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Effects of secondary loudspeaker properties on broadband
feedforward active duct noise control
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Dependence of the performance of feedforward active duct noise control on secondary loud-
speaker parameters is investigated. Noise reduction performance can be improved if the force fac-
tor of the secondary loudspeaker is higher. For example, broadband noise reduction improvement
up to 1.6dB is predicted by increasing the force factor by 50%. In addition, a secondary loud-
speaker with a larger force factor was found to have quicker convergence in the adaptive algo-
rithm in experiment. In simulations, noise reduction is improved in using an adaptive algorithm
by using a secondary loudspeaker with a heavier moving mass. It is predicted that an extra broad-
band noise reduction of more than 7 dB can be gained using an adaptive filter if the force factor,
moving mass and coil inductance of a commercially available loudspeaker are doubled. Methods

to increase the force factor beyond those of commercially available loudspeakers are proposed.
© 2013 Acoustical Society of America. [http://dx.doi.org/10.1121/1.4808079]
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. INTRODUCTION

Active noise control (ANC) attempts to reduce the noise
level at particular locations by generating additional, con-
trolled sound through one or multiple secondary loud-
speakers. It has been shown that ANC can attain noise
reduction of over 40dB if the noise is multi-harmonic,' and
broadband noise reduction of about 25 dB has been reported.”
Although the concept of ANC was proposed as early as in
1936, many practical issues remain unresolved. The major-
ity of recent ANC-related research is focused on filtering
with more than a hundred papers published since 1981 (Ref.
4) to improve the efficiency™® or robustness’ adaptive filter-
ing algorithm or its efficiency under particular situations,
such as impulsive noise.® New actuators designs have been
tested in active noise and vibration control'® as well.

Compared with the research efforts in filter design and
finding new actuators, selection criteria or the desired param-
eters of secondary loudspeakers in ANC is seldom discussed.
In 1986, Shepherd er al.'’ analyzed the power consumption
of secondary loudspeakers and found that the energy effi-
ciency of such a secondary loudspeaker is strongly
frequency-dependent. Hansen'? and Lane and Clark'® pro-
posed, respectively, novel enclosure designs and a motional
feedback system to increase the low frequency output of sec-
ondary loudspeakers. To achieve an objective similar to that
in ANC, Huang14 investigated the desirable mechanical im-
pedance of a group of passive sidewall-mounted pistons
leading to a high transmission loss. It was found that an ideal
single sound-reflecting piston has a negative virtual mass
and minimal stiffness at its support. It was proposed that
such properties can be created with the aid of electromag-
netic effects in addition to mechanical means but the idea
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was not tested in that study. Later experiments'” did demon-
strate the right trend but a host of practical difficulties were
also identified.

Obviously the limit of noise reduction depends on the
physical properties of the secondary source. By modeling a
feedforward ANC system as a filtering problem in control
theory,'® the broadband noise reduction is constrained mainly
by the properties of the loudspeaker transfer function, which
forms a part of the secondary path. Selection criteria of elec-
trodynamic loudspeakers, the most common type of actuator
in ANC, for the purpose of ANC are discussed in the current
study. Based on a simple loudspeaker model,'" the depend-
ence of three loudspeaker parameters, namely moving mass
of the loudspeaker M, suspension stiffness K, and the force
factor, B/, on the maximum reduction of band-pass random
duct noise is investigated in the present study. Afterward, the
results are interpreted in terms of characteristic frequencies of
the secondary loudspeaker. Band-pass random noise is chosen
because loudspeakers are ineffective actuators at extremely
low frequencies, and sound waves propagated in the duct
above the cut-on frequency are not planar.

Although the study is carried out in a simple system, it
can illustrate principles that may be useful in other applica-
tions. We believe that these selection criteria, combined with
improved loudspeaker magnet design to reduce the non-
linear behavior,'” can improve the noise reduction achieved
in practice. It is envisaged that extra noise reduction can be
sought by optimizing the secondary loudspeaker parameters
after the current obstacles are overcome.

The main contents of this paper are organized into three
sections. In Sec. II, the transfer function of a loudspeaker
under various values of B/ are analyzed. In Sec. III, simula-
tion in discrete time is carried out under several combina-
tions of parameters on the secondary loudspeaker, and a
similar setup is tested in experiments in Sec. IV to validate
the findings. The significance of the results and possible
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ways to develop better secondary loudspeakers are discussed
in Sec. IV.

