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A panel speaker system intended for a projection screen is developed. Like other sound sources with
large dimension, the panel speaker has a beaming problem in high frequencies. To alleviate the
problem, panel speakers are integrated into an array, with optimal electronic compensation for
omnidirectional response and array efficiency. The heart of the design procedure is a three-stage
optimization scheme involving two nonlinear and nonconvex objectives. The process is interactive,
allowing the array coefficients to be tailored so that the specifications of directional response can be
met. The optimal design of panel speaker array is then implemented by using a multichannel digital
signal processor. In addition, a Hilbert transformer is required to produce the quadrature components
of the array coefficients. A small array and a large matrix were constructed to validate the
implemented array signal processing system. The experimental results indicate that, without
degradation of efficiency, the proposed optimization technique in conjunction with electronic
compensation is effective in attaining omnidirectional radiation property.2002 Acoustical
Society of America.[DOI: 10.1121/1.1509435

PACS numbers: 43.38.AISLE]

I. INTRODUCTION by Sound Advance, is similar to a conventional cone speaker
in as much as it uses a voice coil assenftowever, it uses
This work focuses on the development of a projectiona flat diaphragm molded from expanded polystyrene, which
screen which is composed of panel speakers. This system #lows the user to flush mount it inside a wall or ceiling in
intended for applications such as oral presentation, publi€invisible” fashion.
addressing, or home theater. The system integrates both the The design of an omnidirectional array boils down to
audio and video functions into one unit, which may providefinding a set of array coefficients that gives rise to a “flat
certain advantages over conventional systems. The main regpectrum” in the wave number space. For a linear array with
son for using panel speakers lies in the flatness and compagkal coefficients, direct inversion of an all-pass flat spectrum
ness, which makes them well suited for the application as &;ill apparently lead to the trivial solution: only one single
projection screen. In general, a large and properly designeglement is active at the origin. This case corresponds to an
panel speaker is less directional in high frequencies than corgrray with very poor efficiency. Hence, two approaches have
ventional cone speakers. However, a detailed electroacoustieen proposed to avoid running into the dilemma between
analysis revealed that this desirable property of panelfiat spectrum and array efficiency. One approach is to intro-
speaker comes at the expense of efficiency. Furthermore, likce a phase function into the directional response. The
other sound sources with large dimension, the panel speakglesse| array and the quadratic phase at@pA) are based
will still suffer from a peculiar beaming problem at coinci- on this ided The array gains in the QPA are purely phase
dence angles in high frequencies if the radiating area igompensation in quadratic forms. Another appraishto
large? As a solution to the above problem, this paper prechoose a white-noise-like sequence with low correlation
sents a speaker array approach, using an idea that contradigig)perty, e.g., the Barker code, the Huffman code, and the
the original distributed mode concept of panel speakers. Weaximum flatness sequence to produce a flat spectrum of
use small panels which are as light and stiff as possible tgray radiation pattern.
produce coherent but directional sound beams. Then, using  pifferent from the earlier approaches, an optimization
electronic compensation and digital signal processing, Wgechnique is proposed in this paper to find array coefficients
seek to achieve simultaneously omnidirectional response anfla; maximize two cost functions: flatness and efficiency.
array efficiency. If individual elements are identical, then thepg problem turns out to be a nonlinear and nonconvex
proposed beamforming technique also is applicable to arrayg oplem for which it is generally very difficult to locate the
of conventional loudspeakers. The analysis and design Qfiohal optimum. Hence, instead of finding the global opti-
gonventlgﬂéﬂ loudspeaker arrays can be found in then,m we are content with the solution of a three-stage sub-
literature=™" It is also pointed out by the reviewer that a qniimal problem. The design process is interactive, allowing
sound and light spez_:taqle in Mexico u_sed an array qf Pangls to tailor the array coefficients so that the specifications of
speakers as the projection screen. This technology, inventegqctional response can be met. The array coefficients thus

found are generally complex numbers, which entail the
aElectronic mail: msbai@cc.nctu.edu.tw implementation of a Hilbert transform&r! The Hilbert

