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A real time structural acoustic sensor and associated signal processing is developed and applied 
to the active control of sound radiated by a simply supported beam. The sensor consists of 
multiple accelerometers mounted on the structure. An array of FIR filters processes the 
measured structural information to provide an estimate of the structural wave-number 
component coupled to acoustic radiation in a prescribed direction. This time domain signal is 
used as the error information in a feedforward adaptive control approach. The single channel 
filtered-X LMS algorithm is implemented here. Computer simulations in the discrete time 
domain demonstrate the ability of the sensor to replace the use of error microphones in the far 
field. The described sensor represents a significant alternative to the use of distributive structural 
sensors (for example piezoelectric material) by providing accurate radiation information over a 
broadband frequency range. 

PACS numbers' 43.40.At, 43.40.Cw, 43.40.Vn, 43.60. Gk 

INTRODUCTION 

Sound radiated by vibrating structures is an important 
issue in numerous industrial applications and much re- 
search has been conducted in the field of noise control. In 

this respect, active structural active control (ASAC) tech- 
niques have been successfully applied in situations where 
passive methods are inefficient, i.e., in the low-frequency 
range. Previously, Fuller has demonstrated both 
theoretically • and experimentally 2 that sound radiated 
from structures can be controlled by applying vibrating 
point forces directly to the structure, while the error infor- 
mation is taken from microphones in the acoustic far field. 
More recent work has been devoted to the development of 
new actuators (piezoelectric ceramics) and distributed 
structural sensors (PVDF films) designed to eliminate the 
use of far-field microphones and achieve global control. In 
particular, Clark and Fuller 3 have demonstrated the use of 
PVDF film modal sensors in ASAC approaches applied to 
a simply supported plate under single frequency excitation. 
Also, Fuller and Burdisso 4 recently suggested the use of 
wavenumber cost function in ASAC. 

In a companion paper, 5 the authors theoretically in- 
troduced a sensing approach using point structural sensors 
in parallel with an array of digital filters. This method 
provides estimates of the structural wave-number compo- 
nent(s) coupled to acoustic radiation in prescribed direc- 
tion (s) for finite planar radiators. The sensor implements a 
number of accelerometers equally spaced on the structure. 
The accelerometer outputs are passed through finite im- 
pulse response (FIR) filters and summed to provide far- 
field radiation information. This time domain signal can be 
directly used as the error information in control algo- 
rithms. One of the main advantages of the method is that it 
provides radiation information over a broadband frequency 

range and can thus be applied to randomly excited struc- 
tures. It will be referred to as real time structural acoustic 

sensing. 
The present work illustrates structural acoustic sens- 

ing applied to the active control of acoustic radiation from 
a simply supported beam. The control approach is the time 
domain adaptive filtered-X LMS algorithm and a single 
control input is applied to the structure in order to mini- 
mize the far-field pressure in one direction. Computer sim- 
ulations are performed in the discrete time domain to dem- 
onstrate the use of the sensing procedure. 

Recalling the theoretical developments of the compan- 
ion paper, 5 the sensor is described for the particular case of 
a simply supported beam in the first part of the paper. The 
influence of structural acoustic sensing on the control per- 
formance is first studied in the frequency domain. In this 
case, theoretical transfer functions are used to obtain the 
optimal control input. Therefore, the system does not take 
into account the causality issue and neglect the errors in- 
troduced by the use of digital filters that have a discrete 
impulse response. To obtain more realistic results, time- 
domain simulations are performed using discrete impulse 
responses for the structural acoustic system. In the second 
part, the filtered-X version of the Widrow-Hoff LMS 
algorithm 6 is briefly introduced and the computer simula- 
tion procedure is discussed along with the design of the 
filter array for the sensor. Finally, the third part of the 
paper presents results from the control simulations in the 
case of broadband excitations encompassing the first four 
bending modes of the beam. 

I. SENSOR DESCRIPTION 

The sensing technique presented in the companion pa- 
per is applied here to the case of a baffled simply supported 
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FIG. 1. Coordinate system of the simply supported beam. 

beam. With the purpose of establishing basic concepts and 
notations, the equations governing the beam response and 
its acoustic radiation in the far field are first recalled along 
with the desired transfer functions to be modeled in the 

sensor implementation. The sensor is then further de- 
scribed in the frequency domain in terms of control per- 
formance; the acoustic radiation of the beam after control 
is presented for both cases where continuous and estimated 
wavenumber components are used as the error informa- 
tion. 

A. Simply supported beam system 

Figure 1 shows an infinite baffled simply supported 
ß 

beam of length L x and width Ly excited by a harmonic 
point force fa(t)--Fde jøt at point x=xd; ro represents the 
angular frequency, t is the continuous time, and F d is the 
disturbance complex amplitude. The beam response is as- 
sumed to have constant amplitude of motion in the y di- 
rection and the radiated acoustic field is investigated in the 
x-z plane (•b=0). The surrounding media is air and is 
assumed to have negligible influence on the in vacuo struc- 
tural response. 

1. Structural response 

The beam out-of-plane displacement w(x,t) can be 
given as a linear combination of the modes as 

w(x,t) • q•,(w)•,(x)ei•ot, Lx L• -- --• <x<-•-, ( 1 ) p=l 2 

where qp(o) is the pth modal displacement and •pp(x) the 
pth eigenfunction. Using the coordinate system shown in 
Fig. 1, the eigenfunctions for the simply supported bound- 
ary condition are given by 

•pp(x) = ( 2/m ) 1/2 sin[ 7p(x + L ff2 ) ], (2) 
where 7p=prr/L•. The factor (2/m) 1/2 results from the 
normalization chosen for the eigenfunctions, such that they 
are orthonormal with respect to the mass rn of the beam. 

