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A Generalized Approach to Modal Filtering for
Active Noise Control—Part II: Acoustic Sensing

Simon G. Hill, Scott D. Snyder, Ben S. Cazzolato, Nobuo Tanaka, and Ryoji Fukuda

Abstract—Scaling laboratory-sized active noise control systems  While the above approach to sensing system design works
into industrial-sized implementations is a difficult exercise. wellin the laboratory on simple structures, it is difficult to apply
Problems relating to sensing system design account for somey, yractical problems. Current design methodologies require de-

of the difficulty. In the first part of this paper, an alternative . -
approach to sensing system design was presented where acoustitdiled knowledge of the target structure to construct the acoustic

radiation patterns are decomposed using fundamental acoustic POWer expression at the heart of the process. The techniques ex-
quantities, rather than structural modal based quantities. In this plored to date are explicitly vibration-based, to be used with

paper, the approach is tackled in the acoustic domain instead of vibration sensors and actuators, and have not been applied to
structual vibration. The technique has_been simulated_ in the time acoustic sensing arrays. This greatly limits the scope of appli-
and frequency domains using acoustic sensors and implemented __ . -

experimentally. cation of the teghnlqueg.

The aim of this work is to overcome these problems through
an alternative sensing system design strategy, formulated in the
acoustic space as opposed to on the surface of the structure. Re-

HEN approaching the development of an active contréérring to Fig. 1, a set of modal filter weights will be derived
system for a given structural acoustic radiation problert facilitate reduction of a large array of acoustic sensor signals

two design ideals are 1) to be able to measure, and so attenuiate, a much smaller number of outputs that accurately reflect
an error criterion that is directly related to a global quantity suche global quantity, acoustic power. This greatly reduced set of
as acoustic power or energy and 2) to minimize the numbergi§nals can then be easily incorporated into a practical control
input signals that must be handled by the controller. The formgystem, where the unfiltered, large array of raw acoustic signals
ideal may lead to the greatest levels of global disturbance abuld not. A sensing system in the acoustic domain expands the
tenuation [1], while the latter will minimize the complexity andscope of application to free-space radiation from both compli-
maximize the speed of the control system [2]. These ideals ofteated structures and nonstructural sources such as duct outlets
come into conflict. by removing the need for knowledge of structural information

In an attempt to reconcile the two ideals above, many actigach as mode shapes, while providing the flexibility to use ei-
control researchers have turned their attention to variantsthér vibration or acoustic actuators in the problem.
modal filtering. In modal filtering [3]-[9], the aim is to resolve  What will be presented here is an abbreviated derivation of
global quantities, traditionally the amplitude of structurahe fundamental modal filtering problem. Some of the detailed
modes, from a large number of point sensor measurememtgionale and development of the theory has been presented else-
While free space sound fields do not have any true modes, itvgere [17], [18], and so will not be repeated. Of chief interest
possible to mathematically express the acoustic power radiatgd a number of practical issues associated with implementation
from a vibrating structure as the sum of contributions fromf the sensing system scheme in the time domain, as will be re-
orthogonal combinations of structural modes [1], [4], [10]-[15qjuired in a practical setting. Simulations of the sensing system
or structural elements [16] by expressing acoustic power agige a novel time-domain approach and will be supported by ex-
quadratic function of modes or elements and calculating therimental results.
eigenvalues and eigenvectors of the expression. The eigenvec-
tors effectively take on the role of modes in the modal filtering [I. THEORETICAL OVERVIEW
exercise, hence, the term "radiation modes” [16].

. INTRODUCTION

For systems of interest here, the global performance measure
J can be expressed as a quadratic function

_ T
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32 sensors evenly distributed at
each of ¢ = 109, 209, 30° and 400

128 sensor
signals

Modal filtering to resolve
multipole amplitudes

i A

1-8 signals (resolved constant radius

multipole amplitudes)

W
AN Apply weightings
" |(frequency-dependent)

estimate of

acoustic power vibrating structure

Fig. 1. Example sensing system.

ated acoustic power, in terms of some fundamental, “mode-likderived from a set of acoustic pressure measurements using a
guantity. This provides the basis for a modal filtering problenmodal filtering operation

In previous work, the goal has been to derive a performance

measure in terms of a state vecgarontaining structural modes a=¥""p (5)