The length of the finite impulse response (FIR) filter
was chosen such that the magnitudes of the last steps of the
FIR filter are, on average, two orders of magnitude smaller
than the maximum in the filter. The Wiener filter and the
filtered-x affine projection algorithm (FXAPA) are used to
find the maximum noise reduction in simulations, and the
latter method was adopted to find the highest noise reduction
in experiments. Although the Wiener filter gives a theoreti-
cal maximum noise reduction given the transfer functions,
the noise reduction achievable using an adaptive filter is rele-
vant to the performance obtained in the experiment. Fx-
APA, instead of the more-popular filtered-x least mean
squares (FXLMA) algorithm, is used in the experiments to
avoid issues in convergence speed variation in the vicinity of
the cut-off frequencies.'®

Il. THEORY
A. Simple loudspeaker model

The loudspeaker transfer function, which transforms the
voltage across the loudspeaker terminals to the velocity of the
loudspeaker cone, denoted V and u, respectively, is expressed
in Laplace domain in Eq. (1),ll where Bl, Z,, Z,, and Z,,
denote the force factor, electrical impedance, acoustic radia-
tion impedance, and mechanical impedance, respectively

u(s) _ Bl 1)
V() (BI) + Zo(s)(Z,(5) + Zu(s))

To illustrate the effects of loudspeaker parameters on
the achievable noise reduction, a simple loudspeaker model
is adopted as shown in Fig. 1. A simple loudspeaker
mounted on a duct wall assumes a lossless voice coil, single-
degree-of-freedom mechanical vibration system (that is, the
loudspeaker cone acts as a piston) and a planar sound wave
traveling away from the loudspeaker. Moreover, the cavity is

Cross-sectional area = A

F,=Z.u

. | )
M; L 4,
Frnag = Blz‘T Ky %—‘ fin

FIG. 1. Loudspeaker cavity under the simple loudspeaker model.
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represented by frequency-independent mass and stiffness
elements.'® The simple loudspeaker model, which does not
take into account of magnetic losses at high frequencies®®
and non-linear behavior,”' allows the loudspeaker transfer
function to be written as a rational function.

The electrical, mechanical, and radiation impedances
can be expressed in terms of physical parameters explained
in Table I:

Zo(s) = R, + sL,, (2a)
pdA 1 pcA
Zn(s) = | M+ — R,+—-K+——
(s) ( + 3 )s +R, + . ( + 7
1
=M;s + R, + =K, (2b)
s
1
Z, = 3 PCA. (2¢)

The imaginary part (near field) of the radiation imped-
ance'* may be lumped with the mechanical mass of the loud-
speaker, and this will not alter the conclusions reached in
this study. In addition to the parameters listed in Table I,
Substituting Eq. (2) into Eq. (1) gives

u(s) Bls
V(s)  s(BI)* + (sL. +R.)(M,s> + Ris + K,)’

3)

where R, =R,, + Z,. Equation (3) is analyzed in the next sec-
tion by looking at its poles.

B. Selected loudspeaker transfer functions and their
corresponding ideal filters in ANC

Throughout the discussion, the real pole of the transfer
function in Eq. (3) is denoted as -p and, for the conjugate
pair of poles, (¢ + jw,) and (¢ — jo,) where @, > 0. To main-
tain stability, p >0 and ¢ < 0. The values of p and w, are
called characteristic frequencies in the following text. The
loudspeaker transfer function can be written in terms of p,
@y, and ¢ as shown in Eq. (4)

TABLE 1. Nomenclature of physical parameters and values chosen in the
base system.

Parameter Description Value Unit
K Suspension stiffness of cone 3695 Nm™!
M Moving mass 6.5 g
R, Mechanical damping coefficient 1.67 kgs !
A Cross section area of the duct 0.0143 m?
p Density of air 1.20 kg-mf3
c Speed of sound in air 340 ms '
BI Force factor 5.7 T-m
R, Resistance of voice coil 6.3 Q
L, Inductance of voice coil 0.7 mH
d Depth of the back cavity 0.1 m
K, Effective stiffness 23484 Nm ™'
R, Effective damping coefficient 4.58 kgs !
M, Effective mass 7.07 g
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FIG. 2. Sketch of characteristic frequencies of loudspeaker with varying BI.

u(s) Bl 1 s
V(s) pLM,(1+s/p)(s—a—jw)(s—c+w)

“)

If a loudspeaker system has a small force factor (that is,
BI — 0), the value of (BI)* in the denominator of Eq. (3) is
negligible, and the effects of electrical and mechanical pa-
rameters in a loudspeaker system can be separated: The real
pole p in such a system is determined solely by Z, (p =R,/
L,) and the values of ¢ and ), are determined by mechanical
parameters and radiation impedance. The parameters p, w,,
and Bl given a set of mechanical and electrical parameters is
related as shown in the sketch in Fig. 2.