The modal displacement qp(o) is defined as 

qp( o ) = Hp( o ) •pp( Xct) F ct 
1 

•pp(xa)F a, (3) • 2 % + 2j 

where He(o) is the pth modal frequency response func- 
tion; op and • are the pth natural frequency and modal 
damping ratio, respectively. The analytical natural fre- 
quencies are 

(4) 
where p• is the beam density, S• the beam section area, and 
EI the bending stiffness. 

The beam response due to the input disturbance, 
if(t) =Fa•ø[ is then controlled with two piezoelectric 
patches bonded symmetrically to the front and back sur- 
face of the beam and driven 180 ø out-of-phase. The corre- 
sponding excitation is modeled by a line bending moment 
pair with complex amplitude M c located at the end of the 
patches. 7 The beam response due to the control input is 
obtained by replacing in Eq. (3) the point force excitation 
tern ½p(xa)F a by a bending moment excitation term 
m• •. The control modal force component me can be 
shown to be given by 

d 

mp=• {½p(Xc+Ca)--½p(xc--ca)}, (5) 
Xc is the coordinate of the center of the actuator, and 2c a is 
the actuator length. From the superposition principle, the 
controlled system response is the sum of the response due 
to the disturbance input and the response due to the con- 
trol input. The modal displacement of the controlled sys- 
tem q•(o) becomes 

q•(o) =He(o)[½p(xa)Fa+m•Cl. (6) 
Finally, the acceleration distribution is the second par- 

tial derivative with respect to time of the displacement 
response, i.e., 

•(x,t) = •(x)e jøt= --0 2 W(x)e jøt, 

(7) 

2. Radiation in the acoustic far field 

The far-field pressure p(r,O,t) radiated by the beam at 
point (r, 0,•b =0) can be expressed in terms of structural 
information as 8 

pe-jkor .• 
p(r,O,t)-- 2• •(k0 sin O)e •ø't, (8) 

where ko=o/c is the acoustic wave number, c the speed of 
sound in the_medium, and p is its density. In the above 

oo 

expression, W(ko sin 0) denotes the wave-number trans- 
form of the beam normal acceleration distribution I;•(x) 
defined in Eq. (7). It can be written as the spatial Fourier 
transform of the beam response. Since the model assumes a 
constant response versus the y direction, the structural 
waves travel solely along the x direction and the structural 
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wave number in the y direction is zero, i.e., ky=O. There- 
fore, the beam acceleration wave-number transform sim- 
plifies as 

'• -- f Lx/2 I7•(k x) Ly I7•(x)e jkx• dx. (9) 
J -rx/2 

Substituting Eqs. (7) and (1), Eq. (9) can be rewritten as 

= -o 2 ( 
p=l 

where 

= f Lx/2 •p( kx) my Op(X)e jkx• dx. ( 11 ) 
J 

Here, •p(kx) is defined as the wave-number transform of 
the pth eigenfunction and will be referred to as the pth 
modal wave-number component. A closed-form expression 
of the above formulation can be found in the Appendix of 
the companion paper. s 

Note that Eq. (8) is only valid in the far field. This 
representation is equivalent to the stationary phase approx- 
imation discussed by Junger and Feit. a As seen from Eq. 
(8), the radiated far-field pressure is solely a function of 
the wave-number component evaluated at wave numbers 
k•= k0 sin 0 that are smaller than the acoustic wave num- 
ber k0 by definition of the sine function. In other words, 
only the structural motion with supersonic wave numbers 
k•<k o radiates in the far field. Moreover, it is straightfor- 
ward to show from _Eq. (8) that the supersonic wave- 
number component • (k0 sin O,t) is proportional to the 
time-shifted far-field pressure p(r,O,t+r/c), i.e., it com- 
pletely describes the system in terms of radiated energy in 
the far field. The sensor configuration described in the fol- 
lowing section is based on the estimate of the wave-number 
component corresponding to a prescribed direction of ra- 
diation 0 in the x-z plane. 

B. Sensor configuration 

The governing equations for the sensor are presented 
in the case of the above simply supported beam system. 
The wave-number information is approximated by the 
summation of the structural acceleration measured at a 

number of points and multiplied in the frequency domain 
by complex transfer functions. 

1. Discrete wave-number transform 

The structural acceleration is measured at locations 

xi = -- L•/2 + Ax/2 (2i-- 1 ), i= 1,2 .... ,Nd by means of Nd 
accelerometers. The spacing of the accelerometers is given 
by Ax= L•/Ne. The structural wave-number component 
in Eq. (9) is approximated by a discrete expression defined 
as 

.• Nd 

Wd( kx) = my •oc E ffff (xi) ejkxxi. 
i=1 

(12) 

Note that the accuracy of the discrete wave-number trans- 
form depends on both the number of point sensors Na and 
the frequency co due to the fact that the structural response 

becomes more complicated at higher frequencies in terms 
of spatial variation. For instance, results from the compan- 
ion paper s show that a four-point sensor (N a=4) gives a 
fairly good approximation over the first four bending 
modes of a simply supported beam. Analogous to the con- 
tinuous representation, Eq. (12) is expressed in terms of 
modal contributions as 

I•a(kx)=--o 2 Z qp(o)•(k•), (13) 
p=l 

where the discrete modal wave-number components are 
given by 

•pp(kx) = my Ax E lpp(xi) ejkxxi. (14) 
i=1 

Introducing the time dependence e jrøt and the angular 
frequency ro = koc in Eq. (12) yields 

Nd 

t•d(kx,t) = • Hi(o)•(xi,t), (15) 
i=1 

where the transfer functions Hi(o) to be modeled by the 
array of filters are written as 

Hi( o9 ) = LyfiOc e Jrøri, i = 1,2,...,Na , (16) 

ri=(xi/c)sin 0 is a time delay, characteristic of each 
acoustic path. The transfer functions in Eq. (16) have a 
constant magnitude and a linear phase term. Therefore, 
finite impulse response (FIR) filters will be used in the 
computer simulations discussed in the next part as well as 
in the practical implementation of the technique. Note that 
r i takes both positive and negative values. Recalling the 
time convention e jrøt, only negative values of ri ensure the 
transfer function Hi(o) to be causal. 

