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This paper explores the development of thin panels that can be controlled electronically so as to
provide surfaces with desired reflection coefficients. Such panels can be used as either perfect
reflectors or absorbers. They can also be designed to be transmission blockers that block the
propagation of sound. The development of the control system is based on the use of wave separation
algorithms that separate incident sound from reflected sound. In order to obtain a desired reflection
coefficient, the reflected sound is controlled to appropriate levels. The incident sound is used as an
acoustic reference for feedforward control and has the important property of being isolated from the
action of the control system speaker. In order to use a panel as a transmission blocker, the acoustic
pressure behind the panel is driven to zero. The use of the incident signal as a reference again plays
a key role in successfully reducing broadband transmission of sound. The panels themselves are
constructed using poster board and small rare-earth actuators. Detailed experimental results are
presented showing the efficacy of the algorithms in achieving real-time control of reflection or
transmission. The panels are able to effectively block transmission of broadband sound. Practical
applications for these panels include enclosures for noisy machinery, noise-absorbing wallpaper, the
development of sound walls, and the development of noise-blocking glass window200®
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I. INTRODUCTION crophone and the primary source is needed to achieve good
performance. An additional complication is that online sec-
Active noise cancellatiotANC) is achieved by intro-  ondary pattfrom secondary source to the error microphone
ducing a canceling “antinoise” wave of equal amplitude andestimation is needed to achieve long-term performance due
opposite phase using a secondary source. A review of ANGg the nonstationary nature of ANC systems. However, it is
developments can be found in Hansgé®9) and Kuo and jtficult to estimate the secondary path online since random
Morgan (1999. Lueg (1938 first suggested the idea of ac- gjgnals need to be used to excite the system and this tends to
tive noise cancellation. Early work on ANC used analogyeqrade the performance. Even if all of the above limitations
techniques. Chapliit1977 introduced digital techniques in .4 pe addressed, it would still only be relatively easy to

his ANC patent. Since then, much work on ANC using cancel noise at a point, i.e., at the position of the error mi-

digital-processing teghniques has been published. AdaptiV(?rophone. It is very difficult for an ANC system to achieve
ferigfcohn’lvgredd ?ﬁr}iﬁlqiuglznrgohsﬂtof?nuli;ggi;:ggjf;% a global noise cancellation in a 3D environment such as in an
b . ) : gan, . enclosure. This is especially due to the limitations in the
control involves feeding a signal related to the disturbance . .
. . A . number of speakers and microphones that can be used in
input (called the primary noigeinto the controller which

then generates a signal to drive a speaker in such a way as%acncal applications. This current research aims to address

cancel the disturbance. This signal related to the primary?ome orf]_these limitations of ANC. he devel ¢ thi
noise is called the reference signal. In this paper, we concentrate on the development of thin

Results on many successful feedforward ANC system®anels which can be electronically controlied so as to
have been published. However, the major limitations of ANcachieve desired acoustic properties. We develop algorithms
systems must be noted. First, most ANC systems need f@r controlling the reflection coefficients of such panels as
reference signal. In the absence of a nonacoustic referend¥¢ell as for using these panels as noise transmission blockers.
signal (such as from a speed sensaeference microphones The advantages of this approach to active noise control are
can be used to pick up signals from the primary source bethat such panels can be used to prevent the entry of noise or
fore the noise propagates to the secondary source. Howevéfe creation of noise, rather than the control of noise by
this leads to the “secondary source effect.” The referenceactive cancellation after it has already entered an enclosure.
microphones will not only pick up signals from the primary For example, panels made of glass can be used as window
source but also those from the secondary source. A seconmnes to prevent the entry of sound through windows in
limitation is that a high coherence between the reference mihouses close to airports. Similarly, panels can be used to

develop an enclosure for noisy machinery so as to prevent

@Electronic mail: rajamani@me.umn.edu, 6612 626-7961, fax:(612 propagation of noise from _the machlr_lery. _SUCh pan_els can
624-1398. also be used as wallpaper in rooms with noisy machinery so
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as to prevent acoustic reflection and the occurrence of stanc

