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ABSTRACT

In this papar, we verify effectiveness of multi-channel active noise
control (ANC) systems using the perturbation method in actual
systems. The multi-channel perturbation method has an advan-
tage that secondary path models (estimation of secondary paths)
are unnecessary compared with the MEFXLMS method apply-
ing the Filtered-x LMS method to multi-channel systems. The
multi-channel ANC systems using the perturbation method will
be cosequently able to control noise stably because these do not
have modeling errors which cause system instability. We therefore
verify that the multi-channel ANC systems using the perturbation
method can operate stably in the enviroment that the secondary
paths always change.

1. PERTURBATION METHOD

The perturbation method is an algorithm that calculates an estima-
tion of gradient vector by adding a little perturbation to the coef-
ficient of noise control filter. The perturbation method is classi-
fied into several algorithms. In this paper, the time domain time
difference simultaneous perturbation (TDTDSP) method [1] and
the frequency domain time difference simultaneous perturbation
(FDTDSP) method [2] are explained as follows.

1.1. TDTDSP method

The TDTDSP method is an algorithm which updates the filter co-
efficients once every N samples by using only one kind of error
signal. The perturbation is always added to the coefficients of the
noise control filter, and the error signals with the perturbation is
obtained in the block period N . The filter coefficients at the nth
block are updated using the average values of two error signals
obtained in the nth and n − 1th block periods.

The updating algorithm at the nth block based on above idea
is defined as follows:

wn+1 = wn − µ∆wn (1)

∆wn =
en − en−1

(cnsn − cn−1sn−1 − µ∆wn−1)N
(2)

en =

(n+1)N∑
k=nN+1

J(wn + cnsn) (3)

We use a diagram to explain the above equation. Figure 1 shows
an error-performance surface, which shows the relation between
the ith filter coefficient w(i) and the square error J(·) = e2

k. It
can be seen from Fig. 1 that an estimation of the gradient vec-
tor is obtained by dividing a difference of J(wn(i) + cnsn(i))
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Fig. 1. Error-performance surface at the ith filter coefficient w(i).

and J(wn−1(i) + cn−1sn−1(i)) by cnsn(i) − cn−1sn−1(i) −
µ∆wn−1(i).

By the way, we cannot in fact calculate the exact estimation of
the gradient vector by using Eq.(2). Because the error-performance
surface shown in Fig. 1 changes while obtaining the error signals
which are used to calculate the factors J(wn(i)+ cnsn(i)) and
J(wn−1(i)+cn−1sn−1(i)). That is, an error occurs due to obtain-
ing these factors at different times. If the denominator of Eq.(2)
becomes small, then the ANC system may become unstable due to
the increase of this error. In order to avoid this problem, Eq.(2) is
modified as follows:

∆wn =
en − en−1

cnN
sn (4)

In the case of using Eq.(4), the above problem can be avoided.
However, a new error occurs in the denominator of Eq.(4) due to
the omission of the terms of cn−1sn−1 and µ∆wn−1 of Eq.(2).
This error does not influence a convergent value of the filter coef-
ficients because it does not correlate with sn. But it does influence
the instantaneous correction value of the filter coefficients, such
as measurement noise. The influence of µ∆wn can be ignored
because it is too smaller than cn−1sn−1. Moreover, the influ-
ence of cn−1sn−1 depends on the magnitude of the perturbation.
Therefore, the influence becomes small as cn becomes small. The
TDTDSP method consequently becomes effective.
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Fig. 2. Block diagram of the ANC system using the frequency
domain time difference simultaneous perturbation method.

1.2. FDTDSP method

The ANC system using the FDTDSP method is shown in Fig. 2. In
this system, the filtering operation is done in the time domain and
the updating operation is done in the frequency domain, in order
that the ANC system must reduce noise in real time. The FDTDSP
method can converge faster than the TDTDSP method because the
coefficients of the noise control filter is updated in the frequency
domain [3]. The updating algorithm at the nth block is defined as
follows:

wn+1 = wn − µ∆wn (5)

∆wn = first N elements of IFFT[Un] (6)

Un = diag[Sn]
diag[E∗

n]En − diag[E∗
n−1]En−1

cn
(7)

En = FFT[0 · · · 0 enN+1 · · · ek · · · e(n+1)N ]T

Sn = [Sn(1) Sn(2) · · ·Sn(i) · · ·Sn(2N)]T

where Sn is a complex vector whose elements are −1 or 1 in both
real and imaginary parts and has the following characteristics:

E[Re{Sn(i)}] = 0, E[Im{Sn(i)}] = 0
Re{Sn(i)}2 = 1, Im{Sn(i)}2 = 1
E[Re{Sn(i)}Re{Sm(i)}] = 0, n �= m
E[Im{Sn(i)}Im{Sm(i)}] = 0, n �= m
E[Re{Sn(i)}Re{Sn(j)}] = 0, i �= j
E[Im{Sn(i)}Im{Sn(j)}] = 0, i �= j
E[Re{Sn(i)}Im{Sn(j)}] = 0

(8)

1.3. Multi-channel perturbation method

In this paper, the updating algorithm in the experiment is the multi-
channel FDTDSP method applying the FDTDSP method to multi-
channel systems. Multi-channel ANC systems with J reference
microphones, K secondary sources, and M error microphones are
defined as CASE(J ,K,M ).

