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摘    要 

面對耳機設計時各種相互衝突的特性需求，如靈敏度、失真率、頻寬以及微

小化等，需要一種有系統且有效率的方法來達成我們的設計並符合設計需求。 利

用微型揚聲器的參數鑒別法、電機聲模擬電路 (EMA)，建立藍芽耳機的聲學模

擬平台。並且以此平台為基礎，利用模擬退火法 (simulated annealing)進行耳機

腔體的最佳化設計，並能有效達到期望目標。實驗方面，利用 Type 2 人工耳（IEC 

711 ear simulator）來得到實驗結果，並且顯示出經最佳化後的耳機腔體設計，能

夠大大的提升其聲學品質，並且能夠符合 3GPP2 的規範。 

一般而言，利用串音消除系統（cross talk cancellation system）為基礎的 3D

虛擬環繞音效，皆會產生甜點（sweet spot）的問題，也就是當聽者超出甜點的

範圍，就無法聽到良好的音效。本文中提出一個適應性 3D 虛擬聲束操控（beam 

steering）系統，可使聽者利用雙聲道喇叭，即可在任意聆聽位置感受到絕佳的

環繞音效。本系統包含了兩種技術，其中之一是利用攝影機做辨識的頭部追蹤系

統，另外是聲束控制演算法，來進行聆聽位置的最佳化設定。利用適應性 3D 虛

擬聲束操控系統，一個全新的平面喇叭投影屏幕誕生，並且可以使聆聽者在任何

位置享受最佳的 3D 環繞音效。 
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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 in the 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. 
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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 ER  and  . The term EL ER  and  are the most common description of a 

loudspeaker’s electrical impedance. In order to model the nonlinearity of inductance, 

EL

a resistance ER′  can be parallel connected to inductance. Thus, the electrical 

impedance of loudspeaker is formulated as: 

( // )E E E EZ R j L Rω ′= +  (1) 

When the current (i) is

when it movies with the mechanical velocity (u) . The basic electromechanical 

 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 
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equations that relate the transduction of the electrical and mechanical system are 

listed. 

f Bli=  

e Blu=
 (2) 

 (3) 

Here, electro-mechanical transduction can be modeled by a gyrator. So, the 

loudspeaker impedance is formulated as: 
2

E
M MA

e BlZ Z= = +  (4) 

where 
i Z Z+

MZ  is the mechanical impedan MAZ  ce and is the acoustical impedance 
reflecting in mechanica

A simple driver model is shown in Fig. 2. This simple driver model can be used 

ag

l system as shown in Fig. 1(b). 

to describe the mechanical dynamics of the electrom netic 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. Sf  is the force that air 

exerts on the structure. The coupled mechanical and acoustical systems can be 

simplified as : 

MD M
MS

S S
xM x f R x f= − − −�� �  (5) 

where 

C

MDM  is the mass of diaphragm and voice coil, f  is the force in newtons, 

Sf  is the force MSC  is the m that air exert on the structure, echanical compliance, 

MSR  is the mechanical resistance and x is the displacement. 
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2 ( )( )( ) ( ) ( ) ( )MD M
MS

x s
S SM s j x s f s R j x s f

C
ω ω= − − −                (6) 

( )( ) ( ) ( ) ( )MD M
MS

u s
S SM s j u s f s R u s f

j C
ω

ω
= − − −  

( )M A ( )f Z Z u s= +  (7) 

where 1
M MD MS

MS

Z j M R
j C

ω
ω

= + +  is the mechanical impedance and AZ  is the 

acoustical impedance. 

S Af Z u=  (8) 

The acoustical impedance primarily includes radiation impedance, enclosure 

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

formulated as: 

BA AF AZ Z Z= +  (9) 

The general acoustic circuit is shown in Fig. 3(a). The AFZ  means the impedance in 

the front of diaphragm and ABZ  means that in the b e. 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 

ack sid

p  

 becom

and 

volume velocity .  Because of using impedance analogy, the voltage es 

pressure 

U  

p  and current becomes volume velocity .  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. 

U  

S Df S p=  (10) 

 (11) 

The equation 
DU S u=

S Df S p=

 area and 

e

 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 p is the difference in acoustic pressure across the 

diaphragm. The volum  velocity source DU S u=  represents the volume velocity 
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emitted by the diaphragm. From the Eq. (10), the pressure dif

front and rear of the diaphragm is given by 

ference between the 

( )AF ABp U Z Z= +  (12) 

Using Eqs. (10) an

2.2 The method of parameter identification 

most all of the useful loud

iele and Small.  However, Thiele and Small made these 

paramete

determ

2. Added mass (Delta mass method) 

3. Open box only 

all parameters. Placing the driver in a closed 

box 

 to calcu

Curve fitting method 

d (11), force field can be transformed to pressure field. 

