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Abstract

Active cancellation of broadband random noise requiregl#tection of the incoming noise
with some time advance. In an duct for example this advancs brilarger than the delays in
the secondary path from the control source to the error setsthis paper it is shown that, in
some cases, the advance required for perfect noise carmeliatheoretically infinite because
the inverse of the secondary path, which is required forrohntan include an infinite non-
causal response. This is shown to be the result of two mesimaniin the single-channel case
(one control source and one error sensor), this can arisube®f strong echoes in the control
path. In the multi-channel case this can arise even in frégdimply because of an unfortunate
placing of sensors and actuators. In the present paper aptedforward control is derived
through analytical and numerical computations, in the tamd frequency domains. It is shown
that, in practice, the advance required for significanteatsenuation can be much larger than the
secondary path delays. Practical rules are also suggesteder to prevent infinite non-causality

from appearing.
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1 Introduction

Active Noise Control (ANC) can help in reducing broadbanud@m noises such as road noise inside
cars (see.g. Refs. [1-3), fan noise travelling in ducts (Ref.l[4]) or noise inducadtbe boundary-
layer pressure fluctuations around aircraft fuselagess(fef6). However, in the broadband random
case, the noise arriving at the minimization microphonesastly unpredictable, and the constraint
of causality, which applies to the control filters, can r@sithe performances of ANC (cf. Refl [7]).
Therefore, in practice, ANC set-ups often rely on feedfodweontrol which involves one or several
reference sensors detecting the incoming noise beforaéhes the minimization microphones. In
the single-channel case of noise travelling along one tilirecthe constraint of causality is easy to
interpret in terms of acoustic propagation: the primarysaonust be detected before it reaches the
minimization sensor, with a time advance larger than thpagation time from the control source to
the minimization microphone. The time advance must alsgoemsate the electrical and computation
delays in the control processing unit. However, in more demgases, it is not easy to link the
causality constraint to propagation delays. Indeed, ndesle guarantees the causality of perfect
noise cancellation without effective computation of thémgl control filters.

In this context, this paper shows that perfect noise caatt@ii can require control filters with an
infinite non-causal response, which means that perfectdegdrd control can require the detection
of the incoming noise with an infinite time advance. Analgticomputations on simple ANC set-ups
show that this infinite non-causality is the theoreticautesf two mechanisms: in the single-channel
case of one control source and one minimization microphibisthe consequence of strong echoes in
the secondary path. In the multi-channel case, it can avise ia free field because of an unfortunate
geometrical arrangement of the actuators and sensors.elpaper, the performance of causally-

constrained ANC is also investigated through numericalpatations. It is shown that, in practice,



achieving a significant noise attenuation can require thectien of the incoming noise with a very
large time advance.

The study presented in this paper was motivated by the uotegadlifficulties encountered when
implementing multi-channel broadband ANC in a large roonbMiA. Although many successful
experiments of random noise control in enclosures had egmorted (see.g. Refs. [8] and[[9]), it
appeared that efficient control in the LMA room required fagdhe reference signal to the control
unit with a time advance of several seconds (see Ref. [L0Bvidus papers have reported that the
response of optimal control filters could include a very lowng-causal componerg.g.in Refs. [11],
[12] and [13]), but, although a link between non-minimum ghaesponses and reverberation had
been observed earlier (see REt.I[14]), this has been selr tohtext of ANC as a purely algebraic
problem. The present paper is an attempt to give an acoustipretation of control non-causality
in order to derive design guidelines for ANC set-ups.

In section® of this paper, the causality of ANC is studiedh@& single-channel case. After recalling
the case of noise cancellation in an infinite duct, it is shdwat one echo in the secondary path can
lead to infinitely non-causal control. Optimal non-causahtcol and causally-constrained control
are then derived for the case of a single monopole source amyie pressure microphone in the
corner of two rigid walls. Numerical simulations in the fuemcy and time domain show that, in
some cases, the incoming primary noise must be detectecwithy large time advance for efficient
control. Finally it is shown that a slight change in the attuand sensor locations can relax the
causality constraint, which suggests guidelines for tragieof ANC set-ups not prone to infinite
non-causality.

In section[B, ANC causality is investigated in the multi«chal case. Optimal non-causal con-
trol is derived analytically for a free-field set-up incladi two monopole sources and two micro-

phones, and some arrangements are shown to lead to infindekzcausal noise cancellation. The



performance of causally-constrained control is evaluaibedugh numerical simulations involving
a Filtered-Reference Least Mean Square (FXLMS) algorithim.this 2x2 case it is shown that
non-causality is critical when the condition number of thatrix of secondary paths is high at low-
frequency.