2. Modified transfer functions 

In order to obtain causal transfer functions and opti- 
mize the order of the filters, a time delay Ar is introduced 
in Eq. (16). The modified transfer functions become 

•i( to ) = LyAxe jø•i, i = 1,2,...,Nd, (17) 

where •i=_ri -- At. The sensor output is now g(t) --e(t 
- At)= • a(k•,t - At). It has been shown in the com- 
panion paper s that this modified error signal yields the 
same contro_l performances as the error signal without de- 
lay, e(t)= ß a(kx,t), when used in a feedforward control 
approach. Taking Ar=max{ri} ensures causal frequency 
response functions (•i•<0, i--1,2,...,Na) and makes one 
transfer function equal to unity, i.e., the number of filters 
to design is now Na-1. Moreover, the modified delays •i 
are minimized which optimizes the order of the filters. 
More details on the above discussion can be found in the 

companion paper. 

C. Control performance 

As suggested earlier, the discrete wave-number com- 
p_onent • a(k•,t) varies from its continuous representation 
• (kx,t) depending on the number of point sensors Nd and 
the driving frequency ro (Ref. 5). In terms of radiation 
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control, it is of interest to analyze the influence of these 
variations on the controller performance. In this section, 
the radiation control of a simply supported beam is ana- 
lytically investigated in the frequency domain over its first 
four bending modes using both types of error information, 
i.e., continuous and discrete wave-number components cor- 
responding to radiation in a prescribed direction. 

TABLE I. Beam characteristics. 

Length 0.38 m 
Width 0.04 m 

Section 0.0002 m 2 

Mass density 3132 kg/m 3 
Bending stiffness 5.3290 N' m 2 

1. Optimal control force 

For a single channel feedforward control structure, the 
optimum complex amplitude of the control force M c is 
defined so as to minimize a quadratic cost function J(M c) 
of the error information. Here, the error information is the 
time-varying wave-number component associated with the 
direction of radiation 0. Therefore, the cost function can be 
expressed as the mean-square value of the error signal, i.e., 

j(MC)= d) (k o sin O,t) d)*(ko sin O,t) (18) 

for the continuous representation and 

Jd(M c) = • d(ko sin O,t-Ar) •(ko sin O,t--Ar) 
(19) 

for the discrete repre_sentation, where • * denotes the com- 
plex conjugate of •. Both J(M •) and Ja(M •) are qua- 
dratic functions of the control complex amplitude M •. 
Therefore, they present only one minimum. The corre- 
sponding optimum control force is found by taking the 
partial derivatives of the cost function with respect to the 
real and imaginary parts of the control force. Setting these 
two equations to zero yields 

mc=G(o)Fa= 5•P•=•HP(w)•PP(xa)•p(kx) F a (20) 
for the continuous representation and 

M•=Ga(o)Fa= -- 
Hp( w ) mpva ( kx) 

F a (21) 
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FIG. 2. Optimal controller frequency response function based on (a) 
, continuous wave-number component; (b) --, three; (c) , 

five; and (d) ........ seven point sensors. 

for the discrete representation. In the above equations, 
G(w) and Ga(w) define the controller transfer functions; 
•e(kx) and •(k x) are the pth continuous and discrete 
modal wave-number components, respectively. In both dis- 
crete and continuous cases, they appear as the ratio of the 
disturbance and control path transfer functions. Substitut- 
ing the above expressions for the control input in Eq. (6), 
the far-field pressure is then obtained using Eqs. (8) and 
(10). 

Recalling Eq. (8), it is straightforward to show that 
using the far-field pressure p(r,O,t) as error information 
would yield the same optimum con•trol force as the contin- 
uous wave-number component • (k0 sin O,t). Thus the 
present analysis can be seen as a comparison between the 
use of a discrete wave-number sensor as described in Sec. 

I B and a microphone located in the far field. 

2. Numerical results 

Figure 2 presents the magnitude and phase of the con- 
troller transfer function versus frequency obtained for the 
continuous [Eq. (20) ] and discrete [Eq. (21 ) ] representa- 
tions. The beam characteristics and its first six natural fre- 

quencies are given in Tables I and II. Ten modes are in- 
cluded in the modal series with a constant damping ratio 
(%=0.01, p= 1,2,...,10). The beam is surrounded by air 
with density p= 1.27 kg/m 3 and sound velocity c=343 
m/s. The disturbance force is a bandlimited white noise 

between 0 and 650 Hz, applied at xa=O.43L•,/2. The pi- 
ezoelectric actuator has length 2Ca=0.1L•,/2 and its center 
is located at Xc= -0.71Lx/2. It is assumed for brevity that 
the actuator characteristics yield a unity transfer function 
between the actuator input voltage and the resulting bend- 
ing moment M c. The same assumption applies to the other 
transducer models, i.e., disturbance shaker and sensor ac- 
celerometers. The wave-number component to be mini- 
mized at kx=ko sin 0 is associated with the direction of 
radiation 0=45 ø . The solid line corresponds to the contin- 
uous representation; the dashed, dashdot, and dotted lines 
correspond to the discrete representation using three-, five-, 
and seven-point sensors, respectively. As expected, the dis- 
crete representation becomes more accurate as the number 

TABLE II. Beam analytical natural frequencies. 