Al speaker parameters had been defined by other 

researchers before Th

rs in a complete design approach and shown how they could be easily 

ined 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) 

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 Sm

will induce the alteration of the resonant frequency. The curve fitting employs the 

impedance of system late the parameters of Thiele and Small precisely. Both 

methods are explained in the following section. 

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. 

ES
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1( )(a) Choose the 1j M R
j Cω

 to be become the basic element that it fit a peak 

of the impedance curve. Because the purpose of the method is to fit the mechanical 

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

ω + +

part, the electrical part can be obtained previously. 

(b) Choose the fitting range in the impedance curve. If the range of the impedance 

 can be chosen. Then, the peak 

will fit better and 

 and 

it is obtained second order system transfer function. 

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

2 2

1
2 MSQ  

s ss ξω ω+ +
 , then the parameters sω  and are solved. 

Sf2π   sω =

1
MSQ

2ξ
=  (13) 

( )E

ES
ES MS

RQ Q
R

=  (14) 

Closed box method 

When the impedance of a mechanical system is 1
M MS MS

MS

Z j M R
j C

ω
ω

= + + the 

1resonant frequency is s
MD MSM C

ω = . When a driver is placed in a closed box, its 

 rises.  This is because the inward cone motion is resisted not only 

own suspension, but also by the compression of the air in box. 

resonant frequency

by the compliance of its 

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: 
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1. Measure Sf  and ESQ  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 Cf  and . 

4. Compute the as follows: 

ECQ  

ASV  

( 1C EC
AS T

S ES

f QV V
f Q

= − )  Where is the total volume of the tested box 

Therefore, the mechanical mass 

TV  

MDM  and mechanical compliance MSC  can be 

solved as 

2 2
0

AS
MS

D

VC
c Sρ

=  (15) 

2
AS

MS
S MS

VM
Cω

=  (16) 

12MD MSM M M= −  (17) 

where 1M  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: 

S MS
MS

MS

MR
Q

ω
=  (18) 

S E MS

MS

R MBl
Q

ω
=  (19) 

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

( ) ( )n
E EZ j jω ω≈  L
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'

cos( / 2
e

E
LR
n )

nω
π

⎡ ⎤
= ⎢ ⎥ ,
⎣ ⎦

1

/ 2)
ne

cos(E
LL
n

ω
π

−⎡ ⎤
= ⎢
⎣ ⎦

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

⎥  (20) 

The parameters n and L can be determined from one measurement of e VCZ  at a 

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

EE VCZ Z R= −  

2 11

2 1

tan
90 Re( ) ln ln

E

E

ln lnIm( )1 Z ZZn
Z ω ω

−= =⎢ ⎥ −⎣ ⎦
，

−⎡ ⎤ E
E n

Z
L

ω
=  (21) 

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 an

analogous to voltage in electrical circuits. The volume velocity is analogous to 

current. 

Acoustic Resistance 

Acoustic resistance is associated with diss  that occur wh

a viscous flow of air through a fine mesh screen or through a capillary tube. Fig. 4(a) 

alogy is the preferred analogy for acoustical circuits. The sound pressure is 

ipative losses en there is 

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

pressure difference across the screen is given by 1 2p p p= −  , where 1p  is the 

pressure on the side that U  enters and 2p  is the pressure on the side that U  exits. 

The pressure difference is related to the volume velocity through the screen by 

1 2 Ap p p R U= − =  (22) 

where AR  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 determ ce of ined by experiments. Table 1 gives the acoustic resistan
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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 

liance, consider an enclosed volume of air as illustrated in 

a 

illustrated an acoustic comp

Fig. 5(a). A piston of are S  is shown in one wall of the enclosure. When a force f  

is applied to the pis n, it moves and compresses the air. Denote thto e pis

displacement by 

ton 

x  and its velocity by . When the air is compressed, a restor

force is generated which can be written 

u  ing 

Mf k x= , where Mk  is the spring constant. 

