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ABSTRACT

We herein propose a new model-based control metimoglace of traditional adaptive control, for a
low-frequency noise problem in a closed space. ffloposed control method is based on state feedback
control and a model of the acoustic space obtauyeithe concentrated mass model. Thus, we can d¢ontro
noise in the entire space. According to the comated mass model, the acoustic space is modeledsses,
connecting linear springs, connecting dampers,basé support dampers. Furthermore, a loudspeakar, a
control source, is also modeled by a mass, a spaimg) a damper. In the present paper, as a fepi ste
constructed a coupled analysis model of a one-dsinaal sound field and the loudspeaker. We desigmed
model-based system for the standing sound waveitotv-frequency band. Specifically, we realizestate
feedback control system based on a Kalman filtdrpaole placement. Modal reduction using modal agisily

is conducted to reduce the computation time of dbetroller. Then, we conducted experiments and a
numerical simulation of the one-dimensional sounbetto confirm the validity of the analysis model.
Moreover, we perform an experiment to control these in the sound tube. The noise is reduced arthend
resonance frequency in the entire space. Theraf@@roposed method is valid for noise contra ¢losed
space.

Keywords: Active noise control, Model-based conthdbdeling, State feedback, Concentrated mass model
Modal analysis

1. INTRODUCTION

Several adaptive control methods have been propwsednventional research on active noise
control (1). However, it is difficult for these methods ¢ontrol noise in a large sound space. In a
closed space, controlling noise in the entire atiouspace requires proper placement of the
microphones and loudspeakers. Their placement tisriséned empirically based on experimental
results because there are no placement guideledHpwever, we can control the entire acoustic
space using system theory if we model the acoustace and the acoustic device as a system
equation. Therefore, a method of active noise @nising the system equation of the finite element
method was proposed (3). However, a confirmatonyeeixnent was not conducted, and coupling of
the acoustic space and loudspeakers was not cordid®n the other hand, the method of using
experimental modal analysis considers the dynawifidbe loudspeakers (4). However, measurement
of the frequency response is required in advan@seB on the above considerations, theoretical
modeling of the acoustic space and the loudspeakedsthe establishment of a practical control
method are necessary.

In the present study, we model the acoustic spadaeconcentrated mass model, which consists
of masses, connecting linear springs, connectimgpeas, and base support dampers (5). In addition,
a loudspeaker, as an actuator, is modeled by a,masing, and a damper. We model the coupling of
the acoustic space and the loudspeaker. Furthermearelesign a model-based control system using
the coupled model and the state feedback to comwide in the entire acoustic space. In the present
paper, as a first step, we deal with the one-dinmgrad sound field. We constructed an analysis model
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of the sound field and the loudspeaker, and wegthesi a model-based control system for steady-state
sound waves below 500 Hz. The state feedback cosystem is designed based on a Kalman filter
and pole placement. Then, we conducted experinatd® numerical simulation of a one-dimensional
sound tube in order to confirm the validity of thealysis model. In addition, we designed the cdntro
system and performed an experiment to control tiieenin the sound tube.

2. MODELING OF THE ACOUSTIC SPACE/LOUDSPEAKER COUPLED SYSTEM

In the present paper, we consider a one-dimensiaoalistic problem in a cylindrical tube, as
shown Fig. 1. A speaker is installed at each enthefcylindrical tube. The left speaker is the rois
source, and the right speaker is the actuator. Tttem control input is calculated from the sound
pressure as measured by the microphones placedliataamce L,, from the right end of the tube. In
this section, we model the coupled system of tloeiatic space and the loudspeaker, as a concentrated
mass model.