The inversion of acoustic paths, which is required for teak ANC, is also needed in devices for
"virtual acoustics” which aim at a sound reproduction cgfing accurate information such as the
location of the recorded noise sources (see Ref. [15]). eSsoaind reproduction is not a real-time
process, the non-causality arising from the acoustic patarsion is usually not critical. However
this paper shows that care must be taken for this inversizemn & the context of virtual acoustics,
because the additional advance required for causal imvecsin be much larger than the delays in the

direct path.

2 Non-causality in the single-channel case with reflections

2.1 Feedforward control without reflections

Figure[l displays a standard feedforward set-up for ceatemil of random noise travelling at low-
frequency in a duct (see Refl [7]). The duct is assumed togiet and either infinite or with anechoic
terminations. A directional microphone detects the incmmoise (and not the secondary noise from
the control source). An adaptive control\&ffilters this reference signal to generate appropriate input
u at the control source to minimize noise at the error senselovidthe first cut-off frequency of the
duct, the noise at the error sensor can be ideally written in the frequencyalp as the sum of the

primary and secondary noises:
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wherec is the speed of soundh the air density,S the cross-sectional area of the duct anthe
loudspeaker volume velocity. If the loudspeaker dynansegeglected so thatis directly the output

of the control filter, the noise at the error sensor will be cancelled if;
2 .
q=Wx=—-FH x= —£e‘1“(L")/Cx 2)

It appears that the volume velocitywhich cancels noise is the causal filtering of the signilthe
reference sensor is locatagstreanof the loudspeaker (i.. > 1). In practice however the secondary
pathH, which has to be inverted for perfect control, includes theasnics of the loudspeaker and
the delays inherent to anti-aliasing and reconstructider$ilin a digital adaptive controller. The
detection sensor must therefore be located further upstieeorder to provide a reference signal
with an advance larger than tlogerall delay in the secondary path. The purpose of this paper is to
show that this classical result, which can be found in thébtmks on ANC (cf. Ref.[]7]), does not
apply to single-channel cases involving noise reflectimrdmmulti-channel cases even in free field:
sometimes the detection sensor must provide a referencal sigth an infinite advance for perfect

control.

2.2 Feedforward control with one reflection

In this section it is supposed that the transfer functibivetween the control source and the error
signal is the sum of direct propagation, with defayand arbitrary magnitude 1, and of one echo
with delayt, (t2 > 11) and complex magnitude resulting from one (possibly non-rigid) acoustic

reflexion or from the combination of several reflexions angvsimultaneously at the error sensor :
H(w) = 197 4 g I 3)

If the direct sound is louder than the echa|(< 1), the inverse of the transfer functidh~! can be



expanded as:
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Therefore, in the time domaid—! has an Infinite Impulse Response including a non-causal part
with finite lengtht;. As in the infinite duct case, the optimal control filteF H ~* will be fully causal

if the transfer functior= from the reference sensor to the error sensor includes § etger than
the propagation time from the control source to the errossen/Nhen the primary noise is a pulse,
the infinite time length oH ! can be interpreted in a similar way to that applicable to statk
cancellation (cf. Ref[]15]): the expansion [0 (4) showst tie primary noise is cancelled by the
direct sound resulting from a pulse in the control source, that the echo of the control pulse is in
turn cancelled by the direct sound of a second control palsd;so on (the echo of th# control
pulse is cancelled by the direct sound ofre- 1) control pulse). Since the direct sound is louder
than its echo, an infinite but converging series of pulsesdsired to achieve perfect cancellation.
However the echo can beuderthan the direct soundd| > 1). This may seem unlikely at first sight
but a simple acoustic set-up with this feature is shown iti@e@.3. The inverse transfer function

H~! can then be expanded as:
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In this case it appears thidt 1 has an infinite non-causal response, such that causal raiseltation
requires detection of the primary noise with an infinite tiagvance. With a pulse as primary noise,
the theoretical non-causality of control can be intergtétem the expansion ill5): the primary noise
is cancelled by the echo of a counter-pulse in the contraicggand the direct sound of this counter-
pulse is pre-cancelled by the echo of a previous pulse, amhsén the end an infinite converging
series of control pulses in the past is required for noiseelation of a single primary pulse.

The simple analysis above shows that ANC is infinitely noasehas soon as the echo is louder than



the direct sound in the response. However equafibn (5) aswdstrates that, if the echo\sry
muchlouder, coefficientr is large and the series il (5) converges quickly. In this tis@&on-causal
terms for large negative times may be neglected. Eventaalhtrol may be critically non-causal

especially when the echo is slightly louder than the direansl.

