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ABSTRACT

Faced with various conflicting issues arising from sensitivity, distortion,
bandwidth and miniaturization requirements for Bluetooth® 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 2 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 inthe'3GPP2 standard.

This thesis proposes an adaptive three-dimensional (3D)-sound projection screen
aimed at home theater applications. The screen serves both audio and visual
rendering system that integrates numerous technologies including panel speakers,
cross talk cancellation system (CCS) and video head tracking. In particular, the CCS
enhances the localization impression when rendering 3D spatial sound with two
loudspeakers. A camera is employed to adaptively track the head movement such
that the robustness of CCS is ensured. The algorithms were implemented on a laptop
computer in tandem with a digital signal processor, which handled the video and
audio signal processing, respectively. Experimental results reveal that the proposed
system is capable of rendering immersive spatial sound with robustness against

listener’s head movement.
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1. Introduction

In recent years, electro-acoustical transducers have become key components to
many 4C (Computer, Communication, Consumer electronics and Car) products.
People who use 4C products do not just wish it can see and hear any more. People
want to enjoy their lives. Therefore it is a trend for a better 4C products. And sound
quality is an important part. This essay introduces the design of TV audio system,
earphone and panel speaker projection screen. Measure and simulate electro-
acoustical transducer by using EMA analogous circuits. Improve the sound quality by
optimization. Then create 3D virtual surround by using CCS with DSP.

The microspeaker discussed in this thesis are primarily dynamic moving-coil
type. The electroacoustic model . of "dynamic . microspeaker involves electrical,
mechanical, and acoustical domains. At the low-frequency regime, a loudspeaker can
be modeled with electro-mechano-acoustical (EMA) analogous circuits and lumped
parameters [1]-[4]. For dynamic loudspeakers, vented-box design has traditionally
been used as a means for low-frequency enhancement. Thiele [5], [6] and Small
[7]-[10] have laid the theoretical foundation for vented-box design in a series of
classical papers. Bai and Liao [11] applied the vented-box idea for designing
acoustical enclosures of miniature loudspeakers for mobile phones.

Bluetooth® wireless 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 paper, 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
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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 2 artificial ear [14] are discussed in the conclusions.

In recent years, home theater systems have received a great deal of attention in
that people increasingly prefer to experience audiovisual presentation at home rather
than at a theater. Generally, a home theater provides three-dimensional (3D) sound
by multi-cannel loudspeakers which need a lot of cost and room space. In the
reason, the adaptive 3D-sound projection screen for home theater based on the
two-channel panel speakers and 3D sound processing is developed. This audiovisual
system can offer large image and impressive virtual sound for the viewers.

In three-dimensional (3D) audio reproduction, the crosstalk cancellation system
(CCS) is the core technology. The CCS based on inverse filtering are employed to
minimize the effects due to crosstalk that can obscure sound image. Deconvolution

approach, the frequency-domain method [15] can be utilized to design the required
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inverse filters. Conventional inverse filtering leads to reduced crosstalk and
equalized ipsilateral response. However, if the CCS is inadequately designed, the
latter effect can result in audible high-frequency artifacts. To address the problem,
the direct filtering method with the band-limited design is used [16]. The
band-limited design limits the crosstalk cancellation to function only within 20-6k Hz.
However, the 3D virtual sound system relying on a set of CCS inherently has a sweet
spot. The listener can sense the virtual sound effect well only in the area of the
sweet spot. Otherwise the listener cannot hear the virtual sound effect well [17]. In
order to solve this problem, Kim et al. [18] proposed the smart virtual sound system
with a listener position tracking system with infrared and ultrasonic sensors.

