model and
omni-directional speaker. The dodecahedral speaker was placed on a turn table and
the distance between microphone and the origin is 1m on horizontal surface of
dodecahedral speaker. The sound pressure is measured by every 5 degrees from 0
degree to 360 degrees. The sound pressure response of simulation and experiment
are compared with polar plots as shown in Figs. 22-25. Fig. 22 represents the
frequency response on 1 kHz, Fig. 23 represents the frequency response on 3.15 kHz,
Fig. 24 represents the frequency response on 8 kHz and Fig. 24 represents the

frequency response on 14 kHz. Those four frequencies are chosen from low to high
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frequency according to the analyzer setting frequencies. It can be observed from
Figs. 22-25 that the sound pressure directivity predicted by ESM model (dotted line)
IS in good agreement with the measurement (solid line) even in high frequency.
Besides, it is also shown in Figs. 22-25 that there is no obvious directivity on the polar
plots from low to high frequency. Although the speaker is not a perfectly

omni-directional source, the performance is deemed sufficient in real application.
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5. Conclusions

Earphones are faced with ear canal impedance, which is fundamentally different
from direct radiator loudspeakers exposed in a free-field environment. EMA
analogous circuits have been developed to model the earphone. On the basis of this
simulation model, the enclosure design of the earphone has been optimized using the
SA technique. The SPL response resulting from the optimized design has been
significantly enhanced and the 3GPP2 standard has been met.

Comparing to the other methods (BEM, FEM), the use of the ESM is not
restricted to source with regular geometries which can model the source with any kind
of structures. Although the structure used in this paper is dodecahedral speaker, all
modeling approaches in the paper can be generalized to any type of speaker structures.
The simulated and experimental results -are shown that ESM model can provide
sufficient accuracy to model this dodecahedral speaker. The sound pressure
directivity resulting from« the dodecahedral speaker is approximated to
omni-directional source. Although sound pressure of this dodecahedral speaker is
not the same at every direction to match a perfect omni-directional source but the

performance is deemed sufficient in real application.
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6. APPENDIX

Finite Element Analysis of the Voice coil system Assembly

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 another hand,
the magnetic constant usually is measured by T-S parameter identification. In this
thesis, 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. And the magnetic constant has been
designed also by using FEA analysis. Compared to.traditional micro-speaker design,

this new hybrid method can predict frequency response without producing product.

I. Finite Element Analysis of the Magnetic System

In this thesis, the micro-speaker is-used.type: DMS1608F-02-G as shown in Fig.
26(a)-(b). The FEA is applied to model the magnetic system assembly shown in
Figs. 27(a)-(b) with dimensions summarized in Table 5. The FEA is conducted using
FEMLAB3.1® [44]. The boundary conditions are selected as non-conductivity.

The magnet is the type N38 that is the commonly synthesized magnet (NeFeB). The

input voltage V.

ot 15 0.5V, The magnetic flux density (B) can be measured as

shown in Fig. 28. The effective length | of the wire which cuts the magnetic field

is shown in Fig. 29. The parameter n_ is the number of times that the wire circled
magnet. The average magnetic flux density has been calculated by averaging red
and green line as shown in Fig. 30. The average Breq and Bgreen are 7.5093(T) and

8.2134 (T), respectively. Therefore, the parameter Bl has been calculated as a
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average value BI=0.4578(T-m). The Bl measured by T-S parameter identification is
0.441(T-m). The difference between FEA model and T-S parameter is 3.8% error that

shows proper accuracy result by using FEA model.