(This assumes that the displacement is not too large

with linear equation.) The mechanical compliance is defined as the reciprocal of the 

 or the process cannot be modeled 

spring constant. Thus we can write 

1xf M
M M

k x udt= = = ∫  (23) 
C C

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 

=  

2

1 1

M A

p Udt Udt
C

=∫ ∫  (24) 

the acoustic compliance of the air in the volume. It is 

given

S C
=

AC  This equation defines 

 by 

2
A MC S C=  (25) 

An integration in the time domain corresponds to a division by jω  for phasor 

variable. It follows from Eqs. (24). That the phasor pr elated to t  phasor 

volume velocity by 

essure is r he

A

Up
j Cω

= . Thus the acoustic impedance of the compliance is 

1
A

pZ = =  
AU jwC

(26) 

The impedance which varies inversely with jω  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 

2A
VC
cρ

=  (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 . The mss of the air in the tube is M 0 l  S  0MM Slρ=  . 

If the a oved with velocity , the force required is given by ir m u  M
duf M dt= . The 

volume velocity of the air through the tube is U Su=  and the pressure difference 

betw  two ends is een the 1 2
fp p p S=  . It f rom e 

pressure difference 

= − ollows f  these relations that th

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

1 2 2
M M

A
M Mdu dU dUp p p M

S dt S dt dt
= − = = =  (28) 

where AM  is the acoustic mass of the air in the volume that is given by 

0
2
M

A
lMM

S S
ρ

= =  (29) 

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

sinusoidal phasor variable. If follows from Eqs. (28) that the phasor pres d 

to the phasor volume velocity by 

sure is relate

Ap j M Uω=  . Thus the acoustic impe

mass is 

dance of the 

A A
pZ j M

U
ω= =  (30) 

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

analogous circuit is shown in Fig. 6(b). For a tube of air to act as a pure acoustic mass, 
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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 8l λ≤  , where λ  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 vibrati edium re ts 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.  

ng, the m ac

The detail of the the

e for a in

infinite baffle can be approximately over the whole frequency range by the analogous 
The parameters of the analogous values are given by 

ory 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 impedanc piston 

circuit. 

 an 

0
1 2

8
3AM

a
ρ
π

=  (31) 

0
1 2

0.4410
A

cR
a
ρ

π
=  (32) 

0
2A

cR 2a
ρ  (33) 
π

=

3

 (34) 1 2

5.94
A

aC
cρ

=
0

where 0ρ  is the density of air, c  is the sound speed in the air, a  e radius of 

the circuit piston. 

Radiation impedance on a piston in a tube 

is th

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

only the element values are different. The analogous 

circuit is g

 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; 

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

1AM
a

0.6133ρ
π

=  (35) 

1 2

0.5045 c
AR

a
ρ

π
=  (36) 

2 2A
c
a

R ρ
π

=  (37) 

2 3

cρ

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

superposition of two stand

( ) 1 2cos n

1 2

0.55
A

aC π
=  (38) 

Transmission line model of a duct 

pressur

ing waves: 

sip x B kx B kx= +                                             (39) 

(We could also have started with the sup

each direction.)  Using this expression, we will evaluate the constants, B1 and B2, so 

that the pressure at x = 0 is p1 and the volume velocity at x = 0 is U1.  Find U(x) 

from Newton’s se

erposition of two traveling waves, one in 

cond law in a fluid, 

( )

dp j pv

A dpU x v A

dx

j dxωρ

− ω=

= − ⋅ =
                                  (40) 

( ) 1 2[ sin cosAkU x B kx B kx
jωρ

= − + ]                          (42) 

Replace 1 2 and B B  by using the pressure and volume velocity at  and evaluate 0x =
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the pressure and volume velocity at x L= .   

2 1 1cos ( sin )jp p kL U Kl
Ak
ωρ

= +                                         (43)  

2 1 1( sin ) cosAkU p kL U kL= − +                                     (44) 
jωρ

2 1

2 1sin cos

Akcos sinkL kL
p pj

kL kL
Ak

ωρ
⎡ ⎤
⎢ ⎥⎡ ⎤ ⎡ ⎤
⎢ ⎥=⎢ ⎥ ⎢ ⎥

⎢ ⎥⎣ ⎦

                                (45) 

These equations are in transfer matrix form. 

shown below

U U⎣ ⎦

e T-

jωρ

−

⎢ ⎥⎣ ⎦

Compare to transfer matrix for th circuit shown in Fig. 8.  Its transfer matrix is 
: 