In this thesis, the adaptive 3D-sound. projection screen consists of the panel
speakers, the head tracker with a'camera and the CCS. using interpolation method is
proposed. The head tracking system based on the detection framework [19] that is
capable of processing images extremely rapidly while achieving high detection rates.
As to the listening positions, most subjects reported that the front back movement of
the listener did not cause as much performance degradation as the lateral movement
of the listener. In the reason, the inverse filters has been created only considers the
listener positions of the lateral movements. For example, in order to cover the
listener position in the range from - 2 m to + 2 m in resolutions 20 cm respect to the
center of the projection screen, the number of the listening positions is only 20.
Furthermore, with symmetry assumption, the CCS filters need to be designed for only
half number of the listening positions by a shuffler filter structure [20], [21]. To
enhance the performance of the system, the interpolation method is used to create the
virtual inverse filters. By using the interpolation method, the adaptive 3D-sound
projection screen can renders good 3D sound effect continually for the lateral

movement. It only takes low computation and memory for real-time
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implementation.
The head tracking system can track the listener’s position rapidly. According to
the lateral movement feedback from the video head tracker, the CCS is capable of

rendering immersive spatial sound with robustness against listerner’s head movement.



2 Theory and Method

A loudspeaker is an electro acoustic 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. .Theterm 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 IIRY) (1)
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 (u) . The basic electromechanical
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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
7-8_7 . B 4)
i Zy +Zya

where Z,, is the mechanical impedance and Z,, 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 Eq.«(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. f; is the force that air
exerts on the structure. The coupled mechanical and acoustical systems can be
simplified as :

M, % = f —CL—RMSX— f, (5)

MS

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

Rys Is the mechanical resistance and x is the displacement.



Mo (5)(j@)X(5) = f (5) g

MS

Mup (5) 1) = ()~ R,u(9)~ 1,

MS

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

—Rys Jox(s) - f, (6)

where Z,, = joM,,5 + Ry +-

is the mechanical impedance and Z, is the
MS

acoustical impedance.
fs =Z,U (8)
The acoustical impedance primarily includes radiation impedance, enclosure

impedance, and perforation of the enclosure. The acoustical impedance can be

formulated as:
ZA = ZAF + ZAB (9)

The general acoustic circuit 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 analegous 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=Syp (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 D S is

the effective diaphragm area and p is the difference in acoustic pressure across the

diaphragm. The volume velocity sourceU =S u represents the volume velocity



emitted by the diaphragm. From the Eq. (10), the pressure difference between the

front and rear of the diaphragm is given by

P=U(Zp +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. One is for miniature speakers, the other
one is for normal loudspeakers. 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 peak

JoM +R+——
JoC

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, =2 fg
1
QMS = 2_5 (13)
I:QE
QES = QMS (_) (14)
RES
Closed box method

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

MS

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

1
VMuoCus

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 ( MS R ) and the
motor

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

_ 0OsM

MS
Qus

BI = /—“’SZEM s (19)
MS

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

R (18)

Ze(jo) = (jo)" Le

10



R, = {#} o, L. = {#} o™ (20)
cos(nrz/2) cos(nrz/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
qo L] IM(Ze) _Injz,|-Injz| E _|z¢] 1)
90 Re(Z.) nw,-Inae, "

The method to calculate lossy voice-coil inductance is described [22].
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
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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 =kyXx=——=——|udt 23
darey CMJ (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

N
s’C,,

fudt = 1 [udt (24)
CA

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 je 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

p 1
7 =1 _ 26
AU jwe, (26)

The impedance which varies inversely with jeo is a capacitor. The analogous
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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

\%

Ch=—
A pC2

(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 the air in the tube isM 0 M, = p,SI .
If the air moved with velocity u«, the force required is givenby 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 these relations that the

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

M, du_M, du _ "du

—p_p. = Rl = 28
p pl p2 S dt SZ dt A dt ( )

where M, isthe acoustic mass of the air in the volume that is given by
My = p_OI (29)

AT 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

An electrical impedance which is proportional to jew is an inductor. The

analogous circuit is shown in Fig. 6(b). For a tube of air to act as a pure acoustic mass,

14



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 Is% , Where A4 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

M 387z,020a (31)
R, = % (32)
R =25 (33)
cu-22 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

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
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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

~ 0.6133p

My == (35)
- 0.52:&23pc (36)
R =2 (37)
cy- 282 9)

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,

—d—p: Jopv
X Ny (40)
U (x):_V.A:___p
jwp dx
Ak :
U (x) =——[-B,sinkx + B, coskx] (42)
jop