1944 J. Acoust. Soc. Am. 112 (5), Pt. 1, Nov. 2002  0001-4966/2002/112(5)/1944/9/$19.00 © 2002 Acoustical Society of America



=r~texp(2nfric) represents the spherical spreading,
B(f,0) is thearray pattern defined as
N

B(f,0)=n:E_N g, (f )el(@mnfdsindic) @

~

Audio : with g,(f) being the array coefficient of theth element.
Using the array filters, one is able to manipulate the array
pattern to obtain the desired directional response.
Hereafter, we further restrict the array coefficiegytéf )
to be frequency-independent, complex constagts, The
array pattern can then be written as

signal Filter g,(f)

o

Filter g, (f)

N
B(u)= 2 gne™, 3

Array filter Power a . . . . -
whereu=27xfd siné/c is a dimensionless angle. Inspection

@ of Eq. (3) reveals that the array pattern is essentially the
frequency response of an FIR filter with coefficiergs.

1 That is, the design problem of an omnidirectional array can
be regarded as the design of an FIR all-pass filter. For latter
P(r,0, f) use, define the angular spectrum
s(u) =B, @
0o /7 where|| ||, denotes the 2-norm, and the autocorrelation
RIO= 2 gnGic-n, )

) o 0 0 0 e | | -
d wherek is the array indexg,, has a compact support within

Soundsource 1 \| N, “*” denotes complex conjugate. It can be shown
(b) that the angular spectrum is the Fourier transform of the

FIG. 1. A uniform linear array(a) The schematic of a panel speaker array; autocorrelation, i.e.,

(b) the array geometry. N

S(u= 2 R(ke . ()
transformer can be implemented in either IIR or FIR fifter; k=N
we will only discuss the latter approach.

A 5X1 panel speaker array and &3 panel speaker lll. OBJECTIVES AND CONSTRAINTS

array were constructed f_or experimenFaI verificatiqn. Signal  As mentioned earlier, the design goal of our problem is
processing and electronic compensation are carried out By, fing an array with omnidirectional characteristics and
using a multichannel digital signal processDISP). Results 4444 efficiency. In this section, these design objectives will

will be compared and discussed with regard to an uncomperge formylated as two performance indicepectral flatness
sated array and the array obtained using the proposed opti;,q array efficiency

mization technique.
A. Array efficiency

Il. FAR-FIELD MODEL FOR UNIFORM LINEAR The array efficiency of a (8+1)X 1 array is defined as
ARRAYS R(0)

)

A panel speaker array is schematically shown in Fig. 7 (2N+1)|gl..’
1(a). Audio signals are processed, often digitally, by a bank _ B _ B
of filters before feeding to the power amplifiers and panelWhere 9={gs| ~N<n=<N.neN}, [g..=maxg,~N<n

speakers. With reference to the geometry of Fi@p),1the =N} is the infinity norm ofg, and

N

far-field pressure radiated by a source array with+21 , 1 (7
equally spaced elements can be expressét as R(O)In;N [N =5 fﬁ S(u)du, (8)
P(r,0,f)=A(f,0)R(f,r)B(f,0), ()

where the Parseval theorem has been invoked. Array effi-
where d is the spacing between two adjacent speakers, ciency is thus the mean-squared array gains normalized by
>d is the distance between the array center and a far-fieltg|... The physical meaning of the array efficiency can be
observation pointg is the angle measured from the normal interpreted as the degree of participation of active array ele-
to the arrayf is the frequencye is the sound speed\(f, ) ments. The efficiency will be close to unity if most array
is the radiation pattern of each sourceR(f,r) elements are active with full powelarge gain valuesg,).
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B. Spectral flatness Using the equivalent transformation of E(.4), the array

