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Electronic delay has been a critical problem in active noise cofiIC) systems. This is true
whether a feedforward structure or a feedback structure is adopted. In particular, excessive delays
would create a causality problem in a feedforward ANC system of a finite-length duct. This paper
suggests a multirate signal-processing approach for minimizing the electronic delay in the control
loop. In this approach, digital controllers are required in decimation and interpolation of
discrete-time signals. The computation efficiency is further enhanced by a polyphase method, where
the phases of low-pass finite impulse respofl®) filters must be carefully designed to avoid
unnecessary delays. Frequency domain optimization procedures bakkd b3, andH,, norms,
respectively, are utilized in the FIR filter design. The proposed method was implemented by using
a floating-point digital signal processor. Experimental results showed that the multirate approach
remains effective for suppressing a broadb&@d0—600 Hz noise in a duct with a minimum
upstream measurement microphone placement of 20 cm20@2 Acoustical Society of America.
[DOI: 10.1121/1.1432980

PACS numbers: 43.50.KMRS]

NOMENCLATURE C(2) digital filter of active controller

Psp equivalent primary pressure source Hq(el®) frequency response template

Psa equivalent secondary pressure source Bl electromagnetic transduction constant

Zsp equivalent primary source impedance Zy mechanical mobility of loudspeaker

Zsa equivalent secondary source impedance Ue, fe cone velocity and force

Zo radiation impedance at the duct opening

I. INTRODUCTION issue. Pure delay is usually tolerated because the waveform

) o ) ) is preserved. However, delay becomes crucial in control sys-
Active control for noise in ducts has been investigatediems, especially for ANC applications that generally involve
by researihers in the area of active noise cor#®IC) for  re|atively large bandwidth. Excessive delays could create
decade§.‘- A great majority of ANC systems to date has ¢sality problems in a feedforward ANC system of a finite
been realized by digital systerfisilthough digital systems length duct if the noise of concern is broadband and random
provide many advantages over the analog counterpart, the% nature. Causality constraint refers to the condition under
suffgzr from several design const.ra'mts. In partlcula}r, the elec\'/vhich the delay in the acoustical path is greater than the
tronic delay during analog-to-digitslAD) conversion and  gjectronic path such that the resulting controller is causal and
digital-to-analog(DA) conversion, low-pass antialiasing and pence implementable. Under the causality constraint, delays

reconstruction(or smoothing filtering has been a critical i, 1o\ sampling rate systems generally result in impractical
problem in active noise control systems. These delays alonﬂequirement on physical dimensiof.

with other inherent delays resulting from computation and ' 14 combat the delay problem in the control loop, this
transducer d_ynam|cs might pose_de5|gn constraints on A!\lgaper proposes a digital signal-processing scheme based on
systems, which could become quite severe when the applicgre myjtirate concept that is a fast growing area in many
tion of interest has strict spacelllmltatlon, e.g, active me'appIicationsﬁ.’7 In this approach, digital controllers are re-
flers for motorcycles. These design constraints apply 0 botjireq in decimation and interpolation of discrete-time sig-

feedback control and feedforward control. Specifically, €x-n4is. To enhance computation efficiency, a polyphase method
cessive delays would limit the achievable performance angl employed in filter desigh° In the multirate ANC sys-

stability margin in a feedback ANC _syste5rrCausaIity IS tem, a factor of 8 was used for upsampling and downsam-
usually not a problem for periodic signals so long as the&,jing This resampling process raises the nominal sampling

controller has a long enough impulse response to produce ”?F‘equency of controller 2 kHz to 16 kHz during AD/DA con-

properly phased cancellation filter. In conventional signalesion which significantly reduces the sample delays. As a

processing applications, delay is usually not an importang, cia part in the polyphase design, the phases of low-pass
finite impulse responséFIR) filters must be carefully de-
dElectronic mail: msbai@cc.nctu.edu.tw signed to avoid unnecessary delays. To this end, optimization
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procedures in frequency domain basedton H,, andH,, I, L I, I,
norms, respectively, are utilized in the destgn*3 | | e '|