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

D, =p, coskL+u1(JAikpsin KI) 43)
U, = pl(—.A—ksin kL) +U, coskL (44)
jop
coskL —_A_ksin kL
|: pz} — Jop { pﬂ @)
Y. Jﬂsin kL 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:

l+% Z, (2+%}
T=| ° (46)
i 1+—2
Z, b

Then Z, and Z, can be gotas:

2, - iz, tan(5)
2
— ZO
~ jsinkL
p_C
A

(47)

b

ZO
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

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

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

given by

z, =L2{\/2wu [£+2[1— ”6;2 j} ja{t+l.7(1—iﬂ} (48)
Nrza a b b
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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~156x10"° 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

z, - 8nl .a)4p0|

+ 49
ra’ : 3rza’ (49)
where | is the actual length of the tube and |' is the length including end

corrections. The parameter 7 is _ the viscosity 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 (£+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

1271 . pl
Z,= + jo=- 51
" e Jo 5wt (1)

2.4 Crosstalk Cancellation Systems

Fig. 10 shows a two-channel loudspeaker reproduction scenario, where Hy; and
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H,, are ipsi-lateral transfer functions, and Hi, and Hj; are contra-lateral transfer
functions from the loudspeakers to the listener’s ears. The contra-lateral transfer
functions, also known as the crosstalks, interfere with human’s localization of sound
sources when the binaural signals are reproduced by loudspeakers. In order to
mitigate the effects of crosstalk, the crosstalk canceller is chosen to be the inverse of
the acoustic plants such that the overall response becomes a diagonalized and

distortion less response.

[S(n—m) 0 }z[hu(n) hu(n)}@[cn(n) %(n)} 6
0 5(” - m) h21(n) h22 (n) CZl(n) C22 (n)

where ® denotes convolution operation and h;(n) , c;(n) and oJ(n—m)

represent the impulse responses .of the respective ‘acoustic paths, the inverse filters,
and the discrete delta function delayed -by. m ‘samples delay to ensure a causal
inverse filter. The architecture of the crosstalk canceller is shown in Fig. 11. In the

rationale of the inversion problem, it can be regarded as a model-matching system as

shown in Fig.12. The recorded input signals are denoted by u(z), the speaker input
signals by v(z),the reproduced signals by w(z), the desired signals by d(z), and
the performance error signals by e(z). The matrices M(z), H(z), and C(z)
represent multi-channel filters. M(z) is the target matrix, H(z) is the plant

transfer matrix, and C(z) is the matrix of CCS filters. The term z™" is referred

to as a modeling delay to ensure that it is possible to achieve a good performance

from the CCS filter under the constraint that they are causal.

For the system, it is straightforward to establish the following relationships:

v(z)=C(z)(2) (53)

w(z)=H(z)v(z (54)
d(z)=2"M(z)u(z) (55)

19



e(z)=d(z)-w(z). (56)
Ideal model matching requires that H(z)C(z)=M(z). H(z) is generally

non-invertible because it is usually ill-conditioned and even non-square. To
overcome this difficulty, we employ the Tikhonov regularization [23] in the matrix
inversion process. In the method, a frequency-domain cost function J is defined

as the sum of the “performance error” e"e and the “input power” v"'v:

I )=e"(e Jele™ )+ B2(0)v" (™ We™).  (57)

A regularization parameter fS(w) weighs the input power against the
performance error. If £ is too small, there will be sharp peaks in the frequency

responses of the CCS filters, whereas if £ is too large, the cancellation performance

will be rather poor.  The optimal input v, (ej‘”) can be obtained by minimizing J

V()= 17 (e e )+ A B (el M(e Jule ). (59

This solution always exists-for._ g # 0 irrespective of-the dimensions and rank of
H(ej”). Consequently, the.CCS matrix can be readily identified as

Cle’)=[m" (e (e’ )+ A2w)r) B e )me’). (59)
In the case when the desired signals d(z) are identical to the binaural signals
u(z), the matrix M(z) is an identity matrix of order R=B and the corresponding

optimal filters are given by

C(ej’”)z [HH (ej“’ )H(ej‘”)+ ﬂz(a))l]leH (ej’”). (60)
While the expression in Eq. (60) may look similar to that in Ref. [24], there is a

distinction in the choice of f(w). In our approach, the parameter S(w) is

frequency dependent. This is in contrast to the approach in Ref. [24], where a

constant f(w) applied to all frequencies.