ing waves in the room. terpinals - pole <Lp megeet
The control system developed in this paper utilizes the N :
separation of sound at a point into incident and reflected 4 coil
waves. The earliest work related to separation of reflectec [ \ 1/2 inch
and incident sound is found in Guicking and KarchE984). 1/4inch i []
They used two microphones and analog electronics consist [ ; i suspension ]

ing of four subtractions and four delays to obtain the incident |

]
wave and the reflected wave. They then attempted control o ] Linch N\ panel ]
the reflected wave by appropriately setting the phase anu
gain of an amplifier. FIG. 1. NXT driver for a flat panel speaker.

The body of work closest to our approach is the research
on active impedance control conducted by several researc

S : . ttwénuate sound transmission through a double-panel partition
ers. Acoustic impedance at a surface is defined by 9 b P

(DPP. In their preliminary research, they reported a single-
p channel system with the secondary source being placed in
Z=—. (1) the partition and pure tones being used to test the control
system. The research related to DPP is different from the
The acoustic impedance of airZg= 1/p,Cc, wherep, is the  current research presented in this paper. In this paper, the
density of air anct is the speed of sound in air. By control- panel itself plays both the role of sound entrance and the role
ling the impedance at a surface to be equal to that of air, thef secondary source.
reflection coefficient of the surface can be made zero if nor-  The contributions of the present paper are the develop-
mal incidence is considered. A few researchers have studiadent of algorithms to enable control of the acoustic reflec-
this approach to active impedance control. Meletaal.  tion coefficient or enable the prevention of noise transmis-
(1998 designed active acoustic treatm@A®T ) cells using  sion through the panel. The novelty of our approach is that
feedback control. Each cell included a microphone, ahe system developed in the paper is based purely on the use
speaker, and an absorption sheet. They then used many ceflsmicrophones as sensors and that an algorithm to avoid the
aligned with the topside of a duct to attempt to attenuaténfluence of the secondary source on the reference micro-
sound transmission through a duct. Their objective was t@hone is developed. The paper includes detailed experimen-
obtain a perfect sound absorber. tal results documenting the performance of the both the re-
A research group in France has been very active in thélection control systems and the “transmission blocker”
area of impedance control. In 1994, Thenailal. studied systems.
how to actively increase the absorbent properties of a porous
material. They found that the absorption is maximum wheqI FLAT PANEL ACTUATORS
the space between the porous material and a rigid boundary
is maintained at odd multiples of one quarter of the wave-  We seek to use thin panels as speakers or actuators in
length, and that driving the pressure at the back of an optieur research. While a variety of exciter technologies can be
mized porous material to zero will give maximum absorp-considered for energizing the panel, including piezoelectric
tion. The latter finding is later used by them to implementtransducers, we chose a moving coil electromagnetic motor
indirect impedance contr@Furstosset al, 1997. As for di- manufactured by Kodel, Inc. The use of a moving coil ex-
rect impedance control, Furstossal. (1997 used an accel- citer ensures compatibility with conventional amplifiers. The
erometer to measure velocity directly and a microphone t@xciter has a suspension which is glued to the desired panel.
measure pressure. Thus, measuring impedance directly, thétyalso has terminals through which it can be connected to an
then control the impedance in a duct to simulate wall impedamplifier. Allowable panels with this exciter include thin
ance contro[Thenailet al, 1997. They also used these two (about 6 mm solid panels whose surface areas can range
methods to actively control the sound field in a cavity viafrom several meters square to several centimeters square.
wall impedance controlLacour et al, 2000. Both one- The panels are different from conventional woofer speakers
dimensional cavities and three-dimensional cavities were inwhich operate under the “pistonic” mode of operation. In-
vestigated. Other related research has been conducted btead, they operate under a “distributed mode” in which the
Henrioulleet al. (1999, who designed a 1/4-wavelength ab- panel vibrates flexibly. The exciter is based on a technology
sorber. This idea is similar to the work of Thenait al.  developed by NXT(New Transducers Ltg.under the prin-
(1994. However, an important difference is that they used &ciple of “optimally distributed modes of vibration.” Figure 1
flat speaker as a control actuator, which saves sfideari-  shows a typical panel speaker consisting of both the panel
oulle et al,, 1999. All of the above noted researchers aimedand the exciter.
to control the absorption indirectly with the help of absorb- The typical response of the dynamics of a panel speaker
ing material, while the approach presented in this paper condistributed modes loudspeaker, DMis shown below in
trols the sound reflection directly without absorbing material.Fig. 2 and compared to that of a conventional cone speaker.
As far as control of sound transmission through a wall orlt can be seen that the frequency response has many local
a panel, very few studies have been conducted. Paurobaliyalleys and peaks and does not offer the kind of flat response
et al. (1999 investigated the use of feedback control to at-that would be ideal for feedback control. However, the dy-

