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A controller composed of a nonrecursive filter and a recursive filter is used to approxi-

Department of Mechanical Enginesring, mate the ideal controller for a spatially feedforward duct ANC problem. The nonrecursive
National Chiao-Tung University, part represents the dynamics of the transducer, whereas the recursive part is in the form
1001 Ta-Hsueh Rd., Hsin-Chu 300, of a comb filter. The parameters of the comb filter are obtained from the impulse response
Taiwan, Republic of China of the controller by using the least-square method. The comb filter is then cascaded

with the nonrecursive part implemented as either a fixed filter or an adaptive filter.
In the latter approach, two types of LMS-based algorithms are used. The proposed

algorithms are implemented on the platform of a digital signal processor. Experimental

results showed that the approximated controller attained 17 dB maximal attenua-

tion in the frequency band 260600Hz. [DOI: 10.1115/1.1525003
1 Introduction 2 Controller Synthesis Using a Comb Filter

Active control for noise in ducts has provoked much interestin 2 1 |geal Controller for Spatially Feedforward Duct ANC.
the area of active noise contréANC) over the past decadesthe spatially feedforward ANC structure of a duct and its equiva-
[1-4]. In ANC applications to date, feedforward control has beg@n circuit are shown in Fig. 1. Based on the concept of acoustic
widely used whenever a nonacoustical reference can be obtaingsbrt-circuit, Munjal and Erikssof8] derived an ideal controller
However, when broadband attenuation is of interest, it has begjp achieving global noise cancellation downstream the control
recognized that thespatially feedforward controktructure de- source in a finite-length duct:
picted in Fig. 1a) is better suited to practical situations in which )
a nonacoustical reference required by purely feedforward control Zgo[ ek
is unavailablg5—7]. A thorough analysis of the spatially feedfor- Cidea= — Vo 1= e 2k =Cem-Crp,
ward structure for duct ANC problems was conducted by Bai 0
et al.[5]. In their work, a fixed controller was derived and implewhere Z, is the acoustic impedance of the control sour¢g,
mented. The impulse response of the spatially feedforward con</S is the characteristic impedance of the ducts the sound
troller exhibits a periodic pattern with decaying amplitude. It waspeed Sis the cross-sectional area of the ducts wavenumber,
also shown that the controller could be decomposed into a nonead|; is the distance between the upstream measurement micro-
cursive(finite impulse response, F)Rart and a recursiv@nfinite  phone and the control source. This ideal controller is an infinite-
impulse response, IIRpart. The former is dependent on transdimensional controller without any modal truncation. In Et),
ducer properties, while the later is dependent on the duct-medium
properties. The advantage of such a decomposition scheme stems Cey=— —= )
from not only physical insights but also simplicity of the resulting Yo

filters (instead of a single FIR filter with long tapdn this paper, a function of the finite impedancz,, which is dependent on

we shall extend this i_dea to exploit the S‘“?P'e structure Of.the I ly the electro-mechanical parameters of the control source. On
part and implement it as damped comb filterThe synthesis of the other hand

the comb filter is based on a least-square fit of the impulse re-

sponse. On the other hand, two approaches are also adopted in the e IKli

realization of the FIR part. The first approach is to implement it as Crp= 1o 21y (3)

a fixed FIR filter. The second is to update the FIR filter adaptively

by using thefiltered-x least-mean-square algorithiBXLMS) and is known as theepetitive controller[9] which will periodically

thenormalized filtered-x least-mean-square algorittdFXLMS)  reproduce an arbitrary input signal of any finite duration. It is not

[4] such that perturbations and uncertainties in the system candigiicult to see that both frequency response and impulse response

better accommodated. The proposed algorithms are implemen@édhe above ideal controller exhibit patterns of periodic peaks.

on the platform of a floating-point digital signal procesédSP. The repetitive peaks in fact result from the acoustic feedback in

