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ABSTRACT 
We herein propose a new model-based control method, in place of traditional adaptive control, for a 
low-frequency noise problem in a closed space. The proposed control method is based on state feedback 
control and a model of the acoustic space obtained by the concentrated mass model. Thus, we can control 
noise in the entire space. According to the concentrated mass model, the acoustic space is modeled as masses, 
connecting linear springs, connecting dampers, and base support dampers. Furthermore, a loudspeaker, as a 
control source, is also modeled by a mass, a spring, and a damper. In the present paper, as a first step, we 
constructed a coupled analysis model of a one-dimensional sound field and the loudspeaker. We designed the 
model-based system for the standing sound wave in the low-frequency band. Specifically, we realized a state 
feedback control system based on a Kalman filter and pole placement. Modal reduction using modal analysis 
is conducted to reduce the computation time of the controller. Then, we conducted experiments and a 
numerical simulation of the one-dimensional sound tube to confirm the validity of the analysis model. 
Moreover, we perform an experiment to control the noise in the sound tube. The noise is reduced around the 
resonance frequency in the entire space. Therefore, the proposed method is valid for noise control in a closed 
space. 

 

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

1. INTRODUCTION 
Several adaptive control methods have been proposed in conventional research on active noise 

control (1). However, it is difficult for these methods to control noise in a large sound space. In a 
closed space, controlling noise in the entire acoustic space requires proper placement of the 
microphones and loudspeakers. Their placement is determined empirically based on experimental 
results because there are no placement guidelines (2). However, we can control the entire acoustic 
space using system theory if we model the acoustic space and the acoustic device as a system 
equation. Therefore, a method of active noise control using the system equation of the finite element 
method was proposed (3). However, a confirmatory experiment was not conducted, and coupling of 
the acoustic space and loudspeakers was not considered. On the other hand, the method of using 
experimental modal analysis considers the dynamics of the loudspeakers (4). However, measurement 
of the frequency response is required in advance. Based on the above considerations, theoretical 
modeling of the acoustic space and the loudspeakers and the establishment of a practical control 
method are necessary. 

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

2. MODELING OF THE ACOUSTIC SPACE/LOUDSPEAKER COUPLED SYSTEM 
In the present paper, we consider a one-dimensional acoustic problem in a cylindrical tube, as 

shown Fig. 1. A speaker is installed at each end of the cylindrical tube. The left speaker is the noise 
source, and the right speaker is the actuator. Then, the control input is calculated from the sound 
pressure as measured by the microphones placed at a distance mL  from the right end of the tube. In 
this section, we model the coupled system of the acoustic 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 in a cylindrical tube using the concentrated mass model 

(5). The air is modeled as masses, connecting linear springs, connecting dampers, and base support 
dampers, as shown in Fig. 2. The air is divided into N  elements, each element having a length l in 
the tube, as shown Fig. 1, where L is the pipe length, and D is the diameter of the pipe. The mass is 
concentrated on the nodal points. Then, the mass at each nodal point, m , is given as follows: 

m Alρ=  (1) 

where ρ  is the density of air in the equilibrium state, and A  is the cross-sectional area of cylindrical 
tube. In addition, ix  is the displacement of the nodal point i  and ip  is the pressure in element i . 
Assuming an adiabatic process in element i , the sound pressure, idp , is given as follows using the 
relative displacement of element i , 1jjx x −−  (5): 

( )1i i
i

k x x
dp

A

−−
= −  (2) 

where k  is the coefficient of the connecting spring. The pressure in the equilibrium state is 0p  and 
the specific heat ratio of the air is γ . Then, k  is given as follows: 

0p Ak
l

γ
=  (3) 

In this paper, the coefficient of the base support damper, bc , and the coefficient of the connecting 
damper, cc , are determined experimentally. 

