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A NON RECURSIVE ADAPTIVE SYSTEM
FOR ACTIVE NOISE REDUCTIONY

GILLESPIE, A. F. R.2), London

This paper describes an adaptive system for the active attenuation of low fre-
quency random noise in a section of an acoustic waveguide. It shows how a com-
bination of two adaptive non-recursive filters can be used to overcome the effect of
upstream radiation on the operation of active monopole attenuators. Such filters
have important advantages over recursive types. Experimental results are presented

* showing the significant attenuations obtained on band limited random noise in the
frequency range 30-500 Hz. .

L INTRODUCTION

The principle underlying active noise attenuation is that an unwanted noise can
be attenuated by combining it with a secondary signal of the necessary phase and
amplitude characteristics, such that interfere destructively. Although this princi-
ple could theoretically be applied to an arbitrary acoustic signal, in practice it is
as yet only possible to apply it with any degree of success to the one-dimensional
enclosures. The theoretical limitations underlying the restricted applications of ac-
tive noise control are discussed in. [1]. Even in the applications mentioned above,
apart from physical limitations, there is the difficulty of designing a control system
to cope with the variations that commonly occur in practise in both the character-
istics of the noise-and in other parameters such as air temperature and flow rate.
Due to these inherent variations prior attempts at active noise control using non
adaptive metliods have met with limited practical success. Systems are now being
used met with limited practical success. Systems are now being used based on
time-varying or adaptive controllers/filters. In this paper we discuss one such dig-
ital system applied to the reduction of plane wave random noise in a length of air
conditioning duct and demonstrate its effectiveness in dealing with band limited
random noise. Before doing so a brief analysis of the basic monopole attenuator is
given to illustrate clearly what is required of any control system aiming to provide
significant attenuation.
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2) South Bank Polytechnic, IoEE, 103 Borough Road, LONDON, SE10AA, Great Britain
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II. THE MONOPOLE ATTENUATOR

A diagram showing the basic monopole attenuator system structure is shown in

Fig. 1. The primary noise that we wish to attenuate is detected by a microphone

(2) placed upstream of a secondary acoustic source, in this case a loudspeaker (4).
Hra signal from the microphone is then processed by the controller (3) with the
aim of producing an output from the loudspeaker such that the acoustic pressure
downstream of the loudspeaker is reduced, ideally to zero. For solely plane wave
Propagation and no end reflections this would mean zero end radiation. The second
microphone (5) is only required for adaptive systems and provides an estimate of
the system performance {error function} which is used to continuously control the
adaptive process. .
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Fig. 1. Scheme of Basic Monopole Attenuator. 1. Noise Producing Source. 2.

Pick-up Microphone. 3. Control System. 4. Secondary Loudspeaker 5. Error -

Microphone 6. Acoustic Path 7. Error Path

An .Eommumm analysis of the required static (digital) controller transfer function
to achieve zero pressure can be obtained by considering the system in control terms

Mu mroiuvwm.mm.w.m_smono v—.ﬁm:nogmocnvﬁm.oserm loudspeaker y’(n) must
. ‘

| () = ~n'(n) &
Solving for the required controller function W(z) to satisfy Eq. (1) we get that |
—P(z) .
W(z) = .
‘ (2) L(z){1+ P(z)P(2)}’ 2)

where L(z) is the response of the speaker, amplifier etc., P(z) is the response
of the acoustic path. Two aspects of the required function are relevant to this
paper. Firstly, it depends on the characteristics of the acoustic path and the
electroacoustic elements of the system {lumped together under L{(2)} both of which
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Fig. 2. Block Diagram of Monopole Attenuator. 1. Acoustic Path m.A.Nv.
2. Feedback Path —P(z), 3. Controller W(z), 4. Loudspeaker.

will vary .in practice, thus necessitating an adaptive control system. Secondly,
the controller function apparently needs to be of the pole-zero, Infinite Impulse
Response {IIR } or recursive type. This has led to recent systems for adaptive noise
attenuators focusing on the use of adaptive IIR filters [2]. Such filters have inherent
problems regarding stability and, in the adaptive case, convergence, although such
difficulties can often be overcome [3]. However, form Fig. 2 it can be seen that
the need for the controller to be pole-zero in form is due to the propagation of the
secondary wave upstream to the pick-up microphone. Early attempts to overcome
this disturbing effect and avoid the use of IIR controllers have considered the use
of directional microphones or directional loudspeaker arrays, but the function of
such dévices is usually highly frequency dependent, thus limiting their usefulness in
attenuating broad-band noise [4]. Another approach, the one used in the system
described in this paper, is to use a second adaptive filter to attempt to model
the upstream propagation and then remove its effett upon the signal from the
primary microphone. This results in a controller that requires only Finite Impulse
Response {FIR }, all zero, control elements which have important advantages in
terms of stability and transient performance.