Experimental results indicate that the proposed spatially feedf@patially feedforward structures. For the spatially feedforward

ward ANC system is capable of achieving broadband attenuati®iC structure, the ideal controller is a function independent of

of random noise in duct. the upstream and downstream conditions, which provides port-
The organization of this paper is as follows. Section 1 address¥glity of the controller among different systems.

the ideal controller for spatially feedforward duct ANC system It has been shown ifb] that the aforementioned ideal control-

and the synthesis of its IIR part by using a comb filter. Sectionlgr can be approximated using the following frequency-domain

presents the integration of the controller as well as its reformulfermula:

tion into an adaptive version. Section 3 reports the experimental —Hy(el®)

verification of the proposed system. Section 4 summarizes the Cigeal(€1?)= 0

current work and future perspective of research. aea Ha(e!”) —H1(e!”)Ho(e!?)’

1)

(4)

—_— where Hy(e/®) is the fr ncy r nse function between th
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Truncating the controller impulse response&tsamples and com-
P paring the coefficients of like powers on both sides leads to the
P following set of linear equations:
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Fig. 1 The spatially feedforward structure of ANC system (a) : : : : : 1
the schematic duct ANC system  (b) equivalent circuit ’ 0
bu|=| hw Am-1 Bm-2 - ATVIY :
_ Ol | hwer hu by hune1 || —g
tween the upstream measurement microphone and the contro| : . . .
loudspeaker, an#li,(e'®) is the frequency response function be- 0 )
tween the downstream performance microphone and the control” = | hx  hg-; hg—p -+ hgy |
loudspeaker. These frequency response functions can be easily 9)

measured by a spectral analyzer. In what follows, the coefficients, . . . by, and the damping factor
2.2 Approximation of the Repetitive Controller Using a 9 in the above equation are determined in two steps. First, the
Comb Filter. A direct simplification of ANC design can be coefficientg of the comb filter is estimated from the exponentially
gained by exploiting the distinct structure of the ideal controller gfecaying envelope of the measured impulse response. Second, the
Eq. (1). In contrast to conventional FIR implementation, the numector[1 0 .. .g]" is then substituted into E¢Q) to determine the
ber of filter coefficients can be substantially reduced by castiggefficients[by b; .. .by]". The damping factog can be esti-
the IIR part of the spatially feedforward controller into the form ofnated by curve-fitting the peaks of the controller impulse re-
a damped comb filter. sponse in logarithmic scale with a straight line. From the slope of
Referring to the block diagram of Fig. 2, the cascaded filters 8fe straight line, one is able to determine the parangteet the
Eq. (1) can be discretized into the following transfer functiorstraight line be expressed as

form: Inh=pt+q, (10)
1 . .
H(Z)=(ba+ ...+buzM). _ 5 yvhereh is the pee_tk va_llue _of |mp_ulse response of the qontrqiler,
(2)=(bo Mz ") 1-gz N ©®) is the corresponding time indep,is the slope of the straight line,

andq is the intersection of the line with the vertical axis. Substi-

. N i
Note thatM is the tap length of the FIR part, (1g2"") corre tution of the measured data yields the following linear system of

sponds to the discrete-time version of{&~ 2K}, sample delay

N=2l;/cT, wherec is the sound speed and is the sampling equations
period. The real constarg is introduced as a damping factor t, 1
which is dependent on the directivity of transducers and the ab- Inhy 1
sorptivity of duct wall. The IIR part is in fact a damped comb = _2 ] [p} (11)
filter whose simple structure renders a considerable saving in fil- Inh (A
tering operation: " 1
n
y(k)=g-y(k=N)+u(k) (6)  wheren is number of peaks. In matrix notation, EG.1) can be

wherey andu are output signal and input signal, respectively. Written into a more compact form:

Next, the coefficientdy~by, in Eq. (5) can be estimated using b= Ax (12)

a procedure similar to room response approximation in audio sig-

nal processing10]. Assume that the controller of Eq5) is The matrixA is generally over-determined and hence not square.
equivalent to an all-zero filter with coefficients being the impulséhe least square solution of EQL2) is

response of the filter of Eq4) X=A"b (13)

where A" =(A"A) 1AM is the pseudo inverse ok [11]. The
slopep can be retrieved from the first element of the vecton

Fig. 3, the peak values of the controller impulse response are
Multiplying both sides of Eq.(7) by the denominator (1 plotted along with the fitting straight linen&5). On the other
—gz M) gives hand, the parameteyis obtained from

bo+ ...+byz ™M

h(n)z™" (7
0

1-gz N =

©
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4 ’ ‘ ‘ is known as being able to provide faster convergence for rapidly
fluctuating noise. The weight update formula of NFXLMS algo-
rithm is
w(n+1)=w(n)+ u(n)x’'(n)e(n), (18)
whereu(n) is a dynamic step size adjusted according to
o

w(n)=——m-, (19)
LPx(n)

whereP,(n) is an estimate of the power of filtered reference input
x"(n) at timen, and « is a normalized step size satisfying the
following criterion

‘ : : 0<a<2. (20)
0 50 100 150 200

t The powerP,(n) can be conveniently estimated using an expo-

Fig. 3 Curve-fit for the peak values of the impulse response of nential window that requires only one storage bin:

the spatially feedforward controller using the least-square = —(1_ AP _ 12
vt PL(M)=(1-B)P,(n—1)+Bx"*(n), (21)
where B is a smoothing parameter. In order to avoid the problem

of dividing by zero when the power estimag(n) becomes ex-

g=e\'P (14) ceedingly small, a constraint is imposed on the step size
In the special case whevl =N, the FIR coefficientd,~by, can a
simply be calculated using the following formula un)=————, (22)
— — L ma){ Px(n)vpmin]
b,=h,, form=01,...M-1
whereP ., is a lower bound on the filtered input power.
by=hn—gho. (15)

) o 3.2 Adaptive Spatially Feedforward Algorithm. An adap-

In this case, the FIR coefficients excepy are found to be the iy filter is incorporated into the ANC algorithm to better accom-
replica of the firstM samples of the controller impulse responsemodate uncertainties and perturbations frequently encountered in
The damped comb filter hence creates the repetitive and decayjgctical applications. The procedure is considered “hybrid” in a
impulse response pattern from theldesamples. This technique sense since only the FIR part of the controller is made adaptive,
when applied to the ANC problem in the study gives rise to SUynile the IIR part remains a structure of comb filter.
stantial reduction of computational complexity. To recapitulate, the spatially feedforward controller takes the
3 Conversion to Adaptive Algorithms following form:

The ANC algorithm for spatially feedforward structure devel-
oped in last section is essentially a fixed controller. In practicathere
applications, it may be advantageous to have an adaptive control-
ler so that system uncertainties and perturbations can be better
accommodated. To this end, an adaptive filter is incorporated irgad
the controller in place of the aforementioned fixed controller.

3.1 Review of Two LMS-based Algorithms. A brief re- Crp(2)
view of two LMS-based algorithms widely used in ANC area shall
be given. First, we review the FXLMS algorithfd]. The error being the FIR part and IIR part, respectively. These expressions

Cigeal(2)=Cem(2) - Crp(2), (23)

CEM(Z):b0+ e +sziM (24)

1
= ——x (25)
1-9z

signal is expressed as are rewritten in z-transform domain.
, In lieu of the off-line design described in last section, the trans-
e(n)=d(n)—y’(n)=d(n)—s(n)*y(n) fer functionCg\,(2) can be realized by a FIR filter and adaptively
=d(n)—s(n)*[wT(n)x(n)], (16) Updated by a modified FXLMS algorithm. The transfer function

) ) Crp(2) remains to be a fixed comb filter optimally fit to the re-
wheres(n) is the impulse response of secondary @&t at the petitive peaks in the frequency response of the spatially feedfor-

time n, * denotes linear  convolution, w(n) ward controller. Omitting the argument?),” the relevant formu-
=[wo(nwy(n) ... ... w, _1(n)]" is the coefficient vector of the |as and weight update rule are summarized as follows:

FIR filter W(z), x(n)=[x(n)x(n—=1) ... ... x(n—L+1)]" is ,

the reference signal vector, ahds the order of filteAWW(z). The u=Cegyn*w (26)
FXLMS method minimizes the instantaneous squared €fo) W' =Cgrp*W (27)

=e?(n) and updates the coefficient vector with step gize

Cen(k) 2es ' (28)

= — —*W

M (1= CreCenF)?

Note, however, that the filte®/(1— CrpCenF)? in the update

) ) ! formula of Eq.(28) contains a ternCg,, which precludes direct
pre-filtered byS(z); hence the name FXLMS algorithm. implementation of the update algorithm. To get around the diffi-

In order to improve convergence of the adaptive algorithm, apy|: ; ; ;
; . : y, a suboptimal but practical approach is adopted. The feed-
other LMS-based algorithm, the NFXLMS algorithm is also eMp,ck term in Eq.(27) is thus neglected to obtain a simplified

ployed in the worl{4]. This algorithm allows us to dynamically update law for the filter weights
adjust the step sizg, in accord with the “filtered” reference input
power. In comparison with the FXLMS algorithm, this algorithm Cem(k+1)=Cgpn(k)— pe(k)*(Sxw'), (29)

w(n+1)=w(n)— %Vé(n) —w(n)+ux'(Me(n), (17) Cem(k+1)

wherex’ (n)=s(n)*x(n). Note that the input vectoe(n) must be
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whereCg), and S are both realized by FIR filters. Although the
instant gradient estimate in the update law seems somewhat
ased, the following experiments show that such heuristic approe
is effective. The architecture of the entire adaptive spatially fee
forward algorithm is summarized in Fig. 4.

As a slight twist of the adaptive algorithm, the converger
speed can be markedly improved by using NFXLMS algorithr
which adaptively updates the step sjzeaccording to the power
of filtered reference input signal.

SPL(dB)

4 Experimental Verification

The experimental arrangement is shown in Fig. 5. A woode
duct of length 440 cm and cross-section 25¢8b cm is used for
verifying the proposed ANC algorithms. The dimensions of th
duct and the locations of microphones and loudspeakers i
shown in the same figure. There is a 10 cm distance between
primary loudspeaker and the upstream measurement microphc
To minimize acoustic feedback, we made the control loudspeal
facing backward the open end of the duct. The distance betwe
the measurement microphone and the control loudspeaker is :
cm to ensure causality of the controller. The distance between t..c
control loudspeaker and the downstream performance microphcme
is 110 cm. A floating-point DSP, TMS320C32, equipped with foug 9
16-bit analog 10 channels is utilized to implement the proposg

algorithms. The sampling frequency is chosen to be 2 kHz. Cojgy (—), comb filter controller
sidering the cutoff frequency of the du@pproximately 700 Hz Sound Pressure Level

45
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frequency(Hz)
(b)
6 The fixed spatially feedforward controller (a) compari-

n of the impulse responses between the ideal spatially feed-
ward controller and the comb filter controller. Ideal control-
(----) (b) Experimental result in
(SPL) of control performance obtained

below which exists only plane wave and the poor response of thsing the fixed spatially feedforward controller. Control off
control speaker below 200 Hz, the control bandwidth is chosen¢ontrol on  (--).
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Fig. 5 The experimental setup of a spatially feedforward

ANC system

Journal of Vibration and Acoustics

be 200~600 Hz. In the sequel, experiments are carried out to
evaluate the performance of the proposed spatially feedforward
algorithms for suppression of the noise in the duct.