control loudspeaker

One fundamental question may be naturally raised: Why iy noise loudspeaker | "El
not simply run the ANC system at a very high sampling rate? P —— P ——
Delay would then be low, and there would be no need for the Hou
multirate filters at all. Unfortunately, there are several subtle

points that may prohibit the use of this seemingly straight-
forward approach. First, the effective control bandwidth for
the physical system would only be in a small portion of the

ream: power
power P P amplifier
amplifier Y
A lowpass lowpass preamp.
filter filter

total frequency span. This causes an ill-conditioned eigen-

value spread and poor frequency resolution. Second, numeri @ @
cal problems may arise so that a filter with lightly damped (%™

poles may easily become unstable. Third, impractically long

taps may be needed to implement a FIR filter for very high

sampling rate operation, and the computations may not be FIG. 1. The spatially feedforward structure of ANC system.
completed within one sample. Therefore, we chose to take

the indirect approach, multirate signal processing. It was alsthe up/down sampling. Unlike typical multirate signal pro-
pointed out by the reviewer that the idea of using multirate cessing, however, these low-pass filters entail special design
or oversampling, has been applied to ANC by Brameteal.  in the context of active control, where delay within the con-
for headsets$? In their work, a digital ANC headset based on trol bandwidth has profound effects on performance and sta-
adaptive feedforward control has been developed, and theility. Another key step regarding implementation is the en-
performance measured on human subjects using helicoptBancement of computational efficiency by polyphase filters.
noise reproduced in a reverberation room. Their system denAs compared to the primitive up/down sampling scheme,
onstrated more than 10-dB noise reduction at frequencies 18here idling of CPU power arises due to redundancies such
to 250 Hz. A dual-rate sampling structure is used. The signalgs dropping of data during decimation and convolution with
at the reference and error microphones were oversampled@ero during interpolation, great saving of computations can
and the control signal computation and updating were perbe obtained by reformulating the filters by polyphase struc-
formed at a decimated rate. This technique reduces the deldyres. These implementation techniques are not trivial but
in the control path by increasing the sampling frequency ofXtremely important to a properly functioning multirate sys-
AD and DA converters and, at the same time, permits théem. Without handling these crucial steps Correctly, the Sys-
low-frequency performance of the FIR filter to be improved.tem may result in poor efficiency and even failure of perfor-
This paper is based on the same motivation, but differenfnance.

from the work of Brammeet al. in the following aspects. The proposed method was implemented by using a
First, the nature of the problem in this paper is quite differenfloating-point digital signal process@bSP). Experimental
from the headset problem. The problem investigated in thigesults indicated that the multirate approach is effective for
paper is a one-dimensional duct problem where the complexduppressing broadband noise in a spatially feedforward duct
ity of its plant dynamics is much higher than the zero-ANC system. Some technical considerations involved in
dimensional headset problem. Second, the ANC structure explementation will also be addressed in the paper.

amined in this paper is the spatially feedforward structure

with strong acoustic feedbadlkrom the actuator to the up- Il. EFFECTS OF DELAY ON A SPATIALLY

stream sens@rAcoustic feedback creates a undesirable posi-FEEDFORWARD SYSTEM
tive feedback and may destabilize the system, which calls for ~ The ANC system chosen for investigation in this work is
different controller design than the headset problem. In headhe spatially feedforward structuté for ducts, which has

set problems, acoustic feedback is virtually negligible andbeen a prevailing ANC structure in that it can be used when
conventional filtered-X LMS is sufficient. On the other hand,a nonacoustical reference is unavailable and broadband at-
the significance of delay to the spatially feedforward systentenuation is desired. In what follows, only key results rel-
is examined in the paper. How to reduce delay becomes avant to the discussion are presented and detailed derivations
critical issue due to the causality constraint imposed by thean be found in the literatut®and are thus omitted for brev-
feasible physical dimension. Third, in the paper details ofity.

