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Broadband Spatially Feedforward
Active Noise Control Algorithms
Using a Comb Filter
A controller composed of a nonrecursive filter and a recursive filter is used to app
mate the ideal controller for a spatially feedforward duct ANC problem. The nonrecur
part represents the dynamics of the transducer, whereas the recursive part is in the
of a comb filter. The parameters of the comb filter are obtained from the impulse resp
of the controller by using the least-square method. The comb filter is then casc
with the nonrecursive part implemented as either a fixed filter or an adaptive fi
In the latter approach, two types of LMS-based algorithms are used. The prop
algorithms are implemented on the platform of a digital signal processor. Experime
results showed that the approximated controller attained 17 dB maximal atte
tion in the frequency band 200;600Hz. @DOI: 10.1115/1.1525003#
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1 Introduction
Active control for noise in ducts has provoked much interes

the area of active noise control~ANC! over the past decade
@1–4#. In ANC applications to date, feedforward control has be
widely used whenever a nonacoustical reference can be obta
However, when broadband attenuation is of interest, it has b
recognized that thespatially feedforward controlstructure de-
picted in Fig. 1~a! is better suited to practical situations in whic
a nonacoustical reference required by purely feedforward con
is unavailable@5–7#. A thorough analysis of the spatially feedfo
ward structure for duct ANC problems was conducted by B
et al. @5#. In their work, a fixed controller was derived and impl
mented. The impulse response of the spatially feedforward c
troller exhibits a periodic pattern with decaying amplitude. It w
also shown that the controller could be decomposed into a no
cursive~finite impulse response, FIR! part and a recursive~infinite
impulse response, IIR! part. The former is dependent on tran
ducer properties, while the later is dependent on the duct-med
properties. The advantage of such a decomposition scheme s
from not only physical insights but also simplicity of the resultin
filters ~instead of a single FIR filter with long taps!. In this paper,
we shall extend this idea to exploit the simple structure of the
part and implement it as adamped comb filter. The synthesis of
the comb filter is based on a least-square fit of the impulse
sponse. On the other hand, two approaches are also adopted
realization of the FIR part. The first approach is to implement it
a fixed FIR filter. The second is to update the FIR filter adaptiv
by using thefiltered-x least-mean-square algorithm~FXLMS! and
thenormalized filtered-x least-mean-square algorithm~NFXLMS!
@4# such that perturbations and uncertainties in the system ca
better accommodated. The proposed algorithms are impleme
on the platform of a floating-point digital signal processor~DSP!.
Experimental results indicate that the proposed spatially feed
ward ANC system is capable of achieving broadband attenua
of random noise in duct.

The organization of this paper is as follows. Section 1 addres
the ideal controller for spatially feedforward duct ANC syste
and the synthesis of its IIR part by using a comb filter. Sectio
presents the integration of the controller as well as its reform
tion into an adaptive version. Section 3 reports the experime
verification of the proposed system. Section 4 summarizes
current work and future perspective of research.

Contributed by the Technical Committee on Vibration and Sound for publica
in the JOURNAL OF VIBRATION AND ACOUSTICS. Manuscript received April 2001;
Revised August 2002. Associate Editor: R. Ohayon.
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2 Controller Synthesis Using a Comb Filter

2.1 Ideal Controller for Spatially Feedforward Duct ANC.
The spatially feedforward ANC structure of a duct and its equi
lent circuit are shown in Fig. 1. Based on the concept of acou
short-circuit, Munjal and Eriksson@8# derived an ideal controller
for achieving global noise cancellation downstream the con
source in a finite-length duct:

Cideal52
Zsa

Y0
S e2 jkl i

12e22 jkl i
D 5CEM•CRP , (1)

where Zsa is the acoustic impedance of the control source,Y0
5c/S is the characteristic impedance of the duct,c is the sound
speed,S is the cross-sectional area of the duct,k is wavenumber,
and l i is the distance between the upstream measurement m
phone and the control source. This ideal controller is an infin
dimensional controller without any modal truncation. In Eq.~1!,

CEM[2
Zsa

Y0
(2)

is a function of the finite impedanceZsa which is dependent on
only the electro-mechanical parameters of the control source.
the other hand,

CRP[
e2 jkl i

12e22 jkl i
(3)

is known as therepetitive controller@9# which will periodically
reproduce an arbitrary input signal of any finite duration. It is n
difficult to see that both frequency response and impulse resp
of the above ideal controller exhibit patterns of periodic pea
The repetitive peaks in fact result from the acoustic feedback
spatially feedforward structures. For the spatially feedforwa
ANC structure, the ideal controller is a function independent
the upstream and downstream conditions, which provides p
ability of the controller among different systems.