For the same array, the merit factor, or the spectral ﬂat_coefficient sefg can always be transformed into a “reduced”

ness. is defined 4513 array coefficient sef given by
R2(0) J={J,|J,€C, |J,J<1, —N=n=N, Jo=1 and
TSR © £39=23,=0} 19
Using Eq.(6), we have Proof. .
. N Letro=e 149%)/|g|.., So=2go—£9;, and
EJ_WS(u)du= N R(k)e*du=R(0). (10) J=T(ry,58,9)
According to the Parseval’s relation, we have _[Jn:%gnei(ignLgo+n(490491))|‘]ne C,
N o0
1 T
> IR(K) 2=—f S(u)du. (12)
k=—N | | 27 )& —NsnsN]. (19
Substituting Eqs(10) and(11) into Eq. (9) gives
g Eas(10 (D a9 Substituting Eg. (17) into (19 leads to: Jp=1, J;
B (ST S(u)du)? 12 =|91/9do|, and|J|=|g,/go|=<1. Hence,
- T 2 2 .
27T [S(u)—R%(0)]du J={3,13,€C, |3)/<1, —N=n=N, Jo=1 and
The denominator oF can also be written as £3o=2.3,=0},

] ] Thus, on the basis of the theorem, the feasible solution set of
From Eqgs(12) and(13), the spectral flatnedsis the ratio of 4 array design problem can be dramatically reduced by

the mean-square spectrum over the spectral variance. An gfqnosing the following “fundamental constraints” in optimi-
ray with omnidirectional response tends to have large specs4iion:

tral flatness.
0o=1, £9o=20:;=0 and|g,|<1, —Nsn=sN. (20

Under this constraint, the maximum magnitude of array gain
C. Constraints never exceeds unity.

Unfortunately, the aforementioned objective functions
are not sufficient to reach a unique solution because anyV. THE THREE-STAGE OPTIMIZATION PROCEDURE

array coefficients differing within a scaling and/or a rotation

will lead to identicalF and ». This fact will be detailed inthe 4 array coefficients that maximize the aforementioned two

following analysis. ~_ cost functions: flatness and efficiency. Unfortunately, this
Let C andR Dbe the sets of real numbers and imaginaryprgplem turns out to be a nonlinear, nonconvex, and multi-

numbers, respectively. Suppose an array coefficiengset qpiective problem for which it is generally very difficult and
can be obtained from another gpt{g,|~N<n<N} by @  {ime_consuming to locate the global optimum. Hence, in-
magnitude scaling and a finite rotationuo, i.e., stead of finding the global optimum, we seek to find a sub-
optimal solution by using a three-stage optimization
scheme—two stages for single-objective optimization and
(14  one stage for weighting two objectives.

Then, it is not difficult to verify the spectrum of the new
coefficients A. The first stage: Phase optimization

In this section, an optimization technique is proposed to

9 =T(r,up,9)={rg,e 1" —N=<n=<N,reC,upe R}.

Si(u)=|r[?>S(u+ug). (15) To reiterate, the goal for the array design is to find array

. > . . ) coefficients with high array efficiency and flat spectrum. For
The spectrum is scaled by a factof* and shifted inu axis high efficiency, the magnitude of each array coefficient

by ug. Furthermore, the spectral flatness and array efficienc;ghould be close to unity. For flat spectrum, the array coeffi-

remain invariant under the transformati®(r, uo,g), i.e., cient set should be a random sequence with low correlation
F.=F, n=n, (16) property. Putting these two statements together, one may
conclude that the desired array coefficient set should be a

and both coefficient sets are considered “equivalent. Con—random sequence satisfying two conditiodg|~1 and

sequently, additional constraints are needed to resolve thi g, is a random number ové®,27]. Thus, in the first stage

?hoem]fglllgsve"?es,;ep(;?:rlﬁ_lmhe-l(-)?grsnelzi)?n;tg\r:tf 1a)r>e< 1d ea?r\rlzd frog; optimization, we restrict the magnitude of each array co-
9 : - Yo efficient at a “full efficiency” state, i.e.|g,|=1, and adapt

consider an array coefficient sgt-{gs| ~N<n<Nj}, with the phases as randomly as possible. The optimization prob-
19]-= 9ol (170 lem in this stage can be stated as
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18 — . : . . . TABLE I. The array coefficients for the 231 optimal array ata) the full