2.3 Optimal non-causal control in a corner

Figure[2 shows an ANC set-up where the secondary path ircladescho louder than the direct
sound: two infinite rigid planes define in 3D a corner with adiional detection sensor, an omni-
directional error sensor and a control source in the bisggilane. With the notations from figue 2
and if the control source can be seen as a 3D monopole, whitte isase of a loudspeaker at low
frequency, the secondary transfer functidrirom the loudspeaker volume acceleratipto the error

signale can be computed by taking image sources into account:
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with Ly =L, L3 = (Ly +1)?+12 andL3 = L; + 2|. If L, is less than P; then the first echo in
the secondary path is louder than the direct path. It can berslhat this condition amounts to
L > ”Tﬁl. Figure[3 displays the secondary path as a function of freguevhenc = 340m/s,

L =1m and = 0.8m (in fact these distances have been slightly adjusteceisibsequent numerical
simulations so that noise propagation oteand| takes an integer number of samples). Figure
A displays the corresponding exact Impulse Response artigital approximation computed by
Inverse Fast Fourier Transform for a sampling frequency6d8#Hz and a frequency resolution of
&Hz

When the incoming primary noise is a plane wave propagatimgeahe bisecting plane, as sketched
in figurel2, the transfer functiolR from the directional reference sensor (detecting the antighlane

wave only) to the omnidirectional error sensor (detectimg incidentand reflected waves) is given



for the primary noise by:
e—jm(L+I)/c_|_e+jm(L+I)/c
F(w) = Sl(2LH110)/c (7)

In this equatiorA denotes the distance between the reference sensor anddhsegrsor, as shown in
figure[2. Without taking the dynamics of a real loudspeak#r atcount, perfect noise cancellation
at the error sensor will be achieved if the input to the cdrgonirce is equal to the reference signal
filtered by the optimal filtewV:

Amre 0(L+D)/c | g-joBL+2+4)/c
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With two echoes in the secondary path, no series expansiufasio that of equatior{5) can easily
express the causality of the optimal control fit However the Impulse Response\Wfcan be
computed numerically by IFFT. Figuté 5 displays the ImpiR&sponse ofV whenA = Om for a
sampling frequency of 1638#% and a frequency resolution ?iroH z In the case without reflections,
A > 0 would have enforced the control causality but, in the cothe response includes a very long
non-causal component, with significant coefficients at tiegdmes much larger than any propaga-
tion time between the elements of the set-up in fiflire 2. Tieiama that noise cancellation could be
achieved only by moving the detection sensor far away froenctirner (i.e. by enforcing >> 0),

which may not be possible in practice (e.g. if the primaryse@ource is not far away).

2.4 Optimal causally-constrained control in a corner

In the previous section it has been shown {hetfectnoise cancellation can require very long non-
causal filters. In practice however, the aim of ANC is only toyide significantnoise attenuation.
To this intent the performance of causal control must berneted as a function of the advance with
which the reference signal is provided to the feedforwamtrodier.

As afirst try, the quantitative effect of the causality coaisit can be assessed by computing the noise



attenuation achieved with the causal control filter obtidscarding the non-causal coefficients in
the time response of the optimal filter. For the set-up shawiigure2 withL = 1m andl = 0.8m,
figure[® displays the noise attenuation achieved with thisaiy-truncated filter, whed = Om,

A = 136m andA = 1700m, which amounts to providing the reference signal &ithadvance of
respectively 0s, @s and 5s. Figurfd 6 shows that a huge advance in the referigned is required to
achieve substantial active noise reduction with a causallycated control filter.

However the causal truncation of the non-causal optimatrobfilter is not the optimal causally-
constrained control filter. The causality constraint dogsrestrain the control performance as much
as figuredb suggests. The optimal causal filter depends onréuctability of the primary noise.

Following Ref. [16], it can be written in the case of white s®as:

W:_H:win{Hiall}+ ©

whereH = HninHay is the factorization of the secondary path FREnto minimum-phase and all-

pass componentd,i, andHg, and{} . means that the non-causal component of the quantity en-
closed by the braces is discarded. As in the previous seétidenotes the transfer function from the
detection sensor to the error sensor for the primary noidéHatine secondary path transfer function.
Figure[T displays the noise attenuation achieved with thesally-constrained optimal control fil-
ter when the reference signal is provided with an advanceso{%%‘l: 0.03125s and @s, which
amounts respectively td = Om, A = 10.625m andA = 136m. For this figure the factorization of