The updating algorithm at CASE(J ,K,M ) is defined as fol-
lows:

wlj,n+1 = wlj,n − µ∆wlj,n (9)

∆wlj,n = first N elements of IFFT[Ulj,n]

Ulj,n = diag[Slj,n]

M∑
m=1

{
diag[E∗

m,n]Em,n

−diag[E∗
m,n−1]Em,n−1

}
/cn

Em,n = FFT[0 · · · 0 em,nN+1 · · · em,k · · · em,(n+1)N ]T

wlj,n = [wlj,n(1) wlj,n(2) · · ·wlj,n(i) · · ·wlj,n(N)]T

Slj,n = [Slj,n(1) Slj,n(2) · · ·Slj,n(i) · · ·Slj,n(2N)]T

where wlj,n is the coefficient vector of the noise control filter,
Slj,n the frequency domain time simultaneous perturbation vec-
tor, n the block time, µ the step-size parameter, and cn the mag-
nitude of the perturbation. Moreover, cn and slj,n are respectively
defined as follows:

cn =

√√√√√√√√

αJ
M∑

m=1

nN∑
k=(n−1)N+1

e2
m,k

G2M
J∑

j=1

nN∑
k=(n−1)N+1

x2
j,k

(10)

slj,n = first N elements of IFFT[Slj,n] (11)

where G is the mean gain of all secondary paths and α is a coef-
ficient that defines a ratio of the power of the perturbation to the
error signal.

2. MULTI-CHANNEL ANC SYSTEMS

Figure 3 shows a multi-channel ANC system using in the exper-
iment. Figure 4 shows block diagrams implemented in DSP for
the MEFXLMS algorithm and the perturbation method, respec-
tively. The block diagrams shown in Fig. 3 , 4 are multi-channel
ANC systems at CASE(1,2,2).

In Fig. 4, Wlj is a noise control filter in the feedforward chan-
nel from jth reference microphone to lth secondary source and
Ĉml is the secondary path model estimating the secondary path
from lth secondary source to mth error microphone. It can be seen
from Fig. 4 that in the realization of the ANC systems, the DSP ex-
ecutes the filtering and the updating. The real-time processing of
the perturbation method can be easily realized compared with the
MEFXLMS method. The perturbation method need not execute
the filtering of the secondary path models because the perturba-
tion method need not use the seconodary path models. Hence, in
the perturbation method, the complexity in a sampling period is so
small compared with the MEFXLMS algorithm. Also, the differ-
ence of the complexity for each algorithm becomes larger as the
number of channels increases.
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Fig. 3. Measurement model of the multi-channel ANC system.
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Fig. 4. Block diagrams of the algorithm implemented in DSP.

3. EXPERIMENT

We verify the effectiveness of the ANC systems using the multi-
channel perturbation method. Measurement conditions are shown
in Table 1. The noise source is multi-sinusoidal waves (100, 130,
180, 240, 320[Hz]). In the perturbation method, α is 0.02 and G
is 0.1. The arrangement in the experiment is shown in Fig. 3.

Table 1. Measurement conditions.
Sampling frequency 5[kHz]
Tap length of noise control filters

MEFXLMS algorithm 80
Multiple-channel Perturbation method 128

Tap length of secondary path models 50
Cut-off frequency of anti-aliasing filter 1.56[kHz]
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Fig. 5. Error signals of the ANC system to multi–sinusoidal waves.
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Fig. 6. Error signals of the ANC system to multi–sinusoidal waves.

3.1. Cancellation performance

We verify the cancellation performance in the perturbation method
compared with the MEFXLMS algorithm. After the ANC systems
operate, the secondary paths are changed at 120 seconds. Fig-
ure 5 , 6 show the impulse responses and frequency responses of
the secondary paths before and after the secondary paths change,
respectively.

Figure 7 shows error signals of the ANC system obtained in
the error microphone 1. In Fig. 7, (a) is the case that the ANC sys-
tem is stopped, (b) and (c) are the cases that the ANC system using
the MEFXLMS algorithm which the step-size-parameter is 0.7 or
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Fig. 7. Error signals of the ANC system to multi–sinusoidal waves.

0.007 is executed, and (d) is the case that the ANC system using
the multi-channel perturbation method is executed, respectively.

It can be seen form Fig. 7 that the perturbation method can re-
converge after the secondary paths change. On the other hand, the
MEFXLMS algorithm cannot re-converge, though the MEFXL-
MS algorithm converge faster than the perturbation method. Even
if the step-size-parameter is set to too small, the ANC systems us-
ing the MEFXLMS algorithm cannot re-converge. Therefore, the
ANC systems using the multi-channel perturbation method has an
advantage that can operate stably in the environment which sec-
ondary paths change.

3.2. The case of moving the error microphones

We verify the effectiveness of the ANC systems using the multi-
channel perturbation method in the environment that the secondary
paths always change. Two error microphones are moved like Fig. 8.
Figure 8 shows two error microphones moved like the point A →
B → A → C → A → B · · ·. The interval of the two error
microphones is fixed and the center between the two error micro-
phones is moved to each point. Moreover, in the points A, B and
C, the system operates without moving the two error microphones
for 20 ∼ 30 seconds. Figure 9 shows error signals of the ANC
system to multi-sinusoidal waves obtained in error microphone 1.
In Fig. 9, (a) is the case that the ANC system is stopped and (b)
is the case that the ANC system is executed. It can be seen from
Fig. 9 that the ANC system can operate stably in the environment
that secondary paths always change. Therefore, this system has a
great advantage that error microphones can be freely moved while
the ANC system controls noise.
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Fig. 8. Position of secondary sources and error microphones.
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Fig. 9. Error signals of the ANC system to multi–sinusoidal waves.

4. CONCLUSION

In this paper, we have verified the effectiveness of the multi-channel
ANC systems using the perturbation method in actual systems. We
have demonstrated that the ANC systems using the multi-channel
perturbation method have an advantage which can operate stably
if secondary paths change. Also, we have demonstrated that the
ANC systems using the multi-channel perturbation method have a
grate advantage that error microphones can be freely moved while
the ANC system controls noise.
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