J. Acoust. Soc. Am., Vol. 113, No. 2, February 2003 Zhu et al.: Reflection, absorption and transmission control ~ 853



— DML Panel

” /‘\,\m ~ - ~~Cone speaker
}/ ”XW\WWW* , .

g ST~ i}ik"ﬂ'i’ii‘" m: ' Microphones

-uc; 0 3 . ] i ¥ 1 "_>

2 ! 100 i b 10900

g, -5 4 q 5 ' ,

2 10— - //\M NV
15 y
» [\

Frequency, Hz
200 Noise Speaker Controller ||
150 L— - - =~ N o | - : "\
100 —_—— — e — e

g 50 A k i\ VA, \&‘\ih FIG. 3. Panel configuration for reflection control.

o iy

N (SRR TN on using the integra

& 5010 100 i) {1 10000 A. Wave separation using the integration method

£ )

& 100 + — j 1 10 4 The experimental system utilizes two microphones
-150 —H H placed a few centimeters apart in front of the panel, as shown
-200 in Fig. 3. Normal incidence on the panel is assumed.

Frequency, Hz Let the acoustic pressure signals picked up by the two

microphones beg,; and p,. If the distanced between the
microphones is small relative to the smallest wavelength of

the sound, the pressure at the midpoint is approximately
namics has been found to be consistent and repeatable. Feed-
forward control has been successfully implemented using _ P11 P2 ©
these panels. Future research to optimize panel parameters 2
such as size, panel material, internal damping,

position for each application will be useful.

FIG. 2. Frequency response of DML and 8 in. standard cone speaker.

and excitge, 5 plane wave, the momentum equation yields

au  ap
I1l. ACTIVE CONTROL OF REFLECTION COEFFICIENT
) ) ) ] Since the distance between the two microphones is small, the
This section develops algorithms for separation of Soun%patial derivative can be approximated by

at the panel into incident and reflected signals and a control
system that utilizes these signals for control of the reflection 9P _ P2—P1 @
coefficient. X d -~
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FIG. 4. Experimental setup for reflection coefficient control.
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Substituting into Eq(3), the particle velocity is calculated as Eq. (2). Numerical integration is then used to update the
particle velocityu, as shown in Eq.5). Finally, Egs.(11) and

1 [t :
u(t) = p_df (p1—po)dx. (5)  (12) are used to obtaip; andp, .
0
The incident wave can be expressedBeranek, 1954 B. Active control of absorption or reflection
p:z A el (Wt—knX) 6) The experimental setup for control of the reflection co-
AT ’ efficient is shown in Fig. 4. In the experiments, the primary

noise is generated by a woofer speaker driven by a signal
from a PC equipped with a data acquisition system. A
2-meter-long duct is used to isolate the environmental effects
and ensure plane waves. The cross section of the duct is 17
by 17 cm. Thus, its cutoff frequency is about 1000 Hz. Two
1 microphones, as described earlier, are used to measure
”i:ﬁ Pi - () acoustic pressure. The analog circuit provides functions of
. , ) amplification and filtering. A CIO-DAS6402/12 data acquisi-
Similarly thg particle velocity caused by the reflected WaVeion board is used to support data communication between
can be obtained as PC and speakers and microphones. The control algorithm is
1 implemented via a PC real-time toolbox withRBO C used
Urzﬁpr- (8 to develop the real-time code.
Assume that the desired reflection coefficient is a trans-

Thus, the overall particle velocity at the midpoint of the two fer functionR(s) that is the Laplace transform of the ratio
microphones can be expressed as

where the wave numbd, is related to the frequenay, and
the speed of sound by the relationk,= w,/c.

