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ABSTRACT

This paper presents a new model-based adaptive noise can-
cellation system using loudspeaker array and error sensor
array which can be used to reduce the noise in a specific
three-dimensional region. First, open loop system trans-
fer functions are designed using a theoretical propagation
model. The transfer functions thus found are regarded as
the nominal values for the complete system. Second, to
compensate for deviations from the theoretical model, the
transfer functions are adapted using error measures from
error sensor array by LMS algorithm. Computer simula-
tion results shows that our approach is effective for noise
reduction in 3-D space. Experiments using real-time active
noise control hardware also confirms the performance of the
system.

1. INTRODUCTION

With increased concerns for environmental protection and
industrial safety, noise control has generated increasing in-
terest in recent years. The traditional method of noise
reduction using absorbing materials and erected barriers
works effectively only at middle and high frequencies, typ-
ically above 1000Hz. Thus, active method which is based
on the principle of destructive interference between the pri-
mary noise source and the actively generated acoustic waves
is introduced [1]. This approach works best at low frequen-
cies when the wavelength of noise is long compared to the
dimensions of its surroundings.

In many existing active control methods, the noise is re-
duced in very limited locations or along a single direction.
For example, in active noise control inside passenger cars
[2], the system is designed to reduce road noise level at
passengers’ seat locations; in noise reduction inside a duct
[3][4], noise is reduced along the path of the duct. How-
ever, in most applications, it is desirable to reduce noise
in a specific 3-D region. In view of this, a model-based
adaptive noise control system using loudspeaker and error
sensor array is developed in this paper. We also assembled
a real-time demonstration unit to test the performance of
the designed system. In this study, we concentrated on re-
duction of broadband noise with a maximum frequency of
1000Hz. Based on theoretical and simulation results, the
performance of our system can be further improved if this
maximum frequency is reduced.

The block diagram of the proposed feedforward noise con-
trol system is shown in Figure 1. It consists of a noise source
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Figure 1. The adaptive noise control system

So, an input microphone C to measure the noise, N trans-
fer functions or filters H 1 - Hy to drive the N secondary
sources S; — Sy, and M error sensors which measure the
system performance and provide error signal inputs to adap-
tive system.

In most previous works, the following method to design
the control FIR filters has been adopted: First, the user
specifies the order of the control filters. Then the error
signals in target region are minimized, thus yielding the
weights of the filters. This method works satisfactorily
when we are only concerned with noise reduction at a few
measure points or along a single direction. But for noise
reduction in a specific three dimensional region, the above
method becomes computationally intensive and the adap-
tive algorxthm may not converge to achieve uniform noise
reduction in the region. In view of the above problems, in
this paper, we propose an alternative approach for noise
control system design. First, open loop system transfer
functions H; — Hy are designed using a theoretical prop-
agation model. The transfer functions thus found can in
principle achieve global noise reduction in a specific 3-D re-
gion. They are regarded as the nominal values for the com-
plete system. Second, to compensate for deviations from
the theoretical model, the transfer functions are adapted
using error measures from error sensor array by LMS algo-
rithm.

2. THE ADAPTIVE CONTROL SYSTEM

2.1. Design of open loop system

Suppose that the noise signal So is an omnidirectional point
source given by

pso(t) = Ae™". (1)

For such a source, we propose to use a linear loudspeaker
array to reduce the noise in a specific 3-D quiet zone. In
the following example, the quiet zone refers to the shaded
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Figure 2. Geometry of the active noise control sim-
ulation model

region shown in Figure 2. The signals from each loudspeaker
should be of the same frequency as the noise source. Let
the signal generated by the loudspeaker S; be

ps;(t) = Hips, (t), (2)
then the signal at a location (r,8) (see Figure 2) is given by
N

_ A 1 e Hi _jkr,
p(r6,8) = Zp— (e 4 e (3)

i=1

where K is a constant which represents the sound attenu-
ation factor after propagation. In the above equation, we
have assumed that all the loudspeakers can be modeled as
omnidirectional sources as well. Also, k = 27w f/co is the
wave number of the signal, co is the speed of sound which
is around 343 m/s in air at 20°C. Assuming r > d;, so that
r—r; & dicosd and r 2 r;, then

Ae](wt—kr) N e o
—_ 57 { CO3
p(r,8,t) = ———(1+ ;H.e ). (4)
The first part of the equation represents the signal re-
ceived by the measure point (r,8) without control. Thus,
to reduce noise in the quiet zone, we choose H:’s such that

B N .
J= / 11+ Z Hiel*di<o 82 qg (5)

=1
is minimized. It should be noted that the values of H;
thus designed depend on the signal frequency f. Hence by
repeatedly solving the above minimization problem for dif-
ferent frequencies within the specified frequency range, the
frequency response of the transfer function from primary
source to loudspeaker S; can be found as H;(w).