how one would implement the multirate scheme are pre- Figure Xa) depicts a duct ANC system with spatially
sented, and the effectiveness of the approach with regard feedforward structure. In this structure, an upstream micro-
physical dimension is quantitatively evaluated. As pointedphone is employed to measure the sound field near the pri-
out by Brammeret al, electronic delay can be reduced by mary noise source. The signal from the upstream microphone
running 10 operations at a high sampling rate, while per-is fed to the controller, which produces a control signal to
forming computation at a low sampling rate. However, cau-drive a downstream control speaker that generates an anti-
tions must be taken to implement this idea properly. Twofield to interact with the primary noise field. The goal of
digital low-pass filters are needed to eliminate the artifacts iractive control is to minimize the residual noise downstream
the decimation and interpolation processes. Without thesef the control speaker. The definitions of symbols can be
protection measures, one might get erroneous results frofiound in the Nomenclature and Ref. 15.
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TABLE I. The electro-mechanical parameters of a moving-coil speaker. Impulse Response

Electro-mechanical constants

My 13.83 g

Ru 1.3 ohms

Cw 874 um/N

R 6.88 ohms

L 0.68 mH g
BI 4.85 T-m g

Munjal and Erikssotf derived the ideal controller ca-
pable of achieving global noise cancellation downstream of

the control source in a finite-length duct -4 : ‘
(o] 0.01 0.02 0.03 0.04 0.05
7 efjkli Time (sec.)
sa
C=—<|7=5=2%|=Co Cr, (1) ; !
Yoll—e Ik FIG. 2. The impulse response of transducer dynamigscg -

whereZg, is the equivalent acoustic impedance of the con- h I d d . d
trol source,Yo=c/S is the characteristic impedance of the "EPresents the overall transducer dynamics, wg@ndg,

duct,c is the sound spee&is the cross-sectional area of the de_note the constant_ gains of t_he power amplifier and the
duct,k is the wave number, arldis the distance between the mlcrqphone, respectively, ar; is the frequency response
upstream measurement microphone and the control sourcfé‘.nCt'on of the speaker

In Eq. (1), Co=—Zs,/Y, is a function of the finite imped- Bl

anceZ,,, which depends only on the electro-mechanical pa- Gs:m- 6)
rameters of the control source. On the other ha@d, )

=g IKlij1—e~2Xli takes the form of the so-callaepetitive Inspection of Eq(3) reveals that the transducer response

controller” Due to the infinite number of poles on the Must compete with the propagation detay!: in the acous-
imaginary axis, both frequency response and impulse relic path. More pr.eC|ser, the condition HTS.er which the re-
sponse of the ideal controller exhibit patterns of comb-typecPUlting controller is causal is that the teem’™i/ Gypcg must
periodic peaks &f=c/2l;,At=2l,/c). The fundamental be causal. This is an important causality constraint one must
reason for the repetitiveness is essentially rooted in th@bserve, particularly for the spatially feedforward structure.
acoustic feedback. Omlttlng the Constantgp, Om> and YO in Eq (4),

In the course of analysis, we shall develop some physiGxocr can be written as a third-order system
cal insights into the causality of the ANC system by exam- G, ..~ (BIRyCyS)/[M yRyCuwLS®
ining the aforementioned ideal controller. It is observed from 5
Eq. (1) that the implementation of the ideal controller re- +(CuL +MyRuCuR)s
quires the knowledge of the control source impedadge 4 (CuR+ Rul + B212RyCri) S+ RuR 6
In what follows, Z, will be expressed explicitly in terms of (Cw M oM 2 M 1o ).
the electro-mechanical parameters of speaker. DetailethereMy, Ry, Cy are mechanical mass, viscous damping,

analysis will show thaZ,, can be expressed'as and mechanical compliance, respectively. For example, we
L ( L 522 can use the data in Table | and plot the impulse response of

7 -~ |y _ @) Gyxpcr, @s shown in Fig. 2. The first peak is at 0.3 ms, which
s ps?lzy  R+jOL amounts to 0.6 delay samples at 2-kHz sampling rate. Using
this as a criterion of transducer delay, the length of the duct
must be greater than 343 mfat 20°Q X 0.3 ms=0.103 m
to meet the causality condition.
In addition to transducer delay, other types of electronic

whereR is the total equivalent resistance of the cails the
equivalent inductance of the coBl is the coil constantzy,
is the mechanical mobility, an@ is the analog frequency in

rad/s. In the expression of E(®), Zs, depends solely on the delay include all possible delays in the antialiasing/

speaker paramete®, L, and Bl that can be identified in smoothing filters(denoted assg), AD/DA conversion, and