Mode Natural frequency (Hz) 

1 31.73 

2 126.9 

3 285.6 

4 507.7 

5 793.2 

6 1142 
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FIG. 3. Far-field pressure for in the direction of minimization: (a) 
•, uncontrolled system; (b) - -, (c) - - -, and (d) ........ controlled 
system using three, five, and seven point sensors, respectively. 

of point sensors is increased. In all the cases presented 
here, the error between the discrete and continuous control- 
ler transfer functions is very small at the resonant frequen- 
cies due to the fact that the wave-number component is 
better approximated for the simple modal shapes found 
on-resonance. A more detailed explanation can be found in 
Sec. I B 4 of the companion paper. 

Figure 3 shows the influence of the errors between 
continuous and discrete representations on the controller 
performances. The modulus of the far-field pressure was 
computed over the frequency range 0-650 Hz at location 
(r= 10L x, 0=45 ø, qb=0) for the controlled and uncon- 
trolled system. The solid line represents the pressure for 
the uncontrolled system. The three dashed lines represent 
the pressure for the controlled system using the discrete 
controller with three- (dash), five- (dashdot), and seven- 
(dot) point sensors. Note that the continuous controller 
gives zero pressure over the entire bandwidth at this radi- 
ation angle and thus, the corresponding curve is not shown 
here. The total reduction of the sound pressure level aver- 
aged over the frequency range 5-650 Hz is expressed in dB 
as 

A•pl= 10 log [F:(r, 0) ). (22) 
-In the above expression, 15(r,O) and F:(r,O) are the mean- 
square pressure values of the uncontrolled and controlled 
system averaged over the bandwidth, 

= 1 f•øma•p(r,O,w)p,(r,O,w)dw. 
(.Oma x • (.Omi n .., OJmi n 

(23) 

In all of the three cases, the controlled system presents 
significant attenuation over the entire bandwidth. Accord- 
ingly to Fig. 2, the reduction is more important on- 
resonance than off-resonance and better results are 

achieved with a larger number of point sensors. The total 
reductions averaged over 5-650 Hz are 13.6, 22.7, and 28.5 

x (n) 

[z 

"PLANT 

• y••). + ½ (n) •Qad <Z)I U(n' • Tee(z) i. = 

FIG. 4. Feedforward adaptive controller using the filtered-X LMS algo- 
rithm. 

dB using three, five, and seven point sensors, respectively. 
Hence, good results are achieved with only a few point 
sensors. 

Recalling Fig. 2, the phase of the controller transfer 
function is seen to be positive above 300 Hz. In other 
words, the optimal solution in the frequency domain does 
not ensure causality for the controller. Therefore, the 
above results can not be achieved in real situations. The 

computer simulations described in the next sections will 
show more realistic results by providing a time domain 
optimal solution for the controller transfer function. 

II. FEEDFORWARD ADAPTIVE CONTROL 
IMPLEMENTATION 

The sensing technique is next implemented in a feed- 
forward adaptive control structure using the filtered-X 
LMS algorithm. 9 The algorithm is first presented. Then, 
the design of the filter array is briefly outlined. Finally, the 
time domain simulation procedure is described for the sin- 
gle channel controller applied to a simply supported beam. 

A. Filtered-X LMS algorithm 

A conceptual schematic of the single channel feedfor- 
ward adaptive controller using the filtered-X algorithm is 
shown in Fig. 4. The plant represents the structural acous- 
tic system, i.e., the inputs are structural excitations (actu- 
ators) and the outputs are related to acoustic radiation 
(sensors). For the SISO system presented here, the plant 
output e(n) at time t n is the combination of the response 
due to the disturbance input x(n) and the control input 
u(n). This relation can be expressed in the z domain as 

E(z) = D(z) + Y(z) = D(z) + Tce(Z ) U(J), (24) 

where the upper case letters refer to the z transform of the 
associated sequence represented with lower case letters. 
Here, Tce(Z) denotes the z transform of the transfer func- 
tion between the control input and the resulting sensor 
output. In a feedforward adaptive structure, the control 
sequence u(n) is obtained by filtering a reference signal 
that is coherent to the disturbance x(n) through an adap- 
tive FIR filter Qaa(z), also referred to as compensator, 

U(z) = Qa(z)X(z). (25) 

Taking the inverse z transform of Eq. (25), the control 
input becomes in the time domain, 
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X(n) 

simply-supported beam 

........-'" ..-' ........ FIR filter array dist•hb2eCr• input "'.. 
control "-•l• 
'PZ iT•put '"'" f""}' 'i 4 "'•i•"•(Zi{ :• -- 

--•ce(Z)[ •'n) •] L]• As I' e (n) 
FIG. 5. Sensing configuration applied to the radiation control of a simply 
supported beam. 