H into minimum-phase and all-pass components was performéiki frequency domain with the
complex-cepstrum method (cf. Ref. [17]). For a given adeaincthe reference, the optimal causal
filter performs much better than the causally truncated caarsal filters: with a @s advance, op-
timal causal control leads to a large noise reduction asearc#ise of causally-truncated non-causal

control with a 5s advance. However the reference signal stilsbe provided with a very large



advance for efficient control. Figufé 8 displays the ImpRs&sponse of the causal filter fir=0m
andA = 136m. ForA = Om it shows that the optimal causal filter is very differernfr the causal
truncation of the optimal non-causal controller, but for= 136m it confirms that, with a very large
advance in the reference, the response is close to the kifteesresponse of the optimal non-causal
controller (displayed in figurg 5).

In practice ANC implementations very often rely on adaptir@nsverse control filters whose co-
efficients are optimized recursively in the time-domainhwiite Filtered-reference(X) Least-Mean
Square algorithm (cf. Ref][7]). Figuké 9 displays the naitenuation achieved with a 1024-tap con-
trol filter continuously updated with an FXLMS algorithm #ye= 0m,A = 10.625m andA = 21.25m,
and primary white noise. The propagation time aet 21.25m corresponds to the whole length of
the control filter impulse response. The FXLMS converged stowly for these results. Even after
selecting the best convergence coefficient, several seamatk typically required before achieving
noise attenuation, and leakage (cf. Ret] [16]) did not improonvergence. Fd = 10.625m the at-
tenuation is of the same order of magnitude as for the optaasgal filter computed in the frequency
domain. The zeroes in the attenuation are at the same fregjasrthe zeroes of the secondary path
H or of the reference signal spectruf|2. At these frequencies the FXLMS converges with diffi-
culties (cf. Ref.[[15]). It could be expected that detectihg reference signal at a distance larger
thanA = 10.625m improve control performance, as for the causally-raimed filters derived in the
frequency-domain. However the poor result shown in filirer@\f= 21.25m means that the opti-
mum advance of the reference signal does depend on the lehtth filter response in the case of
FXLMS control; the best control performance is not achiewgth the largest pre-delay when the
control filter impulse response is too short.

Figure[ID shows the impulse response of a FIR control filteainbd when the adaptation process is

frozen after minimization of the error signal. Figlird 11piys the noise attenuation theoretically



achieved with this specific control filter. The computatisrperformed in the frequency domain for
purely white primary noise. The attenuation fve= 10.625m is clearly worse than the attenuation
displayed in figur€l9 for a continuously adapting controgfilfTherefore the permanent adaptation of
the control filter helps in ensuring good performance of FX&kbntrol, even after the residual error
has apparently converged; a linear control FIR filter withnpenent coefficient adaptation is in fact
a non-linear control filter which sometimes performs muctidsehan any stationary linear control

filter (see Ref.[[18]).

2.5 Precautions against non-causality

The series expansion in equatidh (5) suggests that costaitically non-causal when the echo in
the secondary path response is only slightly louder thamlitleet sound. For the set-up of figure 2
the first echo is as loud as the direct sound # 1+Tﬁl ~ 1.2153. With | = 0.8m this limit amounts
toL =~ 0.9722m, which is close to the vallile= 1m chosen for the numerical simulations.

Figure[T2 displays the impulse response of the non-causiahalfilter W = —H~1F for L = 0.95m.
The control filter has a very long response with only a reddgivshort (but non-zero) non-causal
component. FigurEZ13 displays the impulse responsé fer1.05m. In this case the non-causal
response decays more rapidly than for the daselm. These figures show that a small change in
lengthL can dramatically affect the causality of optimal controbn@ol is highly non-causal only
for the values of. which lead to a first echo slightly louder than the direct sbun

In practice ANC set-ups often involve secondary paths witmglicated time response including
many echoes. Itis not easy to detect without measurememtgvén set-up gives rise to non-causality
because of reflections, even if, as the previous simulagaggest, this will be critical only for very
specific arrangements. One simple step towards prevenfiinge non-causality in the single-channel

case with reflections is to move the control source and ther eansor as close as possible to each



other. In this way the direct sound is maximized. Furtheemeducing delays in the secondary path
improves the convergence of adaptive algorithms such aBXhéMS (cf. Ref. [16]). However in

practice other constraints may impose a minimum distand¢bkdrsecondary path. For example the
error sensor must usually be in the far-field of the contrairse to achieve noise reduction over
more than a very narrow area. In the end infinite non-caysaliist be remembered as a theoretical

possibility in active control of broadband noise.