8 i i -
e e o e oo e b on-Saple processing e compuaions ar
’ ompleted within one samplewhere the last two terms can

i;ctir (tj)t/rr:amlcs Itt{:lken mtto alllccqunt, it has been shown in Rege lumped into a single terd . These delays, together with
atthe resufting controfler 1S the group delays of transducer and the digital contrdtier

1 e ki noted asdy and 6y, respectively, constitute the total elec-
C'=- GXDCR(l_erin , (3 tronic delay
v The electronic delays are summarized in Fig. 3. The trans-
0 : " . .
Gxocr=(0pInGs) o (4) QUcer delaydy is estimated according to t.he first peak of the
sa impulse response of E@6). The analog filter delay can be
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SwOdigital controller ]
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FIG. 3. The elements of electronic delay.

(b) DSP
estimated bysg=n/8f., wheren is the filter order and  is

the cutoff frequency? The one-sample delay and the AD/DA .
delay together can be estimated 8y=A®/360Af, where
@ is the unwrapped phasi degreesof the DSP frequency
response in “echo” operation.

A formal statement of the causality constraint on the
spatially feedforward ANC system can now be written as

Oa= I, (8) © DSP

where the acoustical dela§,=1;/c, |I; being the distance FIG. 4. The structures of implementation for a duct ANC systé@nThe
between the upstream microphone and the control Speakéﬂnventiona_l structurelp) the original multirate structurdr) the multirate
Violation of the causality constraint, i.e., the electronic delay>"c!U"e using polyphase representation.

is greater than the acoustical delay, will result in a noncausal

controller. An optimal causal approximation to a noncausal||. MULTIRATE SIGNAL PROCESSING BY

controller may well exist theoretically and converge to thePOLYPHASE FILTERS

Wiener filter solutior?® However, in practice, violation of

causality would give rise to performance degradation of an  To reduce electronic delay, this paper proposes a digital
ANC system, depending on the degree of violation. For thesignal-processing scheme based on the multirate concept. In
compensators to be implementable, the acausal part must B&is approach, only inexpensive analog filters with high cut-
truncated to construct FIR filters. Physically, the causalityoff frequency, e.g., 8 kHz, are required. To enhance compu-
constraint sets the minimum length of duct for which randomtation efficiency, a polyphase method is employed in filter

noise can be effectively canceled design. This technique reduces the delay in the control loop
by increasing the sampling frequency of AD and DA con-
(1) min=C & (9  verters and, at the same time, permits the low-frequency per-

formance of the FIR filter to be improved.
Therefore, a system with large electronic delay will generally ~ The block diagram of a conventional ANC system is
lead to impractical length of duct, especially when the samdepicted in Fig. 49). The system generally suffers from ex-
pling rate is low. For example, the sampling rate is selecte¢essive electronic delay, especially for low sampling rate
to be 2 kHz in our experiment, rendering an estimated elecand/or low filter cutoff frequencies. It may create a causality
tronic delay of 4.3 samples. This corresponds to a minimaproblem in the ANC system, particularly for the control of
duct length of 73 cm. From the delay components listed irbroadband random noise where upstream microphone spac-
Table 11, it can be observed tha@t and éy contribute most ing is limited, such as short ducts. It is then highly desirable
significantly to the overall delay. Given a length limitation of to minimize, whenever possible, the group delay in the elec-
a duct, one must strive to minimize the electronic delay intronic path. To this end, an ANC system based on multirate
order to meet the causality constraint. To this end, a multirateligital signal processing is developed in the work. The gen-
signal-processing technique is developed in this work foreral idea of the multirate ANC system is depicted in Fig.
reducing the delays$g and ét. 4(b). In the new structure, the sampling rate of AD and DA

converters is raised to a much higher rate, 8&y, with M
TABLE II. The elements of electronic delay measured in samptesa being the deCImatlon_ faCtO_r' The continuous-time sigr(&) .
2-kHz basis. from the sensor is discretized by an AD converter at a high
sampling rate, filtered by a low-pass digital filter, and deci-
Conventional implementationMultirate implementation  mated by a downsampler. The signal is then processed by a