III. THE ADAPTIVE CONTROL SYSTEM

Adaptive filters are based on the estimation of a set of parameters such that
they minimize a specific, usually quadratic, error function. In this application the
primary error function to be minimized is derived from a microphone, placed in
the noise field inside the duct. The method of parameter estimation is constrained
by the need to produce an updated output at every sample, since the output of
the filter is used to attenuate a real acoustic signal. The present system is shown
in block form in Fig. 3 with the two adaptive elements Wi, W; based on the
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Fig. 3. Block Diagram of Experimental Adaptive System. 1. Forward Acoustic

Path P(z). 2. Feedback Acoustic Path —P(z). 3. Interference Cancelling Filter

Wa. 4. Noise Cancelling Filter W;. 5. Error Path Model. 6. Adaptive Update.
7. Loudspeaker L(z). 8. Error Path.

simplest and most extensively applied adaptive algorithm, the Least Mean Square
{LMS} algorithm developed by Widrow [5]. Its properties regarding convergence
and transient performance have been extensively investigated. It assumes that a
given error function can be minimized by a FIR controller defined by the discrete
convolution.

N-1
y(n) = Y wez(n— k), (3)
k=0
where z(n) is the discrete input signal; y(n) is the discrete output signal; w;
represents the kth filter coefficient; N is the number of coefficients in the filter.
The adaptive filter W; is used as before to minimize the pressure at the error
microphone while the second adaptive filter W is used to minimize the effect of
the upstream propagation. The configurations of W;, W, are commonly termed
system identification and interference cancelling respectively. A full description of
these configurations is given in [5]. B
In the case of W; the error function results from the superposition of the output
of the controller and the primary noise and thus the instantaneous error signal e(n)
is a measure of the instantaneous pressure at the point of superposition and thus

e(n) = n'(n) + ¥ (n) or:

N-1

e(n) = n'(n) + MU wgn(n — k), (4)
k=0
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where n'(n) represents the primary noise after allowing for the acoustic path and
¥ (n) represents the output from the loudspeaker.

The error function €(n) to be minized is a measure of the average pressure, i.e.
€(n) = E{e*(n)}. In the case of W, the error function equates with removing
the feedback signal f(n) from the primary noise n(n). Since f(n) and n(n) will
be uncorrelated, in the case of random noise this can be done successfully, for a
fuller discussion of this see [6]. “The error path model is required for successful
convergence of the adaptive controller W, but for this investigation it was set by
hand to a static time delay that ensured convergence.

The advantages of the above system can be seen when solving for the static
transfer functions of the filters required, Wi(z) and Wa(z). To eliminate the
feedback signal f(n) the required transfer function Wa(z) can be found to be

Wa(z) = —=P(2)L(Z). )

Using this we now get that the controller function required to minimize the pressure
at the error microphone, i.e. e(n) = 0, is given by

. Wi(z) = ~L~(2)P(2). (6)
The above equations show that using this approach only FIR filters need to be
implemented. : ’

IV. EXPERIMENTAL RESULTS

An experimental test rig was set up to investigaté the operation of a proto-
type attenuator based on the methods outlined above. This primary loudspeaker
Fig. 1 (4) was driven by bandlimited noise in the frequency range 40-500 Hz. Both
adaptive filters used contained 128 coefficients and the sampling frequency used
was 3200 Hz. The digital adaptive controller was based on the Motorola 56001
fixed point processor with 16 bit A/D and A/D convertors. The pressure spectra
at the error microphone before and after the system was applied are shown in
Fig. 4. The error microphone was positioned centrally at the end cross section
of the duct, approximately 60 cm downstream of the secondary loudspeaker. The
levels of attenuation are &own_% demonstrated by Fig. 5, which mroim,mm&:nao:m
of 15dB over the range 80 - 480 Hz with overall average reduction of 20db. With
the coefficients of W, fixed the system was also tested with sinusoidal signals an
gave comparable reductions to those obtained on broad band noise. .

V. CONCLUSIONS

The experimental results presented demonstrate the effectiveness of the system
in significantly reducing lowfrequency random noise, while at the same time re-
taining the inherent stability of non recursive filtering. For a fully self adaptive
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Fig. 4. Spectra at output cross section when control point inside the duct.
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system accurate on-line modelling of the error path under realistic assumptions,
imperfect cancellation and appreciable reflections will have to be implemented.

This is discussed more fully in a companion paper, but no inherent difficulties are
apparent at present.
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HOBASI HEPEKYPCUBHASA ANATITUBHAS
CUCTEMA IUISI AKTUBHOTO INIOJABJIEHNSA IIYMOB

B pabote nokaszano npuMeMeMue aJaNTUBHON CHMCTeMBI aKTUBHOIO TOAaB-
JIEHUA HU3KOYACTOTHHIX CHyvaliHHX IIYMOB B YaCTH aKyCTUYECKOTO BOJHO-
Bona. Iloka3aHo, 4yTo ¢ npuMeHeHMeM KOMOMHAIMM ABYX aNaNTHBHHEIX He
PEeKYPCUBHEIX (UIBTPOB MOXKHO TIpeonolieTh 8dpPeKT BCTPEUHOro U3JYyYeHHUA
Ha MoHonoJHule ocnabutenn. Taxue GUALTPH MMEIOT 3HAUMTEIbHOE IPEMMY-
EeCTBO B CpPaBHEHMU C peKypcuBHbIMHU. IIpuMBeneHH sKcrepUMeHTalbLHBIE
Pe3ybTATEI KOTOPHIE NTOKA3LIBAIOT HA 3HaUMMOe ocjaabeHne B MOJIoce OrPaHK-
YyeHHOro ciuydaiinoro myma B amamnasone yactoT 30-500 I'm.
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