Nad-- 1 

u(n)= • Qg-•x(n), (26) 
1=0 

where z -• denotes a time delay of I samples, i.e., 
z-•x(n) =x(n-- 1), and Q• (l=O,...,Naa- 1 ), the compen- 
sator coefficients. Substituting Eq. (25) in (24), the error 
signal becomes 

E(z) = O(z) + Tce(z)Qaa(z)X(z). (27) 

The LMS algorithm adapts the coefficients Q• in order to 
minimize the cost function J=E(e2(n)), where E denotes 
the expectation operator. Since this error function is qua- 
dratic with respect to the adaptive filter coefficients, only 
one minimum exists and the steepest descent method can 
be used to update the coefficients, 

3J 

Q•(n+ 1)=Q•(n)-/_t •-0•' 1=0,1 ..... Naa- 1, (28) 
/• is the convergence parameter that controls the stability 
of the algorithm. The time domain LMS algorithm uses an 
instantaneous gradient approximation to estimate 3J/3Q• 
at time t n. Substituting J in the above expression and re- 
moving the expectation operator yields 

Q•( n + 1) = Q•( n ) - 21ae( n )•( n - l) , 

1 = O, 1,...,Nan-- 1, ( 2 9 ) 

where •(n) is the filtered-X signal. It is defined in the z 
domain b•y .,•(z)=•'ce(z)X(z). The z-domain transfer 
function Tce(Z) represents an estimate of the actual control 
path Tce(Z) and can be modeled by an infinite impulse 
response (IIR) filter in case of broadband disturbance as 
discussed in Ref. 10. 

Figure 5 presents the feedforward adaptive controller 
along with the structural acoustic sensor applied to a sim- 
ply supported beam. The sensor is composed of three ac- 
celerometers and two FIR filters. This configuration gives 
a good estimate of the supersonic wave-number component 
associated with one direction of radiation for frequencies 
up to the third bending mode of the beam. A shaker mod- 
eled by a point force provides the disturbance input and a 
single PZT piezoelectric patch modelled by a pair of mo- 
ments is used as the control input. 

B. Filter array design 

This section outlines the design of the FIR filters im- 
plemented in the sensor. Practically, it involves the calcu- 
lation of discrete impulse response coefficients such that 
the modeled frequency response functions match the de- 
sired transfer functions in Eq. (17). Two design methods 
have been introduced in the companion paper. One uses 
frequency domain design algorithms and the other imple- 
ments optimal filtering techniques that allow the filters to 
be design from experimental measurements in the discrete 
time domain. The first design method is discussed here. It 
implements the Matlab function invfreqz (software by 
MathWorks • • ). 

From Eq. (15), the sensor output sequence is ex- 
pressed in the z domain as 

Nd 

E(z) = • Ui(z)Xi(z) +Xio(Z), (30) 
i= •,i-•io 

where Xi(z) denotes the z transform of the structural ac- 
celeration measured at location xi and i 0 refers to the direct 
path (unity transfer function). Here, Ui(z) is the z trans- 
form of the finite impulse response for the ith filter mod- 
eling Hi(w) in Eq. (17), 

ui(z) = U•-• - U•z- I -•- ' . . -• - U•ig -Ni. (31) 
In the above expression, U•, U] .... , U//v i are the Ni+ 1 coef- 
ficients and N i the order of the ith filter. The modeled 
frequency response functions H•(w) can be obtained from 
ui(z) as 

.H• ( co ) = Ui ( eJø' :rs ) = • U•e - jø'trs, 
1=0 

i= 1,2 .... ,Na, 

(32) 

where Ts is the sampling period. 

C. Discrete time-domain computer simulation 

Unlike simulation in the frequency domain that give 
the optimal control performance (see Sec. I C), a discrete 
time domain simulation provides more realistic results as it 
implements the convergence process of the LMS algorithm 
and ensures causality for the controller. This constraint is 
a result of the use of physically realizable causal digital 
filters which cannot model acausal transfer functions. In 

the frequency domain, the optimal control force is readily 
obtained using the analytical structural and acoustic re- 
sponses of the beam as shown in the first section. On the 
other hand, time domain control simulations require dis- 
crete transfer functions expressed in the z domain to pro- 
vide the beam response in the discrete time domain; in 
other words, the transient as well as steady state response 
of the beam is modelled. In order to do this, the beam 
response is described over the frequency range of interest 
by using appropriate impulse responses in discrete form as 
filters. 

Figure 6 shows a block diagram of the simulated sys- 
tem corresponding to the configuration of Fig. 5. The dis- 
crete transfer functions T•(z) and T•(z) (i= 1,2,...,Na) 
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FIG. 6. Simulated system. 

model the path between the disturbance input x(n), at 
location xa, and the beam acceleration response, at loca- 
tions xi, and the path between the control input u(n), at 
location x½, and the same acceleration signals. They are 
obtained as follows. 

Recalling Eqs. (1)-(7), the analytical transfer func- 
tions between both disturbance and control inputs and the 
beam acceleration response at X=Xa, Hae(Xa,Xa,to) and 
Hc•(Xc,Xa,O), respectively, can be approximated over the 
bandwidth of interest by the finite summations 

PITlaX 

Hae(Xa,Xa,to)= • •p•,(xa)•p$,(xa)Ha,$,(to), (33) 
p=l 

Pmax d 

tIce(Xc,Xa,to) = E •XX (lpp(Xc'nt-Ca) p=l 

--•P$,(xc--Ca)}•P$,(xa)Ha,$,(to), (34) 

where Pmax is the number of modes included in the repre- 
sentation. Here, Ha,v(ro) is the acceleration frequency re- 
sponse of the œth mode defined as 

mOO2 

Ha,p ( to ) --top2__to2 q_ 2j roa•aa • ß (35) 
Using a ramp invariance approximation, the above second- 
order modal contribution has the following z-domain 
representation, 12 

az 2 -- 2az + a 

--z 2-- 2z exp( -- r0r%Ts) cos (top, aTs) + exp( -- 2rlvo)pT s) ' 

where 

(36) 

sin ( tov,aTs) 
a= tov, aTs exp( -- rotopT s) (37) 