The Bode magnitude plot of the loudspeaker transfer
function can be sketched based on the characteristic frequen-
cies if p and o, are far apart with s =;Q. On one hand, Fig. 2
shows that p > , with typical loudspeaker parameters and
a small value of Bl, and the corresponding Bode magnitude
plot is sketched in Fig. 3. In addition, if any frequency in the
passband, denoted Q, satisfy o, < Q < p, Eq. (4) can be
approximated as

o= (ooar) 1 )
V(jQ) LM, JjQ
which is an integrator.

On the other hand, it is shown in Fig. 2 that a high value
of Bl leads to p < w,, and the corresponding Bode magni-
tude plot is sketched in Fig. 4. In the extreme case with B/
— 00, u/V ~ 1/(BI).

It is noted that the magnitude of B/ in the discussion in
the preceding text is relative. The noise reduction improve-
ments by increasing B/ can be achieved by reducing K;, R,,
and M,, which involve the loudspeaker parameters as well as
the size of the cavity. According to Eq. (3), the noise reduc-
tion of a system with K;, R,, and M, scaled by a factor of o

Bl
LeMtp

Bl
LeMep

iQ
GO0 —Jwe) GO0 7w2)
log($2)

W P

FIG. 3. Bode magnitude sketch of loudspeaker transfer function with p > w,.

would be equivalent to a counterpart with force factor B/

scaled by 1/ 1/0.

The ideal filter in feedforward active noise control is

o) _ PU)
where P(jQ) is the transfer function from the reference signal
to the signal captured at the error microphone (also known
as the primary path) and S(jQ) is the secondary path, which
is the transfer function from the signal fed into the secondary
loudspeaker to the signal captured at the error microphone.
The secondary path can be simplified as the cascade of the
loudspeaker transfer function and a time delay of 7, which
represents the time for the sound wave traveling from the
secondary loudspeaker to the error microphone

o) _ 4 p(Q)
Sy )_VUQ)@E e

A

)

Given a simple loudspeaker model, the ideal filter for
active noise control under very small and very large force
factors can be approximated, if the passband of the noise is
located entirely between p and «,. The ideal filter under p >> o,
can be approximated by substituting Eq. (5) into Eq. (7)

2pL.M,

W) &~ G P (), ®)

which is the product of P(s), a differentiator and a time
advance. The time advance denoted ¢™ is usually compen-
sated by a longer time delay in P(jQ). Alternatively, if p < w;,
(for example, if B/ is large),

Tl
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FIG. 4. Bode magnitude sketch of loudspeaker transfer
function with p < w,.
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FIG. 5. System modeled in the simulation.
2Bl .
W.(jQ) ~ — =——™P(jQ). 9
(192) ~ — 3¢ PQ) ©)

Besides the two specific cases shown in Eq. (8) and (9),
W.(jQ) is impossible to be implemented because the loud-
speaker transfer function [Eq. (3)] is strictly proper.

lll. SIMULATION

The maximum feedforward active noise reduction under
various combinations of secondary loudspeaker parameters
was sought in discrete-time numerical model. The schematic
of the modeled system is shown in Fig. 5. In the model, the
secondary loudspeaker with a back cavity was installed on the
duct wall. The effective cone area of the loudspeaker is
assumed to be equal to the cross-sectional area of the duct.
The loudspeaker and cavity, forming u(jQ)/V(jQ) in Eq. (7),
is modeled as an infinite impulse response (IIR) filter of
order 3. The time delay in the secondary path between the
loudspeaker and the error microphone is compensated by the
identical delay in the primary path.