3 Non-causality in the multi-channel case in free field

3.1 Optimal Control in a 2x2 case

Figure[14 shows a set-up for ANC in free field with two secogdaiurces and two omnidirectional
minimization microphones. The incoming primary noise isussed to be a plane wave. The loud-
speakers are idealized as monopoles with volume accelesafi andd,. The microphone #1 is
taken as the reference sensor for feedforward control. &beifack from the control sources to the
reference signat will not be considered in the derivation of optimal contrbi. practice this can be
done if the controller has an Internal Model Control struetincluding cancellation of the feedback
path (see Ref[[19]). It is also assumed that the output cbfiltlers Wy, W, with input x are directly
the volume acceleratiorntg, ¢, of the control sources, the dynamics of the loudspeakerstitaken
into account.

With the notations from figurE14 and with= w/c, the total noises;, p, at the minimization
microphones can be written as:

—jkdq ~ jkdo

P1 ! po | & wm || WM
o — jkdg ~jkdg

P2 e jkds cosB € % € . VVZ

Noise can be cancelled at both error sensors and at all inegpseif d;d, # d,d3. The optimum



control filterswWy, W, are then given by:

o ikdg o ikdy
Wy - 4mn d,d>dzd, dy T 1 (11)
= on — jk(d1+d4) _ — jk(d2+d3 . .
sz po d2d3e ] ( ) d1d4e ] ( ) . efd]kd?, efd]kdl e Jkds cosd
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It can be assumed, without loss of generality because tlex@sdcan be switched, thad, < d.ds.
After introducinga = d;ds/d2d3 andD = dp + d3 — d; — dg4, equation [(TI1) can be re-written and

expanded as:

Wi 41dqd ) .
- pl 4 (1+ae*”‘D —o%e 10 )
0
Wo
ejkdl B ejk(d1+d4fd2) 1
d ® (12)
_ elk(dy +dg—dg) elkdg @ jkdscosd
d3 dl

The causality of perfect noise cancellation can be discusen this expression. Firstlyg1kdscosd

is a time delay if co8 > 0, that is if the primary noise is impinging the reference noptione before
all the minimization microphones. In the opposite casé%<°® denotes a finite time advance equal
to the propagation time of the primary noise between theeaftse microphone and the minimiza-
tion microphones which receives it first. Secondly, the ratr equation [[IR) includes finite time
advances. ID > 0 one hagl; + ds — d» < d3 andd; + d4 — d3 < dy, which means that these time
advances are always smaller than the largest propagati@niti the secondary path. In this case
whereD > 0, the series expansion in equati@nl (12) will also be fullyszd. Therefore, iD > 0, the
single-channel result without reflections of secfiod 2.4egalizes: noise cancellation is causal if the
incoming primary noise is detected before it impinges ttet firinimization microphone, with atime
advance larger than the largest propagation time in thenslecy path. However, D < 0, the series
expansion in equatiom {JL2) gives rise to an infinitely-lormp+tausal impulse response for optimal
control. This can occur indeed, for example in the ahse 2.8m,d, = 8.8m, andd, = d3 = 5m. By

inspecting the case#y d, > dods, it finally appears that noise cancellation will be infinjtelon-causal



in the general case if:

(d1d4 — dzdg) (dl +ds—dp— dg) <0 (13)

FigureIh displays four arrangements with increasing déstsd; andd,. At first sight it is not easy to
detect significant differences between the arrangemenmtateording to equatio (IL3), the arrange-
ments of figurd_1l5(a) arld115(b) lead to infinitely non-causasen cancellation. Figuledl6 displays
the Impulse Responses of the optimal control filters, cosgbby IFFT with a sampling frequency
of 16384Hz, when the primary noise is a plane wave with inmgeangled = 0°. The response for
case1b(a) is non-causal but it decays rapidly for negaiimest Cas€15(b) leads to a very long
non-causal response, which illustrates the non-causaflitiie series in equatidnl2. The response
for casd_Ib(c) has a finite short-length non-causal compdngrhe causal component is very long,
which would be a problem for practical implementation, ve@er the response for cdsé 15(d) should
pose no problem in practice.