v g & efficiency point andb) the flattest point.
1o° .' "o . *
* Peote Aoee ot . ™ Array index @ (b)
140 e, . . 'MN " : « . » ’v:"\‘ o. ;
te ., . ‘.”- R .'J -6 exp(0.06) 0.21 expt-j1.27)
12r e, . ot e . b -5 exp(-j1.05) 0.51 expEj2.10)
10l '.; ., 'v‘ o L | -4 exp(-j1.81) 0.58 exp(-j2.10)
s L0 -3 exp(-j0.63) 0.72 exptj1.67)
3 8 . * ] -2 expjl.41) 1.00 exp{j2.40)
“ . ' -1 exp(3.07) 0.76 exp{3.13)
6r . R i 0 1 1
4 o K 1 1 0.76
) ) 2 exp(1.43) 1.00 expj2.40)
2} »++ Full efficiency point | 3 exp(-2.55) 0.73 exp(-j1.48)
Flattest point
; 4 exp(1.78) 0.58 exp{2.08)
0 s 1 0 p 2 3 5 exp(—j2.05) 0.50 expfj1.05)
u 6 exp(-j0.10) 0.21 exp{1.25)
FIG. 2. The angular spectra at the full efficiency point and the flattest point Fl.at.ness 18.74 360
for the 13<1 optimal array. Efficiency 1 0.50
M F —RZ(O) 21
— 2
X SRR @D R2(0)
fcR—N=k=N Max F=s—— W (23
. . . —N=k=< k#0
subject to the aforementioned fundamental constraints, and fkeR ~N=k=N
the “full efficiency constraint,” defined as subject to the fundamental constraints. The initial guess is
lgd=1, —N=<k=N 22) the full efficiency point found in the last stage. The optimi-
kKl — 4 - =K== .

zation in this stage is a nonlinear and nonconvex problem

In this setting, the optimization in the first stage has only awith one objective, flatness. CSD is used to find the subop-
single objective, spectral flatness. Thenstrained steepest timal solution that is called the “flattest point.”
descen(CSD'* method is employed to find the local maxi- The example of the 181 array is used again for the
mum, or the “full efficiency point.” second-stage optimization. The result corresponding to the

However, the result of the search is quite sensitive tdfattest point is also shown in Fig. 2. The array coefficients
initial conditions because the problem is nonlinear and nonare listed in Table I. If the status of each iteration in this
convex. As motivated by the characteristics of the optimalbptimization stage is recorded, a trade-off can be observed
array, we thus adopted a heuristic but efficient approach angdetween the flatness and efficiency. The search path for the
assigned random numbers to the phases as the initial guess18x1 array is shown in Fig. 3. It can be seen in the plot that
simulation result obtained using the first-stage optimizatiorflatness is a monotonically increasing function of efficiency.
for a 13x1 array is shown in Fig. 2. This simulation took The curve is terminated at both ends by the flattest point and
approximately 1 min on a personal computer. The result waghe full efficiency point, respectively. The search path is
found by performing the first-stage optimization 20 times
and selecting the flattest pattern as the full efficiency point.
The step size of optimal search starts at 0.3 and decreases fi 400 ; : : : —
convergence. Each optimization converged within 100 itera-
tions. The calculated array coefficients are listed in Table I. It 3597
can be seen from the result that the angular spectrum fluctu

300/
ates randomly since spectral flatness is not optimized in this
stage. 250¢
= 200+
3
B. The second stage: Magnitude and phase _af 150 &
optimization F
100 |

In this stage, both magnitude and phase of array coeffi-
cients are adjusted to further improve spectral flatness. After o]
phase adapting, the only way to obtain more flatness is tc
adjust the magnitude of array coefficients. In effect, such 0

O Full efficiency point
O Flattest point

0.9 0.8 0.7 0.6 0.5 0.4

optimization procedure is a “tapering” process of magnitude _
to get a broader and flatter spectrum, at the cost of array Efficiency 7
efficiency. The optimal problem in this stage is formulated as;ig. 3. The search path of efficiency and flatness for the ZLaptimal

follows: array.
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10 — T T 7 T T
START

M initial guesses for the first

stage with random phase, 7= 0

4 1 M

Run the first stage and record results

e ee Desired spectrum
~—— Calculated spectrum @ No
0 -t L L L 1 !
-3 -2 -1 0 1 2 3
u

Yes

Choose the full efficiency point
FIG. 4. The desired spectrum vs calculated spectrum for thell@timal

array (F=200) found in the third stage.