The reference microphone was located 510 mm upstream
of the secondary loudspeaker center, and the contribution
from the secondary loudspeaker to the signal captured at the
reference microphone was removed. The band-pass random
noise fed into the system from the far end has a flat passband
with cutoff frequencies of 150 and 1050 Hz. A high sampling
frequency of 20 kHz was adopted to avoid phase distortion
near to the Nyquist frequency. The parameters of the base
system, which are drawn from one of the loudspeakers used
in experiments, are listed in Table 1. By substituting the val-
ues of the parameters into Eq. (3), p =8172, w,= 1765, and
g ="737.5. As the values of p and w;, of the base loudspeaker
system are similar to those in B/ — 0 (where po=9000 and

30+ A —
g
o O
o Z
20 %\OQ
£ 10F7
[+
&}
O |
Lol T M=65gBI=2385
Ul ==-M=6.5g Bl=855
——M=13g Bl=855
20 1 ; 2 ‘ 3 4
10 10 10 10

Frequency (Hz)

FIG. 6. (Color online) Bode magnitude plots of selected loudspeaker
systems.
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TABLE II. Characteristic frequencies of selected loudspeaker systems.

BI 2.85 8.55 8.55
K (Nm™ ") 3695 3695 3695
M (g) 6.5 6.5 13

pl2n (Hz) 1402 1077 1277
w27 (Hz) 286 244 196
Noise reduction (dB) 29.5 33.8 36.2

w,=1794), the force factor of the base loudspeaker system
can be considered small, and the characteristic frequencies
are mainly determined by the mechanical parameters of the
loudspeaker and the radiation impedance on the loudspeaker
cone.

One or two of the parameters B/, K, and M in the sec-
ondary loudspeaker system were perturbed at the same time
and the broadband noise reduction achievable was observed.
The loudspeaker moving mass (M) and the suspension stiff-
ness (K) varied by up to factors of 2 and 4, respectively, and
Bl=2.85, 5.7, or 8.55T-m. Bode magnitude plots of three
selected loudspeaker systems, the characteristic frequencies
of which are listed in Table II, are shown in Fig. 6. It is noted
that the force factors of 2.85 or 5.7 T-m can be considered
small in perturbed systems because (1) w, increases with ris-
ing \/K,/M, and (2) p is close to (or much higher) than the
upper frequency limit of the passband. This assumption does
not hold if B/=8.55T-m: In fact, p < w, with B/ =8.55T-m,
K=3695Nm ' and M=325g.

In the first step, 800-tap optimal FIR filter was sought for
each configuration using Wiener filter. The autocorrelation
matrix and the cross-correlation vector were obtained using
the unit pulse responses of the bandpass filter and the loud-
speaker transfer function where appropriate. The conjugate
gradient method was used to solve the Toeplitz system?>
because the autocorrelation matrices of band-pass random
noise have poor condition numbers. It can be seen that broad-
band feedforward active noise control noise reduction of up
to 53dB can be achieved using Wiener filters. Although the
variation among the data in Table III is small, the results
show a clear trend that a higher value of B/ leads to improved
noise reduction. By increasing B/ by 50%, the noise reduction
can improve by up to 1.6dB. The noise reduction improve-
ment can be explained by comparing the acoustic, mechani-
cal, and electromagnetic forces acting on the loudspeaker
cone. Acoustic force is determined by radiation impedance Z,
with F, =Z,u, and the acoustic impedance is independent of
the loudspeaker parameters except the cross section area of
the cone. Mechanical forces are related to the mechanical pa-
rameters of the loudspeaker moving parts, and the

TABLE III. Noise reduction achieved (in dB) using the Wiener filter.

K(Nm ') 3695 9238 1848 7390 14780 3695 3695
M (g) 6.5 6.5 6.5 6.5 6.5 3.25 13

Bl=2.85 56.2 58.2 56.4 56.4 56.3 56.2 56.4
Bl=5.7 58.2 58.9 57.5 58.4 57.6 58.4 58.4
Bl=18.55 58.8 60.3 58.2 59.0 59.2 58.9 58.5
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TABLE IV. Noise reduction achieved (in dB) using FXAPA.

K (Nm™') 3695 923.8 1848 7390 14780 3695 3695 3695 3695
M (g) 65 65 65 65 65 325 488 975 13

BI=285 295 304 30.1 284 268 282 289 303 312
Bl=57 317 326 323 30.7 29.1 303 31.0 328 340
BI=855 338 346 343 329 315 327 333 349 362

electromagnetic force acting on the loudspeaker cone is equal
to F.,,=BIli, with i being the current passing through the
voice coil. If the force factor is high, the total force acting on
the loud-speaker cone is dominated by the magnetic force,
thus the velocity is roughly proportional to the voltage
applied across the terminals and the transfer function is flat
within a wide frequency band (Fig. 4).