It has been shown in@5# that the aforementioned ideal contro
ler can be approximated using the following frequency-dom
formula:

Cideal~ej v!5
2H0~ej v!

H2~ej v!2H1~ej v!H0~ej v!
, (4)

where H0(ej v) is the frequency response function between
downstream performance microphone and the upstream mea
ment microphone,H1(ej v) is the frequency response function b
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tween the upstream measurement microphone and the co
loudspeaker, andH2(ej v) is the frequency response function b
tween the downstream performance microphone and the con
loudspeaker. These frequency response functions can be e
measured by a spectral analyzer.

2.2 Approximation of the Repetitive Controller Using a
Comb Filter. A direct simplification of ANC design can be
gained by exploiting the distinct structure of the ideal controller
Eq. ~1!. In contrast to conventional FIR implementation, the nu
ber of filter coefficients can be substantially reduced by cast
the IIR part of the spatially feedforward controller into the form
a damped comb filter.

Referring to the block diagram of Fig. 2, the cascaded filters
Eq. ~1! can be discretized into the following transfer functio
form:

H~z!5~b01 . . . 1bMz2M !•
1

12gz2N . (5)

Note thatM is the tap length of the FIR part, (12gz2N) corre-
sponds to the discrete-time version of (12e22 jkl i), sample delay
N52l i /cT, wherec is the sound speed andT is the sampling
period. The real constantg is introduced as a damping facto
which is dependent on the directivity of transducers and the
sorptivity of duct wall. The IIR part is in fact a damped com
filter whose simple structure renders a considerable saving in
tering operation:

y~k!5g•y~k2N!1u~k! (6)

wherey andu are output signal and input signal, respectively.
Next, the coefficientsb0;bM in Eq. ~5! can be estimated using

a procedure similar to room response approximation in audio
nal processing@10#. Assume that the controller of Eq.~5! is
equivalent to an all-zero filter with coefficients being the impul
response of the filter of Eq.~4!

b01 . . . 1bMz2M

12gz2N
5(

n50

`

h~n!z2n (7)

Multiplying both sides of Eq. ~7! by the denominator (1
2gz2N) gives

Fig. 1 The spatially feedforward structure of ANC system „a…
the schematic duct ANC system „b… equivalent circuit
Journal of Vibration and Acoustics
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~b01 . . . 1bMz2M !5S (
n50

`

h~n!z2nD ~12gz2N!. (8)

Truncating the controller impulse response toK samples and com-
paring the coefficients of like powers on both sides leads to
following set of linear equations:

3
b0

b1

]

bM

0
]

0

4 53
h0 0 0 ¯ 0

h1 h0 0 ¯ 0

] ] ] ]

hM hM21 hM22 ¯ hM2N

hM11 hM hM21 ¯ hM2N11

] ] ] ]

hK hK21 hK22 ¯ hK2N

4 F 1
0
]

2g
G .

(9)

In what follows, the coefficientsb0 . . . bM and the damping factor
g in the above equation are determined in two steps. First,
coefficientg of the comb filter is estimated from the exponentia
decaying envelope of the measured impulse response. Secon
vector@1 0 . . .g#T is then substituted into Eq.~9! to determine the
coefficients@b0 b1 . . . bM#T. The damping factorg can be esti-
mated by curve-fitting the peaks of the controller impulse
sponse in logarithmic scale with a straight line. From the slope
the straight line, one is able to determine the parameterg. Let the
straight line be expressed as

ln h5pt1q, (10)

whereh is the peak value of impulse response of the controllet
is the corresponding time index,p is the slope of the straight line
andq is the intersection of the line with the vertical axis. Subs
tution of the measured data yields the following linear system
equations