Next, the frequency response matrix C(ej”) Is sampled at N_ equally spaced

frequencies
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c(k)=[m" (K)a(K)+ g2 (1] B" k), k=12,...N, (61)

The impulse responses of the inverse filters can be obtained using inverse FFT of
the frequency samples of Eq. (61) in conjunction with appropriate windowing. In
order to guarantee the causality of the CCS filters, cyclic shift of the impulse response
matrix is generally needed, hence the modeling delay z™ in Fig. 12.

In designing the inverse filter, it is crucial to apply suitable regularization with
varying degree according to frequency bands. In this paper, two strategies are
employed to choosing the frequency-dependent parameter S(k). The first strategy

is based on to the condition number c, (k) of the plant matrix H(k), in which case
B(k) is set to be a fraction r of the condition number, i.e., A(k)=r-c (k). Next,

the resulting impulse response.is-examined if the  premasking limit (-15 ms) in
psychoacoustics [25] is violated. If violated, go back and adjust the parameter r until
the limit is satisfied. The second strategy of choosing a frequency-dependent (k)
is based on a gain threshold on the: maximum of the absolute values of all entries in
C(k). In the paper, the threshold is selected to be 12 dB. If the threshold is
exceeded, a larger S should be chosen. The binary search method can be used to

accelerate the search.
2.5 Rectangular Haar-like features

A simple rectangular Haar-like feature can be defined as the difference of the
sum of pixels of areas inside the rectangle, which can be at any position and scale
within the original image. This modified feature set is called 2 rectangle feature. Viola
and Jones also defined 3 rectangle features and 4 rectangle features. The values
indicate certain characteristics of a particular area of the image. Each feature type can
indicate the existence (or not) of certain characteristics in the image, such as edges or

changes in texture.
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2.6 AdaBoost

AdaBoost, short for Adaptive Boosting, is a machine learning algorithm,
formulated by Yoav Freund and Robert Schapire. It is a meta-algorithm, and can be
used in conjunction with many other learning algorithms to improve their
performance.
AdaBoost is adaptive in the sense that subsequent classifiers built are tweaked in
favor of those instances misclassified by previous classifiers. AdaBoost is sensitive to
noisy data and outliers. Otherwise, it is less susceptible to the overfitting problem than

most learning algorithms.
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3. Acoustical design of a Bluetooth® Earphone
3.1 Electroacoustic 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 a Bluetooth earphone connected to a type 2
artificial ear is shown in Fig. 13. In Fig. 3 (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 environment, 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

C'BI 1

pC = e ) (62)
— |+ || — [+1
a)s QAT a)s
where C’=%, 0)52#, Qur -1 M—A,D C,s Isthe acoustic
CatCos M pC’ Ra ¥V C

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

() Ry g

A SZ , is the force factor of the voice coil, Rg is the voice-coil
E D

AT - S
resistance, R, is the mechanical resistance of the suspension, and S, is the
effective area of the diaphragm. It follows that the pressure response has a

second-order lowpass characteristic, which is quite different from a direct radiator

typically having a second-order highpass characteristic. Note that, since the
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combined 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 (a). The acoustical system primarily
consists of tree parts: a cavity (C,- ) and a duct in front of the speaker, the artificial
ear, 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

Z, =iz, tan(k—ZL) (63)
ZO
= 64
®  jsinkL (64)
£,C
Zy= ﬂgz : (65)

where Z, =7, Z; =25y, a=4dg 1S 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 type-2 artificial ear using IEC 711 ear simulator [26]
is shown in Fig. 14 (a). Instead of an acoustic mass, the duct embedded in the
artificial ear is modeled with a transmission line T-circuit. The artificial ear can be
modeled as a transmission line T-circuit in series with the circuit of an IEC 711
simulator [26], as shown in Fig. 14(b). The parameters of the transmission line
T-circuit have been defined in Egs. (63) - (65), where Z,=2Z,.., Zz =2,y

a=a, and L=L,.