Y
stored in the computer for final tuning of the efficiency and Run the second stage from the full
flatness. efficiency point and record the status

of each iteration
C. The third stage: Tuning of efficiency and flatness $
Select the desired efficiency or

As shown in Fig. 3, the search path for the array lies

Modify desired
within the window flatness and find the corresponding [*] odily desire

. efficiency or flatness
array coefficients on the search path Y

0.50< =<1, (24 X

and Is calculated spectrum
19.68<F=360, (25) acceptable?

which renders the reachable performance limit in the design.

In the third stage, the following template is employed as the

desired spectrum:
Sd(u):Rd(o)"'ArippIeSinU/Tr (26)

FIG. 5. The flow chart of the optimization procedure.
whereRy(0) andAi,,c represent, respectively, the mean and

the ripple size of the desired spectrum. For example, let L .

R4(0)/A.,.=10. Substituting Eq(26) into Eq. (12), the spectrum mean. The flow chart of the optimization with three
npp e . . y . . .

corresponding flatness should be stages is shown in Fig. 5.

D. QPA array versus the optimal arra
Fa=2(Ra/Avippe) >= 200. (27 D QPAamay P y

Using the search path in Fig. 3, one can find the correspond-. Tz Jus_t|fy the protpo_sec:_ techm?#ed t_he>iB arrayd dte- h
ing efficiency to be 0.56. Recall the definition of array effi- sighed using our optimization metnod 1S compared to the
ciency QPA array ¢=18) wherez is the shape factor. The array

gains in the QPA are purely phase compensation in quadratic
7=R3(0)/2N+1=0.56, (28)  forms,z(1—|6|/m)6/w. The details of the QPA array can be

whereN=6 for a 13<1 array. Solving Eqs(27) and (28) found in Ref. 6. The array coefficients used in this simulation

; _ o : are listed in Table Il. The angular spectra in Fig. 6 show that
Bélssl?rse; (;(poe)ctrz.rioisa;i(\j/eAr?pg@ 0.73, based on which the the spectrum of our array appears flatter than that of the QPA

array. This is also reflected in Table Il, where the calculated
flatness is 11.5 vs 114.9 for the QPA array and our array,

u
Su(u)=7.28+0.728 sin. (29 respectively, with identical efficiency.

If the result is acceptable, the corresponding array coeffi-

cients will pe retrieved from the computer and the actualv_ EXPERIMENTAL INVESTIGATIONS

spectrum will be calculated. Otherwise, one should select

anotherR;(0)/Appe @and repeat this optimization stage. The Two panel speaker arrays are constructed for experimen-
desired spectrum and the actual spectrum for the example atal verification of the proposed array signal-processing tech-
compared in Fig. 4. Two spectra have similar ripple size andhiques. In this section, a technical, but critical, issue in
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TABLE II. The comparison of 181 QPA (z=18) and the 131 optimal

array when the optimal array and QPA has the same efficiency. !@
Array index QPA ¢=18) Optimal array
. Hilbert transft

-6 0.74 0.35 exp{j0.78) a | et rensiormer Tz 0, i

-5 -0.78 0.61 exptj1.78) H(e™)

—4 0.96 0.66 expfj1.92)

-3 —-1.00 0.90 exptj1.22) @)

-2 0.45 1.00 expt j2.09)

-1 0.67 0.90 exgB.09) > Relg,} Fro—@
0 —0.86 1 Imi{g,} .
1 -0.67 0.94 | oo ikl :
: R rie I

. . . oo %
4 0.96 0.62 exgj(L.79) o , | Relg) o0
5 0.78 0.59 exptj1.52) H,(@) - Im{g,} ot .
6 0.74 0.37 exf0.57) . .
Flatness 11.53 114.9 .
Efficiency 0.63 063 > [ | Refg} Fro—
) ) — In-phase signal = -
hn{g_N}
Array elements
implementing complex array coefficients shall be addressed, ®)

followed by hardware implementation of a<3 small array

FIG. 7. The implementation diagram of complex array coefficie(es.
and 3x3 large array.