[1] or structural element [16] velocities, which can be measuredh T-listhe i trix of t fer functi bet
using vibration sensor data. where is the inverse matrix of transfer functions between

Consider a planar structure in an infinite baffle subject to ha‘ihe multipoles and measurement locations piithe vector of

monic excitation and radiating into air, as shown in the Con(f_olmplex Fres?urt(:] at thekrr_1easur_emdetr)1t Fo'n:ﬁ dal filteri
panion paper [18, Fig. 2]. The acoustic pow&r radiated by n practice, Turther work Is required betore the modattiitering

this source can be evaluated by integrating the far-field acous?t"@tem can be !mplemgnted [18]. First, the weighting ma4_r|x
intensity over a hemisphere enclosing the source. Using the (3) must be diagonalized to ensure that each of the multipoles

ometry of [18, Fig. 2], acoustic power can be written as an independent component of acoustic power. This is accom-
’ ' plished via an orthonormal transform [18]. Second, the terms in

2w /2 2 the modal filter matrix® —! in (5) are often frequency-depen-
_ P 2 :
W= / / |r|* sin §dfdp. (2) dent [5], [9]. For practical reasons, these should be frequency
s 70 independent; what is desired is to multiply each raw acoustic
In (2), p(r) is the acoustic pressugeat some locatiomr in ~ pressure signal by some scalar quantity and sum the results to
space, with the location defined by the spherical coordinatégrive a given multipole amplitude, something that is only pos-
r = (r,0,¢). The termsp, andc, are the density of air and sible if the modal filter weights are frequency independent. It is
speed of sound in air, respectively. possible to separate the modal filter weights into a frequency de-
The expression in (2) is in the desired form, but would requiRendent component and one approximately frequency indepen-
an infinite, or at least large, number if pressure measuremeritent [18], and move the frequency dependence entirely into the
However, as described in the companion paper [18], it is po&€ighting matrix. Performing these operations, acoustic power
sible to re-express pressure as a function of multipole radiatié@n be restated as [18]
patterns, similar in concept to expressing vibration as a function oo 1y H .
of modal components. Doing this, radiated acoustic power can W=xp {‘I’n } ANY, p. (6)
be approximated and written in matrix form as

2poco

This is in the form of (1) wherg = ¥, 'p andA, = Axy.
~ o H The expression for acoustic power in (6) is the ideal starting
W=a"Asa ©)) ) .
point for control system design. The system stgtage now ex-

wherea is the vector of acoustic multipole amplitudes ahgis plicitly the product of_a set of acoustic pressure measurements
a square weighting matrix, tHe, j)th term of which is defined NP and a frequency-independent vector of modal filter weights

by ¥ -1 This is the sensing system part of the problem. The diag-
onal, frequency-dependent weighting matAix; is ideal for a

o 2r /2 VH (r);(r) . range of control system design approaches. It is also ideal for

Aq(i,j) = /0 /O WY’FSm fdfde  (4) a control reduction exercise, as it will show that some of the

system states are far more important at a given frequency than
where is the radiated transfer function between the acoustithers [18]. Physically, the terms iy are equivalent to radia-
multipole volume velocity and acoustic pressure at a poitibn efficiencies for the multipoles used to decompose the pres-
in space. The vector of acoustic multipole amplitudes can bare measurements. It is intuitive that some multipoles, such as
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Fig. 2. Simulation procedure.

where the components are all in phase, have a high radiationsgf-is the system output vector
ficiency, while others, such as where half of the monopole com-

ponents are in phase and the other half out of phase, have lower v, = Yn (n=12..)
radiation efficiencies. More detail is provided elsewhere [17], " Un N
[18].

The remainder of this paper will focus on developmen&nd matricesA,,, B,,, C,,, andD,, defined as
implementation, and quality assessment of a practical sensing

system to provide the state measurementss ¥ 'p. The A, = [ 0 5 1 ] , n=12,...
development will be unique in its application to an acoustic —wh —20wn
sensor array. Bn:[;\]y }, n=1,2,...
[ll. SENSING SYSTEM SIMULATION Cin=[1 0] Cp,=[0 1], n=12,...
The technique described in Section Il implicitly assumes D, =0 (7)

that complex (number) pressure measurements are available ) _ _

for the decomposition process. If this approach was to uderen is the modal index an@, ., denotes th& matrix for

vibration measurements, then, provided that the struct@OCity asanoutputan@s,, for displacementy is the modal

was lightly damped, this requirement could be simplifief'ass of the structurey, is the natural frequency of theth

to positive or negative real values. However, in the acoustieode is the damping ratio, andl,, is the mode shape function

space, the phase difference between sensing points is not ¥yg€ for thenth mode at the inputi matrix) and measurement

to combinations of modes vibrating in or out of phase, plgcation C matrix). The total structure vibration model is built

rather propagation delays between source(s) and sensoMB)ffom multiple modes in parallel.

