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ABSTRACT dstuioance d[n]
This paper presents a multichannel active system for the lo- ° i L
cal control of sound around the headrest on the back of a X0 uln] vin] ol
seat placed inside an enclosure. The size of the zones of —— W7 » C[z] ﬁ%@ﬂ—»
quiet produced makes the system practical only at relatively K M L
low frequencies [1]. Finally, some results of cancellation for v secondary sonsors

narrowband and broadband noise are presented. Two differ-
ent system configurations algorithms have been tested o
the adaptive controller. Both of them show similar results,
but the new algorithm based on the minimization of the
maximum error signal power, has shown computational sav-
ing and higher speed convergence than the multiple channe
least squares algorithm.

r]:igure 1: Multichannel pure feedforward ANC system. The
system had// secondary sourceg reference signals and
L error sensors. Block C represents a matrix.af\/ error
Paths and bloc®V is a matrix of Kz M control filters.

the model. As a first approach, the multichannel version
1. INTRODUCTION of the filtered-X LMS algorithm was used for the controller
(MELMS algorithm) [6]. The output of theth error sensor
Noise reduction in a local system represents a successful apean be written as,
plication of active noise cancellation in enclosures [2]. The
acoustic field is controlled in a limited area, dependent on KoM=t
error microphones-secondary sources separation (a spheré” [n] = difn] + Z Z Z Cimj
of A\/10 radious around each sensor if the error microphone

is further than about/2 from the secondary source). If the Equation 1 illustrates the linear relationship between the

m|croph_ones are placed closer, a greater zone O_f quiet can, . signal and the controller coefficients and can be ex-
be obtained although the acoustic presure can increase "bressed in matrix form as

other points of the room [3][4].

This paper is organised as follows. We first comment e[n] = d[n] + R[n]w )
different multichannel algorithms for active noise control
[5], the multiple error LMS algorithm (multichannel ver-  whereR/[n] is the filtered reference signals matrix. The it-

sion of the filtered-X LMS algorithnt)and the Least Maxi-  erative expression to update the coefficients vector is given
mum Mean Squarésilgorithm. Then, we describe the local by

noise control prototype. Finally we show the experimental L
results obtained in the performance of the local ANC sys- win+ 1] =wln] —a Z R/ [n]ei[n] (3)
tem using different algorithms and different acoustic envi- =1

ronments. We will _focus our attention on the study of the \\hereq is the convergence parameter ddn] corresponds
zones of quiet obtained. to thel-th row of the filtered reference signals matin)].
There exists a kind of algorithms called minimax type
2. ADAPTIVE CONTROL ALGORITHMS which were studied in [7][8]. The idea behind a minimax
type algorithm in active control is to balance the acoustic
The multichannel active noise control system model usedfie|d after control, to achieve this desire it is needed to define
is described in [3]. Figure 1 shows the block diagram of fjrst which measure of the acoustic field is wanted to balance
IMELMS and then apply a minimax strategy of minimisation using
2LMMS this measure. If it is minimised the maximum of the mean

I—-1
> wmkizk[n — i — 4]
=0
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k=1 m=1 j=0




squared values of the error signals the algorithm is called
LMMS [7][8][9][10]. The iterative algorithm can be found
as

win + 1] = win] — aRj [n]e;[n] (4) &

subscriptb denotes the error signal with maximum mean S0
squared value for a given value of the control vector. The
performance of the LMMS algorithm on the controller has
been also tested.
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source Figure 3: Attenuations achieved in a 1:2:4 system in the
a) b) z = 20cm plane after the ANC system operation using the

MELMS algorithm in order to cancel car engine noise.

Figure 2: a) setting position of sources in the enclosure; b)

seat and microphones layout. . . . L
P y the seat with a monitor microphone. The objective is to ob-

tain a zone of quiet centered in the listener’s head position.

3. PROTOTYPE DESCRIPTION 4.1. Reverberant Room

The local ANC system was tested in two different acoustic Consider a control system with 1 primary source, 2 sec-

environments: a rectangular enclosure with internal dimen- ondary sources and 4 error sensors (1:2:4), and the MELMS
sions 4.35mx3.28mx2.96m and a semi-anechoic chambera|gorithm on the controller. The noise to be cancelled is en-
For the results presented here, a single 210-mm-diam loudgine noise (obtained at 1200rpm: harmonics of 20Hz). The
speaker was used as the primary source and two Ioudspeaknicrophones are situated B, = 30cm, S, = 40cm and

ers more were used as the control sources. In the revers, — 40cm. The whole sources are set in a plane of about
berant room the primary source was located at the position1.30cm in height{ = 20c¢m). Figure 3 shows the atten-
(0.85,1.5,1)m and the secondary sources were located at thgations measured in that plane which correponds to the lis-
positions (2.4,0.75,1.3)m and (2.4,2.3,1.3)m. A seat wastener's head position. Different planes of measure got worse
placed at the position (3.25,1.6,1.2)m, just in front of the noise level reduction. If the listener moved his head away
primary source and an array of up to four microphones wasfrom the area centered around the sources plane it could be
mounted on the headrest of a seat, as shown on figure 2. appreciated that the noise level increases.