Afterward, each configuration is re-run using a fifth-order
FXAPA (Ref. 23) to investigate the noise reduction perform-
ance using adaptive filtering and to predict the noise reduction
obtainable in experiments. The length of FIR filters is main-
tained at 800, and the noise reduction was measured by the re-
sidual generated by the resultant FIR filter as if the filter was
fixed. The improvement of noise reduction with increased B!/
(2.1 dB increment with 50% increase in B/) is more evident as
shown in Table IV. In addition, the broadband noise reduction
is improved by 1.1 dB if the moving mass is 50% higher than
the base system. The Wiener and FFXAPA results are differ-
ent because a random noise signal is fed to the FXAPA while
the random input is simulated using the autocorrelation matrix
of the bandpass filter unit pulse response in the Wiener coun-
terpart. In addition, while the convergence of FXAPA is gen-
erally believed to be superior to filtered-x-normalized-least
mean squares (FXNLMS) algorithm, the exact behavior is still
under research.”*

The broadband noise reduction obtained using FXAPA
is apparently insensitive to changes in the suspension stiff-
ness of the secondary loudspeaker because the effective stiff-
ness of a 100-mm-deep cavity is 19790 Nm™', which is
more than 5 times of the suspension stiffness K. As a result,
the total effective stiffness (K,) is insensitive to K. If the
value of K, is halved compared with the base system, the
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FIG. 7. (Color online) Relationship between w, and maximum noise reduc-
tion obtained using FXAPA in systems where p > w,.
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FIG. 8. (Color online) Bode plot of W(s) obtained using FXAPA without time
delay component.

noise reduction achievable under FXAPA is improved by
5.4 dB. Although a reduced K, can lead to extra noise reduc-
tion, practical concerns have to be considered. As K, is domi-
nated by the stiffness of air in the cavity, reduced K, refers to
a deeper cavity, but approximations as simple stiffness and
mass elements become invalid.

The improvement in noise reduction obtained using
FXAPA can be predicted by observing the reduction of w,. In
systems with a small B/, this occurs at an increased moving
mass or a reduced stiffness. By doubling the moving mass (M)
and increasing the force factor (Bl) by 50% at the same time,
the noise reduction achievable is increased by 4.5 dB. With the
value of p insensitive to the mechanical parameters, a larger
portion of the passband sits between the two characteristic fre-
quencies if @, is reduced. Noise reduction achieved in the per-
turbed systems is plotted against o, in Fig. 7. If w, and p are
far apart, the transfer function of the system in the passband
fits better to the approximation shown in Eq. (5), where an
ideal filter [Eq. (8)] exists to lead to perfect noise cancellation.
The transfer function of selected systems and of the filters
given by FXAPA for these systems (without the time-delay
component) are plotted in Figs. 6 and 8, respectively.

IV. EXPERIMENTAL STUDIES

Experiments were carried out to validate two findings in
Sec. III that the noise reduction performance can be
improved (1) by increasing the force factor (BI) or (2) by
increasing the moving mass (M). The experiments were car-
ried out in a square duct with 140-mm cross section illus-
trated in Fig. 9, where the key longitudinal dimensions are
annotated. The average depth of the loudspeaker cavity is
90 mm. Active noise control was performed with the aid of a
dSPACE ds1006 controller with a sampling rate of 12.5 kHz.

The block diagram of the experiment is shown in Fig.
10. Weighted band-pass random signal with cut-off frequen-
cies 120 and 1050 Hz was fed across the terminals of the pri-
mary loudspeaker, such that the power spectral density of
noise at the error microphone has a flat passband. The pri-
mary path P(z) can be treated as a 150 step-delay (or 12ms
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Absorptive end j Error microphone Secondary

loudspeaker

at a sampling rate of 12.5 kHz). The secondary path denoted
S(z) is the transfer function from the signal fed into the sec-
ondary loudspeaker to that captured at the error microphone.
In the experiments, the secondary path is modeled as a 1000-
tap FIR filter.

Similar to the approach taken in simulation, a seventh-
order FXAPA is used to find an optimal 400-tap FIR filter to
minimize the sound pressure level at the error microphone.
Each test lasted 25's, of which the adaptive filter was turned
on 1.5s later than the noise source in order to measure the
sound pressure level without ANC. The experiment was
repeated in each configuration with increasing normalized
adaptation constant (i) until the system became unstable.