2.2 Modeling the Electro-dynamic Type Loudspeaker 
In this section, we model the loudspeaker shown in Fig. 3(a). The loudspeaker is assumed to be a 

circular baffle having equivalent diameter sD  when the loudspeaker is used in a low-frequency 
domain of less than 1000 Hz (6). Then, the dynamics of the loudspeaker affected by the sound pressure 
can be expressed by an equivalent circuit, as shown in Fig. 3(b). In Fig. 3(b), the left side circuit is the 
driver circuit of a coil, and the right side circuit is the equivalent circuit derived from the mechanical 
behavior of the vibration board. The equation of motion 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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(a) Sectional view                             (b) Equivalent circuit 

Figure 3 – The loudspeaker of electro dynamic type 
 

( )m a s p s sZ Z U K I F+ − =  (4) 

( )0e s p s sZ Z I K U E+ + =  (5) 

where sU  is the velocity of the vibration board, sI  is the current in the voice coil, sF  is the 
vibratory force of the external sound sources in the acoustic field, sE  is the voltage applied to the 
loudspeaker, pK  is the power factor, aZ  is the mechanical impedance for the external source, aZ  
is the mechanical impedance for the voice circuit, aZ  is the electrical impedance of the voice circuit, 
and aZ  is the electrical impedance. These impedances are given as follows (6): 

s
m s s

k
Z j m c

j
ω

ω
= + +  (6) 

0e s sZ Z r j Lω+ = +  (7) 

where sm  is the mass of the vibration board, sc  is the mechanical damper of the loudspeaker, sk  is 
the mechanical stiffness, sr  is the sum of the voice coil resistance and the internal resistance, sL  is 
the inductance of the voice coil, 1= −j , and ω  is the angular frequency. The force acting on the 
vibration board from the air is given by 

a s a sF F Z U= −  (8) 

Equations (4) and (5) are given as follows in the time domain using Eqs. (6), (7) and (8): 

s s s s s s a p s

s s s s s p s

m x c x k x f K i

L i r i e K x

+ + = + 
+ = − 

ɺɺ ɺ

ɺ ɺ

 (9) 

where sx  is the displacement of the vibration board, si  is the current in the voice coil, af  is the 
force that the vibration board receives from the air, se  is the voltage applied to the voice coil, and all 
are functions of time. The first equation of Eq. (9) is the equation of motion of the vibration board. The 
force p sK i  is generated by the current in the drive coil, and the force af  is generated by the air. The 
second equation of Eq. (9) is the equation of the electrical circuit. The electromotive force is generated 
by the vibration of the vibration board and the input voltage is applied to the voice coil. Since the time 
constant /s sL rτ =  can be neglected in the low-frequency range, we can neglect the first term on the 
left-hand side of the second equation of Eq. (9). Then, Eq. (9) can be simplified as follows: 

s s s s s s a s sm x c x k x f K e′+ + = +ɺɺ ɺ  (10) 

where /s p sK K r=  is the factor that converts the force to the voltage, and s s p sc c K K′ = + . Equation 
(10) express the loudspeaker as the dynamic model in Fig. 4. 

2.3 Modeling of the Boundary of Acoustic Space and the Loudspeaker 
In this section, we model the boundary of the acoustic space and the loudspeaker. We consider the 

case in which the equivalent cross-sectional area of the vibration board of the left speaker, sA , is 
smaller than the cross-sectional area of the cylindrical tube, A , as shown in Fig. 5, in which sx  is 
the displacement of the vibration board of the loudspeaker, and 1x  is the displacement of the mass 
point 1 of the air next to the vibration board. From adiabatic change, the pressure variation in the 
boundary (element 1) is given by 
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Vibration Board

of Speaker
 

Figure 4 – Equivalent mass of the loudspeaker      Figure 5 – Boundary condition of the left end 
 

( )
( )

0
1 0

1 s s

p Al
dp p

Al Ax A x

γ

γ
= −

+ −
 (11) 

Linearizing Eq. (11) in the vicinity of 0p , we obtain 

( )0
1 1 s s

p
dp Ax A x

Al

γ
= − −  (12) 

The force acting on the vibration board, 1
L
af , and the force acting on the mass point of the right, 1

R
af , 

by the sound pressure, 1dp , are given as follows: 

1 1

1 1

L
a s

R
a

f dp A

f dp A

= − 


= − 
 (13) 

When we analyze the loudspeaker, we use the force generated by the air, where 1
L

a af f=  in Eqs. (9) 
and (10). In addition, we model the boundary at the right end (element N ) in the same manner. 