Delay elements (samples (samples low sampling rate {J) digital controllerC(z) to produce an
5y 0.6 0.6 output signal that is in turn interpolated by an expander to
¢ 2.2 0.3 the high sampling rateVl f. In this paper, a fixed controller
o 15 0.7 C(2) is synthesized for the spatially feedforward duct prob-
Total delay 4.3 1.6
lem. The frequency response samples of the controller are
3ncludes the delay of digital LPF0.1 samples. calculated by using Eq3). Then, the discrete-time transfer
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minimizing the filter length. In terms ofl;, H,, andH,,

lowpass filter N norms, the optimization problem of the filter design can be
) i _1,, M ML Folr) = X(nb) written as follows*?

(@ K-1
min | X, h(k)e i°k—H4(el®) , (11)
h(k) e Rl k=0 125
lowpass filter
xn) —pf LT fﬁig;:nu x(n) where|| || denotes the normy is the digital frequencyK is

the tap length of the FIR filteR(k) is the impulse response

(or the filter coefficientsof the FIR filter, andH 4(€'®) is a

FIG. 5. The decimator and the interpolat@) Decimator for sampling rate  low-pass frequency response template. The objective here is

reduced by a factoM; (b) interpolator for sampling rate increased by a to find the filter coefficientdi(k) such that the “difference”

factorL. (measured by 1, 2, or norm) between the desired and the
resulting frequency responses is minimized. Globally opti-

function of the controllelC(z) is obtained simply by curve- mal solutions exist for these problems because they all fall

fitting the frequency response samples, using NiAELAB into the class of convex problent&!®

commandinvfreqz The details of implementation can be The optimization problem of Eq11) can now be solved

found in Ref. 15. The upsampled signal is low-pass fi|tel‘echumerica||y by subroutinefminu (1 norm and 2 normand

before DA conversion into the continuous-time actuating sigminimax (= norm) in the MATLAB optimization toolbox3

nal u(t). It is noted that, in this multirate scheme, hardwareAmong these, theH, optimization problem can also be

complexity and the associated delay are reduced becauselved via the least-square method. Express the desired fre-

low-pass filtering is all done by software and analog low-quency response into a FIR form

pass filters are no longer needed. Efficient implementation of

the interpolation and decimation filters forms the basis of a K-1

delay-reduced ANC system. Optimization methods can be Hy(z)= E h(k)z k. (12

utilized to calculate the filter coefficients, as will be detailed k=0

in the next section. In addition to the reduction of hardware

complexity, the AD/DA delay and the one-sample computa-Substituting the frequency samples-e/“r, n=1,2,...N, in
(12) leads to the following linear system of equations:

tion delay are almost negligible because the critical processé%q'
are operated at a much higher sampling rate, hence the sav-

ing of &1 and 8. Hd(eiwl) e jo1X0  gjorxl . gmjerx(K=1)

As a final touch, computation efficiency of the multirate | H (e 2) g Jw2x0 g joax(K=1)
ANC system can be drastically enhanced by polyphase fil : = : :
ters, as shown in Fig.(d), where the decimation factdvl H (éin) %0 tox1 i X Kot
and the interpolation factok are identical. Note that the d e lon 0 grlonxt .. gTlenx (=D
decimation filter and the interpolation filter both contain de- H(0)
lay chains that function essentially as rotating switches. h(1)

: (13

IV. FILTER DESIGN BY FREQUENCY-DOMAIN h(K—1)

OPTIMIZATION

The decimation and interpolation processes in the foreln matrix notation, Eq(13) can be written in a more compact
going multirate ANC system involve the design of two digi- form
tal low-pass filters. In order to avoid aliasing in downsam-

pling by a factor ofM, a low-pass filter is required with a b= Ax. (14)
cutoff frequency
The least-square solution of E(L4), corresponding to the
on<m/M, (10 H, optimization of Eq.(11), simply reads
as illustrated in Fig. &). If the discrete-time inpuk(n) is
filtered by such a filter, then the outpxtn) can be down- x=A"Db, (15

