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INTRODUCTION

This paper contains a description of a series of experiments and calculalions concerned with the de-
sign of a single channel active noise contrel sysiem for an experimental duct. It is shown how the
characteristics for the digital filters used to implement the ANC system were obtained by injecting
various finite duration signals into the duct and capturing the responses for subsequent off-line pro-
cessing. The filters themselves were implemented as a pair of oppositely directed FIR filters confi-
gured such that one acted as a feedback canceller while the other provided the characteristic required
to cancel the propagating noise.

PRINCIPLES OF THE SYSTEM

Figure 1 shows a diagram of the experimental duct. Near the left hand end is a loudspeaker (PS)
used as the primary noise source, then moving from left 1o right there is a (omnidirectional) micro-
phone (D) to detect the incident sound, another loudspeaker (55) to act as the secondary source, and
another microphone (M) to measure the residual field. Though only the detector and the secondary
source are strictly part of the ANC system the primary source loudspeaker and the monitor micro-
phone, M, play a vital part in the system design.
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Figure 1. Diagram showing the arrangement of the transducers
in the experimental duct.
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The ANC system consisted of two FIR filters connected in the arrangement shown in Figure 2, pre-
viously suggested by, amongst others, Poole et al [1]. This was connected between points 1 and 2
in Figure 1. The filter Dy, is intended 1o cancel the feedback from the secondary source to the detec-
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Figura 2. Configuration of the filters in the ANC system
tor while the filter D is then chosen to be such that atteuation is achieved ar the monitor micro-
phone position.

The advantage of this approach over some others, such as using just a singlé feedforward filter or
nsing a recursive filter of the conventional type where the feedforward part of the filter is cascaded
with the recursive part, is twofold. The first advantage is that the role of each filter is clearly defined
and directly related to a physical process; this also makes it relatively easy to deduce a series of mea-
surernents 1o be made on the real systern from which the precise characteristics for each filter may be
obtained. The second advantage is that this arrangement decouples the two important aspects of
systemn stability and system attenuation performance. Provided care is taken in the design of Dgg to
make sure that it is a good match for the feedback path, then the system eventuilly produced is
bound to have a high degree of stability regardless of the maich of the fecdforward filier to that.actu-
ally required to produce anenuation. Both the other approaches involve the coupling of stability and
attenuation performance. In addition to this undesirable coupling a feedforward-only filter has the
further disadvantage that it is not efficient in terms of the number of coefficients needed in the filter.
For example 10 produce the correct characteristic using one FIR filker would require a very long
filter indeed unless there is very substantial attenuation of sound travelling along the duct between

the detector and the secondary source.

It is in principle possible to produce an ANC system, using the filier configuration described here,
that will need only short responses in each filter even when the duct in which the system is to be in-
stalled is very reverberant. This, however, means that the feedback filter is nov designed to cancel the
feedback: once again, therfore, such an approach involves the stability of the system being crucially
dependent on the characteristics of both constituent filiers, and it also removes the easy physical in-
terpretation of the role of each filter.
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SPECIFICATION OF THE FILTER RESPONSES

Defining H.. (z) as the z-transfer function between poinis 7 and m in Figure 1 the following rela-
tionships may be deduced for the ideal Dgy{(2) and Dpi(2):

Hy(2) D e (2)H(2) = —Hnlz) (1)
and Dg(z) = = Hy(2) (2)
Hence Dee(2) = ~ Hu(@(Hul2) Hx(2))  (3)

The procedure adopied in erder to obtain FIR estimates of the filter characteristics was as follows. A
rapid swept sine wave (0-350 Hz in 0.2 s), generated by a computer program, was stored in the
TMS320 system used as the signal source and capture device. This signal was then output via the
analogue interface’ denoted by H,p in Figure 1 to the primary source PS. The signal ¥,4(z) received
at ] via the detector D and the analogue interface H,,, and the signal Y4 (2) received at 3 via the mon-
itor and its associated analogue interface were both captured and stored. Next the signal ¥,,(z) was
reinjected into the system at point 2 and the resulting signal at point 3, Y3,(2), captured. Finally the
original swept sine wave was injected at point 2 and the signal received at point 1, ¥,,(z), was cap-
tured. Denoting the original swept sine wave as Ys(z), the following relationships between the cap-
tured signals and the transfer functions may be written down:

Hoy(2) = Y\o(2)/Y (2) Hulz) = Yylz)
Hypl2) = Yalz)/Yo(2) Hy(z) = Yiu(2),

and substituting these into (2) and (3) leads to
=Y. .(2)
_
DFB(Z) = —yss(z ) (4)

- Y2 Ys(@) Y o(2)  -Yy2)

D = =
Fr?) Yoz ) ¥,0{z ) Y¥ay @) ¥Yqy(2) ©

Note how, owing 1o the careful choice of signals, the z-tranform of each filter response is given by
the ratio of the z-tranforms of just two signals, The importance of this is that it means that in the
time domain the impulse response of each of the digital filters is equal 10 just the deconvolution of
two of the captured signals.