3. Control System Design 
In this section, we design a control system for the acoustic space using the proposed analysis model 

in Section 2. First, we deform the coupled system to the system equation. Next, we conduct model 
reduction to reduce the computation time of the controller. In addition, we design an observer-based 
controller using a Kalman filter and pole placement design. 

3.1 System Equation of the Coupled System 
We model the coupled system in Fig. 1 as a concentrated mass model of n ( 2= +N ) degrees of 

freedom, as shown in Fig. 6. The acoustic space is divided into N elements. Subscripts s1 and s2 
indicate that variables are associated with the left and right speakers, respectively. The displacement 
vector is defined as follows: 

[ ]1 2 1
T

s s Nx x x x=x ⋯  (14) 

The equation of motion of a coupled system becomes 

d u+ + = +Mx Cx Kx G Hɺɺ ɺ  (15) 

where Rn n×∈M  is the mass matrix of the coupled system, Rn n×∈C is the damping matrix, 
Rn n×∈K is the stiffness matrix, 1Rn×∈G  is the position at which the noise is acting, and 1Rn×∈H  

is the position at which the input is acting. Positions G and H are given as follows: 

[ ]
[ ]
1 0 0 0

0 1 0 0

T

T

= 


= 

G

H

⋯

⋯

 (16) 

If we define the state vector as 
T

T T =  q x xɺ , Eq. (15) becomes 

u d

y

= + + 
= o

q Aq B D

C q

ɺ
 (17) 

In Eq. (18), each matrix is written as follows: 
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Acoustic Field SpeakerSpeaker

Vibration Board Vibration Board  
Figure 6 – Coupled system of a loudspeaker and a concentrated mass model 
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0
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⋯ ⋯

��

 (18) 

where j  is the element number of the observation point, and oC  is derived from the fact that the 
sound pressure, jdp , is proportional to the relative displacement 1jjx x −− . 

3.2 Model Reduction 
The n-degree-of-freedom vibration system is reduced using modal coordinates η . The modal 

coordinates vector η  is defined as 

[ ]1 1
T

n nη η η η=η ɺ ɺ⋯ ⋯  (19) 

The state vector using the physical coordinate q  is given by 

=q Sη  (20) 

where S  is given as follows: 

 
=  
 

0
S

0

Φ

Φ
 (21) 

[ ]1 2 Rn n
n

×= ∈Φ φ φ φ⋯  is the modal matrix derived from Eq. (15) when C , d , and u  are 
neglected. iφ  is the i-th eigenvector. If the noise source is neglected (0d = ) in Eq. (17), the state 
equation using the mode coordinate η  can be expressed as follows: 

u

y

= + 


= o

A B

C

η η

η

ɺ

 
(22) 

where 

}1 1,− −= = =o oA S AS B S B C C S  (23) 

and Φ  is normalized as T n n×IΦ ΜΦ= . Then, the first through n -th order modes remain, and the 
higher-order modes are neglected. The reduced modal coordinates vector nη  is defined as 

[ ]1 1
T

n nη η η η=nη ɺ ɺ⋯ ⋯  (24) 

The reduced order system is given as follows using Eq. (24)[Consider replacing by "nη ".]: 

u

y

= + 


= 

n n n n

n on n

A B

C

η η

η

ɺ

 
(25) 

 

3.3 Design of the Controller 
We design the controller based on Eq. (25). In the present paper, we use the Kalman filter to estimate 
the quantity of the state (the number of microphones are r ). According to the theory of the Kalman 
filter (7), the estimated state vector, ˆnη , is given by 
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ObserverController

Control Object

 
 

Figure 7 – Block diagram of the control system 
 

( )ˆ ˆ u y= − + +n n e on n n eA K C B Kη ηɺ  (26) 

where the Kalman gain 2Rr n×∈eK  is -1T=e onK PC R , in which 2 2R n n×∈P  is obtained by solving 
the Riccati algebraic equation: 

1 0T T −+ − + =n n on onA P PA PC R C P Q  (27) 

where 2 2R n n×∈Q  is the covariance matrix of system noise, and Rr r×∈R  is the covariance matrix 
of the observation noise. 