2.1 Modeling of Acoustic Space Using a Concentrated Mass Model

In this section, we model acoustic problems inlinclyical tube using the concentrated mass model
(5). The air is modeled as masses, connecting diapengs, connecting dampers, and base support
dampers, as shown in Fig. 2. The air is divided il elements, each element having a lerigth
the tube, as shown Fig. 1, whelrds the pipe length, an@ is the diameter of the pipe. The mass is
concentrated on the nodal points. Then, the masa&t nodal point,m , is given as follows:

m = pAl Q)
where p is the density of air in the equilibrium statedad is the cross-sectional area of cylindrical
tube. In addition, z; is the displacement of the nodal pointand p, is the pressure in element

Assuming an adiabatic process in elementthe sound pressuredp, , is given as follows using the
relative displacement of element, z;, -z, (5):

k(:): —9:._1)

dp; = ————=~ 2

p; 1 2)
where k is the coefficient of the connecting spring. Thegsure in the equilibrium state i and
the specific heat ratio of the air ig. Then, k£ is given as follows:

A
k = pOl Y (3)
In this paper, the coefficient of the base supmlamper, ¢’, and the coefficient of the connecting
damper, ¢¢, are determined experimentally.

2.2 Modeling the Electro-dynamic Type Loudspeaker

In this section, we model the loudspeaker showhign 3(a). The loudspeaker is assumed to be a
circular baffle having equivalent diametér, when the loudspeaker is used in a low-frequency
domain of less than 1000 Hz (6). Then, the dynamidbe loudspeaker affected by the sound pressure
can be expressed by an equivalent circuit, as showig. 3(b). In Fig. 3(b), the left side circustthe
driver circuit of a coil, and the right side cirtis the equivalent circuit derived from the mecitah
behavior of the vibration board. The equation oftimo in the frequency domain is given by
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Figure 1 — Control system and control object Figure 2 — Concentrated mass model
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Figure 3 — The loudspeaker of electro dynamic type

(2, +2,)U,~K,I, =F, (4)
(Z,+Zy)1,+K,U, = E, (5)

where U, is the velocity of the vibration board], is the current in the voice coilF, is the
vibratory force of the external sound sources i@ #lcoustic field,E, is the voltage applied to the
loudspeaker,kx, is the power factorz, is the mechanical impedance for the external saufg

is the mechanical impedance for the voice circuif, is the electrical impedance of the voice circuit,
and Z, is the electrical impedance. These impedancegiaen as follows (6):

k
Zm = jwms +Cs +._5 (6)
Jw
Z6+ZO :rs+jWLs (7)

where m, isthe mass of the vibration board, is the mechanical damper of the loudspeaker,is
the mechanlcal stiffness; is the sum of the voice coil resistance and tlerital resistancel, is
the inductance of the voice coilj=+/-1, and w is the angular frequency. The force acting on the
vibration board from the air is given by
F =F-2ZU, 8

Equations (4) and (5) are given as follows in timetdomain using Eqgs. (6), (7) and (8):

ms‘;lfs +CS:&S +k5$5 = fa +Kpi8

Lsz; +70, = e, —Kpjzs ©)
where z, is the displacement of the vibration boargd, is the current in the voice coilf, is the
force that the vibration board receives from the aj is the voltage applied to the voice coil, and all
are functions of time. The first equation of Eq) i®the equation of motion of the vibration boarftie
force K,i, is generated by the current in the drive coil, #melforce f, is generated by the air. The
second equation of Eq. (9) is the equation of teetecal circuit. The electromotive force is geatxd
by the vibration of the vibration board and theutpoltage is applied to the voice coil. Since timee
constantT =L, /r, can be neglected in the low-frequency range, we reeglect the first term on the
left-hand side of the second equation of Eq. (®ef, Eqg. (9) can be simplified as follows:

myi, +eii, ko, = f, +Ke (10)

where K, =K, /7, is the factor that converts the force to the wpdtaand c; = ¢, + K, K, . Equation
(10) express the loudspeaker as the dynamic modeig. 4

2.3 Modeling of the Boundary of Acoustic Space and the Loudspeaker

In this section, we model the boundary of the atiouspace and the loudspeaker. We consider the
case in which the equivalent cross-sectional afeth® vibration board of the left speaket,
smaller than the cross-sectional area of the cyicad tube, A, as shown in Fig. 5, in whiche, is
the displacement of the vibration board of the pmhker, andy, is the displacement of the mass
point 1 of the air next to the vibration board. Fradiabatic change, the pressure variation in the
boundary (element 1) is given by
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Figure 4 — Equivalent mass of the loudspeaker Figure 5 — Boundary condition of the left end

o (A1)
dp, = O( ) ~ " Do (11)
(Al+ Az - Az,)

Linearizing Eq. (11) in the vicinity ofp,, we obtain
dpy = =0 Az = Az, (12)

The force acting on the vibration boarg’ , and the force acting on the mass point of thbtrigf?
by the sound pressureip, , are given as follows:
L — _
e dplAs} (13)
Ja = —dp A
When we analyze the loudspeaker, we use the foecergted by the air, wher¢ = f; in Egs. (9)
and (10). In addition, we model the boundary atright end (elementV) in the same manner.