2 

and top, a = op 41- •/•. Here, Ts= 1/Fs denotes the discrete 
time sampling period. Note that the above discrete transfer 
function has poles inside the unit circle which ensures sta- 
bility. Equation (36) can now be substituted in Eqs. (33) 
and (34) to obtain the discrete transfer functions for the 
beam: 

Pmax 

H•de(Xd,Xa,2)= 2 lPp(Xd)lPp(Xa)H•a,p(2), 
p--1 

(38) 

x d I•ce ( X c ,X a ,2 ) = • { lPP ( x c'-I- c ) 
p=l 

--lpp(Xc--C)}lpp(Xa)H•a,p(g). (39) 
The above expressions can be simplified into a rational 
transfer function of the form A(z)/{1- B(z)), where A(z) 
and B(z) are obtained by convolving the second-order 
polynomials in z of Eq. (36). The coefficients of T•(z), 
T'}(z) (i=l,2,...,Na) are then calculated substituting the 
input force locations, i.e., xa and Xc, respectively, and the 
point sensor locations, i.e., x•, i--1,2,...,Na, in Eqs. (38) 
and (39). 

The estimated filtered-X control path •'c•(Z) is con- 
structed from the analytical transfer function between the 
control force and the sensor output, 

•c•(ro) = • Hc•(Xc,Xi,ro)Bi(ro) +Hce(Xc,Xio,to). 
i= 1,i:#:i 0 

(40) 

In the above expression, Hce(Xc,Xi,to ) represents the trans- 
fer function between the control input force and the beam 
acceleration at location x = x i [Eq. (34) ], while Hi(to) is 
the frequency response of the ith radiation filter [Eq. (17) ]. 
The resulting transfer function, •rce(to), is modeled by an 
IIR filter whose coefficients are computed using the Matlab 
function invœreqz. 

Another way to design the IIR filter modeling the con- 
trol path would be to use the beam and radiation filter 
discrete impulse responses, i.e., T•}(z) and Ui(z), as fol- 
lows' 

Nd 

•"ce(Z) = • T'}(z) Ui(z) + T}ø(z). (41) 
i= 1,i-•i o 

This method gives an exact filtered-X path since it is based 
on the actual simulated system which has discrete sam- 
pling. On the other hand, the method chosen here, based 
on the analytical continuous representation [Eq. (40)], is 
not exact. This is due to differences between the beam 

continuous and discrete representations (ramp invariance 
approximation) as well as between the analytical radiation 
transfer functions Hi(to) and the actual filter responses. 
However, when dealing with real structures and broadband 
excitation, the filtered-X path modeling also results in er- 
rors due to pole instability. 1ø Consequently, the first repre- 
sentation appears to be more realistic. 

At this point, an important aspect of structural acous- 
tic sensing should be noted. As the sensor is based on 
wave-number information, the radiation filters do not in- 
clude the acoustic path time delay r/c. It follows that the 
above filtered-X path has a much smaller group delay [Eq. 
(16)], i.e., smoother phase, than the transfer function ob- 
tained with a•microphone in the far field. In consequence, 
the order of T½•(z) is greatly reduced and better accuracy 
is achieved for the filtered-X path which is a critical factor 
in terms of control performances. m 
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The computer simulation is carried out by performing 
the following sequence of computation during each step 
through time: (a) compute the disturbance input x (n) and 
the control input u(n) applied to the beam; (b) compute 
the sensor output e(n); (c) compute the filtered-X input 
•(n); (d) update the adaptive filter weights according to 
Eq. (29). 

III. SIMULATION RESULTS 

The structural acoustic sensing technique is illustrated 
through computer simulations on sound radiation control 
for the simply supported baffled beam considered previ- 
ously. Results are provided for the single channel 
filtered-X LMS control approach using a band limited 
broadband disturbance. 

A. System characteristics 

The beam and surrounding medium have the charac- 
teristics presented in Sec. I C. The reference signal is ob- 
tained in the discrete time by convolving at each time step 
a Gaussian white noise with the discrete impulse response 
Q•,(z) of a low-pass FIR filter. The filter cut-off frequency 
is Fc=600 Hz which allows excitation of the first four 
bending modes of the beam (see Table II). The resulting 
band-limited broadband signal is used to model the point 
force disturbance at location x=x a. As presented earlier, 
the control input models the excitation of a piezoelectric 
actuator at location x=x c. It is obtained by filtering the 
reference signal through an adaptive FIR compensator 
with a 25 coefficient impulse response (N,•a=25). The 
sampling frequency is Fs = 2000 Hz. 

Two different sensing configurations are simulated. 
The first uses Na= 3 accelerometers and the second uses 
Na= 5 accelerometers. In both cases, the Na--1 radiation 
FIR filters have three coefficients and the sensor output 
provides an estimate of the wavenumber component eval- 
uated in the direction (0=45øAb=0ø). A 15-order IIR filter 
is used to model the filtered-X path. 

(a) • 

0.5 

-10 200 400 600 800 1000 
Discrete Time (iterations) 

0.5 

01'I .... v!y ...... y ..... ¾-Vy v ...... ,v,v'y-uv' ...... V• .......... V .... "•" V .... , .... 
-o.5 ] 
-•o •o '46o' ' '6•o' ' ' 8•o' ' '• 

Discrete Time (iterations) 

FIG. 7. Structural acoustic sensor output time history before (a) and 
after (b) control (Na= 3). 

rameter/t would result in faster convergence, but stability 
aspects must be considered. The mean-square value of the 
sensor output time history before and after control was 
calculated over 204 800 points. A band averaged reduction 
of 13.7 dB is achieved. The second case, i.e., Na= 5 point 
sensor, gives a band averaged reduction of 11.5 dB. These 
results are now further analysed in the frequency domain. 