Substituting into the momentum E(), the particle ve-
locity corresponding to the incident wave is

1 r= &. (13
u:ui+ur:ﬁ(pi_pr)- 9 Pi
0 The desired transfer function of the reflected wave is
The associated pressure at the midpoint is
Prdes(s): R(S)Pi(s)r (14)
pP=pitp:. (10

and the corresponding desired reflected wpygt) can be
Combining Eqgs(9) and(10), the incident wave and the re- ca|culated from

flected wave can be calculated by .

pi=3(p+ pocu), (11) prdes(t):JODi(t—T)f(T)dT- (15
and The errorp,—p,ges IS Used as the residue for feedforward
pr=3(p—poCU). (12 control. The incident soung;(t) is used as the reference

To calculatep, andp, , p, andp, are first measured by the signal. The secondary path transfer function is obtained from
i r» M1 2

two closely positioned microphonep.is calculated using S(s)=P,(s)—R(s)P;(s). (16
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Compared to the case where the error is the residual noiSg e gistance between the second microphone and the ac-
measured by a microphone, here the secondary path transfer, Considering these relationships, we get
function is not physically measured but is conceptual and has
to be calculated from measurements. Using the incident Pp,(s) Cme2yms
sound as a reference signal ensures that the effect of the %ZPF R(s)e : 17
secondary source on the reference signal is avoided. Reflec-
tion can be controlled to obtain any desired reflection coefand
ficient including r=0 (i.e., perfect absorptionand r=1
(perfect reflection Pa(s) —(mt1)rs
P.(S) e "+R(s)e . (18

C. Wave separation using the delay method

In the integration method, numerical integration must be Let
used, slowing down the processing. In this section a different _ _ _
approach, the delay method, is proposed. The experimental X(=po(t) = pa(t=7), 19
setup is the same as shown in Fig. 4. Figure 5 is used tand
illustrate the idea.

As can be seen in Fig. 5, the signals and p, can be y(t)=pa(t) = pa(t—7). (20)
separated into two parts: incident wave and reflected wave.

For a plane wave, the difference between e, andp, , Ve have
is a pure time delay. Likewise, the difference betwegen, X(s) e e
andp, , is a pure time delay. The difference between; P.(s) =R(s)e (1—e ™), (21
and p,  is another time delay multiplied bR(s). If the
delay between the microphonesrighenm=2¢/d, wheref and
Noise Speaker
N P Buct Panel Speaker
_ Va
Microphones
e
__l 00 ]:
FIG. 7. Experimental setup for trans-
mission control.
N Analog
Amphﬁer Circuit
Signal Data Low Pass
Generator PC Acquisition [ |Filter
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FIG. 8. Reflection control to achieve perfect absorption via integration mégivodary noise consists of frequency components 150, 200, 250, and 300 Hz

Y(s) s tained is thus quite simple with no integration required.
%:(1—9 ). (220 However, an incident wave that can be used as a reference
signal is not explicitly generatddéhstead the signabs(t) and
Combining the above two equations gives y(t) are generated both of which contain information from
X(s) both the incident and reflected wdv@he signal picked up
W=R(s)e‘(”‘+1“s. (23) by one of the microphones or(t) has to be used as the

reference and the performance is therefore expected to de-
Thus, in the delay method for wave separation, only delayedrade in the absence of a nonacoustic reference signal.
signals ofp, andp, are usedx is controlled rather thap, to

obtain desired absorption/reflection. This method of wavep, Filtered-x LMS algorithm

separation is similar to the method presented in Guicking and ) . )
Karcher(1984. In the active control of reflection or absorption, the

filtered-x least-mean-squatEXLMS) algorithm is used for
the feedforward control. Figure 6 summarizes the popular
FXLMS algorithm (Kuo and Morgan, 1996