Single-channel array filter and the Hilbert transforméy} multichannel
implementation.

A. The implementation of complex array coefficients whereA(el”) andB(el“) are discrete Fourier transforms of

. _ N a, and b,,, respectively. TheHilbert transforme? H(el®)
As noted earlier, the resulting array coefficiegts ob-

) : e d ) serves to generate a quadrature component. The frequency
tained using the proposed optimization techniques are 9en€fasponse of an ideal Hilbert transformer is

ally complex. Although they are constants in nature, the ap-

proximation of which calls for the use of frequency- H(elo) = —i, Ososw 37
dependent filters (€)= i, —m=w<O0, (32
On(@)~Re{gn}+] Im{g,}, (300 and the associated impulse respohge] is
wherew is the digital frequencyn is the array index, angl 2 sir?(mwn/2)
=+—1. The implementation of the filters is schematically = 7 n (33
shown in Fig. Ta). The relationship between the inpat, [n]=
and outputb,, is given as 0, n=0,
A(el®)=[Re{g,} +H(el*)Im{g,}]B(el®), (31)  Which is apparently noncausal. Hence, a delajaamples
with truncation should be introduced to approximate the
» ideal Hilbert transformer
l ‘ I ' ‘ —j(Mw+m/2) <w<=
a s Py a H (ej“’)= e | , Osw=T7 34
1200 hoa It g : e IMe=72) - — 7<,<0.
10,.’-. L A T . The frequency response of the modified array filter then be-
M I e comes
B\ AV ATAY LY gn(w)~e M{Re{gy} +] Im{g,}}=e Mg,. (39
3 6 N J i N | Note that no waveform distortion will arise due to the pure
“ delay. Figure %) shows the implementation in more detail.
al | Using the implementation shown in Fig(bj and substitut-
ing Eq. (35) into (2), we have
2% IR X) QPA . . .
~— Optimal array B(G,w)=e_]Mw2 gneJZWfd sm&/c’ (36)
e

wheref=fw/2m, f is the sampling frequency,is analog
frequency, and is digital frequency. Hence, the system in
FIG. 6. The spectra of the QPAZ£18) and the optimal array13x1), ~ Fig. 7(b) yields an array pattern with the same magnitude
where both arrays have equal efficiency. response as the desired pattern. The Hilbert transformer
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can be implemented by either an PlIRiter or an IIR*!

B. The experimental result of a 5 X1 linear panel

filter. In this work, we chose to use the FIR implementation.speaker array

The Kaiser window approximation for a Hilbert transformer
of orderM takes the form

l{B(1=[(n—ng)/ng]*)*?3

h[n]=

0,

lo(B)
2 sirf[w(n—ngy)/2]
7 n—ny '
otherwise.

Although the ultimate goal of this work was to develop
the large panel speaker array, we use a small array to verify
the far-field behavior because of the limitation of current
measuring environment. A>61 panel speaker array is con-
structed for experimental verification. The system consists of
using PU-foam panel speakers, array signal-processing unit,
a monitoring microphone, data acquisition unit, and a step-
ping motor unit. The dimensions and structure of thel5
panel speakers are shown in Figéa)8&and (b). The size of
each rectangular panel isX®.7 cnf and the spacing be-

In the equationng=M/2. It is noted that Hilbert transform tween adjacent speakets=6.7 cm. Each panel is driven by
will introduce frequency-dependent delay and result in somé@n electromagnetic exciter mounted on an aluminum frame.

waveform distortion.

