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1. INTRODUCTION

Active attenuation is a technique for reducing noise by the
superposition of a secondary acoustic signal on the original signal
such that they interfere destructively. However, in most
applications the sound to be attenuated or other parameters such
as temperature or air-flow rates vary with time making it difficult
to maintain effective attenuation. To compensate for the effect of
these variations requires a controller whose characteristics change
with time so as to maintain a maximum level of attenuation; an
adaptive digital controller. This paper shows how an exact least
squares filter, the Fast Transversal Filter (FTF) [1] can be
applied to the reduction of band limited noise in a section of air
conditioning duct and compares it's performance against the
gradient based Filtered—X algorithm [2].

2. THE MONOPOLE ACTIVE ATTENUATOR

A typical monopole duct control system is shown in FIG 1 with it's
simplified equivalent block diagram in FIG 2. The primary noise,
in most duct systems usually generated by a fan, is detected by a
microphone placed upstream of a secondary source (loudspeaker). A
measure of the primary noise x(t) is processed by the system with
the aim of producing an output from the loudspeaker equivalent to
-y(t). where y(t) is the signal after allowing for the acoustic
path between microphone and loudspeaker. For cancellation to occur
we need:-

- (1)

- (2)

0 o(t) + y(t)

x(t)*w(t)*1(t) = ~X(t)*p(t)

thus

where :-
w(t)
1(t)
p(t)

o(t)
*

controller.
loudspeaker.
acoustic path between

is the impulse response of the
is the impulse response of the
is the impulse response of the
microphone and loudspeaker.
is the output from the loudspeaker.
denotes convolution in time.
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Taking Laplace transforms we get that for cancellation :—

W(s) = -P(s).L”(s) - (3)

Equation (3) shows that the required controller transfer function

depends on the both the acoustic transfer function between the

detector and loudspeaker and the loudspeaker characteristics. Since

P(s) depends on both the air flow rate and temperature to provide

effective attenuation the system must adjust for these variations

as well as for-any change in the loudspeaker transfer function due

to ageing' or speaker replacement. Such an adaptive system is

represented by FIG 1 with the inclusion of the error microphone,

indicated by the dotted line. This microphone gives a measure of

the difference between the desired performance and the actual

system performance which is used to adjust the digital controller

coefficients so as to produce andsustain maximum attenuation.

2.1 The Fast Transversal Filter.
If we assume that the acoustic transfer function between the sensor

microphone and the secondary loudspeaker can be represented by a

finite impulse response filter of length m we can represent the

signal we wish to cancel in vector form [3] as :—

'Y,,.(n) = Xolm.1(n)Pm(n) - (4)

where :— ‘I I

I Xmm4(n) = x(1) x(0) ... ..

min xifilz) III x(n;m)
x(n) x(n—1) .... x(n-m+1)

and

Pam) = I p1(n).pz(n)..... Pm(n)l

and represents the vector of coefficients describing the acoustic

transfer function. The output vector of the digital controller is

given by :-

omtn) = xo‘w.(n)w,..(n) ’ - - (5)

Since the two signal are superimposed in the vicinity of the

loudspeaker the sampled pressure ( assuming linearity of the

loudspeaker and any required amplification ) at a microphone

located at the point of superposition will be:-
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e(n) = y(n) + 0(n) - (6)

Thus from (5) and (6) we get:

Em(n)= Ym(n) + X0m4(n)wm(n) — (7)

Since this pressure is the function we wish to minimise it will be
called the error to accord with common terminology. The aim of the
controller is to minimise this error, a measure of which can be
obtained from the inner trace of the error vector

<E1(n|n),E(nln)>e(n)

= ET(n]n)E(nln) (8)

The minimum wrt wm(n) will occur when :

Erin)
me(n)

O -(9)

Solving (10) produces the value of wm(n) which minimizes 5(n) as :

wm(n) = -<xo_m.,(n),xmmm)r‘xTo'mnnnmm) —(10)

The ET)? is a method, derived using vector space techniques, which
finds Wm(n) with a minimum number of calculations; approx seven to
ten times the length of the filter depending on the type of
implementation. It's main advantages over simple gradient based
methods such as the Filtered-x is that it exhibits a near optimal
convergence rate which is not affected by the correlation
properties of the input signal. There are however problems relating
to the numerical stability of the FTF [4]. A solution to this in
practice is to switch to a more robust method after initial
convergence and only switch back to the FTF when the error signal
increases above a preset limit.