1+ 2
T=

1 1

a
b b

a

b b

Z Z

Z Z

⎝ ⎠⎥

+⎢ ⎥
⎢ ⎥⎣ ⎦

 (46) 

a aZ Z⎡ ⎤⎛ ⎞
Z

Z

+⎢ ⎥⎜ ⎟
⎢
⎢ ⎥

Then  and a bZ Z  can be got as: 

0 tan(aZ jZ=

0Z

cZ
A
ρ

≡

 (47) 

0

)
2

sinb

kL

Z
j kL

=

in application where an 

acoustic ma

geometry. If the holes in the sheet h ve centers tat are spaced more than on diameter 

apart and the radius of the holes satisfies the inequality 

Other acoustic elements 

Perforated sheets are often used as an acoustic resistance 

ss in series with the resistance is acceptable. Fig. 9(a) illustrates the 

a

a  0.01 10a ff
< <  , 

where f  is the frequency and  the acoustic impedance of the sheet is 

given by 

a  is in m,

2
0

2 22 2 1 1.7 1A
t a aZ u j t

N a a b b
πω ω

⎡ ⎤⎛ ⎞ρ
π

⎧ ⎫⎡ ⎤⎪ ⎪⎛ ⎞= + − + + −⎨ ⎬⎢ ⎥⎜ ⎟ ⎜ ⎟⎢ ⎥⎝ ⎠⎣ ⎦⎝ ⎠⎪ ⎪⎣ ⎦⎩ ⎭
 (48) 
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where N  is the number of holes. The parameters μ  is the kinematic coefficient of 

, 
251.56viscosity. For air at 20 C°  and 0.76 mHg 10 m

sμ −≈ × . This parameter 

value app oximately as r
1.7

0

T
P

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 

 , where perature and is the 

atmospheric pressure. 

T  is the Kelvin tem 0P  

0.002a
f

< , the acoustic impedance is given by 

0
4 23

j
a a

4 '8
A

llZ ρη ω
π π

+  (49) 

where l  is the actual length of the tube and 'l  is the length including end 

corrections. The parameter

=

η is the viscosity coefficient. For air, 

5
2

S
m

⋅  at 20 C°  and 0.76 mHg . This parameter varies with 1.86 10 Nη −

temperature as 

satisfies the inequality 

= ×

0.7T , where T  is the Kelvin temperature. If the radius of the tube 

0.01 10a  pedance is given by , the acoustic imff
< <

0 0
2 2j

s a
'2 2A

llZ u
a
ρ ρω ω
π π

+⎜ ⎟
⎝ ⎠

 (50) ⎛ ⎞= +

0.002 0.01a
f f
< <For a tube with a radius such that , interpolation must be 

used

coustic resistance and mass. Fig. 9(b) shows the 

geometry of such a slit

 between the two equations. 

A narrow slit also exhibits both a

. If the height t  of the slit in meters satisfies the 

0.003tinequality
f

< , the acoustic impedance of the slit, neglecting end corrections 

for the mass term, is given by 

0
3

12
A

llZ j
5t t
ρη ω

ω ω

2.4 Crosstalk Cancellation Systems 

Fig. 10 shows a two-channel loudspeaker reproduction scenario, where H11 and 

= +  (51) 
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H22 are ipsi-lateral transfer functions, and H12 and H21 are contra-lateral transfer 

functions from the loud teral transfer 

functions, also known as the crosstalks, interfere with human’s localization of sound 

sources when the binaural signal  In order to 

the effects

overa sponse becomes a diagonalized and 

distortion less response. 

 
⎦

where  denotes convolution operation and 

speakers to the listener’s ears.  The contra-la

s are reproduced by loudspeakers. 

mitigate  of crosstalk, the crosstalk canceller is chosen to be the inverse of 

the acoustic plants such that the ll re

11

21 22 21 22

( ) ( ) ( ) ( )( ) 0
( ) ( ) ( ) ( )0 ( )

h n h n c n c nn m
h n h n c n c nn m

δ
δ

− ⎡⎡ ⎤
= ⎢⎢ ⎥−⎣ ⎦ ⎣ ⎦ ⎣

12 11 12⎤ ⎡ ⎤
⊗⎥ ⎢ ⎥ , (52) 

( )ijh n , ( )ijc n  and ( )n mδ⊗ −  

tching system as 

represent the im

shown in Fig.12. 

pulse responses of the respective acoustic paths, the inverse filters, 

  sam les delay to ensure a causal 

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

 The recorded

m pand the discrete delta function delayed by

inverse filter.  The architecture of the crosstalk canceller is shown in Fig. 11.  In the 

a

 input signals are denoted by ( )zu , the speaker input 

signals by ,the reproduced signals by ( )zv ( )zw , the desired signals by ( )zd , and 

the pe  error signals br y formance ( )ze .  The matrices ( )z , HM ( )z , and ( )zC  

repres lti-channel filters.  ent mu ( )zM  

transfer

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

he constraint that they are causal. 