I1. Finite Element Analysis of the Diaphragm-Voice coil Assembly
The material properties of the diaphragm-voice coil assembly are included in
Table 6. The FEA is conducted using ANSYS® [45], where the element “shell 63" is
used. The shell element has four nodes and 6 degrees of freedom (U, Uy, U, ROT,
ROT,, ROT,) at each node. The finite element model and the mesh of the diaphragm
with voice-coil are shown in Figs. 31 (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 811:68 Hz and the associated mode
shape is shown in Fig. 32 (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 856.98 Hz which is about 5.28%
higher than the FEA prediction. Figure 32 (b) shows another higher order mode at
17568 Hz, where major motion takes place at the center circular portion inside the
voice-coil bobbing, 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 model has 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:
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7 =

ms

(70)

where U denotes the mean velocity of the diaphragm and f is the excitation force

delivered by the voice-coil unit.

f =Bl (71)
V.

P — input 72

== (72)

e

According the above measured parameter, the excitation force can be calculated
as 0.03 N. The damping ratio is assumed to be 0.16 and 0.07 for 20 ~ 4000 Hz and
for 4k ~ 20 kHz, respectively. The complex displacements calculated using the FEA
harmonic analysis are then converted into the average velocity (). Using Eqg. (70),
the mechanical impedance of the diaphragm-voice coil assembly Z . can be
calculated, as shown in Fig. 33.« 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.
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Table 1 Experimentally identified lumped-parameters of the microspeaker.

Re (ohm)| 36.34 Qs 0.3192
Re(m?) | 2101 Qs | 1.99306
Le (MH) (6.664x107°|  Qus 0.38

Sp(m?) | 1.32x10 |BI(T-m)| 062

Fs(Hz) | 155.031 | V,s(L) | 0.04389

37



Table 2 The dimensions of the earphone and the parameters of acoustic analogous

circuit.

Parameter Value Parameter Value | Parameter | Value |[Parameter| Value
Ry (PA*S/ 0)| 2.269x10° | & (m) | 3.8x10° MAl(k%]u 982.2 cAz(m%I)gz,sxloflz
R (PAXS/ ) 1253x10° | L (m) | 9x10° MAz(k%Q 385 |Co(MA)| 31x10%
MLK(k%O 953.5 ac (M) |1.7x1072 MA3(k%4) 271.6 CM(”%I) 9x1078
Ry(PaxS/ )| 6x10° Lec (M) [1.66x107 MA4("%4) 78.8 CAS(”%) 1.9x107*
MA(k%4) 485.69 aAE(m) 6x107° MAS(k%4) 9.4x10° CAG(m%\]) 1.5%102
CAF(m%) 7.653x107°| Ly (m) 2x107° MAe(k%4) 132.3 CA7(”%|) 2.1x107%2
CAB(”%) 4.278x107" |\/|A7(k%1 )| 9838 (;Ag(m%| ) 2.1x10%
Ru(Pa S| 17x10° |Rua(PAXS/ 1)1 280x10° M (K9 )| 1535
Rs(PXS/ )| 5.06x107 |Rar (P25 5) 13105107
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Table 3 Parameters of the optimized design versus the original non-optimized design.

Original | Optimal
) : )/(1) %

design(1) | design(2)
ag (M) | 2x10° | 2.3x10° 115%
Ve (M) |1.42%107 [2.12x107|  64.25%
Lsr (M) | 9x10° |2.4x10° 375%
Vis (M) [6.14x10°%| 6x10° | 102.33%
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Table 4 The design parameters of the dodecahedral speaker

Parameters | Value | Parameters Value
R,(m) |o0.0843 m 290
R,(m) | o111 [ 290
R.(m) 1 I 304
r.(m) |o.0267 0 cos *(~1/+/5)

uim/s) | s |u,(m/s) 0
A(m?) | 0.2065.f1:D(m) 0.08
d(m) |00267 L(m) 0.1
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Table 5. Experimentally identified lumped-parameters of a microspeaker