Here, x(n) is the reference signay;(n) is the desired
Xged S) = Y(S)Ryeds)e™ (M V™, (24)  control (speaker signal; y'(n) is the actual sound of the
secondary sourcel(n) is the undesired primary noisefn)
is the residual noise at downstream measured by an error
microphonex’ (n) is the filtered version ak(n); P(z) is the

Xaed 1) =L H(X(9)). (25 unknown transfer function between the reference micro-
The errox(t) — xq.dt) is used as the residue for feedforward Phone and the secondary sour€z) is the dynamics from
control. The secondary path transfer function for feedforwardhe secondary source to the error microphod) is the
control is estimation of this secondary path; ald(z) is the digital
—(m+ D) filter that is adapted to generate the correct control signals to

S(s)=X(s) = Y(S)Rged S)€ (26)  the secondary source. The objective is to miningge) via
Again, compared to the case where error is the residual noisminimizing the instantaneous squared errén) = e?(n).
measured by a microphone, here the secondary path transféhe most widely used method to achieve this is the FXLMS
function is not physically measured but is conceptual andlgorithm, which updates the coefficients ¥#(z) in the
must be calculated from measurements. The algorithm olnegative gradient direction with appropriate step gize

After the desired reflection coefficient transfer function,
is determined, the desired transfer functiorx@an be found
as

and the corresponding desireg.{t) can be calculated by
the inverse Laplace transform
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FIG. 9. Reflection control to achieve perfect absorption via integration mefiradary noise consists of frequency components 100 and 300 Hz

By substituting the above equation back igY), we have

JTRN
w(n+1)=w(n)— 5 Vén), (27)  the filtered-x least-mean-squafeXLMS) algorithm

where V&(n) is the instantaneous estimate of the mean-
square error gradient at timg and can be expressed as w(n+1)=w(n)+ ux’(n)e(n), (29)
VE(n)=2[Ve(n)]e(n)

=2[s(n)*x(n)Je(n)=2x"(n)e(n). (28 wherex’(n) is estimated as(n)*x(n).
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I l ‘ N “l FIG. 10. Transient performance during reflection con-
h| . , trol for perfect absorption via integration method.
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IV. ACTIVE CONTROL OF SOUND TRANSMISSION B. Method
A. Experimental setup Several different panel materials including poster board

and glass can be used as speakers once equipped with the

The experimental setup for sound transmission control ismall electromagnetic motor actuators. Thus, a glass pane
shown in Fig. 7. This is very similar to that used in active with an electromagnetic motor actuator functions effectively
reflection control(see Fig. 4 A 2-m-long duct is used t0 as a panel speaker. The advantages of a panel speaker are
isolate the environmental effects and ensure plane waveghat it is thin, space saving, and inexpensive. The disadvan-
The cross section of the duct is 17 by 17 cm. Thus, its cutoftages are that it has uneven frequency response and is only
frequency is about 1000 Hz. An additional third microphoneable to provide limited power. Since the panel will not be
is placed behind the panel speaker to measure the residuabxed in an enclosure, it will generate and propagate sound
sound pressure that will be used for feedforward control. Thérom both sides of its surfaces. All these factors were care-
objective of the sound blocker is to drive the pressure at thigully considered in the control design.
residual microphone to zero. As can be seen in the experimental setup, the two mi-
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crophones in the path of the incident sound measure both the The algorithm used to drive the residual sound pressure
incident sound and the sound created from the panel itselfo zero is the same FXLMS algorithm described in Sec.
With the separation method, the incident wave is separatedi D.