The criterion given in equatidnl3 can be interpreted by iclemig active control in the 2x2 case as
the combination of control with two individual single-chrat devices and of cross-talk cancellation.
Firstly, paramete = d;ds/d>d3 can be seen as the averaged magnitude of the cross-talk at the
minimization sensors. It quantifies the average ratio betwbe "direct” sound received by each of
the sensor by the corresponding single-channel sourcehanttitoss-talk” sound coming from the
other source; if the arrangement of sensors and actuatiod/isymmetric {.e. dy = d4 andd, = d3),

o exactly measures this ratio at the two sensors. SecondigmeterD/c = (dy+d3 —d; —ds)/C
measures the averaged difference between the times dlafithe "direct” and "cross-talk” sounds
at the minimization microphones. df < 1 andD > 0, in average the "direct” sound is louder than the
cross-talk and it reaches the minimization microphonergefiba < 1 andD < 0, the cross-talk is not
louder but it has to be cancelled before the direct sound;hwtdquires an infinitely long non-causal

response. Ifx > 1, the indexes of the sources can be switched for interppataut, alternatively,



the cross-talk can be seen as an echo louder than the dirgad D > 0, and the discussion of
section’ZP on control of an echo louder than the direct sappdies. Although there is no acoustic
reflection in the free-field set-up of figurel14, the crosk-taln eventually be seen as an echo whose
control implies non-causality if it is louder than the direoise, as in the single-channel case with

reflections.

3.2 Causally-constrained control in a 2x2 case

Figure[IT displays the noise attenuation achieved withatlusuncated control for the arrangement
of figure[I%(b). For these simulations in the frequency domtiie reference signal was fed to the
controller with the additional time advances- d;/c = 8.24ms,T = 1s andt = 2s. Figurd_Il7 shows
that very large advances are required for large attenuatidhe finite advance = d; /c is the mini-
mum advance required for the secondary noise to reach athithienization microphones before the
primary noise; it compensates the finite time advances wdpgiear in equatiof (12). If optimal con-
trol were not infinitely non-causal, this finite time advamgguld be large enough for optimal control
to be perfectly causal, and an infinite noise attenuationlshae achieved. The very poor attenuation
shown in figurd_ll7 for = d; /c illustrates the dramatic effect of non-causality upon camerfor-
mances. In figurEZ17 the noise attenuation is higher at magitioin microphone # 2 because of the
propagation time of the primary noise between the two micomes, which is extra time for causal
control.

In the multi-channel stationary case, the optimal causallystrained control filter can be written
as in equation[{9) as a function of the minimum-phase angass components of the matrix of
secondary path5[16]. However, spectral factorizatiorickvs an intermediate step in computing the
optimal controller, is considerably more difficult to perfo numerically in the multi-channel case

than in the single-channel case (€f.1[20]). Instead, in th&ext of active control, it is more efficient



to compute sub-optimal controllers using adaptive alori in the time-domain. FiguEell8 displays
the noise attenuation achieved with a 1024-tap control fdémtinuously updated with an FXLMS
algorithm, for several additional advanaeis the reference signal. The FXLMS took several seconds
to converge to the results shown in figliré 18. Fer 8.24ms, control performs poorly and the noise
is not reduced at all at microphone #1. kot 31.25ms some noise reduction is achieved at the two
minimization microphones. However, in this case, the nogskiction is low at some frequencies; it
can be checked that the matrix of secondary paths is poonglitoned at these frequencies, which
is known as slowing down the convergence of the FXLMS alborifsee Ref.[[16]). Finally, the
noise reduction is poor again for= 62.5ms. As in sectiof 214 for the single-channel case, this show
that, when optimal control is largely non-causal, the penfince of Active Noise Control using a
relatively short-length FIR filter depends strongly on thmeing with which the incoming noise is

detected.

3.3 Precautions against non-causality

In sectio Zb it was shown that, in the single-channel case;causality was especially critical for
arrangements where a slight change in the geometry woulthehtae control filter with a non-causal
response into a control filter with a long causal responsetHeomultichannel case of figukel14, the
series in equatiori.(12) shows that the filter Impulse Resgpa®ng whero = 1, which means that
the secondary patH is close to a singular matrix at all frequencies. Thereforenore complicated
cases, the condition number of the secondary path matrowatrequency may be an indicator of
possible non-causality.

Figure[I9 displays the condition number at low-frequeniay. (for k — 0) of the secondary path
matrix H, as a function of parametelf whend, = d; + 6m andd, = d3 = 5m. The vertical lines in

the plot delimit the values af; for which control is infinitely non-causal according to etioa (13).



The four cases shown in figurgs 15 16 are marked out byisthgsire[I9. It appears that very
long non-causal Impulse Responses were obtained for theotéiters when the condition number
of the secondary matrix was high. In this 2x2 case, good tiomiig appears to be a protection
from the critical non-causality arising from the inversioithe secondary path matrix. Furthermore,
for adaptive feedforward control, good conditioning of #exondary path is required for efficient
convergence of the FXLMS algorithm (see REfI[16]). In sedlZ.% a connection was also made in
the single-channel case with reflections between causality-XLMS convergence. From these two
simple cases it may be inferred in practice that poor comrerg of the FXLMS algorithm may be
the sign of optimal control non-causality.