The frequency range of interest was 40-150Hz in the  ysing engine noise signals, tests were performed using
reverberant enclosure and 40-240Hz in the Semi-aneChOiQhe MELMS and LMMS a_|go|rithms_ Microphones were Sit-
chamber. The signals to be cancelled were car engine noisgated on the loudspeakers diaphragm@cm in height) in
and random noise. The sampling rate used was 500Hz.  order to achieve optimal results, but not all of them received

the same acoustic pressure. Noise reduction levels achieved

4. EXPERIMENTS using both algorithms are shown in figure 4. Circles show

relative error microphones position. The zones of quiet ob-
Experiments were carried out in the two environments de- tained after ANC system operation using both algorithms
scribed before. Different configurations have been chosenare represented on figure 5. No remarkable differences were
to demonstrate the ability in creating quiet zones of the ANC perceived on the quiet noise areas obtained. On table 1 it
system. As the quiet zones are three-dimensional areas irtan be seen that as the MELMS algorithm strives on re-
space, the results are shown on different planes (different zducing acoustic pressure at microphones with higher levels
coordinates). The zones of quiet are obtained sampling an(the right ones), the LMMS algorithm searchs for achieving
aproximated area of 700x560m? around the headrest of more equal distribution. In a random noise sound field con-
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Figure 5: Zones of quiet obtained in a 1:2:4 system in the
sensors plane using the MELMS and LMMS algorithms.
Car engine noise. (Arbitrary units).

Figure 4: Attenuation levels obtained in a 1:2:4 system in
the sensors plane using the MELMS and LMMS algorithms.
Car engine noise.

clusions are not so easy to be obtained because algorithm 5. CONCLUSIONS

convergence is more difficult. Note the stability condition

of both algorithms is ensured with people moving inside the A 0cal ANC system has been developed, and the perfor-
room. mance measured with a microphones array using car en-

gine noise and random noise reproduced in two different

environments (a reverberation room and a semi-anechoic

4.2. Semi-anechoic Chamber chamber). We have introduced a minimax type algorithm
) _ (the LMMS one) which despite its simplicity has shown

A complete set of measurements was also carried out ing go0d convergence and stability behaviour compared with
the semi-anechoic chamber. The noise reduction on thisine MELMS algorithm. Very similar areas of quiet were ob-

room improves compared to the reverberant room due 0gereq using both algorithms and they appear fairly robust
the acoustic field simplicity of the semi-anechoic chamber.

Figure 6 shows the cancellation of random noise in a 1:2:2

system in both environments obtained on a sensor position Microphone MELMS LMMS
The use of more error microphones gives the greatest zon¢ front right 550 720
of quiet. Despite increasing the frequency range of work front left 850 600
it has been achieved attenuations higher than 30dB at some rear right 550 800
frequencies. Figure 7 shows the zones of quiet cancelling rear left 850 800

engine noise with a 1:2:4 system using filters increasing the _ o
cutt-off frequency (240Hz). Despite increasing the range of Table 1: Acou_stlc pressure Iev.els measured in microphones
work it has achieved zones of quiet higher than 20dB. after cancellation (arbitrary units).
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Figure 6: Power spectral density of the signal measured
at one error sensor in a 1:2:2 system before the ANC sys-
tem operation (solid line), after the ANC system operation
(dashed line) using the MELMS; a) on the reverberantroom,
b) on semi-anechoic chamber. Cutt-off frequency of the fil-

ters:150 Hz. Random noise. (Arbitrary Units).

20

30

¥ (em)

40

50

60

70
40 30 20 10 0 -10 20 -30 -40

w (o)

14 dB B 22dB
16 dB . 23 dB
18 dB B 2408
20 dB B >5e

Figure 7: Attenuation levels measured in a 1:2:4 ANC sys-
tem on semi-anechoic chamber using the MELMS algo-
rithm. Engine noise.
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