The leakage hole impedance is given in the acoustical domain as [9]
Z =Ry + JoM (66)
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The leakage hole has radiation of air loading. The acoustic element parameters
calculated according to the formulas given in Ref. 9 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 artificial ear 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
Pcas :UAE ja)CAS

(67)

The ear canal and the eardrum are simulated by the transmission line T-circuit
shown in Fig. 14 (b). Assume the eardrum here is rigid. Hence, the eardrum

impedance Z_, — oo, which renders the 'Z_," in the ear canal circuit in Fig. 14 (b)

an open circuit. Therefore, the sound pressure at the tympani position p., is given
by

ZECA
—p.,. — fea 68
pED pCA8 ZECA + ZECB ( )

where Z.., and Z_, denote the impedance-elements of the duct represented by
the transmission line T-circuit, as defined in Egs. (2)-(4), and Z_., =Z,, Zgs =Z;.
L. =L the length of the ductand a.. =a is the radius of the duct.

Experiments were undertaken to validate the aforementioned earphone simulation
model. The dimensions of the earphone enclosure are shown in Table 2. It can be
observed from Fig. 15 that SPL response predicted by lumped parameter model
(denoted as original simulation) is in good agreement with the measurement (denoted

as original experiment) up to approximately 16 kHz.

3.2 Optimization of the enclosure design of earphone

The SPL response of the earphone shown in Fig. 15 apparently did not meet the

requirement in 3GPP2 C.S0056-0 [13]. The peak at 1 kHz exceeded the frequency
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response mask. This calls for optimization of the enclosure design, where Simulated
annealing (SA) 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. SA's major advantage over other methods is the ability to avoid
becoming trapped at local minima. The algorithm employs a random search which,
in the initial stage, not only accepts changes that decrease 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(O,l), (69)

where AQ isthe increase in Q and T isacontrol parameter, which by analogy is
known as the system “temperature” irrespective of the cost function involved.
7(0,1) is arandom 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

Toa=aly, (70)

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

2

95

Q= [SPLy,(n)-Ly(n)], (71)
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 design variables and the

associated constraints are given in the following inequalities:
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2x10™* <ag, <3x10°°
10° <L, <107
2x107° <V, <9x10°°"

2x107° <V, <9x10°°

AB —

(72)

where ag, is the radius of the duct, Ly, is the length of the duct, V,. is the volume
of the front cavity, and V,; is the 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 front port radius has the largest
design change to make. The port radius has to be reduced to 13.33% of its original
size. The SPL responses of the optimal and original designs are compared in
simulation and experiment, as shown in Fig. 15. 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.. This improvement also comes at
the price of steeper roll-off above 3 kHz. Nevertheless; this should not be a problem
since the present study is aiming at only the speech application in which the upper

cutoff frequency at 3 kHz is deemed sufficient.
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4. Adaptive CCS Panel Screen Design
4.1 Band Limited CCS

Use direct filtering methods, crosstalk cancellation is carried out by direct
filtering using inverse filters. However, crosstalk cancellation can be demanded
either for a full-band (20~24k Hz) performance or just a band-limited performance
(20-6k Hz) in the design stage of inverse filters. The reason for the latter design is
twofold. First, the sweet spot in which CCS is effective becomes impractically small
at high frequencies. Second, a listener’s head provides natural shadowing at high
frequencies so that the need for cancellation becomes less important. The match

equation appropriate for the band-limited design is written as

{n—n) 0} (0 nz(n)®fw(n)qu(n) qz(n)} 73)

0  dn-m] [0  hy) (0160 |
where f_,(n) denotes the impulse response function ofa low pass filter. Thus, the

inverse filters should in principle give rise toa flat response within the intended band

after compensation.
4.2 Adaptive Head tracking system

There are three contributions of the adaptive head tracking system. The first
contribution of this paper is a new image representation called an integral image that
allows for very fast feature evaluation. The second contribution of this paper is a
simple and efficient classifier that is built by selecting a small number of important
features from a huge library of potential features using AdaBoost [28]. The third
major contribution of this paper is a method for combining successively more
complex classifiers in a cascade structure which dramatically increases the speed of
the detector by focusing attention on promising regions of the image.