3. Control System Design

In this section, we design a control system forabeustic space using the proposed analysis model
in Section 2. First, we deform the coupled systenthe system equation. Next, we conduct model
reduction to reduce the computation time of thetoater. In addition, we design an observer-based
controller using a Kalman filter and pole placeméasign.

3.1 System Equation of the Coupled System

We model the coupled system in Fig. 1 as a conatdrmass model of (= N +2) degrees of
freedom, as shown in Fig. 6. The acoustic spacdivigled intoN elements. Subscripts s1 and s2
indicate that variables are associated with thedefl right speakers, respectively. The displaceémen
vector is defined as follows:

93:[51751 Tgp Ty ot mN]T (14)

The equation of motion of a coupled system becomes
Mi+Cz+Kx=Gd+Hu (15)
where M OR™" is the mass matrix of the coupled syste@[I1R™" is the damping matrix,

K OR™"is the stiffness matrix, GOR™ is the position at which the noise is acting, aHdIR"?
is the position at which the input is acting. Pmsis G andH are given as follows:

G=[100-- qT
. (16)
H=[010--(
If we define the state vector ag=| " :i:T]T, Eq.(15) becomes
q':Aq+Bu+Dd}
17
y=C.q 7

In Eq. (18), each matrix is written as follows:
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Figure 6 — Coupled system of a loudspeaker anchaardrated mass model

A= 0n><n Inxn B= 0n><1
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0,«
] ¢,=[000- 0-110- 00y,
M™H =i

(18)

D

where j is the element number of the observation point, & is derived from the fact that the
sound pressuredp; , is proportional to the relative displacement-z,_;.

3.2 Model Reduction

The n-degree-of-freedom vibration system is reduced gisitodal coordinates;. The modal
coordinates vectom is defined as

77:[771 M, nl nn]T (19)

The state vector using the physical coordingteis given by
q=5n (20)

[® 0
S{O @} (21)

d=[p ¢, - ¢,|OR”" is the modal matrix derived from Eq. (15) when, 4, and u are
neglected. ¢, is thei-th eigenvector. If the noise source is neglectée Q) in Eq. (17), the state
equation using the mode coordinatge can be expressed as follows:

where S is given as follows:

)= An+ Bu
T } (22)
y=C,m
where
A=574S, B=5"B C,=C,8} (23)

and & is normalized asd” M® = I... . Then, the first throughn -th order modes remain, and the

higher-order modes are neglected. The reduced nomdatiinates vectom, is defined as
Ma =[m - ne iy - 9] (24)
The reduced order system is given as follows u&iqg(24)[Consider replacing byyq; ".]:
?ﬁ = i_lﬁnﬁ +1—5’nU} (25)
Ya = Conly

3.3 Design of the Controller

We design the controller based on Eq. (25). Ingresent paper, we use the Kalman filter to estimate
the quantity of the state (the number of microplwaee r ). According to the theory of the Kalman
filter (7), the estimated state vectofy;, is given by
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Figure 7 — Block diagram of the control system

ﬁﬁ = (‘Zﬁ _Kec_’oﬁ)rf,ﬁ +'§77U+Key (26)

where the Kalman gaink, OR™?" is K, = PCL.R*, in which POR?>?" is obtained by solving
the Riccati algebraic equation:

A.P+PA."-PCI.RC,.P+Q=0 (27)
where QOR?™?" s the covariance matrix of system noise, aRdIR™" is the covariance matrix
of the observation noise.

The controller from the state feedback (8) can bigten as follows:

s = K+ (A ~K.Co -Ean)ﬁn} 29)

u= _Kcﬁﬁ

where the feedback gaik, 1R**! is obtained by the solution of the pole placenmoblem. We
move the poles of the system as desired using Acken’s formula (8). Figure 7 shows a block
diagram of the control system in Eq. (28).