As in the single-channel case, non-causality can be pregteintthe case of figurlel4 by bringing
the loudspeakers and the error microphones in closer gaitkis way the condition number of the
secondary path matrix is reduced because the diagonal ofdtrex is made dominant. Regularization
techniques can also be used to dampen the effect of poorxneatnditioning, e.g. by including a
leakage coefficient in the FXLMS adaptation formula (see[R€]). Finally, the author believes that
improving the condition number of the matrix of secondarthpalso helps in preventing control non-
causality in multi-channel set-ups involving more than wetuators and sensors. However, although
non-causal set-ups with more channels can be built by ads#ingor-actuator pairs to the set-up of
figure[I%(b), a connection between causality and matrix iiondhumber could not be made in the

general multi-channel case.

4 Conclusion

In this paper it has been shown that active cancellation @ddiivand noise can theoretically require
control filters that include an infinitely non-causal immlesponse. In the single-channel case,

this can happen because of high-level sound reflectionshelnmulti-channel case, the analysis of



a 2x2 set-up has shown that this can occur even in free fieldusecof the algebraic inversion of
the secondary path matrix required for perfect cancetiatiche cross-talk cancellation in the multi-
channel case can be seen as equivalent to the cancellatipredry noise echoes in the single-
channel case. Numerical simulations in the time and frecqudomains have shown that, in practice,
situations are possible where a significant noise reduc#mot be achieved without detecting the
incoming primary noise with an advance very much larger th@npropagation time delays in the
secondary path.

The inverse of the secondary path, which can have an infioitecausal response, is required not
only for Active Noise Cancellation but also for accuratercgfuction of sound fields in applications
such as "virtual acoustic imaging” (see Ref.][15]). In thegplications, the computation of the
inverse path need not be performed in real time, as is thefoagdC, and a processing time can be
afforded which reduces the consequences of non-causklawever, designers of virtual acoustics
devices must be aware that inverse acoustic responsesdaddrtime advances very much larger
than the propagation times or the reverberation time in tleetresponse.

It is not easy to prevent a large non-causality of the invaxsmistic responses in practical compli-
cated cases, especially in rooms with many resonant modesaralysis of the single-channel case
in a corner and of the 2x2 case in free field have shown that osglhility is to mount actuators and
sensors in close pairs, so that sound reflections and atksseimponents have lower levels than the
direct sounds. This approach also improves the rate of cgemee of adaptive control algorithms
such as the Filtered-Reference Least Mean Squares. It &30 With the current trend of designing
ANC devices which are decentralized, in order to reduce ¢ingptexity of systems with many chan-
nels. However the sensors must usually be in the far fieldefttiiuators for global active control.
Therefore infinite non-causality cannot always be prewgndémd must be kept in mind as an ever

possible limitation for active control of random noise.



References

[1] T. J. SUTTON, S. J. ELIOTT, A. M. MCDONALD, T. J. S\UNDERS 1994 Noise Control Engi-

neering Journak2(4), 137-147. Active Control of road noise inside vehicles.

[2] W. DEHANDSCHUTTER P. SAs 1998 ASME Journal of Vibration and Acoustié20 517-523.

Active control of structure-borne road noise using vilwatactuators.

[3] C. PARK, C. FULLER, M. KIDNER 2002 Proceedings of ACTIVE 200duly 2002, Southamp-
ton, UK, on CD-ROM. Evaluation and demonstration of advanaetive Noise Control in a

passenger automobile.

[4] A. RouRE 1985 Journal of Sound and Vibratiod01(3), 429-441. Self-adaptive broadband

active sound control system.

[5] G. P. GBBS, K. W. EURE, J. W. LLOYD 1999Proceedings of ACTIVE 199%ort-Lauderdale,
837-848. Active control of turbulent boundary layer inddiseund radiation from aircraft style

panels.

[6] C. MAURY, P. GARDONIO, S. J. ELIOTT 2001 Journal of the American Institute of Aeronau-
tics and Astronautic89(10), 1860-1867. Active control of the flow-induced noisensmitted

through a panel.

[7] P. A. NELSON, S. J. ELIOTT 1992Active Control of Sound_ondon: Academic Press.

[8] P. M. JopPLIN, P. A. NELsON 1990Journal of the Acoustical Society of Ameri8#6), 2396—

2404. Active Control of low-frequency random sound in esales.

[9] S. LAUGESEN, S. J. ELIOTT 1993 IEEE transactions on speech and audio processi(®),

241-249. Multichannel active control of random noise in alsneverberant room.