The parameters of the chosen secondary loudspeakers,
as provided by the manufacturer, are compared in Table V.
Loudspeakers A and B have similar mechanical and electri-
cal parameters but the force factor (B/) of Loudspeaker A is
less than half of that of Loudspeaker B. To increase the mov-
ing masses of Loudspeakers A and B, Blu-tack adhesive of
2.71 g and 2.92 g, respectively, were attached at the back of
the loudspeaker cones.

The noise reduction measured at the error microphone
over time is plotted in Fig. 11. The experimental results vali-
date the simple loudspeaker model and the findings in the
simulations, as the noise reduction performance is 0.4-3.5 dB
higher by using a loudspeaker with a larger force factor, BI.
In addition, it was found that a higher value of the adaptation
constant (i = (12 — 15) x 10~ is allowed with Loudspeaker B
than if Loudspeaker A is used [where = (6 — 8) X 10_4],
thus convergence of the adaptive algorithm is quicker. The
noise reduction with using Loudspeaker B as the secondary
loudspeaker is improved from 31.3 to 32.5dB by installing
the additional mass. However, the noise reduction perform-
ance deteriorates with added mass to Loudspeaker A
(30.9dB to 29.1dB). The discrepancy between the experi-
mental results and the theoretical prediction may come from
the imbalance of mass in the loudspeaker cone, which is not
considered in the simple loudspeaker model. It is found in
the spectral densities of the error signal (Fig. 12) that the
improvement in noise reduction using a secondary loud-
speaker with a larger value of B/ is more evident above
600 Hz.

Signal generator L

FIG. 10. Block diagram of the experiment.

Error mic. signal

Wi(z) = S(2)

+
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FIG. 9. (Color online) Duct used in
active noise control experiment.

TABLE V. Parameters of secondary loudspeakers used in experiments.

Parameter Description Speaker A Speaker B Unit
K Suspension stiffness of cone 1310 3695 Nm™'
M Moving mass 59 6.5 g
R, Mechanical viscous damping 0.563 1.667 kgs !
R, Resistance of voice coil 6.8 6.3 Q
L, Inductance of voice coil 0.8 0.7 mH
Bl Force factor 2.5 5.7 Tm
Lower frequency limit 75 120 Hz
A Effective piston area 0.0143 m?
pc Specific acoustic impedance 407 Nm s
d Nominal depth of back cavity 0.1 m
T Diameter of back cavity 0.1 m

(Speaker A: VISATON FR 6.5-8 Q, Speaker B: VISATON BG17-8 Q).
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Z .10t
=
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FIG. 11. (Color online) Sound pressure level at error microphone.
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FIG. 12. (Color online) Frequency spectra of error microphone signal.
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A. Prospect of further improvements

Simulation results show that noise reduction can be
gained by increasing the force factor by 50% above that pro-
vided by speaker B (i.e., Bl=5.7 T-m). However, it is chal-
lenging to increase the force factor B/ in practice. In theory,
the force factor B/ is the product of flux density, B, and the
length of the coil wire, /. On one hand, it was proposed to
increase B by filling the air gap between the magnet and
voice coil with ferrofluid,> but the flux density in a magnet
cannot be increased indefinitely because many common
magnetic materials saturate between 1.0T and 1.4T.*° On
the other hand, if the coil diameter is kept constant, the total
moving mass M, electrical resistance R,, and inductance L,
are proportional to the length of the coil wire, /. Suppose B/,
M, and L, of the base loudspeaker system are doubled simul-
taneously and the increased electrical resistance across the
coil terminals are compensated by employing negative
impedance converters (NICs),27 the broadband noise reduc-
tion in simulation is improved from 31.7 to 39.0dB with
FXAPA, which is an improvement of over 7 dB.

V. CONCLUSIONS

Dependence of feedforward active duct noise control
performance on selected properties of the secondary loud-
speaker were investigated by using a simple loudspeaker
model and experiment. In a typical case with commercially
available loudspeakers installed with back cavities, simula-
tion results show that the most desirable design change is
by increasing the force factor B/ because it will lead to bet-
ter noise reduction and quicker convergence speed. This is
because the movement of the loudspeaker cone in these
loudspeakers are dominated by the electromagnetic forces.
Methods to increase force factor B/ further, which is related
to the flux density and the wire length of the voice coil,
have been proposed. The noise reduction is also improved
by having a heavier moving mass or a lower suspension
stiffness.
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