4. VALIDITY OF THE ANALYSIS MODEL

In this section, we verify the validity of the agsis model proposed in Section 2. We first
compare the numerical results obtained using E®jsafd (10) and the measurement results for the
vibration of the loudspeaker in order to confirne thalidity of the loudspeaker equation. In addition
we measured the sound pressure in the acoustic wiie® the noise is generated from the left
speaker in Fig. 9. We compare the numerical resudtsg Eq. (17) with the experimental results to
confirm the validity of the coupled analysis model.

4.1 Validity of the Loudspeaker Model

In this section, we measured the vibration of thedspeaker without the tube in order to confirm
the validity of Eq. (10). We used a Fostex FF85VkKidspeaker. The parameters of the loudspeaker
were obtained from the specifications listed in [€ab. We calculated the frequency response of the
displacement of the vibration board using Eqs.g®)l (10). Figure 8 shows the experimental and
numerical results. The input to the loudspeaker avage wave with voltage amplitudg =0.1[V] in
each frequency. The numerical results obtained ¢y. £9) and (10) are in good agreement, so the
simple Eq. (10) is valid in the low-frequency domaMoreover, the experimental and numerical
results are in good agreement. The difference bertviegs. (9) and (10) appears at high frequencies in
the phase. We can use Eq. (10) because we corthiglérequency range of less than 500 Hz.

4.2 Validity of the Coupled Analysis Model

We compare the experimental results of the sourx tm Fig. 9 with the numerical results
obtained by the concentrated mass model when th&aoinput is zero in order to confirm the
validity of the coupled analysis model of the lopdaker and the acoustic space. The experiment is
performed in an anechoic camber room. The parametiethe experimental equipment are listed in
Tables 1 and 2.

The numerical calculation using the concentratedssmenodel is performed by numerical
integration using Eq. (17). The numerical integratiis by the Runge-Kutta method with a time
interval of 1/100,000 [s] and 200 partitions in thie region. The parameters of the analysis atedis
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in Tables 1 and 2. The coefficient of the base supdamper and the coefficient of the connecting
damper are set to match the peak value at thediftler resonance frequency. The input voltage ¢o th
left speaker, as the noise source, is given byfdlewing equation:

eq =6, Sinwt (29)

where w is the frequency of the input voltage. The frequers less than 500 Hz.

Table 1 — Parameters of the loudspeaker (FF85WK)

D,[mm] 60.0 r.[£2] 7.2
m, [kg] ! 0.00211 L[mH] ! 0.032
k,[N/m] § 1100.11 K,INA 3.93
¢, [N/m?] : 0.5 '
Eq.(9)
------- Eq.(10)
4 —— Experiment
L e Or
és" -90
2
&
& -180
T —— e 20—
0 Frequency[Hz] 500 0 Frequency[Hz] 500
Figure 8 — Frequency response of the loudspeaker
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Figure 9 — Experimental equipment used to confine eéffectiveness of the proposed control
system

Table 2 — Parameters of the experimental equipment

L[m] | 2.0 v 5 1.4
D[mm] | 77.0 ¢ [Nm?] | 0.03
polkPal | 101.3 S[N/m2 ¢ 0.0018
kg m®] | 1.1926 8.IV] | 0.1
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Figure 10 — Frequency response of pressure inrtaedomension sound tube

The results are shown in Fig. 10. The frequencpoase of the sound pressure is shown in Fig.
10(a) (microphone position:L, =1.975[m] ), Fig. 10(b) (L, =0.975[m]), and Fig. 10(c)
(L, =0.025[m]). The dashed lines indicate the numerical reswdtg] the solid lines indicate the
experimental results. The experimental and numkrieaults are in good agreement at each
microphone position. Some of the peak values ofritbmerical results do not agree with the peak
value of the experimental results, because the éangd the concentrated mass model is not
optimized. In this regard, the analysis accuraay loa further improved by setting the damping to be
optimal. Based on the above considerations, th@lealuanalysis model is valid.