In practice, the noise source is not available as input to
H;(w). As shown in Figure 1, the microphone C is used to
measure the noise. Unfortunately, since the loudspeakers
and microphones are assumed to be omnidirectional, signals
from secondary sources will be measured by C as acoustical
feedbacks. Let z(t) be the signal measured by C, then

N
5(t) =ps,(t) + Y Kips, (t = 7:) (6)

i=1

where 7; = d;/co is the propagation delay from loudspeaker
S, to C, and K is the corresponding signal gain. Thus,

Xw)= 1+ Kie™ " Hi(w) | Ps,(w) (7)

i=1
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Figure 4. Noise reducing level using desired fre-
quency response.

and

1
1 + 2511 Kie=iwmi Hi(w)
The frequency response of the nominal transfer functions

with z(t) from microphone C as input to the secondary
sources should therefore be

X(w)- (8)

Pso (w)

Hi(w)
1+ 77, Kiemimi Hi(w)

FI;(w): ,0=1...N. (9)

After I:Iz(w), l=1,---,N have been determined, we de-
sign stable transfer functions H,(s) whose frequency re-
sponse complies with that of Hij(w). With the help of
MATLAB or other control system design tools, this can
be done easily. For practical implementation, the control
system should be discrete-time in nature. Therefore, as a
first step, we convert the system transfer functions H(s)

into discrete-time systems H,(z). Further, in order to sim-
plify the implementation of the adaptive algorithm in next
section, we convert H;(s) into FIR filters.

To illustrate the above design methodology, consider the
following example. Refer to Figure 2. Let a = =/3,
B = 2x/3 and N = 4. Four loudspeakers are put along
the 0° direction and their distances from the microphone
are 20.1m, +0.2m respectively. As a first step, the de-
sired frequency response of the transfer functions Hi(w),
1 =1,2,3,4, are computed by minimization of J in equa-
tion (5). Since the four loudspeakers are arranged symet-
rically relative to the primary source, Hi(w) = Hs(w) and
Hy(w) = Hs(w). Thus two FIR filters are designed. The
order of the filters was choosen to be 63. Figure 3 shows the
frequency response of Hz(z), where the dashed curve is the
desired frequency response, and the solid curve is the actual
frequency response of the designed transfer functions.

Figure 4 shows the noise reduction level using the desired
frequency response. Figure 5 shows the noise reduction level
using the designed transfer function. In Figure 4, the ten
curves from buttom to top represent noise reductions in
decibel (dB) for noise frequencies from 100Hz to 1000Hz, in
uniform step. In Figure 5, the ten curves from buttom to
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Figure 5. Noise reducing level using designed FIR
filters.

top indicate noise reductions for noise frequencies 300H z,
600Hz, 200Hz, 100Hz, 1000H z, 400H z, 500Hz, 700H z,
900H z and 800Hz. The result shows that in the angular
range of [60°,120°] and {240°,300°], especially within £15°
range from 90° and 270°, significant reduction in noise level
has been achieved using the designed transfer functions. In
particular, when the noise frequency is 300Hz, the noise re-
duction is up to 70dB. In addition, at these frequencies the
noise level is reduced in other directions as well. Inspection
of Figure 4 also shows that, in general, reduction in noise
level is higher when the noise frequency is lower if desired
frequency response can be achieved. However, due to devi-
ations between the designed FIR filters’ frequency response
and the desired one, the actual results will be somewhat
different. In view of above results, if we replace the FIR
filters by IIR filters, the performance of the system will be
improved. However, IIR filters will sometimes lead to the
unstable system. Finally, it is worthnoting that the proce-
dure to design Hi(z)’s is the same as that for H;(z)’s.

From above discussion, it can be seen that if accurate
propagation model can be established and the associated
parameters are measured, the proposed noise cancellation
scheme can reduce noise effectively.

2.2. Adaptive control algorithm

In practice, errors in propagation model are inevitable.
Therefore the transfer functions H(z) needs to be adjusted
accordingly. In this paper, we use the well-known multiple
error filtered-x LMS algorithm [5, 6] to adapt the secondary
sources’ system transfer functions. Figure 6 shows the block
diagram of this adaptive system. In the figure, z(n) is the
sample reference signal fed to the adaptive digital filters
H,, whose output signals are yi(n); cim(s), 7=0,---,J 1,
is the impulse response of digital filter which models the
acoustic propagation function from I-th secondary loud-
speaker to the m-th error microphone, and d,.(n) is the
output of the m-th error sensor due to the primary source.
The finite impulse responses of H;(z) are denoted by hi(n),
n =20,---,L —1. Based on the system configuration in
Figure 6, we have

w(n) =Y hi(k)s(n—k) (10)

and
N J-1

em(n) = dm(n)+ Y Y am(Bu(n—j). (1)

=1 3=0
Let ri,,(n) be the reference signal filtered by the response

of the path from the I-th secondary source to the m-th sen-
sor, given by
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Figure 6. Block diagram of filtered-x LMS adaptive
system

J-1

rim(n) =Y _ cm(5)z(n - j) (12)

3=0
and define the cost function as

M

Jn) =Y ehn), (13)

m=1

then the gradient of the error surface is

aJ(n) = - [ nr n —
) 2"; m(n)rim(n — k). (14)

Each filter coefficient can be updated using the LMS al-
gorithm:

ixgnﬂ)(k) _ }"zl(n) (k) — a Z em(n)rim(n — k) (15)

m=1

where a is the step size of adaptive algorithm. The stability
of this filtered-x LMS algorithm is affected by o and the
accuracy of the filters ¢ which model the response of the
true secondary paths C.