F ln h1

]

ln hn

G5F t1 1

t2 1

] ]

tn 1

G Fp
qG , (11)

wheren is number of peaks. In matrix notation, Eq.~11! can be
written into a more compact form:

b5Ax (12)

The matrixA is generally over-determined and hence not squa
The least square solution of Eq.~12! is

x5A1b, (13)

where A15(AHA)21AH is the pseudo inverse ofA @11#. The
slopep can be retrieved from the first element of the vectorx. In
Fig. 3, the peak values of the controller impulse response
plotted along with the fitting straight line (n55). On the other
hand, the parameterg is obtained from

Fig. 2 Block diagram of the fixed spatially feedforward con-
troller composed of a nonrecursive FIR and a recursive comb
filter
JANUARY 2003, Vol. 125 Õ 19
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g5eN•p (14)

In the special case whenM5N, the FIR coefficientsb0;bM can
simply be calculated using the following formula

bm5hm , for m50,1, . . . ,M21

bM5hM2gh0 . (15)

In this case, the FIR coefficients exceptbM are found to be the
replica of the firstM samples of the controller impulse respons
The damped comb filter hence creates the repetitive and deca
impulse response pattern from theseM samples. This technique
when applied to the ANC problem in the study gives rise to s
stantial reduction of computational complexity.

3 Conversion to Adaptive Algorithms
The ANC algorithm for spatially feedforward structure deve

oped in last section is essentially a fixed controller. In practi
applications, it may be advantageous to have an adaptive con
ler so that system uncertainties and perturbations can be b
accommodated. To this end, an adaptive filter is incorporated
the controller in place of the aforementioned fixed controller.

3.1 Review of Two LMS-based Algorithms. A brief re-
view of two LMS-based algorithms widely used in ANC area sh
be given. First, we review the FXLMS algorithm@4#. The error
signal is expressed as

e~n!5d~n!2y8~n!5d~n!2s~n!* y~n!

5d~n!2s~n!* @wT~n!x~n!#, (16)

wheres(n) is the impulse response of secondary pathS(z) at the
time n, * denotes linear convolution, w(n)
5@w0(n)w1(n) . . . . . .wL21(n)#T is the coefficient vector of the
FIR filter W(z), x(n)5@x(n)x(n21) . . . . . .x(n2L11)#T is
the reference signal vector, andL is the order of filterW(z). The
FXLMS method minimizes the instantaneous squared errorĵ(n)
5e2(n) and updates the coefficient vector with step sizem:

w~n11!5w~n!2
m

2
¹ĵ~n!5w~n!1mx8~n!e~n!, (17)

wherex8(n)5s(n)* x(n). Note that the input vectorx(n) must be
pre-filtered byS(z); hence the name FXLMS algorithm.

In order to improve convergence of the adaptive algorithm,
other LMS-based algorithm, the NFXLMS algorithm is also e
ployed in the work@4#. This algorithm allows us to dynamically
adjust the step sizem, in accord with the ‘‘filtered’’ reference inpu
power. In comparison with the FXLMS algorithm, this algorith

Fig. 3 Curve-fit for the peak values of the impulse response of
the spatially feedforward controller using the least-square
method
20 Õ Vol. 125, JANUARY 2003
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is known as being able to provide faster convergence for rap
fluctuating noise. The weight update formula of NFXLMS alg
rithm is

w~n11!5w~n!1m~n!x8~n!e~n!, (18)

wherem(n) is a dynamic step size adjusted according to

m~n!5
a

LP̂x~n!
, (19)

whereP̂x(n) is an estimate of the power of filtered reference inp
x8(n) at time n, and a is a normalized step size satisfying th
following criterion

0,a,2. (20)

The powerP̂x(n) can be conveniently estimated using an exp
nential window that requires only one storage bin:

P̂x~n!5~12b!P̂x~n21!1bx82~n!, (21)

whereb is a smoothing parameter. In order to avoid the probl
of dividing by zero when the power estimateP̂x(n) becomes ex-
ceedingly small, a constraint is imposed on the step size

m~n!5
a

L max@ P̂x~n!,Pmin#
, (22)

wherePmin is a lower bound on the filtered input power.