and used as a reference signal for feedforward control. The

microphone at the other side of the panel measures the r& EXPERIMENTAL RESULTS ON REFLECTION

sidual sound pressure which is then controlled to zero. ACONTROL

major disting_uishing fegture of the control system here is_tha . Integration method

a nonacoustic sensor is not needed for the reference signal.
The incident sound is unaffected by the action of the speakef- Ferfect absorber

and hence we obtain a reference signal unaffected by the A panel behaves as a perfect absorbep,#0, i.e., if
secondary source. All the signals from the microphones arthere is no sound reflected back. To achieve perfect absorp-
sent to the PC via a data acquisition board. After wave sepdion using active control, the value pf is controlled to zero
ration, the reference signal is filtered by a FIR filter thatusing feedforward control. In the integration method of re-
represents the adaptive controller, the output signal is seritected sound estimation, the residual erropjs The sec-

out to drive the panel speaker, and the signal from the erroondary path isS(s)=P,(s)—R(s)P;(s), as explained in
microphone is fed back to adapt the FIR filter coefficients. Sec. Il B.
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Experimental results on reflection control to achieve perdrated in Fig. 10. The control system has a time constant less
fect absorption are shown in Figs. 8, 9, and 10. The distanctan 0.5 s. The reflected sound pressure is seen to reach close
between the microphones in these experiments is 2.5 cnto steady state in about 0.6 s.

Tonal noise is used since it is better illustrates reflection con-

trol, especially for cases where the desired reflection coeffi-

cient is nonzero. In the figures, the signals without any activé” Perfect reflector

control are compared with steady-stgtes) signals after A panel behaves as a perfect reflectopj=p;, i.e., if
control. The signals shown in the figures are the separateall the incident sound is “reflected.” To achieve perfect re-
reflected waves in each case. In perfect absorption, thefection, the reflected sourg is controlled to be equal tp;
should be no reflection. The signals are measured indirectlysing feedforward control. In the integration method, the
via the PC. In Fig. 8 the primary noise consists of four fre-secondary path i§(s)=P,(s) —R(s)P;(s)=P,(s) — P;(s),
guency component&l50, 200, 250, and 300 hizwhile in  as explained in Sec. Il B. The residual error is jys{t)

Fig. 9 the primary noise consists of two frequency compo-— p;(t).

nents(100 and 300 He As can be seen in the figures, there The experimental performance of the reflection control
is a better than factor of 10 reduction in the reflected soundystem for perfect reflection is shown in Figs. 11, 12, 13, and
pressure. The transient performance of the controller is illus14. As can be seen, the control system ensures excellent
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tracking between the incident sound and reflected soungderimental results on the cag&>1 are shown to demon-
waves. In every figure, there are two subfigures. The togtrate the feasibility of achieving a reflection coefficient
subfigure shows the match between the incident wave angreater than 1 as long as the secondary source has adequate
the reflected wave. The bottom subfigure shows the errosower. The integration method of wave separation is used.
between the incident and reflected waves to further illustrate  Figyre 15 shows the tonal case where the reflection co-
the match. Multiple tones are used in each experiment. Difgfficient is controlled to 1.2 for primary noise at a frequency
ferent multiple tone combinations are shown in each figure ¢ 500 Hz. As can be seen. the control system ensures good

As can be seen in the figures, the performance tends to g?hase tracking between the incident sound and reflected

worse when there are more frequencies contained in the Pound waves with amplitude amplification. There are two

subfigures in the figure—the left subfigure shows the match
between the incident wave and the reflected wave and the
3. Reflection coefficient greater than 1 right subfigure shows the error between the incident wave
In some applications such as in room acoustics, a coefmultiplied by 1.2 and the reflected wave to further illustrate
ficient greater than 1 may be desirable. In this section, exthe match. Reflection coefficient is controlled to 1.3 in Fig.

mary noise.
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16 with multiple tones at 200 and 350 Hz constituting theare “x(t)” in each case. In perfect absorptiot(t) should be

primary noise. driven to zero. The signals are measured indirectly via the
PC. In Fig. 17, the primary noise consists of two frequency

B. Delay method component$200 and 300 Hegwhile in Fig. 18, the primary
noise consists of three frequency componéh&9, 200, and

1. Perfect absorber 300 H2, and in Fig. 19, the primary noise consists of four

In using the delay method for estimating the reflectedrequency componentd 50, 200, 250, and 300 hzAs can
and incident sound, the residual error signal and the secon®® Seen in the figures, there is a better than factor of 10
ary path change for the feedforward control system. The sededuction in the signal of X(t)" in Fig. 17, and the perfor-
ondary path isX(s), and the residual error iz(t) as ex- mance gets slightly worse when the primary noise contains
plained in Sec. 1lIC. The objective here is to drix@t) to ~ More frequencies.
zero in order to get perfect absorption.