An algorithm to do this convolution is required, and the one that was adopted for the work descri-
bed here is that due to Marple [2], which involves a recursive least squares fit in the time domain to
obtain an estimate of the deconvolution. The advantage of this approach over, for example, simply
taking discrete Fourier transforms of the signals, dividing these as appropriate, and then 1aking the
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inverse ansform, is that it provides a best fit in a least squares sense for a filter of any desired
length and the residual error provides a direct indication of the goodness of fit obtained. Early:tests
using a program based on that in [2] showed some discrepancies until the program was modified to
use double precision variables throughout.

RESULTS
Examples of some of the captured signals and their frequency spectra are shown in Figure 3.
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Figure 4. Open loop gain of the ANC system for filter lengths of:
{a) 64 and 64
" {b) 256 and 256
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The stability of a system using filters of given lengths was investigated by predicting, on the basis
of the previously-captured signals, the open loop gain of the ANC system when installed in the
duct. Examples of some results so obtained are shown in Figure 4 for two different pairs of filter
lengths, (64 and 64) and (256 and 256). It can be seen that even with the shorter filter pair the open
loop gain was around —10 dB over most of the frequency range, with the longer pair the gain was
mostly around —40 dB, though at the top end of the system passband (the system was designed 10
work up 1o a frequency of around 350 Hz) the gain rises to about —15dB. The fact that these figures
were substantially less than 0 dB implied that, regardless of phase of the transfer functions, the
overall systemn would be comfortably stable.

Finally Figure 5 shows the extent to which the predicted atienuation depended on the filier length.
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ngure 5. Graphs showing the attenuation performance of the ANG
system for filter lengths of: (a) 64 and 64 (b) 256 and 256

The results for the shorter filter pair show rather poor performance, giving typically only around 10
dB anenuation, but for the (256 and 256) filters the attenuation was about 25 dB over most of the
system bandwidth.

Results were also obtained for various different end terminations on the duct, aliering the amount of
reverberation within it and hence the effective lengths of the various impulse responses, and show-
ing the extent to which the achievable performance depended on the filter lengths.

CONCLUSIONS

A method of designing an ANC system has been described that has the major advantage that it may
be used to assess the feasibility of using an ANC system 10 contro! a real noise problem. All that is
needed is to make a series of measurements on site analogous 1o those described above: these may
then be analysed in the laboratory firstly to discover if it is even possible to obtain the required per-
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formance, and secondly to specify the complexity of digital filiers that will be required. Such infor- .
mation is extremely useful even when it is intended to use adaptive filters 10 realise the system, as it
is necessary 1o know in advance the filter sizes that will be needed in order 1o specify the hardware
for the filter implementation.
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INTRODUCTION

This paper describes the results of some computer simulations carried out to investigate the beha-
viour of the active noise control system described by Eriksson et al {1]. This system has the advant-
age over previously described adaptive schemes that, although two filters are being adapted, since
only one error signal is used as input 1o the adaptive algorithm, both adaptations can take place si-
multaneously. It is based on the use of an adaptive recursive filter and it is shown here that the va-
lues to which the coefficients of this filter converge depend upon the number of coefficients permit-
ted to each of the two constituent FIR fihers making up the recursive filter, and alse upon the
amount of reverberation present in the initial sound field. However a study of the pole-zero plots
corresponding to these various different filters show that they are in fact all equivalent to each other.

THE ERIKSSON ANC SYSTEM

A block diagram of the component parts of a single channe] active noise control system of the type
described in [1] is shown in Figure 1.
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Figure 1. ANC system using an IIR adaptive filter,
in the configuration described by Eriksson.
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Noise from the primary source propagates via the ransfer function-M 10 the detector microphone.-
The noise continuing down the duct then travels via the ransfer functions P and N to the monitoring
microphone. Meanwhile the noise at the detector is converted to an electrical signal, via the transfer
function of the microphone H), before being fed into the ANC system. The ANC system itself is
realised as an adaptive recursive filter made up from two constituent FIR filters A and B. The filter
output then ravels via the secondary source wransfer function Hg; back into the duct. It then ravels

two ways: downstream via the duct mransfer function N to the monitor where it is seen superposed
on the direct sound that has travelled via the duct only; and upstream in the direction of the primary
source via the transfer function  back 1o the detector.