3. SIMULATION RESULTS

Computer simulations using MATLAB and Simulink tool-
box was conducted to evaluate the noise control perfor-
mance and system stability of the proposed system. Refer
to Figure 2. The simulation model uses the arrangement as
the example in Section 2. Three error sensors are arranged
in position § = [7/2.9,7/2,2x/3] and r = 10m inside a
quiet zone with @ = /3 and 8 = 2#/3. Forty thousands
(40000) samples of broadband noise were generated assum-
ir}g a sampling rate of 4kHz. For simplicity, we have used
C = C. The step size a was choosen to be less than 1/0L,

where L is the order of FIR filters H; and o2 is the variance
of the noise. Simulation shows that with this choice of «,
the adaptive system remains stable.

Figure 7 gives the power spectral density of the noise mea-
sured at a direction of 90°. In this figure, the top curve is
the power spectral density of the measured noise with the
active noise control system turned off; the bottom curve
is the power spectral density with the open-loop system
turned on. From the figure, it can be seen that the active
noise control system is capable of reducing noise signifi-
cantly especially in low frequency range.
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Table 1. Theoretical and actual hardware implementation results for noise reducing level (in dB).

Fre- Angle
quency 900 807 759 709 60°
(Hz) c. Act. Adp. The. Act. Adp. “The. Act. Adp. The. Act. Adp. The. Act. Adp.
200 54.28 25.73 28.02 54.25 28.08 29.98 54.21 20.45 17.21 18.86 10.97 17.79 10.05 5.09 8.94
250 60.16 26.23 30.00 60.13 30.96 30.19 60.10 21.64 19.05 17.28 11.19 18.10 8.19 3.00 6.10
300 67.33 29.05 31.64 67.29 33.98 32.31 67.25 24.40 21.26 15.99 14.23 22.41 6.72 7.04 6.94
350 55.05 24.05 28.72 55.01 26.75 24.23 54.97 17.9%5 20.01 14.68 10.56 17.21 5.52 5.25 3.09
400 50.96 23.44 23.22 50.93 25.75 23.13 50.89 17.05 18.32 13.32 9.54 20.21 4.50 5.08 4.23
450 49.71 18.14 20.12 49.67 19.43 17.89 49.63 12.50 11.42 12.13 6.21 13.93 3.63 3.18 0.30
500 50.72 11.09 13.32 50.68 15.75 14.30 50.64 10.82 12.19 11.30 5.90 8.02 2.88 0.48 -1.36
550 55.01 9.95 11.00 54.97 11,77 9.21 54.91 11.89 10.32 10.85 5.77 10.00 2.24 -0.82 -2.99
* Act.: actual result without adaptation, The.: theoretical result, Adp.: actual result using adaptive algorithm
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Figure 7. Power spetral density in direction of 90°.
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Figure 8. Experimental Hardware Arrangement.

4. HARDWARE DEMONSTRATION

Real-time implementation of the proposed active noise con-
trol system is achieved using the EZ-ANC active control
development system made by the Causal Systems. This
system includes software package and a stand-alone digital
signal processing board with one reference signal input port,
five error microphone input ports, six control output ports
and a serial communication port for personal computer ac-
cess. Because of the limitation of the hardware function,
we only tested the system with monotone noise. The hard-
ware arrangment of the whole system is shown in Figure 8.
The distance between the loudspeakers are the same as the
previous example, distance between the primary source and
the three error microphones are 1.5m, and the correspond-
ing 8 = [7r/18,7/2,11x/18].

The real-time demostration system is placed in a 3m x4m
room, and the loudspeakers we used in the experiment are
the popular low-cost computer speakers. Figure 9 shows the
noise reducing level at 300Hz, at position (r,8) = (2,75°).
The dotted curve is the power spectrum density of the re-
ceived signal without active noise control and the solid curve
is with the control. Table 1 gives the noise reducing level at
different positions for single frequency noise radiated from
the primary loudspeaker with and without adaptive con-
trol. From the table we can see that, along the direction
of the error microphone position, noise is reduced signifi-
cantly with adaptive control. Therefore, if the number of
the error microphones is increased, better results can be ex-
pected. Due to restrictions on hardware capability and a
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in reducing noise in a specified 3-D region, especially in low
frequency range.

5. CONCLUSION

In this paper, we have proposed a effective model-based
adaptive control system to reduce low frequency noise in a
specific three-dimensional region. The system uses a loud-
speaker array and a error sensor array. Two steps are used
to design the system: (1) Open loop system transfer func-
tions are designed using a theoretical propagation model.
The transfer functions thus found are used as the nominal
values for the complete system. (2) To compensate for de-
viations from the theoretical model, the transfer functions
are adapted using error measures from error sensor array by
filter-x LMS algorithm. Computer simulation result and ex-
perimental result using real-time system have both demon-
strated that the proposed system is effective for broadband
noise reduction in three dimensional region.
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