The experimental performance of the control system is
shown in Figs. 17, 18 and 19. In the figures, the signalsz‘ Perfect reflector
without any active control are compared with steady-state  For the perfect reflector case, again, the secondary path
(s.s) signals after control. The signals shown in the figuresand the residual error are different compared to the integra-
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tion method. The secondary path ¥{s)—Y(s)e (M*1)7s (150, 200, and 300 Hzand in Fig. 22, the primary noise
and the residual error ig(t) —y(t—(m+1)7). The objec- consists of four frequency componerifiss0, 200, 250, and
tive here is to drive the conceptual residual error to zero irB00 Hz. As can be seen in the figures, there is a better than
order to get perfect reflection. factor 10 of reduction in the signal ok(t)—y(t—(m

The experimental performance of the system for achiev-+1)7) in Fig. 20, and the performance gets slightly worse
ing perfect reflection is shown in Figs. 20, 21, and 22. In thewhen the primary noise contains more frequencies.
figures, the signals without any active control are compared
with steady-state signals after control. The signals shown i
the figures are the conceptual residual sigwé)—y(t
—(m+1)7) in each case. In perfect reflection, the concep-  The two methods for wave separation developed in this
tual residual signak(t) —y(t—(m+1)7) should be driven paper have their own advantages and disadvantages. The in-
to zero, i.e.x(t) should match with a delay version gft) tegration method requires the use of a high-pass filter to
in order to obtairR=1. The signals are measured indirectly eliminate drift due to bias errors in acoustic pressure mea-
via the PC. In Fig. 20, the primary noise consists of twosurement. Also, the reflection coefficient calculated by the
frequency component®00 and 300 Hgwhile in Fig. 21, integration method has been found to have a dc error. How-
the primary noise consists of three frequency componentsver, this error remains constant and it is less than 1%. The

IE:. Comparison between the two methods
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major disadvantage of the integration method is that it resmall; thus, signal resolution is lost not only by the data-
quires longer processing time due to the extra time needeacquisition board but also during the DSP processing. Spe-
for the integration as well as the high-pass filter operation. Acial care such as scaling may be needed in order to increase
big advantage of the integration method is that the incidenthe signal-to-noise ratio. The largest disadvantage of the de-
wave is completely separated from the reflected wave. Thiay method is that bottkx andy contain information from
incident wave can then serve as a reference signal for thieoth the incident wave and the reflected wave. The signal
FXLMS algorithm, and feedback effects from the secondarycannot be used as a reference signal because it is not isolated
source can be successfully avoided. This advantage enablfsm the actions of the secondary speaker. Unless a nona-
the method to also be used effectively in sound transmissionoustic reference signal is available, the delay method is not
control to obtain the reference signal. suitable for broadband control. In this experiment, all the
From a faster processing time point of view, the delaysecondary path transfer functions were estimated off-line. As
method has an advantage. Only signals and their one-stegan be seen in Sec. lll, for the case of perfect reflection
delay versions are needed in this method. This speeds up tleentrol, the estimation of the secondary path transfer func-
processing and a one-step delay is easy to implement in artion for the delay method are more complicated than those
DSP processor. The potential issues for the delay method th&dr the integration method.
must be considered are that the magnitudex ahdy are All the results shown in this section on reflection control
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are for harmonic noise. As can be seen in the figures, botfunction. Another order of 32 adaptive FIR filter is used for
methods work well. In the experiments, the sampling timethe FXLMS algorithm. The sampling time used is 180 mi-
while using the integration method was 180 microsecondgroseconds.
while the sampling time via delay method was 140 micro-  Figures 23 and 24 show the performance of the trans-
seconds. The time difference is expected to be larger if @nission control system when the primary noise consists of
microprocessor or DSP is used instead of a PC. discrete frequency components. Figures 25 and 26 show the
performance when the primary noise consists of random
noise bandlimited to frequencies below 800 Hz. In the fig-
ures, the signals without any active control are compared
with steady-state signals after control. The signals shown in
The experimental performance of the sound transmisthe figures are residual noise picked up by the third micro-
sion controller described in Sec. Ill is shown in the figuresphone positioned behind the panel in each case which should
below. In the experiment, a poster board is used as the pandle driven to zero in order to block the sound transmission
The secondary path transfer function is measured off-linethrough the panel. In Fig. 23, the primary noise consists of
An order of 32 FIR filter is used to estimate this transfertwo frequency componenid25 and 375 Hegwhile in Fig.