Implementation in the frequency domain to obtain complex adiation from a planar, baffled structure, with the geometry

numbers is not computationally viable with tens or hundreds 8fOWn in Fig. 2 of the companion paper, is governed by the

sensors, and simplification in the time domain to remove tfialeigh integral. If a far-field measurement point is considered,

complex number constraint requires examination. the radiation transfer function between pressure and velocity
Simulating the acoustic radiation from the structure involveé@n be expressed as a time-domain transfer function

two steps: simulation of the structural vibration in response to

the force input., fol]oweql by simulgtion of rad?ation .into free spoLoLy . (=1)Mre=sTa _ 1

space. Shown in Fig. 2 is an overview of the simulation procé&rada(n,r) = o Mo N.73¢ ° 3

dure. In the time domain, vibration of a single structural mode e (ﬁ) -1

is governed by the state equation

(=1)Nne=sTs — 1

T =Ax + Bu 5 \2 (8)
y =Cz + Du (ﬂ) -1
whereu is the input force wherer is the distancep, is the density of air.,, and L, are
the dimensions of the panel, add, and N,, are thenth modal
[ o indices in thex andy directions, respectivelyl’ = r/cq is
w= f(t) the acoustic time delay between the structure and the point of
interest in the acoustic spacg, is the additional delay term
T, IS the system states due to the expanse of the panel in thdirection
z:[m] (n=1,2,..) T, = Lesinfcosg )
Tn Co
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TABLE | 160 T ' ’
STRUCTURAL RESONANCESBELOW 250 Hz FOR THETEST PANEL
140
Mode Resonance
Frequency (Hz) 120
1,1 33.0 100
o
2,1 53.1 z
S 80
3,1 86.6 s
1,2 111.8 60
2,2 131.9 40
4,1 133.5
20
3,2 165.4
5,1 193.8 0 56 100 150 260 250
Frequency (Hz)
4,2 2123
1.3 2432 Fig. 4. Eigenvalues of the weighting matri4, plotted as a function of
i ) frequency.
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‘o Fig. 5. Sound power radiation from the plate in simulation.
The exponential terms in (8) can be efficiently approximated
using a Padé approximation. The order of the approximation isThe modal filtering parameters for the simulation problem are
important for an accurate estimate. derived on the basis of radiation patterns from multipole com-
As outlined in the introduction, the aim of the methodologbinations of eight monopole sources, arranged similar to [18].
developed here is to produce a sensing system that balancedthie various combinations are described in detail in [18], how-
design ideals of global error criterion measurement with a miever, there is a slight difference in this case where the multipoles
imum of input signals to the control law and/or tuning algorithnpositions have been chosen to be evenly distributed across the
without knowledge of the mode shape functions or other stryglate, as illustrated in Fig.3.
tural information (if, indeed, the noise souiisa structure). To  Referring back to Fig. 1, the simulated sensing system con-
assess, in simulation, the quality of the approach described héams 128 microphones evenly spread over the rdfge of ¢
the sound power radiated by a simple structure will be comparatkeach off = 10°, 20°, 30°, and 40. The sensing grid location
to the estimates of this global quantity from using the moda chosen to be in the far field at a radius of 10 m.
filtering arrangement. These comparisons will provide severalThe most straightforward approach to overcoming the re-
insights into where the sensing system design approach will ¢pgirement of complex number acoustic pressure measurements
applicable and how the range of operation can be extended.is to place all acoustic sensors on the same radius from the
The simple structure used in the simulation is a rectangulanise source and then assume that the pressure signal at all
steel panel, dimensions 1.2120.612 mx 0.004 m. The sensing locations is either in or out of phase (i.e., force the
panel is lightly damped, with a damping coefficignt 0.005 phase to be either “positive” or “negative”), ignoring smaller
and excited at (0.256, 0.356). The frequency range of intergstiations between individual sensors. Working through the
is up to 250 Hz. There are 10 modal resonances in this rangegblem, this is not exactly correct. For example, the acoustic
as listed in Table I. pressure signal between two “positive” sensors might differ by

Authorized licensed use limited to: IEEE Xplore. Downloaded on October 13, 2008 at 20:49 from IEEE Xplore. Restrictions apply.