The two adaptive filters making up the recursive filter are both adapted simultanecusly, using the
Widrow-Hoff LMS algorithm, using as inputs to the algorithm the error signal received at the moni-
tor together with the respective inputs to the filters. This method of adapting an IIR filter was sug-
gested over 10 years ago by Feintuch [2] but never seems 10 have come into widespread use. This
may well be on account of the correspondence [3,4] that immediately followed its publication,
showing that it could not be guaranteed to find the global minimum of the error function owing to
the potentially multimodal error surface possessed by a recursive filter. The cloud that therefore
hangs over the algorithm, leading one to question its usefulness, was one of the main reasons for
embarking on the simulations described in this paper. It was hoped to discover whether it was in-
deed capable of forming the basis of a reliable ANC system.

TRANSFER FUNCTIONS OF DUCT ANC SYSTEMS

The condition for perfect operation of the ANC system is that, regardless of the output from the pri-
mary noise source, the signal received at the monitor should be identically zero. The overall transfer
function of the ANC system in figure 1 is equal to HpH A1 = B) and hence that of the combina-
tion of this with Q is equal to [HpH AN - B)){]1 - Q[HpH A/l = B)]}. Thus the condition for

perfect cancellation is that

-Hy Ho Al(1 -B)

1-QHHAI(1-8))

which after rearrangement to separate the adjustable from the fixed parts gives the following equa-
tion specifying A and B:

A 1 -P

1-B ~ HHy; 1-PQ

For the rest of this paper it will be assumed, in order 10 make the equations shorter, that Hp and Ay
are both equal 1o vnity; if it is desired to keep these quantities explicit it is an elementary task to go
through the equations inserting them in the appropriate places.

P:

(N
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In order 1o explore the implications of equation (1) further it is necessary to ask about the nature of
the transfer functions P and . In an anechoic duct this is easy as both of them are (neglecting pro-
pagation losses along the duct) just pure delays of a time equal to the propagation time between the
detector and the secondary source, i.e. P = = €7 where  is the angular frequency, { is the dist-
ance between the detector and the secondary source, and ¢ is the speed of sound in the the duct,
_ e—jmb’c
This in turn means that A/(1 — B) must be equal t0 ———— for perfect cancellation to oceur.
1- C—er.uﬂc
A plot of the poles of this function in the z-plane is shown in Figure 2, assuming the delay time to
be equal 10 3 sample delays. In addition to the poles shown (the six sixth roots of 1) the function
also has three zeros; these are not shown on the plot as they are the three cube roots of infinity!
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Figure 2. Poles of the transfer function of an ANC system for an anechoic duct with
detector-secondary source spacing equal to three sample delays.

If the duct is not anechoic, i.e. if there is any reflection from the ends, then P and ¢} become much
more complicated. In particular they are no longer all-zero functions, but incorporate poles as well
as zeros. In order to look at this a little further we rewrite P and ¢ in the form

P 2

and Q= W (2)
P

i.e. we look upon both of them as IIR systems of the type shown in Figure 3. Hence

P P(1-0)

= (3
g ~ d-2)1-0)-7P0,
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and this can be rearranged into the form
P P1-Q)

T-Pg ~ 1-(P,0,+P,+0,-P0)

@)

It follows therefore that one possible pair of choices for A and B that will satisfy equation (1) is

A=-P(1-0Q) (3
B=(P,Q,+P, +0,-PQ). (6}

Pz T - _}t .
P

P

Figure 3. Form of the acoustic transfer functions
when assumed 10 have poles as well as zeros.

. Expressions for P,, (,, P, and 0, in terms of the duct geometry and end reflection coefficients may

be obtained from [3). @ has zeros, in addition to those for the anechoic case, that arise due to the
first reflection from each end and also poles that arise from the reverberation in the duct, while P has
zeros that exactly correspond 1o the poles of Q as well as two sets of poles associated with the first
reflection from each of the two ends. This is because (see, for exarnple, equation (3) of reference
(6)) P is the ratio of one in-duct transfer function divided by the product of two more such fune-
tions, and all of these have the same form as (% hence the general pole-zero nature of P is the oppo-
site of that of @. Hence it is possible to calculate finite length z transfer functons for each of P, @,

P, and Q, , given values for the duct lengths and reflection coefficients, and hence, using (5) and (6)
1o obtain valves for A and B which will satisfy the requirement to provide perfect cancellation.