In the first case, the fixed controller is examined. The coeffi-
cients of the FIR filter and the comb filter are obtained using the
procedure detailed in section 2. In Figa good agreement was
found by comparing the impulse responses of the fixed comb-filter
controller N=48g=0.43) and the original spatially feedforward
controller in Eq.(4). Because the lightly damped dynamics of the
repetitive controller has been already represented by a comb filter,
the length of the remaining FIR filter has only 48 taps. It can be
observed in the experimental results of Figh)6 obtained using
the fixed controller, broadband attenuation has been achieved
(maximum 16.9 dB, band total 3.3 dBrhe band total attenuation
was the difference in dB between the total sound pressure levels
within the band 206 600 Hz, with and without the active control.

In the second case, the adaptive controller using FXLMS algo-
rithm is examined. The frequency response of the spatially feed-
forward controller calculated using E@) is shown in Fig. 7a).
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Fig. 7 Design of the adaptive comb filter controller (a) The ()
frequency response of the comb filter. Ideal controller (—),
comb filter (--+) (b) The frequency response of the FIR filter. Fig. 8 The experimental results in Sound Pressure Level

(SPL) of control performance obtained using adaptive spatially
feedforward algorithms  (a) FXLMS algorithm; (b) NFXLMS algo-

Then, the repetitive controller is approximated in the contré'lthm' Control off (=), control on_(-+).
bandwidth by using an IR damped comb filter. It can be seen in
the same figure, the match is acceptable, at least in order, between
two frequency responses. It may appear that the match quality
between 200 and 300 Hz is not good. However, it turned out that
the control performance is not very sensitive to this match qualijme for convergence has been significantly reduced to approxi-
The damped comb filte€rp was implemented on the DSP, fol-mately 6 seconds, which is a tremendous improvement over the
lowing the procedure in section 2. On the other hand, the FIR p&XLMS algorithm. Using the NFXLMS spatially feedforward al-
Cey is adaptively updated by FXLMS algorithm using a refergorithm, the experimental result is obtained with a broadband per-
ence signal from the output of the comb filter. For reference sakermance(maximum 18 dB, band total 2.7 dBas shown in Fig.
the frequency response of the FIR filter was also calculated B(b).
dividing the spatially feedforward controller with the comb filter, From the forgoing results, the proposed spatially feedforward
as shown in Fig. (b). As expected, the frequency response of theontrollers has proved to be effective in suppressing the noise in
FIR filter that is nearly flat, reflecting a relatively simple transducts. The experimental results are summarized in Table 1. It can
ducer dynamics. Ideally, the FXLMS algorithm should convergee observed from the summary, the fixed controller produced
to this fixed FIR filter. Using the FXLMS spatially feedforwardslightly better performancg3.3 dB in the band 200600 Hz)
algorithm, the experimental result is obtained with a broadbaridan the other two adaptive methods. In between the adaptive
performance(maximum 15 dB, band total 1.8 dBas shown in methods, the NFXLMS algorithm not only produced better per-
Fig. 8(a). In addition, the time for convergence is approximateljormance but also faster convergence speed than the FXLMS al-
36 seconds. gorithm. The adaptive controllers appear to be most effective be-

In the third case, the adaptive controller using NFXLMS algdween 200 and 300 Hz. It is suspected that the adaptive algorithms
rithm is examined. In this approach, the step sig@) is adap- may have an eigenvalue spread problem that is typical in the
tively updated with the power of the filtered reference input, thapplication of the LMS-based algorithms.
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Table 1 Summary of experimental results obtained using the with system perturbations and uncertainties. Further investi-

spatially feedforward algorithms gations for practical systems are currently planned to justify this
ANC Maximum Band total Time for conjecture.
methods attenuation attenuation convergence Acknowledgment
Fixed 16.9 dB 3.3 dB The work was supported by the National Science Council in
Adaptive 15.0 dB 1.8dB 36 seconds . ; . .
EXLMS Taiwan, Republic of China, under the project number NSC 89-
Adaptive 18.0 dB 2.7 dB 6 seconds 2212-E-009-007.
NFXLMS
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