594 IEEE SENSORS JOURNAL, VOL. 2, NO. 6, DECEMBER 2002

128 microphone
noise e
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intensity measurements
to measure radiated poweﬂ

lowpass filter
at 800 Hz

Apply weightings Modal filtering to resolve
(frequency-dependent) multipole amplitudes
estimate of ,r";\—_ | a4
i N | W |
acoustic power L™ 7 18multipole | N |
signals 128 microphone signals

Fig. 6. Experimental setup.

a few degrees. It is, however, reasonably close. If the modal [V. SENSING SYSTEM EXPERIMENTS
filter weight phases are alP@r 180 different, then the system

) | | and th I b . " The aim of the work to be presented here is experimental im-
IS purely real an € compiex number requirement can B, entation of a modal filtering arrangement based upon the
dropped. The aim of the simulations is to see how accurate

. . N Boretical development outlined in Section lll. The acoustic
aqoustlc_powgr estlmate_ from the modal filtering arrangemeggnsing system is built on an eight-armed parabolic frame and
will be with this assumption. ) was located 2 m above a simply supported plate with the same
The measured sound pressure level at each microphonedpnensions as Section Ill. The sensing system has 128 micro-
cation will be filtered into the eight multipoles, with the Soun(ﬂJhones, divided up and distributed evenly on four rings. The
power estimated using (6). outer and largest ring contains 48 microphones with the re-
As mentioned, the weights iy in (6) provide an indica- maining rings containing 40, 24, and 16 microphones. The dis-
tion of the radiation efficiency of the various multipoles, the amance between the rings is 250 mm with the first ring located
plitudes of which will be output from the modal filters. These50 mm from the center. For the experiments, the array was
numbers can be used in a truncation exercise, where only #jened to an angle of 15 degrees. The experiment arrangement
most efficient radiators are used as inputs to the control law agdsketched in Fig. 6.
tuning algorithm. The eigenvalues for the case being simulatedrhe 128 microphone signals interface to a custom-built
are plotted over the target frequency range in Fig. 4. Obsenye and modal filtering system. The modal filtering system
that at in this frequency range the radiation efficiencies of fiy@as built using (low-cost) Analog Devices AD1845JST 16-b
of the modal filter quantities (the multipoles) greatly exceed thgereo codecs, interfacing to an Analog Devices ADSP21062
other three. This suggests that a sensing system that derives @#KIT. The system is also capable of 128 outputs, although the
five multipole quantities will provide a reasonably accurate egigenvalue plots in Fig. 4 suggest that only three to five outputs,
timate of radiated acoustic power at low frequencies. equating to the amplitudes of three to five multipoles in the
lllustrated in Fig. 5 is a plot of radiated sound power estimateatoustic field decomposition, will actually be required. With
by using the resolved modal quantities, all eight multipoles, the modal filtering weights being fixed values, as described in
(6), averaged over time. For reference, the actual acoustic po®exction Ill, the single low-cost DSP can perform the required
radiated from the plate, calculated using the method outlined bglculations at a sample rate of 5.5 kHz.
Hansen and Snyder [4], is also shown. The plots compare well,The sound power radiated by the panel was estimated by
especially at the spectral peaks, which would be of most conceneasuring the sound intensity on a 100 mrh00 mm grid of
in the control exercise. The poor prediction at the troughs in tpeints, or 15 points in the direction by nine points in thg
spectrum are likely due to neglecting small phase differencéisection, on a plane 200 mm above the surface of the panel.
in the modal filter weights in the time-domain implementationThe sound intensity measurements were made as a spectrum in
The troughs, or transmission zeros, typically involve some forth25-Hz increments. The measurement process was automated
of phase cancellation, and neglecting phase differences of a fesing a computer-controlled traverse integrated with a Bruel &
degrees would impede this prediction. This figure also illusjaer PULSE system. Note that this method only approximately
trates a performance drop off in the multipole prediction teclmeasures the sound power radiated by the panel as some of the
nique at higher frequencies, as would be expected considersayind radiated by the panel would have not have been radiated
the number of monopoles used in the decomposition. perpendicular to the panel surface and so would have not been
It must be emphasized that the estimate of acoustic powecorded on the measurement plane. The result of taking a fast
from the modal filtering arrangement comes from only eigiourier transform (FFT) on the output from the modal filtering
resolved quantities, a number of signals that many controllexgstem to gain an estimate of radiated power is illustrated in
could easily work with, and the modal filter weights ¥;!  Fig. 7 along with an estimate from the scanning intensity probe.
were fixed to be the exact values at 100 Hz.
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40 .
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30 1
[3]
20 .
[4]
10 . . .
0 50 100 150 200 250 5]
Frequency (Hz)
(6]
Fig. 7. Estimate of sound power from the modal filter. [7]