However it is also known that the transfer function for an ANC system in a reverberant duct is the
same as for an anechoic duct, so the question; arises as to how these two apparently conflicting re-
sults for A and B can be reconciled, as (5) and (6) do not evaluate to simply - and ¥ re.
spectively. The answer to this question may be discerned by looking at Figure 4 which is a pole-
zero plot of A/(1 - B) where A and B have been evaluated using (5) and (6} for a duct with the fol-

lowing specificaton:

time delay from end of duct to primary source 1 sample period
time delay from primary source to detector © 1 sample period
time delay from detector to secondary source 3 sample periods
time delay from secondary source to monitor 2 sample periods
time delay from monitor 1o end of duct 2 sample periods
reflection coefficients of the ends of the duct 0.2
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Figure 4, Poles and zeros of A/(1 - B) for the duct specified above, calculated from
equations (5) and (6).

Tt can be seen from this figure that, despite the apparently different nature of the transfer function
from the simple one for the anechoic duct, the pole-zero plots are very closely related. All of the six
poles shown in Figure 2 are here, as also are the (necessarily unplotted) three zeros at the cube roots
* of infinity, but there are also apparenty eighteen more poles and eighteen more zeros. In fact, how-
ever, there are thirty six extra poles and thirty six extra zeros as all of these poles and zeros are
double, but as the extra poles and zeros are exactly paired with each other they do not have any ef-
fect on the overall ransfer function; it, therefore, is exactly the same as that represented by Figure 2.

PERFORMANCE OF THE ADAPTIVE ALGORITHM

Having now gained some knowledge about the ideal solution, we are in a position to study intelli-
gently the behaviour of the adaptive algorithm when faced with the ANC problem. Figure 5 shows
the convergence behaviour of the algorithm for the anechoic case, with a three sample period delay
beween detector and secondary source, using four forward and seven feedback coefficients (the
minimum possible) in the adaptive filter. It can be seen, like the essentially similar Figure 2(b) in
[1], that there is steady convergence. The floor of around —100 dB is set by the numerical accuracy
of the computer used for the simulation. When the poles and zeros of the adapted filter were inspect-
ed the poles proved to be exacily where they would be expected, namely at the six sixth roots of uni-
ty. The three zeros which should be at infinity were approximately (but not exactly) equally spaced
near a circle in the z-plane, as compared with the exactly equal spacing of cube roots round such a
circle. The distance of these zeros from the origin was approximately 219, which, relative to unity,
is a fair approximation to infinity.
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Moving on to look at the behaviour of the algorithm when reverberation is present in the duct, Fig-
ure 5 also shows the convergence behaviour when adapting to the reverberant duct previously de-
scribed. The result of two different length models are shown, the four-forward/seven-feedback that
is known to be the minimum necessary and also a forty-feedforward/forty three-feedback that corre-
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Figure 5. Plot of the mean square error v. ileration number for a recursive LMS filter based ANC system

{a) anechoic duct, filter length 4 by 7,
(b) reflective duct, filter length 4 by 7,
(c) reMective duct, filler length 40 by 43.

sponds to the lengths of A and B when calculated using equations (5) and (6). As can be seen the
overall convergence behaviour is similar in both cases, and is also similar to that for the anechoic
case. The longer filter seems to converge marginally faster at the start, but then slows down relative
to the shorter one. Even so the difference in the time to reach maximum convergence is only about
30%.

The pole-zero plots correspondin g'to the adapted filter coefficients in each case were inspected. For
the short filter they were, as expected, essentially the same as those for the same length filter modell-
ing the anechoic duct. The pole-zero plot for the 40 by 43 filter is shown in Figure 6. It is interest-
ing 1o compare this with Figure 4, which corresponds to the same number of potentialty non-zero
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coefficients in the filler. Once again there are the six poles at the sixth roots of unity as well as three
zeros (not shown on the plot) well outside the unit circle. There are also thimy six paired poles and
zeros, but this time they are not double poles and double zeros and they do not all lie on a circle in-
the z-plane, though they are spread around (in conjugate pairs) something approaching such a circle.
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Figure 6. Poles and zeros of the wransfer funciion of the ANC system after adaplion to
the reverberant duct described above.

CONCLUSIONS

The convergence behaviour of the adaptive ANC systern described by Eriksson has been investiga-
ted for some fairly simple duet situations. The algorithm, the performance of which seerns from the
literature to be open 10 doubt, appears to cope well with the presence of slight reverberation, result-
ing in adapted transfer functions that are very close to the ideal, whether the adaptive filters used are
short or long. Initial indications of the performance in the presence of considerable reverberation,
however, are Jess promising, and this is currently being looked at in more detail.
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