[10] C. BORDIER, E. FR10T, M. WINNINGER 2002 Proceedings of CFA 2002.ille, on CD-ROM.
Contrdle actif multivoies de bruits aléatoires large demans un grand volume : limitations

physiquesif French.

[11] M. MiyosHI, Y. KANEDA 1988IEEE Transactions on Acoustics, Speech and Signal Proagssi

36(2), 145-152. Inverse filtering of room acoustics.

[12] P. LoPES M. PIEDADE 2000 Proceedings of Internoise 2000lice, on CD-ROM. The multi-

input multi-output theorem (MINT) for causality problendrgtion in active noise control.

[13] J. YuAN 2000 Journal of the Acoustical Society of Ameri¢@76), 3235-3244. A relaxed

condition for "perfect” cancellation of broadband noiseh enclosures.

[14] S. T. NEELY, J. B. ALLEN 1979Journal of the Acoustical Society of Amerig&(1), 165—169.

Invertibility of a room impulse response.

[15] P. A. NELSON, O. KIRKEBY, T. TAKEUCHI, H. HAMADA 1997 Journal of Sound and Vibration

204(2), 386—396. Sound fields for the production of virtual estmimages.

[16] S.J. ELIOTT 2001Signal Processing for Active Contrdlondon: Academic Press.

[17] A. V. OPPENHEIM R. W. SHAFFER 1975Digital Signal ProcessingLondon: Prentice-Hall

[18] S. HAYKIN (2002)Adaptive Filter Theory (4th editionJpper Saddle River: Prentice-Hall.

[19] M. MORARI, E. ZaFIRIOU 1989Robust Process ContrdEnglewood Cliffs: Prentice-Hall.

[20] A. H. SAYED, T. KAILATH 2001 Numerical linear algebra with application@8, 467-496. A

Survey of Spectral Factorization Methods.
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Figure[l: A typical feedforward Active Noise Control setwjthout reflections

Figure[2: A feedforward Active Noise Control set-up in a @rn

Figure[4: Impulse Response of the secondary path, * conimtione response, — discrete-time
model.

Figure[3: Frequency Response Function of the secondary path

Figure[®: Impulse Response of the optimal non-causal clofiltes.

Figure[®: Noise attenuation with causal truncation of optigontrol filters, — without additionnal
advance in the reference signal, - - with a 0.4s advanceith.anbs advance.

FigurelT: Noise attenuation with causally-constrainednaglt control filters computed in the fre-
quency domain, — without additional advance in the refegesignal, - - with a 31.25ms advance, ...
with a 400ms advance.

Figurel®: Impulse Response of causally-constrained optiordrol filters computed in the frequency
domain, ... without additional advance in the referencaaig— with a 0.4s advance.

Figure[®: Noise attenuation with a 1024-coefficient confit filter updated with an FXLMS algo-
rithm, — without additional advance in the reference signalwith a 31.25ms advance, ... with a
62.5ms advance.

Figure[ID: Impulse response of a 1024-coefficient contrBl fitter frozen after minimization of the
error signal, with a 31.25ms advance in the reference signal

Figure[I1: Noise attenuation with 1024-coefficient conftR filters frozen after minimization of
the error signal, — without additional advance in the refegesignal, - - with a 31.25ms advance, ...
with a 62.5ms advance.

Figure[I2: Impulse Response of the optimal non-causal adfiiter for L=0.95m.

Figure[IB: Impulse Response of the optimal non-causal aidfiiter for L=1.05m.



Figure[T4: A 2x2 ANC set-up in free field.

Figure[Ih: 4 ANC arrangements leading to optimal filters \dffgrent with respect to causality.
FigurelI®: Impulse Responses of the optimal control filtersHe 4 arrangements shown in figlré 15.
Figure[I¥: Noise attenuation with causal truncation of mopticontrol filters, — with an 8.24ms
additional time advance in the reference signal, - - with adv&ance, ... with a 2s advance.
Figure[I8: Noise attenuation with a 1024-coefficient cdniiR filter updated with an FXLMS
algorithm, — with an 8.24ms additional time advance in thierence signal, - - with a 31.25ms
advance, ... with a 62.5ms advance.

Figure[1®: Condition number of the secondary path matriewatfrequency as a function of geomet-
ric parameted,, for d, = d3 = 5m andd, = d; + 6m. The stars mark out the values corresponding to

the arrangements diplayed in figlird 15.
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