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SUMMARY

Acoustic active neise control [1] is a technique in which ambient noise is acquired by a microphone, processed,
and emutted by a loudspeaker with opposite phase from the original. When the two signals are sununed the noise
level will be reduced. This paper describes the design, realization and experimental results of an acoustic
broadband feedforward active noise control system.

INTRODUCTION

Acoustic noise reduction using passive techniques requires the use of devices relatively larger than the acoustic
wavelength [2). This constrain implies that, for these systems (o have a reasonable response at low frequencies,
they must be quite large, heavy, and expensive. ﬂmnﬂ:mmﬂth\?ﬂ),wﬁw:hwdspuk:mmudm
reduce environment noise, has shown significant results in overcoming these problems. In ANC, an anli-noise of
opposite phase is combined with the primary noise, resulting in cancellation of both noises. These systems are
effective at low frequencies (where the passive lechniques are inefficient) thus serving as a supplement to
conventional passive techniques,

THE ACOUSTIC ACTIVE NOISE CONTROL SYSTEM

Figure 1 illustrates a single channmel active noise
control system. It is composed by a sigmal
processor, two microphones (reference and error)
and a loudspeaker. It works by modeling the
primary  path, Pzl from  the reference
microphone to the error microphone and the
secondary path, Sw,ﬁ'mlmdsptﬂamm
error microphone, with adaptive filters.

Classical noise reduction methods are usually
simpler than the referred ones because there is no
secondary path, the noise is subtracled directly
from the original signal. In these systems, the
basic approach is to use an adaptive digial FIR  Figure 1. Active noise control system with feedback
{finite impulse response) filier, and the LMS neutralization using FXLMS algorithm,




algorithm. In ANC, the classical LS algoritlim must be adapted to cope with the secondary path. One of the
muost common algorithms that accomplish this, is the FXLME algorithun [3, 4, 5. When an acoustic sensor is
used for acquiring the reference signal, 1lis sipnal is corrupted by the anti-noise generated by the loudspeaker,
producing acoustic feedback, 4 feedback neutralization filter, Fiz3, as is shown in Figure 1, can solve this
problem [6, 7],

In Figure 1, Prz), Sizh and Fiz) represent the tansfer functions of the primary, secondary and feedback paths,
respectively. S(z) and Frz) represent FIR models for Sig and Fiz), These models may be previcusly determined
(off-ling) by system identification using the LMS algorithm and a white noise generator, Wwith appropriafe DsP
algorithms.
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Figure 2. Four-Channel FXLMS algorithm with feedback neutralizadion

In practice, in a single channe! system with a single error microphone and a single secondary loudspeaker, noise
reduction can only be achicved in a small region (about %4 of the wavelength) surrounding the error microphone.
To obtain a larger cancellation region it is required 1o use a mulli-channe]l AMNC [8]. We have decided to build a
system based on four noise canceling loudspeakers, excited by the signals produced by the algorithim represented
in Figure 3. This system uses the muli-channel FXLMS algorithm reprasented in Eq. 1.
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The system was implemented as is shown in Figure 3 [9, 10], with a TMS320C50 16 bits fixed-point DEP, It is
possible to identify the four error microphones and canceling loudspeakers, The noise to climinate is created by
a loudspeaker and acquired by the reference microphones. Every acquired signal is filtered and sampled by the
AJD converters; then, using the sampled signals, the DSP calculates the anti-noise signals and sends them to the
D/A converters. The DA oulput signals are then processed by the reconstruction fillers and fed to the
loudspeakers by the power amplifiers. The sampling rate was 4 kHz, and the FIR filters had 32 coefficients.

EXPERIMENTAL RESULTS

In order to ablain some experimental resulls we armanged the acoustics systems represented in Figure 4. In the
cxperiments a pre-recorded noise from e interdor of 3 bus was fed to the noise source lowdspeaker and the
Active Moise Control would try to eliminate it using the secondary loudspeakers, error microphones and the
refarence micraphone,
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Figure 3, The Active Moise Control System.

The amangements Wy 1o be realistic. We tred to make them
possible to  implemented inside of an  automobile. The
configurations presented are the result of several experiments in
order to obtain a good configuration. Mevertheless, they follow
the basic principles referred in the following lines,

To ensure causality, the distance from the reference microphone
to the error microphone should be greater than the distance from
the londspeakers to the error microplones. Tapgel a good
reference signal, the reference microphone should be close to the
moise source. Finally, the reference microphone should be as
close as possible to the crror microphones 1o increase (he
corrclation between the two signals,

In Table I, the values of tolal noise redection measured al the
saveral error microphones, in two  similar experiments, are
represented. We achicve a mean 8 dB of noise cancellation af G
ermor micropliones. In Figure 5, we show the performance af the
AMC gystem in time and frequency domains,
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Figure 4. Spatial confliguration of svsio

Mugsure || Measurg 2 !
Mic. 1 | 713dB | R61dB |
| Mic.2 | 6d41dB .94 dB
| Mic.3 | #82dB 948d8
[ Mic.d | #5040 930 dB

Table 1. Totl noise reduction inthe error muicraphiones
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Figure 5, Moise signal in time domain and poise power specirum at an emror microphone. A 9-dB total noise
reduction was obtained,

CONCLUSION

The work presenied in this paper consists in the development of a four-channe] acoustic feedforward aciive noise
control system. We designed and assembled the svotem The performance of the developed software was tested
againet simulation results and, finally, experimental results were obtained, in a real environment.

We have achicved a mean 3-dR 1otal noise reduction 3t the ermor microphones in the 100 Hz o 2 kHz range. The
major issues holding down noise reduction are, m order of relevance cantality problems, limited FIR filler size,
poor FXLMS algorithm convergence, acoustic Gield dispersion, noa-linear effects and system dynamic mnge,

In order 1o this algorithms to be applicable in real workd they must be highly stable; they have o sustain strong
changes in the environment like people petting in and ost of the quit zone or the sudden opening of a window.
This didn’t represent a serious problem. We met this specifications throw carcfully selection of the adaptive step
size,

With the four-channel system, we have achieved a 50-cm wide quict zone (for low frequency noises produced by
a ranning car). Due to causality problems the reforesce microphone has to stay considerably far from the quiet
zone, this can cause comrelation probleme. In practice. we keve ased 80-cm distance.
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