parameters value parameters value
f, (H2) 856.98 L. (H) 1.59¢
Re (ohm) 7.26 C, (M’/N) 1.45¢
Re, (ohm) 9.737 M, (kg/m? 2334.95
Qus 5.687 R, (ohm) 2.21e®
Qcs 4.241 Cues (F) 1.085¢™
Qrs 2.429 Lees (MH) 3.180e™
Vs (L) 2.103¢° R, (ohm) 5.18¢°
Cys (MM/N) | 1.637¢7 Ryr (ohm) 0.0467
Mys (kg) 2.11e”° Myo (Kg) 2.03¢”
Rys (0hm) 0.01995 S, (M) 9.5¢°
BI (T.m) 0.441 Re (M) 4.390
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Table6. The dimensions of the diaphragm and voice-coil assembly of the

microspeaker

Parameters Value
Radius of diaphragm, R 6.7 mm
Thickness of diaphragm, t 0.028 mm
Height of inner arc, H 0.5 mm

Height of outer arc, h 0.4 mm
Bandwidth of outer arc, d 2.8 mm
Height of voice-coil, h, 10 mm
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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 2 The mechanical system of loudspeaker.-(M‘is diaphragm and voice coil mass,
k is stiffness of suspension, C.is damping factor)
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Figure 3 (a) Detailed Electro-mechanical-acoustical analogous circuit of loudspeaker.
(b) Another form of acoustic system.
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Figure 4 (a) An acoustic resistance consisting of a fine mesh screen.

(b) Analogous circuit.
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Figure 5 (a) Closed volume of air that acts as acoustic compliance.
(b) Analogous circuit.
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Figure 6 (a) Cylindrical tube of air which behaves as acoustic mass.
(b) Analogous circuit.
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Figure 7 Analogous circuit for radiation impedance on a piston in a infinite baffle.
Analogous circuit for radiation impedance on a piston in a tube.
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Figure 9 (a) Perforated sheet of thickness t having holes of radius a spaced a distance
(b) Geometry of the narrow slit.
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Figure 10 The definitions of important surfaces used in the ESM. The symbol zy, is
the mth measured position on the free space surface S;. The symbol X, is the Ith
sampled point on the actual source surface S;.  The symbol y; is the ith virtual source

point on the virtual surface S,.
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Actual source surface
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Figure 12 The cross-section of the earphone connected with the type 3.3 ear
simulator.
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General dimensions
as for high level version
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Figurel3 The type 3.3 ear simulator. The experiment arrangement and elemental

description of type 3.3 ear simulator
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Earphone duct Type 3.3 Ear Simulator
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Figurel4 The analogous circuit of the acoustical system.
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Low-leak Simplified Pinna Simulator
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Figure 15 The analogous circuit of the low-leak simplified pinna simulator.
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Figure 16 The analogous circuit.of the IEC 711 coupler.
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Figurel7 The measured and simulated SPL responses forthe original non-optimal

design. The frequency response mask is shown in the figure.
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Figure 18 The measured and-simulated SPL responses for the original non-optimal
design. The frequency response mask and a central reference curve are also shown in

the figure.
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Figure 19 The perspective drawing of dodecahedral source
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Figure 20 The discrete points on actual source surface.
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Figure 21 The finished work-of dodecahedral speaker.
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Figure 22 The sound pressure response of simulation and experiment on 1 kHz.
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Figure 23 The sound pressure response of simulation.and experiment on 3.15 kHz.

65



=ound Pressure Level[dB)-8kHz

— - — Simulation
Experiment

Figure 24 The sound pressure response of simulation.and experiment on 8 kHz.
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Figure 25 The sound pressure response of simulation.and experiment on 14 kHz.
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(b)

Figure 26. Photos of a mobile phone microspeaker. (a) Front view (b) Rear view
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Figure 27. (a) The cross-section of the voice-coil.
(b) The magnetic system model by using FEA.
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Figure 30 The magnetic flux density on red and green line
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Figure 31 The finite element model.and mesh including diaphragm and voice-coil

(@) top view (b) bottom view
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(b)
Figure 32. The results of the modal analysis with mode shape (a) the first piston mode
(b) the second piston mode
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