4.2.1 Features
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The head tracking procedure classifies images based on the value of Haar
features. There are two reasons for using Haar features. The first reason is that
features can act to encode ad-hoc domain knowledge that is difficult to learn using a
finite quantity of training data. The second reason is that the feature-based system
operates much faster than pixel-based system. There are three kinds of features:
two-rectangular features, three-rectangular features and four-rectangular features,
which are shown in Fig. 16. The values indicate certain characteristics of a
particular area of the image. Each feature type can indicate the existence (or not) of
certain characteristics in the image, such as edges or changes in texture. For example,
a 2 rectangle feature can indicate where the border between a dark region and a light
region lies.

Rectangle features can be computed very rapidly. using an integral image [19].
In order to achieve true scale ‘invariance, almost all face detection systems must
operate on multiple image scales.: The “integral image, by eliminating the need to
compute a multi-scale image pyramid, reduces the initial image processing required
for face detection significantly. Using the integral image, face detection is completed

in almost the same time as it takes for an image pyramid to be computed.
4.2.2 Learning Classification Function

For the original face detector, the exhaustive set of rectangle feature is quite large.
Even though each feature can be computed very efficiently, computing the complete
set is prohibitively expensive. There is a solution that a very small number of these
features can be combined to form an effective classifier. The main challenge is to
find these features.

In head tracking system, AdaBoost is used both to select the features and to train
the classifier. In its original form, the AdaBoost learning algorithm is used to boost

the classification performance of a simple learning algorithm. It does this by
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combining a collection of weak classification functions to form a stronger classifier.
So, for example the perceptron learning algorithm searches over the set of possible
perceptrons and returns the perceptron with the lowest classification error. In order
for the weak learner (boosting the simple learning algorithm) to be boosted, it is
called upon to solve a sequence of learning problems. After the first round of
learning, the examples are re-weighted in order to emphasize those which were
incorrectly classified by the previous weak classifier. The final strong classifier takes
the form of a perceptron, a weighted combination of weak classifiers followed by a
threshold.

The conventional AdaBoost procedure can be easily interpreted as a greedy
feature selection process. Consider the general problem of boosting, in which a
large set of classification functions-are combined using a weighted majority vote.
The challenge is to associate.a large weight with each good classification function and
a smaller weight with poor functions. “AdaBoost is an aggressive mechanism for
selecting a small set of good classification functions which nevertheless have
significant variety. Drawing an analogy between weak classifiers and features,
AdaBoost is an effective procedure for searching out a small number of good

“features” which nevertheless have significant variety.
4.2.3 Constructing a Cascade of classifiers

This section describes an algorithm for constructing a cascade of classifiers
which achieves increased detection performance while radically reducing computation
time. The key insight is that smaller, and therefore more efficient, boosted classifiers
can be constructed which reject many of the negative sub-windows while detecting
almost all positive instances. Simpler classifiers are used to reject the majority of
sub-windows before more complex classifiers are called upon to achieve low false

positive rates.
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The overall form of the detection process is that of a degenerate decision tree,
what we call a “cascade” [29] shown in Fig. 17. A positive result from the first
classifier triggers the evaluation of a second classifier which has also been adjusted to
achieve very high detection rates. A positive result from the second classifier
triggers a third classifier, and so on. A negative outcome at any point leads to the
immediate rejection of the sub-window.