@

7cm

3.5cm

D

FIG. 8. The small panel speaker arrég) Configuration of the 51 panel

3.35cm|

6.7cm

<
<

®)

(©)

exciter

The photo of the array hardware is shown in Fi¢c)8

The array signal processing is carried out by a floating-
point DSP, TSM320C32 in conjunction with a multiple-
channel 1O module. Audio signals are fed to the array signal-
processing unit, through AD conversion and power amplifi-

60°

00

Array

-30°

w== Optimal array
+++ Uncompensated array

speaker array(b) dimensions of panel speakers and the location of exciter;FIG. 9. The experimental results of directional response for thé panel

(c) the photo of the 51 panel speaker array.
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(a)

b
: O (
30cm o
’’ —y)
A v (.
1lcm exciter
. 15cm
30cm
(b) ©

FIG. 10. The large panel speaker array of a projection sci@grConfiguration of the 3 panel speaker arrayh) dimensions of panel speaker and the
location of the exciter(c) The photo of the &3 panel speaker array of a projection screen.

cation, and generate compensated signals for each channelpdttern, whereas the optimal array exhibits a relatively om-
speaker. The monitoring microphone is situb?em from the  nidirectional behavior.

center line of the array. The array is mounted on a turntable

driven by the stepping motor so that directional responses of. The experimental result of a 3 X3 panel speaker

the array within[—90°, 909 can be recorded automatically, matrix

with every 1° increment. Necessary data acquisition/ To further justify the panel speaker array, a large33
processing and r_‘notor control are all haqdlgd by the DSP Hatrix of the size of a projection screen is constructed using
well. The experiments are conducted inside an aneCho'E”U-foam panels, covered with glassy face skins. The dimen-
chamber. , ) ions and structure of thex® panel speakers are shown in
An experiment was conducted to compare the optlmafi_ig_ 10@). The size of each panel is 30 cn? and the
panel speaker array o an unqompensated arrgy  ( spacing between adjacent speakers,30 cm. The photo of
=1Vn). The_opt|mal set of coeffl_c |e_nts_ of the><a_ armay  the array hardware is shown in Fig.(b Despite the matrix
was found using the proposed optimization technique configuration, the array is based on one-dimensional com-
pensation in the horizontal direction, which in our applica-
Jopr=1—0.45],1j,—-0.43. (38 tion is considered more important than the vertical direction.
Each panel is driven by two electromagnetic exciters
The Hilbert transformer was implemented by a 100-tap FIRmounted on an aluminum frame. The three panels at each
filter with a 50-sample delay, and sampling rate is 20 kHz.column are wired together to the same DSP output and six
The directional response of the panel speaker array is meaxciters are all in parallel connection. The rest of the details
sured at 2 and 3 kHz, respectively, on the horizontal plane obf experimental arrangement are identical to those of the
the array. Drastic differences can be observed in the experbX1 array.
mental results of Fig. 9. The array is indicated in the figure. ~ An experiment was conducted to compare the optimal
The uncompensated array indeed radiates a rather directionadnel speaker array to an uncompensated array. The optimal
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60° 90dB of its use. Electronic compensation is employed to achieve
> omnidirectional response and array efficiency. Optimal de-
sign of array coefficients is computed by a three-stage opti-
mization procedure that effectively solves the nonlinear and
nonconvex problem. The process is interactive, allowing us
to tailor the array coefficients to meet the design specifica-
tions. The array design obtained using the optimization tech-
nigue has been implemented by using a multichannel DSP,
where a Hilbert transformer is required to produce the
quadrature components of the array coefficients. A small ar-
ray and a large matrix were constructed to validate the imple-
mented array signal-processing system. The experimental re-
sults obtained from the DSP-based system indicate that the
optimally compensated panel speaker array exhibits omnidi-
rectional radiation pattern without degradation of efficiency.

With regard to the use of panel speakers as projection
screens, there are a few technical points to consider. These
include the added brightness that can be achieved with a
60° 90dB nonperforated screen, as well as the degree to which the
; response of large speaker arrays suffers from time smearing
and poor stereo imaging.

Although the ultimate goal of this work was to develop
the large array, we were unable to verify its far-field behavior
due to the limitation of current measuring environment.
Much work is continuing in improving the implementation
as well as measurement of the large array for future research.
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