Observe that the data correlates well above 50 Hz; below thiéB]
frequency the performance of the acoustic sensing system degs9]
creases due to its proximity (2 m) to the plate. It is worth reiter-[m]
ating a few points concerning this result.

» The modal filter weights are a fixed set of numbers, ap-[11]

plied to the 128 input signals. The results are summed to
produce the output corresponding to a given multipole.

 The relatively few outputs from the modal filtering process[
provide an almost perfect measurement of acoustic poweri3]
This was the aim of the exercise: to have a small number
of outputs that provide a high-fidelity measurement of a
global error criterion.

» The modal filter weights have been derived with only the
most passing reference to the structural system, that ref;

(14]

erence being the general size (order of magnitude) of the

structure. 18]
While the work described here specifically targets sensing
system design, the next step would be implementation of ﬁ?]

control system using the (small set of) multipole signals.
[18]

V. CONCLUSION

A method of modal filtering using radiation patterns pro-
duced by acoustic multipoles has been presented. The acoustic
field produced by a radiating structure is decomposed using the
multipole radiation patterns as basis functions and so requires
no knowledge of structure modes shapes. This opens the
plication to more complex structural radiation problems, som
thing not possible with previous techniques. Simulations of t
sensing system in both the frequency and time domains ill
trate that a minimum number of signals (resolved multipole
are required to provide a good approximation of radiated pow
The modal filter and acoustic sensing system has been sh
to work over a wide frequency band with experiments showir__

595

that, in practice, a large number of sensors signals can be con-
densed into only a few inputs which give a good estimate of a
global error criterion. The technigue requires no knowledge of
structural resonances or mode shapes, a leap over current state
of the art sensing systems.

REFERENCES

S. D. Snyder and N. Tanaka, “On feedforward active control of sound
and vibration using error signals]! Acoust. Soc. Amerkol. 94, no. 4,

pp. 2181-2193, 1993.

S. D. Snyder, “Microprocessors for active control: Bigger is not always
enough,”Noise Control Eng.vol. 49, pp. 21-29, 2001.

M. J. Balas, “Active control of flexible systemsJ. Optim. Theory Ap-
plicat., vol. 25, no. 3, pp. 415-436, 1978.

C. H. Hansen and S. D. Snydekctive Control of Noise and Vibra-
tion. London, U.K.: E&FN Spon, 1997.

C. K. Lee and F. C. Moon, “Modal sensors/actuatots,Appl. Mech.

vol. 57, pp. 434-441, 1990.

L. Meirovitch and H. Baruh, “Control of self-adjoint distributed-param-
eter systems,AlAA J, vol. 5, no. 1, pp. 60-66, 1982.

——, “The implementation of modal filters for control of structures,”
AlAA J. Guidance, Contr. Dynamol. 8, no. 6, pp. 707-719, 1985.

L. Meirovitch and J. K. Bennighof, “Modal control of traveling waves
in flexible structures,J. Sound Vih.vol. 111, no. 1, pp. 131-144, 1986.
D. R. Morgan, “An adaptive modal-based active control systein,”
Acoust. Soc. Amerol. 89, no. 1, pp. 248-256, 1991.

A. Berry, “Advanced sensing strategies for the active control of vibration
and structural radiation,” ifroc. Active 991999, pp. 73-90.

S. D. Snyder, N. Tanaka, and Y. Kikushima, “The use of optimally
shaped piezo-electric film sensors in the active control of free field
structural radiation, Part 1: Feedforward contral,”Vib. Acoust.vol.
117, pp. 311-322, 1995.

12] A.P.Berkhoff, “Sensor scheme design for active structural acoustic con-

trol,” J. Acoust. Soc. Amerol. 108, no. 3, pp. 1037-1045, Sep 2000.