 (53) 

is the target matrix, H ( )z  is the plant 

 matrix, and ( )zC  is the matrix of CCS filters.  The term mz −  is referred 

from the CCS filter under t

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

( ) ( ) ( )zzz vHw =  (54) 
( ) ( ) ( )zzzz m uMd −=  (55) 

( ) ( ) ( )zzz uCv =
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( ) ( ) ( )zzz wde −= . 6) (5

Ideal model matching requires that )()()( zzz MCH = .   is generally 

o 

overcome this difficulty, we employ the T atrix 

inversion process.  In the method,

um

)(zH

non-invertible because it is usually ill-conditioned and even non-square.  T

ikhonov regularization [23] in the m

 a frequency-domain cost function J  is defined 

as the s  of the “performance error” eeH  and the “input power” vvH : 

 ( ) ( ) ( ) ( ) ( ) ( )ωωωωω ωβ jjjjj eeeeeJ vvee H2H += . (57) 

A regularization parameter )(ωβ  weighs the input power against the 

performance error.  If β  

lters

is  fr  

i , wherea

too small, here will be sharp peaks in the equency t

s if β  responses of the CCS f is too large, the cancellation performance 

will be rather poor.  The optimal input ( )ωj

( )

e  optv can be obtained by minimizing J  

( ) ( ) ( )[ ] ( ) ( ) ( )ωωωω ωβ jjjHHj eeee uMHIHv 12
opt

−
= . ωω jj ee H + (58) 

This solution always exists for 0≠β  irrespective of the dimensions and rank of 
( )ωjeH .  Consequently, the CCS matrix can be readily identified as 

( ) ( ) ( ) ( )[ ] ( ) ( )ωωωωω ωβ jjHjjHj eeeee MHIΗHC 12 −
+

In the case when the desired signals 

. (59) =

( )zd  are identical to the binaural signals 

 is an identity matrix o r ( )zu , the matrix orde( )zM f BR =  and the corresponding 

optimal filters are g ven by 

( ) ( ) ([ ]

i

) ( ) ( )ωωω jjjj eee HHC H= . ω ωβ H eHI 12 −
+ (60) 

While the expression in Eq. (60) may look similar to that in Ref. [24], there is a 

distinction in the choice of )(ωβ .  In our approach, the parameter )(ωβ  is 

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

constant )(ωβ  applied to all frequencies. 

Next, the frequency response matrix ( )ωj
ceC  is sampled at  equally spaced 

frequencies 

N
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 ( ) ) ( ) ] ( )kkk HHIC 12 −
+ β , cNk …,2,1( ) ([ kkH HH= =  (61) 

The impulse responses of the inverse filters can be obtained using inverse FFT of 

the frequency samp

rder to guarantee the causality of the CCS filters, cyclic shift of the impulse response 

deling delay z-m in Fig. 12. 

les of Eq. (61) in conjunction with appropriate windowing.  In 

o

matrix is generally needed, hence the mo

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 )(kβ .  The first strategy 

is based on to the condition number ( )kc  of the plant matrix ( )kH , in which case  d

is set to be a fraction r ber, i.e.,  of the condition num ( ) (kc

e

) .  Next, 

 If violated, go back and adjust the param ter r until 

it is satisfied.  The second strategy of choosing a frequency-dependent 

r ⋅=kβ( )kβ  d

the resulting impulse response is examined if the premasking limit (-15 ms) in 

psychoacoustics [25] is violated. 

the lim )(kβ  

ies in 

hold is 

is alues of all en bas

)(kC

ed on a gain threshold on the m of the absol tr

.  In the paper, the threshold is s lected to be

exceeded, a larger β should be chosen.  The binary search method can be used to 

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 

e image, such as edges or

maximu

e

ute v

 12 dB.  If the thres

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 

indicate the existence (or not) of certain characteristics in th  

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 

ve 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 

nois usceptible to the overfitting

used in conjunction with many other learning algorithms to impro

y data and outliers. Otherwise, it is less s  problem than 

most learning algorithms. 
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3. Acoustical design of a Bluetooth® Earpho