sampled without aliasing. Such a system is called a decima-
tor. On the other hand, to reconstruct the sequence by upsamwhereA™ =(AHA) "1, AMb being thepseudoinverse of A.
pling with a factor ofL requires another low-pass filter with To end this section, an important point regarding how to
cutoff frequencyr/L and gainL, as shown in Fig. ®). Such  choose the desired filter response for multirate implementa-
a system is called an interpolator. In general, FIR filters argion needs to be addressed. A common practice in multirate
employed as the low-pass filters due to the fact that they arsignal processing is to employ low-pass filters with linear
inherently stable. phase property, where waveform distortion is the only con-
To further improve the computation efficiency, optimi- cern. Unfortunately, such an approach did not work for our
zation techniqués in frequency domain are developed for ANC application because of the undesired group delay intro-
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g 005 \y\:\ ] impulse response. The filter obtained frdfy optimization
' \ i ‘ has larger phase shift at high frequency than the other filters.
e — b
005 1
o ‘ ‘ ‘ . ‘ , ‘ | V. EXPERIMENTAL INVESTIGATIONS
o 5 10 15 20 25 30 35 40 .
(b) samples(n) Experiments were undertaken to compare the perfor-

mance of spatially feedforward duct ANC systems with and
without multirate implementation. In addition, the effects of
different optimal filter designs on the control performance
are also examined. A wooden duct of length 440 cm and
duced by the filters. Instead, we selected the templeigs Cross section 2825cm was constructed for the experi-
with minimal phase shifts within the passband. The besments. If the control loudspeaker is oriented like Figa)7
compromise between the stopband roll-off rate and the pashe controller frequency response is expressed ag3tgin
band phase shift must be sought to choose the template. \fhich an infinite number of poles will be present on the
there is not enough stopband roll-off, an aliasing prob|em'maginary axis as a result of acoustic feedback. To mitigate
will arise. On the other hand, increasing the filter roll-off will the acoustic feedback, we faced the control loudspeaker to-
increase phase shift and degrade the performance. Once @@ards the opening of the duct, as shown in Fig)7A
appropriate template is chosen, it can be amended to theractical loudspeaker differs from an ideal one-dimensional
aforementioned optimal filter design procedure. omnidirectional point source. In this configuration, Eg)

The model-matching criterion described in Efjl) isa  should be modified into
general-purpose frequency-domain FIR filter design method. 1 (

FIG. 6. Comparison of optimal filter designs usiffy, H,, H., norms,
respectively.(a) The frequency responsed) the impulse responses. tem-
plate (—), 1-norm(---), 2-norm(- - -), ©-norm (—-).

— Kl

It is a simple technique that enables one to find the filter C'= 1—TDe‘2”<'i)’
coefficients in an optimal fashion, given the frequency re-
sponse specification. Different from FFT-based methods, thisshere|D|<1 signifying the “directivity factor” of the trans-
approach does not require the numbers of frequency samplésicer, which is generally frequency dependent with increas-
and filter coefficients to be equae generally want the ing attenuation as frequency is increased. Such an approach
latter as small as possibleln this work, the frequency- would effectively reduce the repetitiveness of the controller
domain optimization technique is employed to design bothimpulse responsébecause the poles are moved away from
the low-pass filters required in decimation and interpolatiorthe imaginary axisand improve the performance as well. An
processes, and the ANC filt€(z) as well. That is, the filter extensive investigation on this technique can be found in
templateH,4 can be low-pass filters d€(z), depending on Ref. 22. A TMS320C32 DSP equipped with four 16-bit ana-
what one is after. log 10 channels is utilized to implement the controller. The

An example of the optimal filter design is shown in Fig. sampling frequency is chosen to be 16 kHz. The up/down
6. From the results, it can be observed thatltheandH,, sampling factor is selected to be 8, rendering a nominal sam-
filters have similar trends in both frequency response angling rate of 2 kHz for the digital controlle€(z). Consid-

— 16
Gxpcr 18
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ering the cutoff frequency of the du¢approximately 700 80
Hz) and the poor response of the control speaker at low
frequency, we chose as the control bandwidth 200 to 600 Hz
It is noted that the delays introduced by the multirate low-
pass filters have been compensated by a simple “preview”
proceduré® in implementingC(z) as follows:

magnitude(dB)

(@ Measure the frequency response of the DSP in the
“echo” mode (with only AD/DA conversions and the
multirate filterg, and estimate the effective deldin
samples by N=A®/360TAf, wheref is frequency(in #% 100 200 300 400 500 600 700 800
Hz), @ is the unwrapped phad@ degrees andT is (@) frequencyz)
the sampling period.