The sensor output autospectra, shown in Fig. 8 along 
with the autospectrum of the disturbance input x (n), are 
computed from the DFT of the discrete time signals before 
and after control using 50 averages. As expected, the dis- 
turbance input (dashed line) is a white noise over the 
bandwidth 0-600 Hz where the filter cuts in. The sensor 

output autospectra before control contains the first four 
modes of the modeled beam. The dominance of the first 

mode noticed on the time history before control also ap- 
pears in the frequency domain. After control, the error 
signal frequency content is significantly reduced over the 
entire frequency range. Some spill over is noticed off- 
resonance between the second and third mode resonance 

B. Sensor output 

Figure 7 presents the structural acoustic sensor output 
e(n) in the discrete time domain before and after control. 
This case corresponds to the three point sensor. The sensor 
output sequence before control [curve (a)] is simply ob- 
tained by running the simulation code through a number of 
iterations with the weights of the compensator Q,•,t(z) be- 
ing set to zero. The next step consists of updating the 
weights of the compensator until convergence has oc- 
curred. The sensor output sequence [curve (b)] after con- 
trol is then obtained by freezing the weights of the com- 
pensator. The dominance of the first mode of the beam 
clearly appears on the time history before control. The 
wave-number component of this mode, evaluated in the 
direction of minimization (supersonic region) presents a 
large magnitude, which explains its high radiation effi- 
ciency. About 200 000 iterations were required to reach 
quasistationarity for the mean-square value of the mini- 
mized error signal. A larger value of the convergence pa- 

1E+5 

1E+4 disturbance {C) N 3 d = 

1E+3 Nd = 5 

(.'•; \*.•'/'Y•:•'¾1, t.v'l•'•;Y/, • ' ;,,:•¾•,;•.,,,c,•..•,,,,,,,'..,V,•V;,•! •+2 ....... "%, 
1E+I 

1E+0 

1E-1 
0 100 200 300 400 500 600 

Frequency (Hz) 

FIG. 8. Structural acoustic sensor output before (a) and after (b) con- 
trol, and disturbance input (c) auto spectra. 
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point. The influence of the number of structural measure- 
ments Na is noticeable above the third mode resonant fre- 
quency. The error between the actual sensor output (dis- 
crete wave-number component) and the desired signal 
(continuous wave-number component) is undoubtedly re- 
duced using five measurement points instead of three 
points. As seen from the two solid lines, the three-point 
sensor tends to increase the estimate of the wave-number 

component magnitude before control. After control, the 
variations between the two sensor configurations also ap- 
pear before the third mode resonance point. However, the 
tendency noticed before control, i.e., increase of the mag- 
nitude, is replaced by a more complex behavior. Globally, 
both cases result in the same frequency content after con- 
trol. It follows that the three-point sensor gives more at- 
tenuation of the error signal than the five-point sensor 
above the third mode resonant frequency. Consequently, 
the overall reduction obtained for the sensor output is 
higher for the three-point sensor as found earlier from the 
time domain histories. However, it should be noted that 
this result only applies to the sensor output which is an 
estimate of the radiation information. In other words, it is 
necessary to analyze the far-field radiation before and after 
control in order to compare the performance of the three- 
and five-point sensors in terms of radiation control. 

C. Far-field radiation 

The far-field pressure information before and after 
control is now discussed. The calculations use the analyt- 
ical expressions of Sec. I A. From the impulse response of 
the low-pass filter Qtp(z) used to generate the input band 
limited disturbance, the disturbance force complex ampli- 
tude Fa(to) is computed over the bandwidth [Eq. (32)]. 
Multiplying Fa(to) by the frequency response of the adap- 
tive filter after convergence gives the control input force 
over the bandwidth MC(to) = Qaa(eJø'rs)Fa(w). Substitut- 
ing the above quantities in Eqs. (6), (10), (11 ), and (8), 
the acoustic pressure in the far field is calculated for each 
frequency of interest along the half circle (r= 10Lx, 
2<0< +•r/2, 4=0). 

The far-field pressure spectrum in the direction of min- 
imization at 0=45* (Fig. 9) shows significant reduction 
over the entire frequency range. More than 20-dB reduc- 
tion is achieved at the four resonant frequencies. The 
curves before (solid line) and after (dashed and dotted 
lines) control are relatively close from the sensor output 
auto-spectra shown in Fig. 8 in the lower frequency range. 
Again, some spill over is noticed between the second and 
the third mode resonance points. At higher frequencies 
(above the third mode frequency point), the sensor accu- 
racy deteriorates. Consequently, the sound reduction in the 
far field is smaller than the reduction noticed on the sensor 

output. The best results are obtained with the five-point 
sensor due to its better accuracy. This is consistent with the 
results from the frequency domain analysis shown in 
Fig. 3. 