The structure of the cascade reflects the fact that within any single image an
overwhelming majority of sub-windows are negative. As such, the cascade attempts
to reject as many negatives as possible at the earliest stage possible. While a
positive instance will trigger the evaluation of every classifier in the cascade, this is

an exceedingly rare event
4.3 The Adaptive 3D-sound projection screen

A fixed CCS suffers from the sweet spot problem that severely limits its
practicality. To combat the problem, we propose an adaptive interpolated CCS

alongside the video head tracker as follows.
4.3.1 CCS with Interpolation Method

The inverse filter array is designed for 11 listening positions equally spaced by
20 cm. At each listening position, four inverse filters are needed. By assuming two
symmetric listening positions in Fig. 19, the ipsi-lateral transfer functions of the left
position H ,, and H_,, are identical to the ipsi-lateral transfer functions of the
right position Hg,, and H,, respectively. Likewise, the contra-lateral transfer
functions of the left position H , and H, , are identical to the contra-lateral

transfer functions of the right position H.,, and H;,, i.e.,

Hiy =Hgo
Hiz =Hgy (74)
Hi, =Hga
Hia = Hepo
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It turns out that only four CCS filters need to be designed for the two symmetric
listening positions. In total, 6 fixed CCS filters are needed for 11 listening positions.

The fixed CCS filters are designed for 11 discrete listening positions. In the
presence of lateral movement of listener’s head, a mixed filter is generated by using
linear interpolation to ensure the continuity of reproduction for the intermediate

position between two nearest nominal positions.
(L_ Ll)Cl(n) + Licz(n)
L H

where c,,(n) is the impulse response of the interpolated filter of the intended

¢, (n) = (75)

interval and n is the time index. ¢, (n) and c,(n) are the impulse responses of the

fixed CCS filters corresponding to the left and the right end positions of the intended

interval, and L is the interval length. L is the distance from the listener’s head

center to the left end position.associated with“c;(n).

4.3.2 System Implementation

The adaptive 3D-sound projection screen consists of the panel speakers and the
head tracking system with a camera. Fig. 20 shows the arrangement of the
adaptive 3D-sound projection screen where the camera is in the middle of the
projection screen. The two-channel panel speakers are placed on the both two sides
of the screen symmetrically. Fig. 21 shows the GUI of the head tracking system.
According to the imported distance from the screen and the angle of the camera lens,
the CCS can get the coordinates of the listener’s lateral movements by the feedback of
the head tracker. Then the appropriate CCS filters will be obtain to render the
immersive spatial sound.

A panel loudspeaker consists primarily of a light panel that replaces the conical
diaphragm. The size of loudspeaker is smaller in applying such design. Resonance

of flexural motion is encouraged such that the panel vibrates as randomly as possible.
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The exciter is a moving coil actuator that can obtain the better sound quality. The
other advantages of the panel loudspeakers which are compared with conventional
loudspeaker are less beaming problem, compactness, linear attenuation, insensitivity
to room conditions, and bi-polar radiation.

The stereo panel speaker array of the projection screen is constructed using PU
foam panels. The size of the screen frame is 1.8 mx2m. The size of each panel is
33.75 cmx 25 cm. Each panel is driven by two electromagnetic exciters and fixed on a

wood frame and coved by a plastic skin.
4.3.3 Experimental Investigations

To verify the efficacy of the adaptive 3D virtual sound beam steering system, the
head-related transfer functions (HRTF) are measured by using the dummy head. An
objective performance index,«channel separation, is employed to assess the

cancellation performance.

sep(k)zHC(k)/Hi(k), (76)
where H (k) and H, (k) represent the contralateral and ipsilateral frequency

responses, respectively. According to the definition, smaller value of channel
separation implies better cancellation performance. Processed and unprocessed
channel separation results are shown in Fig. 60 Figure 60(a) shows the channel
separations when a dummy sits at the nominal center position. Figures 60(b) and (c)
show the channel separations when the dummy is displaced to the right by 7 cm and
30 cm, respectively, from the centerline. In is clear that the channel separation with
CCS activated is significantly lower than the natural separation from 100 Hz to 8k Hz.
The maximum difference of the channel separations reaches approximately 30 dB.
These experimental results reveal that the interpolated CCS is effective in rendering

spatial sound with robustness against the lateral movements of listener’s head.
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5. Conclusion

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 Bluetooth 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.