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

( )ˆ ˆ

ˆ

cy

u

= + − − 


= − 

n e n e on n n

c n

K A K C B K

K

η η

η

ɺ

 (28) 

where the feedback gain 2 1R n
c

×∈K  is obtained by the solution of the pole placement problem. We 
move the poles of the system as desired using Ackermann’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 analysis model proposed in Section 2. We first 

compare the numerical results obtained using Eqs. (9) and (10) and the measurement results for the 
vibration of the loudspeaker in order to confirm the validity of the loudspeaker equation. In addition, 
we measured the sound pressure in the acoustic tube when the noise is generated from the left 
speaker in Fig. 9. We compare the numerical results using 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 the loudspeaker without the tube in order to confirm 

the validity of Eq. (10). We used a Fostex FF85WK loudspeaker. The parameters of the loudspeaker 
were obtained from the specifications listed in Table 1. We calculated the frequency response of the 
displacement of the vibration board using Eqs. (9) and (10). Figure 8 shows the experimental and 
numerical results. The input to the loudspeaker was a sine wave with voltage amplitude 0.1[ ]e Vδ =  in 
each frequency. The numerical results obtained by Eqs. (9) and (10) are in good agreement, so the 
simple Eq. (10) is valid in the low-frequency domain. Moreover, the experimental and numerical 
results are in good agreement. The difference between Eqs. (9) and (10) appears at high frequencies in 
the phase. We can use Eq. (10) because we consider the frequency range of less than 500 Hz. 

4.2 Validity of the Coupled Analysis Model 
We compare the experimental results of the sound tube in Fig. 9 with the numerical results 

obtained by the concentrated mass model when the control input is zero in order to confirm the 
validity of the coupled analysis model of the loudspeaker and the acoustic space. The experiment is 
performed in an anechoic camber room. The parameters of the experimental equipment are listed in 
Tables 1 and 2. 

The numerical calculation using the concentrated mass model is performed by numerical 
integration using Eq. (17). The numerical integration is by the Runge-Kutta method with a time 
interval of 1/100,000 [s] and 200 partitions in the air region. The parameters of the analysis are listed 
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in Tables 1 and 2. The coefficient of the base support damper and the coefficient of the connecting 
damper are set to match the peak value at the fifth-order resonance frequency. The input voltage to the 
left speaker, as the noise source, is given by the following equation: 

1 sins ee tδ ω=  (29) 

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

 

Table 1 – Parameters of the loudspeaker (FF85WK) 

[mm]sD  60.0 [ ]sr Ω  7.2 

[kg]sm  0.00211 [m ]sL H  0.032 

[N/m]sk  1100.11 [N/ A]pK  3.93 
2[N/m ]sc  0.5   
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Figure 8 – Frequency response of the loudspeaker 
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Figure 9 – Experimental equipment used to confirm the effectiveness of the proposed control 
system 

 
 

Table 2 – Parameters of the experimental equipment 

[m]L  2.0 γ  1.4 

[mm]D  77.0 2[N/m ]cc  0.03 

0 [kPa]p  101.3 2[N/m ]bc  0.0018 

3[kg/ m ]ρ  1.1926 [V]eδ  0.1 
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Figure 10 – Frequency response of pressure in the one-dimension sound tube 

 

The results are shown in Fig. 10. The frequency response of the sound pressure is shown in Fig. 
10(a) (microphone position: 1.975[m]mL = ), Fig. 10(b) ( 0.975[m]mL = ), and Fig. 10(c) 
( 0.025[m]mL = ). The dashed lines indicate the numerical results, and the solid lines indicate the 
experimental results. The experimental and numerical results are in good agreement at each 
microphone position. Some of the peak values of the numerical results do not agree with the peak 
value of the experimental results, because the damper of the concentrated mass model is not 
optimized. In this regard, the analysis accuracy can be further improved by setting the damping to be 
optimal. Based on the above considerations, the coupled analysis model is valid. 

5. VALIDITY OF THE CONTROL SYSTEM 
In this section, we verify the control effect using the controller by Eq. (28). Therefore, we give the 

noise to the left speaker and we give the control input to the right speaker, as shown in Fig. 9. Then, the 
sound pressure is measured in the acoustic tube when the control is executed to confirm the control 
effect. 