3.1 Electr

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 el

 

ne 

oacoustic 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 

ectroacoustic 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 AC .  Simplifying the circuit in 

the acoustical domain leads to the pressure response at the ear canal 

2
1

c g
A D E

s AT s

1

1

C Blp e
C S R s s

Qω ω

′
=

⎛ ⎞ ⎛ ⎞⎛ ⎞
+ +⎜ ⎟ ⎜ ⎟⎜ ⎟
⎝ ⎠⎝ ⎠ ⎝ ⎠

, (62) 

where A AS

A AS

C CC
C C

′ =
+

, 1 AD
AT

MQ1
ASC  s

ADM C
ω =

′
, , is the

ATR C
=

′
 acoustic 

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

( )2

2 2
MS

AT
D E D

Bl RR
S R S

= + , Bl  is the force factor of the voice coil, RE is the voice-coil 

resistance, MSR  is the mechanical resistance of the suspension, and DS  is the 

.  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 ch

effective area of the diaphragm

aracteristic.  Note that, since the 

 23



combined acoustic compliance C’ is effectively decreased due to the ear canal 

impedance, the system AT quality factor Q  will be increased.  Thus, it is crucial in 

designing earphones to “shape” the resonant peak at sω  for an acceptable Q  

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 (

AT  

AFC ) and a duct in front of the speaker, the artificial 

ear, and a cavity (C ) with a leakage hole behind the speaker. 

eaker can be modeled as an acoustic resistance [9] 

AB

The duct in front of the sp

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

parameters STAZ  and STBZ .  The T- circuit with parameters is given by 

0 tan( )
2A

kLZ jZ=                                      (63) 

0

sinBZ Z
j kL

=                                 (64) 

0
0 2

cZ
a
ρ
π

= ,                                             (65) 

where A STAZ Z= , B STBZ Z= , STa a=  is the radius of the cross-section of the duct, 

STL L=  is the length of the duct, and k ω
=

c
 is the wave number. 

The analogous circuit of the type-2 artificial ear us 1 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 Eqs. (63) - (65), where 

ing IEC 71

 

A AEAZ Z= , BB AEZ Z= , 

AEa a=  and AEL L= . 

The leakage hole impedance is given in the acoustical domain as [9] 

LK LK LKZ R j Mω= +   (66) 
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The leakage hole has radiation of air loading.  The acoustic element parameters 

 in Ref. 9 are summarized in Table 2.  

n platform for the earphone. 

3.1.2

calculated according to the formulas given

This analogous circuit serves as the simulatio

 Verification of the lumped parameter model 

The volume velocity AEU  flowing through 8AC  in the artificial ear can be 

obtained from solving the analogous circuit in Fig.2.  From AEU , the pressure 8CAp  

at the element 8AC  can be calculated by 

8
8

CA AE
1

A

p U
j Cω

=  (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 EDZ →∞ , which renders the EDZ  in the ear canal circuit in Fig. 14 (b) 

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

by 

8
ECA

ED CA
ECA ECB

p p
Z Z

=
+

, Z (68) 

where ECAZ  and ECBZ  

-c

denote the impedance elements of the duct represented by 

the transmission line T ircuit, as defined in Eqs. (2)-(4), and ECA AZ Z= , ECB BZ Z= .  

the leng  the duct and ECL L=  th of ECa a=  is the radius of the duct. 

Expe  were undertak  to validate the aforementioned earp ne sim

model.  The dimensions of the earphone enclosure are shown in Table 2.  It can be 

nse 

(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 

riments en ho ulation 

observed from Fig. 15 that SPL respo predicted by lumped parameter model 

 

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 optim  of a given function in a 

large s

um

earch space.  SA's major advantage over other methods is the ability to avoid 

becom

changes (bad solutions) that increase it.  The acceptance of the bad solutions is 

determined by the probability 

ing 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 

( )exp 1QP Δ⎛ ⎞= − > , 0,
T

γ⎜ ⎟
⎝ ⎠

(69) 

wher
kno  

is a random number generated uniformly in the interval (0,1). 

ization, we  and the 

final temperature  is gi

kT

e QΔ  is the increase in Q  and T  is a control parameter, which by analogy is 
wn as the system “temperature” irrespective of the cost function involved. 

In the earphone optim choose the initial temperature 

( )0,1γ  

200iT =

ven by 310fT −= .  The temperature decrement rule

1kT α+ = , (70) 

where the annealing coefficient  when 20T > , 0.99α =0.95α =  when .  