2.2 Modified FTF Algorithm
In practise it is not possible to use the error signal at the
output of the adaptive algorithm since it is modified by the path
between the speaker and the error microphone. This can be
represented by forming a new error vector E' (n) from the original
using :

E‘(n) =AE(n) —(11)

E'(n) AIYm(n) + XD.,,._1(D)WM(D)] -(12)
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where A is a square matrix representing the effect of the

modification. In this case we wish to minimise <E'(n),E'(n)).wrt

to the controller coefficients wm(n) i.e

35' n = o -(13)
awmm)

Expanding and differentiating c'(n) gives us that :-

ae'm) = o + [A‘Ax‘o_,,_1(n)l’Y.n(n)
awmm)

+ xTu‘Mtnn'Aymm)

. [xfo‘mfinmrhxokflmJTWmm) . -(14)
)

The minimum will be when this equates to zero i.e

o = 2x70_m,,(n)ATAY,,(n)+ 2x’mfl(nnTAxommwmm 415)

thus thecoefficients which will minimise c'(n) are given by :-

W..(n) = -[XTu‘,,_‘(n)ATAXom_1(n))"XT9‘,,._.(n)ATAYm(n)

this can be seen to be directly analogous to the previous solution

(10) if the equation is rearranged in the form :—

wm(n) a -<AX°ID_‘(n),Axo_m_1)'1[hxo_,,_1(n)]1AYn(n) 415)

For the output to be analogous to that previously we must

pre—filter the input to the FTP algorithm by A as shown in FIG 3
so that the output with the optimal coefficients is given by :-

0m(n) = [AXo_,,.-.(n)lwm(n) -(17)

2.3 The Filtered—X Algorithm '
Rather than attempt an exact solution to minimising the error
criterion c'tn) above the Filtered—X method attempts to minimise
another measure of the error given by :-

e(n) = mama} -(18)

where :- I

E( ) denotes the expectation operator.
e(n) is given by (6)-

The properties of the algorithm regarding rates of convergence,
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stability, etc. have been investigated by Widrow and Stearns [2].
The block diagram for an adaptive system based on the Filtered—xalgorithm is the same as FIG 3 except in the way that the
coefficients Wm(n) are updated.

The above discussion ignored the propagation of the secondarysignal upstream as well as downstream. This has the effect of
introducing feedback into the system making the system effectivelyof the Infinite Impulse Response {IIR)/pole-zero type. Somepossible solutions to this feedback effect include the use ofdirectional transducers or adaptive IIR filters. Although there aredifficulties associated with the convergence of such filters,
results have been obtained which appear to justify their commercialviability [5).

3. EXPERIMENTAL RESULTS

To compare the convergence rates of the FTF and Filtered-X
algorithms a computer simulation was performed on a model systemwith 16 coefficient filters. The input in both cases waseffectively white noise and the faster convergence of the FTP iseasily seen from FIG 4. To investigate the operation of the FTPas an adaptive noise canceller an experimental rig was set upsimilar to that shown in FIG 1. The modified FTF algorithm wasimplemented using a combination of fixed precision and floatingpoint arithmetic on a DSP56001 processor. The primary noise signalwas generated using a signal generator connected via amplificationto a loudspeaker at one end of the‘ duct. The output of thegenerator was pseudo randomnoise with a flat spectrum in the range0 - 200 Hz. This output was also used as the input to the adaptivesystem i.e x(n). The error path matrix A was set to a time delayequal to that measured between the loudspeaker and errormicrophone. The levels obtained at the error microphone with and
without the attenuator on are shown in FIG 5.

4. CONCLUSIONS

The results presented here show that it is possible to achieve
significant reductions in band limited noise within an airconditioning duct under experimental conditions. The improved
convergence rate of the FTF has implications for situations where
this is a critical factor, possibly in the design of broad bandthree dimensional noise attenuation systems where the convergence
time must be within the response time of the room or in situations
where the signal to be attenuated is changing rapidly.
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FIG 1 Monopole Attenuator
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FIG 2 Simplified Equivalent Block Diagram
of Monopole Attenuator.
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FIG 3 Adaptive Filter Block Diagram,
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FIG 4 Comparison of PT? -— and Filtered-x --- Convergence Rates.
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FIG 5 Level: with and without Active Attenuation.
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