3.2 Adaptive Spatially Feedforward Algorithm. An adap-
tive filter is incorporated into the ANC algorithm to better accom
modate uncertainties and perturbations frequently encountere
practical applications. The procedure is considered ‘‘hybrid’’ in
sense since only the FIR part of the controller is made adapt
while the IIR part remains a structure of comb filter.

To recapitulate, the spatially feedforward controller takes
following form:

Cideal~z!5CEM~z!•CRP~z!, (23)

where

CEM~z!5b01 . . . 1bMz2M (24)

and

CRP~z!5
1

12gz2N (25)

being the FIR part and IIR part, respectively. These express
are rewritten in z-transform domain.

In lieu of the off-line design described in last section, the tra
fer functionCEM(z) can be realized by a FIR filter and adaptive
updated by a modified FXLMS algorithm. The transfer functi
CRP(z) remains to be a fixed comb filter optimally fit to the re
petitive peaks in the frequency response of the spatially feed
ward controller. Omitting the argument ‘‘~z!,’’ the relevant formu-
las and weight update rule are summarized as follows:

u5CEM* w8 (26)

w85CRP* w (27)

CEM~k11!5CEM~k!2m
2eS

~12CRPCEMF !2 * w8 (28)

Note, however, that the filterS/(12CRPCEMF)2 in the update
formula of Eq.~28! contains a termCEM which precludes direct
implementation of the update algorithm. To get around the di
culty, a suboptimal but practical approach is adopted. The fe
back term in Eq.~27! is thus neglected to obtain a simplifie
update law for the filter weights

CEM~k11!5CEM~k!2me~k!* ~S* w8!, (29)
Transactions of the ASME
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whereCEM and S are both realized by FIR filters. Although th
instant gradient estimate in the update law seems somewha
ased, the following experiments show that such heuristic appro
is effective. The architecture of the entire adaptive spatially fe
forward algorithm is summarized in Fig. 4.

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

4 Experimental Verification
The experimental arrangement is shown in Fig. 5. A wood

duct of length 440 cm and cross-section 25 cm325 cm is used for
verifying the proposed ANC algorithms. The dimensions of t
duct and the locations of microphones and loudspeakers
shown in the same figure. There is a 10 cm distance between
primary loudspeaker and the upstream measurement microph
To minimize acoustic feedback, we made the control loudspea
facing backward the open end of the duct. The distance betw
the measurement microphone and the control loudspeaker is
cm to ensure causality of the controller. The distance between
control loudspeaker and the downstream performance microph
is 110 cm. A floating-point DSP, TMS320C32, equipped with fo
16-bit analog IO channels is utilized to implement the propos
algorithms. The sampling frequency is chosen to be 2 kHz. C
sidering the cutoff frequency of the duct~approximately 700 Hz!
below which exists only plane wave and the poor response of
control speaker below 200 Hz, the control bandwidth is chosen

Fig. 4 Block diagram of the adaptive spatially feedforward al-
gorithm

Fig. 5 The experimental setup of a spatially feedforward
ANC system
Journal of Vibration and Acoustics
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be 200;600 Hz. In the sequel, experiments are carried out
evaluate the performance of the proposed spatially feedforw
algorithms for suppression of the noise in the duct.

In the first case, the fixed controller is examined. The coe
cients of the FIR filter and the comb filter are obtained using
procedure detailed in section 2. In Fig. 6~a!, good agreement was
found by comparing the impulse responses of the fixed comb-fi
controller (N548,g50.43) and the original spatially feedforwar
controller in Eq.~4!. Because the lightly damped dynamics of th
repetitive controller has been already represented by a comb fi
the length of the remaining FIR filter has only 48 taps. It can
observed in the experimental results of Fig. 6~b!, obtained using
the fixed controller, broadband attenuation has been achie
~maximum 16.9 dB, band total 3.3 dB!. The band total attenuation
was the difference in dB between the total sound pressure le
within the band 200;600 Hz, with and without the active control

In the second case, the adaptive controller using FXLMS al
rithm is examined. The frequency response of the spatially fe
forward controller calculated using Eq.~4! is shown in Fig. 7~a!.