In this thesis, the adaptive 3D-sound projection screen composed of panel speakers, a
video head tracker and an adaptive interpolated CCS is proposed. The system is
capable of rendering immersive spatial sound with robustness against listener’s
movement. In order to cope with the lateral movement of the listener’s head, we
introduce the adaptive CCS based on video headtracking technique. The head
tracking system based on the detection framework is capable of processing images
extremely rapidly with high detection rates.. The system is successfully implemented
on the platform of a laptop computer and a digital signal processor. Experimental
results reveal that the proposed system is capable of rendering immersive spatial

sound with robustness against listener’s movement.
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Table 1 Experimentally identified lumped-parameters of the microspeaker.

Re(ohm)| 31.75 Qs 5.96
Re(m?) | 70.033 | Qg 15.11
Le (MH) [6.49x107%|  Qus 9.85

Sp(m?) {7.07x10°|BI(T-m)| 034

Fs(Hz) | 1100.42 | V,s(L) |1.85x10°
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Table 2 The dimensions of the earphone and the parameters of acoustic analogous

circuit.

Parameter| Value |Parameter| Value |Parameter| Value [Parameter| Value
R |167x10°[ asr(m) |1.5x10°| M, | 788 | Cu | 9x10™
Ric [3.85x10°| Ly (M) | 3x10° | M, |94x10°| Cu  |19x107
My | 7665 |agc(m)|1.3x102| M, | 1323 [ C, |15x10™
R | 2x10° | Lec(m) [1.45x102[ M, | 9838 [ C, |21x1072
M, | 23269 | ae(m)| 5x10° | M, | 1535 | C., |21x10%
Cue  [2x107 | Lie(M) | 1x20° | Ry [5.06x10"[ Ry [3.11x107
Cawe |[35x107"
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Table 3 Parameters of the optimized design versus the original non-optimized design.

Original | Optimal
) ) (2)/(1) %

design(1) | design(2)
ag; (M) [1.5x10° | 2x10% | 13.33%
Vi (M°) |2.83x10°| 2.8x10° | 98.94%
Ls; (M) | 3x10® [2.9x10°| 96.67%
Vis (M) [4.85x10°%| 6x10° | 123.71%
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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.

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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Hu Hao

Fig. 10  Schematic diagram showing an audio reproduction system using
two-channel stereo loudspeakers.” /Acoustic transfer functions between the
loudspeakers and the listener’s ears are indicated in the figure.
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Fig. 11  Schematic diagram including crosstalk canceller and acoustic transfer
functions to the listener. The architecture of crosstalk canceller is indicated in the
dotted line.
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Fig. 12  The discrete time inverse filtering problem in block diagram form.

49



Ear canal

Microphone

Fig. 13 The sectional drawing of earphone connecting with artificial ear.
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Fig. 14. The Bluetooth earphone. (a) The analogous circuit of the acoustical system.
(b) The analogous circuit of IEC. 711 simulator.connecting with the transmission line.
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Fig. 15 The measured and simulated SPL responses for the optimal design and the

original non-optimal design... The frequency response mask and a central reference
curve are also sown in the figure.
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Fig. 16. Four types of Rectangular Haar-like features.
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All sub-windows

Further
processing

Reject sub-windows

Fig. 17. Schematic depiction of a the detection cascade. A series of classifiers are
applied to every sub-window. The initial classifier eliminates a large number of
negative examples with very little processing. Subsequent layers eliminate additional
negatives but require additional computation. After several stages of processing the
number of sub-windows have been reduced radically. Further processing can take any
form such as additional stages of the cascade (as.in our detection system) or an
alternative detection system.
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Fig. 18. The shuffler filter structure.
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[

Fig. 19. The two listener positions are symmetric with each other, where H;;, H,
H,,, and H,, are the acoustic transfer functions between the loudspeakers and the

listener’s ears.
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Camera — Panel speakers

Fig. 20. The arrangement of the adaptive 3D-sound projection screen where the
camera is in the middle of the projection screen. The stereo panel speaker
array of the projection screen is constructed using PU foam panels. The size of

each panel is 33.75cmx25cm.
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Fig. 22. The channel separations. (@) The channel-separation when the dummy is at
the centerline. (b) The channel separation when the dummy moves rightward 7 cm.
(c) The channel separation when.the dummy moves rightward 30 cm.
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