5. VALIDITY OF THE CONTROL SYSTEM

In this section, we verify the control effect usithg controller by Eq. (28). Therefore, we give the
noise to the left speaker and we give the contrplit to the right speaker, as shown in Fig. 9. Thiea
sound pressure is measured in the acoustic tube wiee control is executed to confirm the control
effect.

5.1 Control System

We conducted a noise control experiment to confih@ control effect of the controller of Eq.
(28). Figure 9 shows the experimental equipmeneé ddntrol input is sent to the right speaker, and a
sine wave is sent to the left speaker as noisen,Tlwe perform the noise control of the first thrbug
7-th mode (n=7). Note, the control input is calculated by the DEBOX-C6713 by MTT
Corporation). The observation value is the only slo@nd pressure measured at the microphone C
(L, =0.025[m]), and the other microphones (A, B) are used ferahaluation of the control effect. In
addition, discretizing Eq. (28) as the followingydal control system (9):

Nali+1] = Ay [ + By 1 + Hyf §
uld =K, ;[ } (30)
where
A, = 6(217 -K,C,; )T
B, = IOT e(zﬁ _Keé‘ﬁ)TdT Eﬁﬁ (31)

T ‘aﬁ_Keéuﬁ o
Hy=[ e Virxk,
The sampling frequency of the controllgr/T , is 40 [kHz], and the other parameters are listed
Tables 1 and 2. The parameters of the Kalman fdrer determined experimentally to be optimal
values. Figure 11 shows the pole placement of yséesn. The pole placement is determined in order
to provide as much damping as is possible wherD8E is used. The poles of the acoustic space are
shown in square of the right side, and the polethefvibration board are shown in the left side.
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Figure 11 — Pole placement of the proposed system

15— Akl 1 — 15
- L, =1.975m I 7L L,=0975m b L, =0.025m ]
g g g
= | = =
© r © ©
0 0 0 :
0 Frequency[Hz] 500 O Frequency[Hz] 500 0 Frequency[Hz] 500
(a) Simulation results
15— — 15t 15—
L, =1.975m ] - L, =0.975m I b L, =0.025m ]
‘© © - T -
g £ g
o o | o [
© © L O |
0 0 0
0 Frequency[Hz] 500 0 Frequency[Hz] 500

(b) Experimental results
Figure 12 — Control results

5.2 Control Results

The control results obtained using the proposedrobmethod are shown in Fig. 12. The dotted
lines indicate the results without control, and #wid lines indicate the results with control. The
frequency response of the sound pressure is mahatithke microphone (A, B, C). The control effect
by the simulation using Eq. (17) is shown in Fi@(d). The peak amplitude around the resonance
frequency is reduced by the control at each micomgh position. The first-order peak at
approximately 80 Hz includes three modes (the lmottloree poles shown in Fig. 11) and the second-
and higher-order peaks are modes of the acoustacespMoreover, the control results for
microphone C (observation point) are better thaséhfor other points because the estimation error
of the state variables is the smallest. On theroblaad, the experimental results are shown in Fig.
12(b). The peak amplitude around the resonanceuénecy is reduced, in the same manner as the
simulation results. We were not able to obtain tgealamping due to the limit of the calculation
speed of the DSP. However, it is possible to enbathe control performance by improving the
experimental equipment or the control method. Basethe above considerations, the control effect
of the proposed control method is confirmed.
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6. CONCLUSIONS

In order to design a model-based noise controlesysand perform noise control for an entire
space, we modeled a coupled system of a one-dilmealsacoustic space and a loudspeaker as a
concentrated mass model. We designed a model-lmasgbl system using the proposed model and
conducted model reduction using modal analysietihuce the computation time of the controller. We
performed a pressure measurement experiment ineadonensional acoustic space in order to
confirm the validity of the analysis model. As &ué, numerical results obtained using the proposed
model and the experimental results were in goodeament in the low-frequency region. Furthermore,
we performed a noise control experiment in ordezdofirm the control effect. The peak amplitude of
the sound pressure around the resonance frequeasyedluced in the entire acoustic tube. Based on
the above considerations, the validity and effemntiss of the proposed control system was confirmed.
In the future, we intend to further improve the rabdncluding the damper of the acoustic space, and
to realize noise control in higher-dimensional astauspace.
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