Fig. 6 The fixed spatially feedforward controller „a… compari-
son of the impulse responses between the ideal spatially feed-
forward controller and the comb filter controller. Ideal control-
ler „—…, comb filter controller „- - - -… „b… Experimental result in
Sound Pressure Level „SPL… of control performance obtained
using the fixed spatially feedforward controller. Control off „—…,
control on „"""….
JANUARY 2003, Vol. 125 Õ 21
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Then, the repetitive controller is approximated in the cont
bandwidth by using an IIR damped comb filter. It can be seen
the same figure, the match is acceptable, at least in order, betw
two frequency responses. It may appear that the match qu
between 200 and 300 Hz is not good. However, it turned out t
the control performance is not very sensitive to this match qua
The damped comb filterCRP was implemented on the DSP, fol
lowing the procedure in section 2. On the other hand, the FIR p
CEM is adaptively updated by FXLMS algorithm using a refe
ence signal from the output of the comb filter. For reference sa
the frequency response of the FIR filter was also calculated
dividing the spatially feedforward controller with the comb filte
as shown in Fig. 7~b!. As expected, the frequency response of t
FIR filter that is nearly flat, reflecting a relatively simple tran
ducer dynamics. Ideally, the FXLMS algorithm should conver
to this fixed FIR filter. Using the FXLMS spatially feedforwar
algorithm, the experimental result is obtained with a broadba
performance~maximum 15 dB, band total 1.8 dB!, as shown in
Fig. 8~a!. In addition, the time for convergence is approximate
36 seconds.

In the third case, the adaptive controller using NFXLMS alg
rithm is examined. In this approach, the step sizem(n) is adap-
tively updated with the power of the filtered reference input, t

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.
22 Õ Vol. 125, JANUARY 2003
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time for convergence has been significantly reduced to appr
mately 6 seconds, which is a tremendous improvement over
FXLMS algorithm. Using the NFXLMS spatially feedforward al
gorithm, the experimental result is obtained with a broadband p
formance~maximum 18 dB, band total 2.7 dB!, as shown in Fig.
8~b!.

From the forgoing results, the proposed spatially feedforwa
controllers has proved to be effective in suppressing the nois
ducts. The experimental results are summarized in Table 1. It
be observed from the summary, the fixed controller produc
slightly better performance~3.3 dB in the band 200;600 Hz)
than the other two adaptive methods. In between the adap
methods, the NFXLMS algorithm not only produced better p
formance but also faster convergence speed than the FXLMS
gorithm. The adaptive controllers appear to be most effective
tween 200 and 300 Hz. It is suspected that the adaptive algorit
may have an eigenvalue spread problem that is typical in
application of the LMS-based algorithms.

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-
rithm. Control off „—…, control on „"""….
Transactions of the ASME
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5 Concluding Remarks
In this paper, controllers comprising a nonrecursive filter an

recursive filter have been developed to approximate the ideal
tially feedforward controller for the duct ANC problem. The no
recursive part represents the dynamics of the transducer, whe
the recursive part is in the form of a comb filter. The parameter
the comb filter are conveniently obtained from the impulse
sponse by using the least-square method. Three approache
employed to implement the comb filter-based controllers:
fixed algorithm, the FXLMS algorithm, and the NFXLMS algo
rithm. The advantage of the comb-filter approach lies in prima
the reduced complexity of filter design. The proposed algorith
were implemented using DSP and verified by experiments.
methods have achieved broadband performance, even with
presence of acoustic feedback. While the fixed controller m
have achieved slightly better performance than the adaptive m
ods, the latter approaches could be more useful in applicat

Table 1 Summary of experimental results obtained using the
spatially feedforward algorithms

ANC
methods

Maximum
attenuation

Band total
attenuation

Time for
convergence

Fixed 16.9 dB 3.3 dB - - -
Adaptive
FXLMS

15.0 dB 1.8 dB 36 seconds

Adaptive
NFXLMS

18.0 dB 2.7 dB 6 seconds
Journal of Vibration and Acoustics
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with system perturbations and uncertainties. Further inve
gations for practical systems are currently planned to justify t
conjecture.
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