The above results are further interpreted by analysing 
the compensator frequency response functions, i.e., the 
transfer function between the reference signal x(n) and the 

8O 

Nd= 3 ' , ',, 

20 ,,',: 

0 100 200 300 400 500 600 

Frequency (Hz) 

FIG. 9. Far-field pressure at (0=45', •b=0*); (a) •., before control; 
(b) --- and (c) ........ after control with Na= 3 and Na= 5, respectively. 

control input u(n), shown in Fig. 10. The solid line rep- 
resents the optimal transfer function found from Eq. (20). 
As mentioned in Sec. I C, this response results in zero 
pressure at 0=45 ø over the frequency range. The dashed 
and dotted lines represents the actual compensator fre- 
quency response functions using the three- and five-point 
sensors, respectively. They are obtained from the coeffi- 
cients of the adaptive filter after convergence using Eq. 
(32). In both cases, significant variations between the op- 
timal [curve (a)] and actual [curves (b) and (c)] re- 
sponses are noticed. As expected, the frequency response 
function of the compensator after convergence is directly 
related to the control performances. The frequencies at 
which some spill-over was noticed in Fig. 9, i.e., between 
150 and 260 Hz, correspond effectively to the largest vari- 
ations in Fig. 10. On the other hand, the notch of the 
far-field pressure noticed around 600 Hz in Fig. 9 is ex- 
plained by the coincidence at that frequency of the optimal 

180 
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-180 
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0 100 200 300 400 500 600 
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FIG. 10. Compensator frequency response function; (a) •, optimal 
response; (b) - - - and (c) ........ actual response with Na= 3 and Na = 5, 
respectively. 

3270 J. Acoust. Soc. Am., Vol. 95, No. 6, June 1994 J.P. Maillard and C. R. Fuller: Active radiation control of beams 3270 

 Redistribution subject to ASA license or copyright; see http://acousticalsociety.org/content/terms. Download to IP:  128.173.126.47 On: Mon, 11 May 2015 17:27:19



52 

v 4{5 
'i::i : ::'i " I before control 

.. : 

'- - - •.- ß after control, N a = 3 ': '• :i•:• after control, Na - 5 • 44 

• 4• 

'• 40 

-90 -75 -60 -45 -30 -15 0 15 30 45 60 75 90 

Far-field Angle (deg) 

FIG. 11. Total sound pressure level averaged over 5-650 Hz before and 
after control with Na= 3 and Na= 5, respectively. 

and actual frequency response functions. Moreover, the 
five-point sensor (dotted line) yields a control transfer 
function closer to the optimal solution than the three-point 
sensor (dashed line), especially above the third resonant 
frequency. This results in larger attenuations at the corre- 
sponding frequencies. 

The variations between the optimal and actual re- 
sponses are now further explained. Recalling the discussion 
of Sec. I C, the optimal solution does not ensure causality. 
For a system to be causal, the disturbance path must 
present a longer time propagation delay than the control 
path. If the above requirement is met over the frequency 
range of interest, the optimal frequency response of the 
compensator, defined as the ratio of the disturbance path 
transfer function over the control path transfer function 
[see Eq. (20)], has a negative phase response at all frequen- 
cies of interest and thus, can be modeled by a digital filter. 
In the present case, the system appears to be acausal above 
300 Hz, i.e., the optimal phase response becomes positive 
above this frequency [see Fig. 10, curve (a)]. Therefore, 
the controller compensator is unable to match the optimal 
response over the entire frequency range, even with an 
infinite number of coefficients. Consequently, the time do- 
main simulation results in Fig. 9 present smaller attenua- 
tion than the corresponding frequency domain results 
shown in Fig. 3, mainly due to the causality issue discussed 
above. As seen from Fig. 10, the phase response of the 
simulated controller after convergence decreases between 
120 and 240 Hz whereas the optimal phase response is 
increasing in the same bandwidth. As mentioned earlier, 
this phase shift results in spill-over in the frequency range 
120-240 Hz. Above 300 Hz, the controller response fol- 
lows the optimal response with a 360 ø phase shift that gives 
good attenuation. One way to make the system causal over 
the complete frequency range is to add a time delay in the 
disturbance path. However this solution is often impracti- 
cal. Burdisso et al. have developed analytical formulations 
to predict reduction in attenuation as the system becomes 
more acausal. •3 

Figure 11 presents the total sound pressure level aver- 

aged over the frequency range 5-650 Hz versus the radia- 
tion angle 0, 

Isp,(0) = 10 log[ 2p•2er J, (42) 
where if(0) represents the mean-square pressure value at 
angle 0 averaged over the bandwidth [Eq. (23)]. Global 
control is achieved over the entire frequency range. The 
plot shows a reduction of 11 and 11.5 dB in the direction of 
minimization (0=45 ø ) for the three-point and five-point 
sensor, respectively. This result is consistent with the over- 
all reduction obtained from the sensor output ( 13.7 dB for 
Na= 3 and 11.5 dB for Na= 5). Again, note that the five 
point sensor output gives a more accurate far-field infor- 
mation than the three-point sensor, which yields greater 
far-field attenuation. 

IV. CONCLUSIONS 

A real time structural acoustic sensor has been devel- 

oped for application to active control of sound radiated by 
rectangular vibrating surfaces. The case of a simply sup- 
ported baffled beam is considered in this paper. The time 
domain filtered-X LMS algorithm is implemented to 
achieve control over a broadband frequency' range. Com- 
puter simulations show the ability of the technique to re- 
place the use of error microphones in the far field. 

For the low-order modes of the beam, only a few point 
sensors are needed tb measure the structural information. 

Moreover, the FIR filters that process the discretized 
structural response to provide radiation information have a 
small number of coefficients due to the constant magnitude 
and linear phase of the free-space Green's function and the 
stationary cost function used in feedforward control. The 
resulting error signal is a fairly good approximation of the 
supersonic wave-number component associated with a pre- 
scribed direction of radiation. Moreover, the computer 
simulations show that the errors introduced by structural 
acoustic sensing in the radiation information are not criti- 
cal in feedforward control compared to other issues such as 
causality and control authority. Therefore, the proposed 
structural acoustic sensor presents a important alternative 
to the use of distributive structural sensors (PVDF films) 
in ASAC approaches since it provides broadband radiation 
information. 
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