(b) Compensate the controll€¥(z) by multiplying its fre-
quency response with expiN). 0

(c) Calculate the discrete-time transfer function of the
compensated controller by using tiietLAB command
invfreqz This would effectively “phase-lead” compen-
sate the controller by a phase shifft A®/180Af. Itis
also tantamount to advancing the impulse response o

!
500 F M

1000 [17
:

phase(degree)

500

the controller; hence the name preview. -2000
The active noise controller of E§3) was implemented 2800 e 200 300 400 500 600 700 800
on the platform of the above-mentioned hardware system(® frequency(Hz)

The distance between the upstream measurement micrc
phone and the control speaker is 2.8 m to avoid any causality
problem.

In order to examine if the multirate approach is an ef-
fective method for designing low-speed digital filters in con-
junction with high-speed 10 channels, an experiment is con-
ducted for comparing the conventional low sampling rate
method and multirate rate method witth, optimal filter.
Figure 8a) shows the experimental results obtained from
DSP implementation of both methods. Good agreement cat
be found in the magnitude response within the control band-
width 200—-600 Hz. However, the phase response deserve
more explanation. At low sampling ra{@ kHz), the 10 de- . . , ‘ ‘ ‘
lay (87) of the conventional implementation is approxi- o 20 250 300 3%0 roqu :rf’fy(Hz) 450 500 8%0 600
mately 1.5 samples. The controller must be advanced using
samples previewed by 1.5 to compensate for the delay. BFIG. 8. The experimental results of comparison of ANC systems with and
multirate implementation, where the sampling rate is raisedvithout multirate approach, usirid, optimal filter. (8) The magnitude re-
to 16 kHz, the 10 delay can be reduced to only 0.7 sample ;’g}ses of ;ﬁ{ﬁ”ﬁﬁzi:;i Ehiie(gﬁﬁgrfﬁscOgecr?;"nf(,f:g;hc%lﬁtrrglug'f}

(on a 2-kHz basis The controller is then previewed by 0.7 (_): control on, without multirate: --): control on, with multirate(——)].
samples to compensate for the delay. These two compensated

phase responses are shown in Figh)8Good agreement can |,y the multirate low-pass filters have been compensated by

be seen in the phase response within the control bandwidtfpq preview procedure in implementir@(z) that are opti-
200-600 Hz, while the discrepancy below 200 Hz could bey )y designed for each test case in the table. As indicated in
due to the poor signal-to-noise ratio outside the band. the results, the multirate approach is able to provide better

“An experiment is then undertaken to compare variouserformance with less hardware complexity than the conven-
optimal filter designs used in multirate implementatid®

kHZ)' The result of the conventional low sampling rate TABLE IIl. Summary of ANC performance for conventional and multirate
implementation (2 kHz) is also included for reference. implementationsi(=2.8 m).

Broadband random noise is used as the primary noise. Vari
ous systems are implemented by this scenario: the first case Sampling 10 delay on  Maximum  Total
is the conventional ANC without multirate implementation, rate  DSP(ZkHz) attenuation attenuation

power spectrum(dB)

. . ; Method (kHz) (sampleg (dB) (dB)
while the next three cases are multirate ANC whth, Ho, .
H.. optimal filters, respectively. The experimental results areconventional 2 15 15.3 4
. . P - : Multirate H, 16 0.4 16.8 6.6
shown in Fig. &). Significant attenuation of noise has beenMuItiralteH 16 0.7 171 76
obtained throughout the control bandwidth. The results ar@numrateHi 16 07 152 73

also summarized in Table Ill. Note that the delays introduced
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TABLE IV. Attenuation versus distande for conventional and multirate implementations uskgfilter. The
word “ineffective” in the table refers to the case where no attenuation was observed in the experiment.