The solut requency resp

 The cost nction for the SA o

wher

20T <

ion will be rejected if it fails to comply with the the f onse 

mask.  fu ptimization is chosen to be 

( ) ( )new ref , (71) 
295

1n
Q SPL n L n

=

⎡ ⎤= −⎣ ⎦∑

e newSPL  is the SPL of the current design, while refL  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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SPL− −

− −

− −

⎪ ≤ ≤⎪
⎨

× ≤ ≤ ×⎪
⎪ × ≤ ≤ ×ABV⎩

, (72) 

where is the raSPa  dius of the duct, SPL  is the length of the duct, AFV  is the volume 

of the front cavity, and ABV  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 

educed to 13.33% of its original 

size. igi

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 

 3GPP2.  This improvement also comes at 

the price of steepe

since the p

design change to make.  The port radius has to be r

  The SPL responses of the optimal and or nal designs are compared in 

be within the frequency response mask of

r roll-off above 3 kHz.  Nevertheless, this should not be a problem 

resent 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 

ither for a full-band (20~24k Hz) performance or just a band-limited performance 

(20-6k Hz) in the design stage of inverse filte

CCS is ef

ecomes less important.  The match 

equation appropriate for the band-

 

e

rs.  The reason for the latter design is 

twofold.  First, the sweet spot in which fective becomes impractically small 

at high frequencies.  Second, a listener’s head provides natural shadowing at high 

frequencies so that the need for cancellation b

limited design is written as 

11 12 11 12

21 22 21 22

( ) ( ) ( ) ( ) ( )( ) 0
( ) ( ) ( ) ( ) ( )0 ( )

LP

LP

h n h n f n c n c nn m
h n f n h n c n c nn m

δ
δ

⊗−
⊗−

⎡ ⎤ ⎡ ⎤⎡ ⎤
⎢ ⎥ ⎢ ⎥⎢ ⎥⎣ ⎦

= ⊗
⎣ ⎦

, (73) 

 
⎣ ⎦

where ( )LPf n  denotes the impulse response function of a low pass filter.  Thus, the 

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

after compensation. 

4.2 Adaptive Head tracking system 

There are three co

e

simple  important 

[28].  

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 detecto

ntributions of the adaptive head tracking system.  The first 

contribution of this paper is a n w image representation called an integral image that 

allows for very fast feature evaluation.  The second contribution of this paper is a 

and efficient classifier that is built by selecting a small number of

features from a huge library of potential features using AdaBoost The third 

r 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-

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: 

certain characteristics in the image, such as edges or changes in texture. For example, 

a 2 rectangle feature can

region lies. 

ute  

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 

 

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 

hoc domain knowledge that is difficult to learn using a 

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 

 indicate where the border between a dark region and a light 

Rectangle features can be comp d very rapidly using an integral image [19]. 

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 
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combining a collection of weak classification functions to form a stronger classifier.  

eptron learning algorithm searches over the set of possible 

perce

ature selection process.  Consider the general problem of boosting, in which a 

large set of classification functions are co

he challenge is to associate a large weight with each good classification function and 

 Drawing an analogy between weak classifiers and features, 

 for searching out a small number of good 

“features” which nevertheless have significant variety

hieve low false 

So, for example the perc

ptrons 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 

fe

mbined using a weighted majority vote.  

T

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. 

AdaBoost is an effective procedure

. 

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 ac

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 T

4.3.1 CCS with Interpolation Method 

ing two 

symm

, i.e., 

he 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. 

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 assum

etric listening positions in Fig. 19, the ipsi-lateral transfer functions of the left 

position 11LH  and 22LH  are identical to the ipsi-lateral transfer functions of the 

right position 22RH  and 11RH , respectively.  Likewise, the contra-lateral transfer 

functions of the left position 12LH  and 21LH  are identical to the contra-lateral 

transfer functions of the right position 21RH  and 12RH

11 22

22 11

12 21

21 12

R

L R

L R

L R

H

H H
H H

=

⎨ =⎪
⎪ =⎩

 (74) 

LH
H H

⎧
⎪ =⎪
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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.  

( )1 1 1 2
int

( ) ( )
( )

L L c n L c n
c n

− +
= , (75) 

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

L

inte  is the time index.  

int

rval and n ( )1c n  and ( )2c 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.  1L  is the distance from the listener’s head 

center to the left end position associated with ( )1c 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.  