VI. EXPERIMENTAL RESULTS ON SOUND
TRANSMISSION CONTROL
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24, the primary noise consists of three frequency componentsomparison of performance obtained using just a single
(125, 375, and 500 HzAs can be seen in the figures, there acoustic microphone to pick up the reference signal with the
is a better than factor of 5 reduction in the residue noise foperformance obtained when the incident sound is used as a
the case when the primary noise contains discrete frequencgference is also shown. Clearly, the use of the incident
components, and the performance is worse when the primaisound as a reference provides superior performance. Overall,
noise contains random noise bandlimited to frequencies bea performance of 10—-15 dB is obtained over most of the
low 800 Hz. frequency range via wave separation in Fig. 27.

In_Flg. 25, a S|_ngle standard microphone is use_d to pICkA. Performance in terms of global sound attenuation
up a signal which is then used as a reference. In Fig. 26, the
wave separation method is used to separate the incident Previous results show that active sound transmission
sound which is then used as the reference signal. As can lm®ntrol at a point is possible. To make it practically useful, a
seen, the use of the incident sound as a reference providgtobal performance check is carried out too. The experimen-
significantly superior performance. This is also illustratedtal setup is the same as in Fig. 7 except that an enclosure is
through a frequency response plot in Fig. 27. Figure 27connected to the duct. The enclosure is used to check the
shows how the transmission control system provides signifiglobal noise reduction performance. The primary noise
cant noise attenuation over a broad range of frequencies. éomes from the duct. It goes into the enclosure via the thin
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panel. A cubic enclosure of size X4.4x0.4 nt is consid- ~ Microphone. As noticed in the figures, there is coupling be-
ered. On the side of the enclosure that will be connected téveen the plate and the cavity. As shown in Fig. 29, the noise
the duct, a rectangular opening of the size of the duct is cus dominated by an acoustic resonance at around 150 Hz.
and a thin panel with an electromagnetic motor is mountediltogether, measurements at 20 points were taken inside the
on this side of the enclosure. The primary noise is incidenenclosure. For every measurement, it was repeéeer-
onto this thin panel. The panel is controlled so as to reduc@ged 50 times via the signal analyzer. No sound amplifica-
noise transmission through the panel. Sound levels at diffeition at any frequency was found for every measurement, al-
ent points inside the enclosure are then measured to evaludftough the attenuation is not uniform throughout the
if sound inside the entire enclosure is reduced by the use dnclosure.

this control system. Experimental results showed that the

sound inside the enclosure was reduced everywhere. F|gu%_ CONCLUSIONS

28 shows the sound pressueveraged over 20 pointas a

function of frequency before and after control. It shows that  This paper explored the development of thin panels that
sound transmission is reduced at all frequencies by the corcould be controlled electronically so as to be either perfect
trol system. Figure 29 shows the performance at the erroreflectors or absorbers or acoustic transmission blockers. The

— before control
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§ 70 FIG. 29. Residual sound at the error microphone for the
g ] enclosure application.
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panels were constructed using poster board and small rarangle. If the panel position is fixed and the incident angle is
earth actuators. The development of the system was based known, an extra microphone can be used to estimate the
the use of a wave separation algorithm that separated incincident angle. If the incident angle is not known, an array of
dent sound from reflected sound. The reflected sound wawmicrophones around the panel would be needed for wave
then controlled to desired levels. The incident sound servedeparation.

an important purpose of providing an acoustic reference that
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