. The distancd; between upstream sensor and control so(cos
Implementation

methods 80 65 50 40 30 20
Conventional 5.4 dB 1.8dB ineffective ineffective ineffective ineffective
Multirate 6.8 dB 6.5 dB 6.3 dB 5.2 dB 2.5dB 1.2 dB

tional implementation. The multirate structure based on thé&/I. CONCLUSIONS
polyphase representation achieves not only reduction of elec-

tronic delay but also enhancement of performance of th?his
ANC controller. In particular, the multirate ANC withi,
optimal filter appears to yield the best performaritatal
attenuation 4.8 dB and maximum attenuation 17.3. dBus,

This paper suggests three potential contributions. First,
work represents the first application of a multirate ANC

system to duct problems. Second, the significance of delay to
the spatially feedforward system with strong acoustic feed-
rFl::ack is thoroughly examined in the paper. Third, details of
. . . : ow one should implement the multirate scheme in the con-
the multirate ANC withH, optimal fifter. text of ANC applications are presented, and how effective

h 'ﬁ‘t T'Sfpot:m’t or;el quetitl?hn ,\[N'" na_turagyl/ atnse. \é\_/hat 'E the approach would be with regard to physical dimension is
c Imtlh or s If[).r Eis €ng ha' o?he IS at_e” 0 fac d:ceve gquantitatively evaluated. A detailed analysis of causality for
using the muftrate approach n the spatially feediorwar spatially feedforward ANC systems reveals that electronic
duct ANC system? On the basis of the delay estimation proaelay dictates the minimal upstream measurement micro-
cedure depicted in Fig. 3, the total electronic delay is esti- : .
AR . hone spacingd; . A multirate approach has been developed

mated as 1.6 sampléwith details presented in Table)lTo b pacing, - bp velop

o . iln this work for reducing the electronic delay in the control
ensure a causal controller, this in turn renders the minim

L . . a1oop. Analog low-pass filters were replaced by direct deci-
lengthl; =23 cm, which is a remarkable improvement owing mation and interpolation, through the use of digital filters.

qu t?el Ic(())njl(ljera_tla_le'reguct:rc:n w;)the &nalogt.flltler d%l.ai/. aNCrhe computation efficiency is further enhanced by a
'gita elay. To justify the above theoretical prediction, polyphase representation, where the phases of low-pass fil-

the experiment is repeated fiye= 80, 65, 50, 40, 30, and 20 ters must be carefully designed to avoid unnecessary delays.

cm, respectively. The results are summarized in Table lVFrequency domain optimization procedures basedHgn
Both the conventional approach and multirate approach with '

the H timal filter h duced att i 80 H,, andH,, norms, respectively, are utilized to facilitate the
e H, optimal filter have produced attenuation figr= . IR filter design. Experimental results demonstrated the ef-
and 65 cm. However, for shorter lengths the convention

. . _Tectiveness of the multirate approach in suppressing a broad-
method begins to lose performance, whereas the multira bp PP g

; T . tSand random noise in a spatially feedforward duct ANC sys-
r_nethod remains effectwe n ach|ey|ng br(_)adpand attenuat-em_ In particular, theH, design yielded the best results
tion, as shown in Fig. 9. The word |n.effect|ve in the taple because it has the smallest phase shift in low-pass filtering.
refers to the case where no attenuation was observed in the However, some possibilities remain for improvement of

expenmer;]t. For EreVIty, 0:"3& ﬂ:ﬁ resul;ts fge=50 Zn? 2_0 tthe proposed techniques. For instance, better FIR filter de-
cr?:hzzre shown. I S ?ﬁpec €d, the periormance deteriora esﬁgn should be sought, concentrating on the vicinity of cutoff
with decreasing fength. where distortions are likely to arise. The up/down sampling

factor (currently 8 should be increased to further reduce the

" ‘ ‘ ‘ ‘ ‘ : delay. The active controller was implemented as a fixed digi-
tal filter in this paper. However, in an adaptive system, this
35 4 multirate technique can be highly useful. On the basis of this

work, these aspects shall be explored in the future research.
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