Acco

ion is encouraged such that the panel vibrates as randomly as possible.  

rding 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 mot
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The 

me is 

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 fra 1.8 m 2 m.×  The size of each panel is 

TF) are measured by using the dummy head.  An 

tion, is employed to assess the 

canc

33.75 cm 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 (HR

objective performance index, channel separa

ellation performance. 

( ) ( ) ( )/S k H k H kep c i= , (76) 

( )H k ( )H k and where c i  represent the contralateral and ipsilateral frequency 

respo

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 

ns s 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. 

nses, 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) 

CCS activated is significantly lower than the natural separation from 100 Hz to 8k Hz.  

The maximum difference of the channel separatio reache
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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 

design has been significantly enhanced 

’s 

movement.  In order to cope 

ce the

tracking system based on the detection framework is capable of processing images 

extremely rapidly with high detection rates.  The system is successfully implemented 

ent. 

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 

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

with the lateral movement of the listener’s head, we 

introdu  adaptive CCS based on video head tracking technique.  The head 

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 movem
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Table 1 Experimentally identified lumped-parameters of the microspeaker. 

( )ohmR  E 31.75 TSQ  5.96 

( )' 2mER  70.033 ESQ  15.11 

( )mHEL  26.49 10−× MSQ  9.85 

( )2mDS  67.07 10−× ( )T mBl ⋅ 0.34 

( )HzSF  ( )LASV 51.85 10−×1100.42
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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 

STR  51.67 10×  ( )ma  ST
31.5 10−× 4AM  78.8 4AC  139 10−×

LKR  53.85 10×  ( )mL  33 10−× 5AM  39.4 10× 5AC  121.9 10−×ST

LKM  766.5 ( )mECa  21.3 10−× 6AM  132.3 6AC  121.5 10−×

AR  82 10×  ( )mL  EC M 7AC  983.8 21.45 10−× 122.1 10−× 7A

AM  232.69 ( )mAEa  35 10−× 8AM  153.5 8AC  122.1 10× −

AFC  13102 −×  ( )mAEL  31 10−× 5AR  7AR  75.06 10× 73.11 10×

ABC  133.5 10−×        
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Tab s the original non-optimized design. le 3 Parameters of the optimized design versu

 
Original Optimal 
design(1) design(2)

(2)/(1) %

( )mSTa  31.5 10−× 42 10−× 13.33%

( )3mV  82.83 10−× 82.8 10−× 98.94%AF

( )mSTL  33 10−× 32.9 10−× 96.67%

( )3mV  AB
84.85 10−× 86 10−× 123.71%
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(a) 

 

    
(b) 

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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(b) 

Figure 3. (a) Detailed Electro-mechanical-acoustical analogous circuit of loudspeaker. 
(b) Another form of acoustic system. 
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           (a)                                      (b) 
Figure 4. (a) An acoustic resistance consisting of a fine mesh screen. 
(b) Analogous circuit. 
 
 
 

 

Figure 5.  (a) Closed volume of air that acts as acoustic compliance.  
(b) Analogous circuit. 

 44



 

 

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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Fig. 8. T-circuit of transmission line 
 
 
 
 

 

 
 
Fig. 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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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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ig. 12 The discrete time inverse filtering problem in block diagram form. F
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Fig. 13 The sectional drawing of earphone connecting with artificial ear.  

Artificial ear  

Front cavity AFV  

Duct  

IEC 711 simulator  

Length of duct STL  

Radius of duct STa

 Ear canal

Microphone



D D DU u S=
p
+

−

AFC

STR
STAZ

LKR

Duct

Back cavity

ABC

LKM
1AM

AR

STBZ

STAZ AEAZ

AEBZ

AEAZ

Artificial ear

Leakage hole

Front cavity

A BIEC 711 
simulator

 
Fig. 14 (a) 
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Fig. 14 (b) 
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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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 
, and are the acoustic transfer functions between the loudspeakers and the 

listener’s ears. 
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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 
 

33.75 cm 25 cm× . 
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Fig. 21. The GUI of the head tracking system. The system can detect the face and 
send the coordinate to the beam steering system. 
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cm.  
Fig. 22. The channel separations. (a) The channel separation when the dummy is at 
the centerline.  (b) The channel separation when the dummy moves rightward 7 
(c) The channel separation when the dummy moves rightward 30 cm. 

 61


	Joe論文封面.pdf
	Joe論文v2
	Joe論文封面
	Joe論文v1.pdf
	ABSTRACT
	Figure 1. (a) Electro-mechano-acoustical analogous circuit of loudspeaker. (b) Same circuit with acoustical impedance reflecting to mechanical system.