W. Baumann, F.-S. Ho, and H. Robertshaw, “Active structural acoustic
control of broadband disturbanced,”Acoust. Soc. Amerol. 92, pp.
1998-2005, 1992.

C. R. Fuller, C. H. Hansen, and S. D. Snyder, “Active control of sound
radiation from a vibrating rectangular panel by sound sources and vibra-
tion inputs: An experimental comparisord” Sound Vih.vol. 145, no.

2, pp. 195-215, 1991.

15] C. R. Fuller and R. A. Burdisso, “A wavenumber domain approach to

the active control of structure-borne sound, Sound Vih.vol. 148, no.

2, pp. 355-360, 1991.

S. J. Elliott and M. E. Johnson, “Radiation modes and the active control
of sound power,’J. Acoust. Soc. Amerol. 94, no. 4, pp. 2194-2204,
1993.

S. D. Snyder, N. C. Burgan, and N. Tanaka, “An acoustic-based modal
filtering approach to sensing system design for active control of struc-
tural acoustic radiation: Theoretical developmemgch. Syst. Signal
Process.vol. 16, no. 1, pp. 123-139, 2002.

N. C.Burgan, S. D. Snyder, N. Tanaka, and A. C. Zander, “A generalized
approach to modal filtering for active noise control—Part I: Vibration
sensing,"IEEE Sensors Jvol. 2, Dec. 2002.

Simon G. Hill graduated with honors in mechanical
engineering from The University of Adelaide, Ade-
laide, Australia, in 2000. He is currently working to-
ward the Ph.D. degree in mechanical engineering at
the same university.

His research interest is the implementation of
active noise and vibration control systems for large
complex structures.

Authorized licensed use limited to: IEEE Xplore. Downloaded on October 13, 2008 at 20:49 from IEEE Xplore. Restrictions apply.



books and 40 journal papers in this area.

Scott D. Snyder received the Ph.D. degree in
mechanical engineering from the University of
Adelaide, Adelaide, Australia, in 1991.

During 1992, he worked at the Mechanical En-
gineering Laboratory, Tsukuba Science City, Japar
From 1993 to 2000, he worked in the Departmen
of Mechanical Engineering, University of Adelaide,
first as a research officer, then as an academic. |
2000, he moved to the position of General Managel
Information Technology Services. His research
interests include active noise and vibration control,

IEEE SENSORS JOURNAL, VOL. 2, NO. 6, DECEMBER 2002

Nobuo Tanakareceived the M.S. and Ph.D. degrees
in mechanical engineering from Tokyo Metropolitan
University, Tokyo, Japan, in 1973 and 1977,
respectively.

From 1975 to 1976, he was on study leave at
the University of California at Berkeley. From
1976 to 1998, he worked as a Research Scientist at
the Mechanical Engineering Laboratory in Japan.
During 1994, he was a visiting academic at the
University of Adelaide, Adelaide, Australia. Since
1998, he has been a Professor in the Mechanical

control systems, and signal processing. He is the author or coauthor of tiegineering Department of the Tokyo Metropolitan Institute of Technology.
His research interests include theory and implementation of active noise and

vibration control systems.

Ben S. Cazzolatoreceived the B.E. degree in me-
chanical engineering and the Ph.D. degree from the
University of Adelaide, Adelaide, Australia, in 1991
and 1999, respectively. His doctoral work was in the
field of active noise and vibration control.

From 1991 to 1994, he worked as a consulting
engineer in the field of passive noise and vibratior
control. From 1999 to 2000, he was an Anglo-Aus-
tralian PostDoctoral Fellow at the ISVR, University

of Southampton, Southampton, U.K. Since 2000, h:
has been lecturing in signal processing and contr(A

at the University of Adelaide.

Ryoji Fukuda received the B.S. degree from the
Tokyo Engineering University, Tokyo, Japan, in 1999
and the M.S. degree from the Tokyo Metropolitan
Institute of Technology in 2001, respectively, both
in mechanical engineering. He is currently working
toward the Ph.D. degree at the Tokyo Metropolitan
Institute of Technology.
His research interest is active vibration control.

Authorized licensed use limited to: IEEE Xplore. Downloaded on October 13, 2008 at 20:49 from IEEE Xplore. Restrictions apply.



	2753
	hdl_2753