5.1 Control System 
We conducted a noise control experiment to confirm the control effect of the controller of Eq. 

(28). Figure 9 shows the experimental equipment. The control input is sent to the right speaker, and a 
sine wave is sent to the left speaker as noise. Then, we perform the noise control of the first through 
7-th mode ( 7n = ). Note, the control input is calculated by the DSP (sBOX-C6713 by MTT 
Corporation). The observation value is the only the sound pressure measured at the microphone C 
( 0.025[m]mL = ), and the other microphones (A, B) are used for the evaluation of the control effect. In 
addition, discretizing Eq. (28) as the following digital control system (9): 

ˆ ˆ[ 1] [ ] [ ] [ ]

ˆ[ ] [ ]

i i u i y i

u i i

+ = + + 
= − 

d d d

c

n n

n

A B H

K

η η

η
 (30) 

where 

( )

( )

( )
0

0

n n

n n

n n

T

T

T

n

e

e d

e d

τ

τ

τ

τ

−

−

−

⋅

⋅

=

=

=

∫

∫

e o

e o

e o

A K C

A K C

A K C

d

d

ed

A

B B

H K
 

(31) 

The sampling frequency of the controller, 1/T , is 40 [kHz], and the other parameters are listed in 
Tables 1 and 2. The parameters of the Kalman filter are determined experimentally to be optimal 
values. Figure 11 shows the pole placement of the system. The pole placement is determined in order 
to provide as much damping as is possible when the DSP is used. The poles of the acoustic space are 
shown in square of the right side, and the poles of the vibration board are shown in the left side. 

 
 
 
 

Experiment15015
Simulation

Lm = 0.025m(a)   (b)   (c)(a)   (b)   (c)Lm = 1.975m Lm = 0.975m(a)   (b)   (c)
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Figure 11 – Pole placement of the proposed system 
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(a) Simulation results 
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(b) Experimental results 

Figure 12 – Control results 
 

5.2 Control Results 
The control results obtained using the proposed control method are shown in Fig. 12. The dotted 

lines indicate the results without control, and the solid lines indicate the results with control. The 
frequency response of the sound pressure is measured at the microphone (A, B, C). The control effect 
by the simulation using Eq. (17) is shown in Fig. 12(a). The peak amplitude around the resonance 
frequency is reduced by the control at each microphone position. The first-order peak at 
approximately 80 Hz includes three modes (the bottom three poles shown in Fig. 11) and the second- 
and higher-order peaks are modes of the acoustic space. Moreover, the control results for 
microphone C (observation point) are better than those for other points because the estimation error 
of the state variables is the smallest. On the other hand, the experimental results are shown in Fig. 
12(b). The peak amplitude around the resonance frequency is reduced, in the same manner as the 
simulation results. We were not able to obtain greater damping due to the limit of the calculation 
speed of the DSP. However, it is possible to enhance the control performance by improving the 
experimental equipment or the control method. Based on the above considerations, the control effect 
of the proposed control method is confirmed. 

Without control
With control

Lm = 1.975m Lm = 0.975m Lm = 0.025m

Lm = 1.975m Lm = 0.975m Lm = 0.025m
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6. CONCLUSIONS 
In order to design a model-based noise control system and perform noise control for an entire 

space, we modeled a coupled system of a one-dimensional acoustic space and a loudspeaker as a 
concentrated mass model. We designed a model-based control system using the proposed model and 
conducted model reduction using modal analysis to reduce the computation time of the controller. We 
performed a pressure measurement experiment in a one-dimensional acoustic space in order to 
confirm the validity of the analysis model. As a result, numerical results obtained using the proposed 
model and the experimental results were in good agreement in the low-frequency region. Furthermore, 
we performed a noise control experiment in order to confirm the control effect. The peak amplitude of 
the sound pressure around the resonance frequency was reduced in the entire acoustic tube. Based on 
the above considerations, the validity and effectiveness of the proposed control system was confirmed. 
In the future, we intend to further improve the model, including the damper of the acoustic space, and 
to realize noise control in higher-dimensional acoustic space. 
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