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signals for a | oudspe ield of the I nvention5 venti on
relates to nethods and deviced §ol Qﬂirocesm ng si gn;‘ﬁl mnﬁ@nm ‘Iﬂﬂlﬂﬁhey are
transmitted to the transducer of a Ioudspeaker I n par

| oudspeaker may be a directional ultrasopic |oudspeaker f&f®§€nerating a
directional beam of ultrasonic vibrations nodul ated by an audi o-frequency

signal. 10 Backg nd, of é e an nt'on Audlo SI gnal s. gener at ed
conventional | ou ' HEENa aker

vibrations are not emtted fromthe Ioudspeaker in a narrow 15 angul ar
range of directions). Directional em ssion of nmediumand | ow audi o
frequenci esfield efrthe |ﬂVﬁlﬁl0rﬁ1 e using an array of |oudspeakers having a
conplex control arrangerrent However, it is well-known (see references
[3]-[5]) that by transmitting a strong 20 nodul ated ul trasonic wave in
air, the norheé pessent mveatibrrélatéscto méthaids amirde\mésamrprmbbgsslﬂgm@uiam e the
envel ope of the podul ated ultrasonic sigpal Since the ultrasonic wave can

be easi |y fRrigsieycrg trnsmilted &xthe rarsduceppbalRudsneaker. inoariulATa g
si gnal _can BRAGARNStbPlie LUiFeRBRECNASAT: 14 denklRer B efblfifigd anal 1 s

audi o signa a narrow audi o I ¢ mechani sm
of a dir ectdiceddibnbbbeEmed vdtrasanic pibeatidnsemod tiateditpdnlaatedfreqgerady i s not
directly pragportional to the envel ope of anplitude nodulation (AM. Based

on the nonl§92&r theory of acoustics, it was
10

Backaground of the invention

Audio signals genérated by conventional loudspeakers are usually almost omni-

directional (i.e. the vibrations are not emitted from the loudspeaker in a narrow
15 angular range of directions). Directional emission of medium and low audio

frequencies is only possible using an array of loudspeakers having a complex

control arrangement.

However, it is well-known (see references [3]-[5]) that by transmitting a strong
20  modulated ultrasonic wave in air, the nonlinear characteristics of air can
automatically demodulate the envelope of the modulated ultrasonic signal.
Since the ultrasonic wave can be easily focused to a narrow beam, the
reproduction of the modulating signal can be confined by this narrow beam. If
the modulating signal is audio signal, a narrow audio beam is formed. This is

25  the basic mechanism of a directional loudspeaker.

In practice, the demodulated signal is not directly proportional to the envelope of
amplitude modulation (AM). Based on the nonlinear theory of acoustics, it was
shown by Berktay that for an AM signal and under certain simplifying

30 assumptions that if a primary wave of pressure p.(f) is transmitted, after the air
demodulation, a secondary wave p(t) is generated. The p4(f) and po(t) are

shown as follows:
p1(t) = P1E(t)sin(act) (1)

*159159*
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‘'shown by Berktay that for an AM signal and under certain sinplifying 30
assunptions that if-a primary wave of pressure pi(t) is transmtted, after
the air denodul ation, a secondary wave p2(t) is generated. The pi(t) and
p2(t) are shown as follows: pi(t) = P1E(t)sin(wot) (1) *159159* 2 2 Az
P2(t) - ~ Ez(z) (2) 16pcza ctz where P,5is the anplitude of the pressure
of primary wave, E(t) is the nodulation envelope, co, is the carrier
frequency, [3 is the coeff|C|e of_ non- 5 linearity, po is the anbient
density of the nedlu ﬁO.IS f sﬁal |gnal wave propqgetion speed, Ais
the beamls cross sect 8 al®tp,cizad &t axial di st ance, is the

absor ption coefficient of the nedlun1(at frequency co,), and z =t - z / co
is the |ag tine The rerationship bet ween nodul ati on envelope E(t) and the

audi o S|gn ( . =1 + nf (t 3) where e AM dept h.
The main fd’?‘n oﬁ?'aftﬁ? ﬁ@%' @%‘Pﬁ@&pﬁﬁﬂ’ r(esc)ftp&n)aam\/\@yl aEe &‘enonl i near
ef fect of eﬁuamleqan(ea)/empeEwc)s,the @rrumréumyog%me%etﬂ@enﬂ&rfcﬁ) bef ore
t he anplitude nodul ati on, the secondary wave out put should be made directly

pr opor t isondineadty, (pb)S therﬂmbmthESIaccbﬁ tbeemedbyrrgemertaeusmgalbmgnabwaved
version of Egp%ggtlon e(ec} L Ais the (arrzs cross ée@tion%orea, z is the axial distance, o

is the absorption coefficient of the medium (at frequency wc), and r=¢-z/c, is

the lag time. The relationship between modulation envelope E(t) and the audio
signal f(t) is:
10
Et)=1+mf) (3)

where m is the AM depth. The main function of the pre-processing is to

alleviate the nonlinear effect of equation (2) on E(t), i.e. by pre-processing the
15 f(t) before the ampiitude modulation, the secondary wave output should be

made directly proportional to f(f). This can be achieved by generating a

modified version of E(t) as:

Exty=[1+I]f(x)dr?* (4)

20
This seemingly simply pre-processing is very difficult to implement in practice.
The main difficult arises from the square-root operation. Because it is a
nonlinear operation, it will increase the signal bandwidth vastly. This poses a
very strict requirement for the bandwidth of the circuit and in particular of the

25 ultrasonic transducer. It is very difficult to make a transducer simultaneously
with wideband and high power-efficiency. The double integration is also difficult

to implement due to the easy saturation of analog integrations.

To avoid directly using (4) and at the same time to reduce the nonlinear
30 interference among different frequency components caused by square

operation of (2), it is suggested in [3] to use a small modulating index m, but this



This seemingly sinply pre-processing is very difficult to inplenent in
practiice. .The main-difficult arises fromthe square-root operation.
Because it is a nonlinear operation, it will increase the signal bandw dth
vastly. This poses a very strict requirenent for the bandw dth of the
circuit and in particular of the 25 ultrasonic transducer. It is very
difficult to make a transducer simultaneously wth w deband and high
power - ef fi Ci 4 nt e i 5. al.so | enent

doubl
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conprom se et hod est ed ysi n | e si deband (SSB signal to 5
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Preproce55| N%HEOTE8R qst? %aqjggcre@s?én PWIEA Y he i deal ~ envel ope of
the squgare-rooted DSB si gnal can increase the audio fidelity, but the
pre-processing incurs a significant processing cost. 15 Surmary of the
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ul trasonic
incurs a significant processing cost.

15 Summary of the Invention

The present invention seeks to provide new and useful methods and devices for
preprocessing audio signals before they are modulated onto an ultrasonic
carrier wave and transmitted to the ultrasonic transducer of the loudspeaker.

20
In general terms, the present invention proposes that the audio signals are
processed in frequency space by weighting each of the frequency components
by a predetermined weighting coefficient. Furthermore it is ensured that the
positive frequencies, or alternatively the negative frequencies, are removed

25 before the audio signal is converted back to the time domain, so that when the
ultrasonic signal is modulated by the preprocessed audio signal, a single

sideband (SSB) ultrasonic signal is obtained.

The weighting operation proposed here may be performed by a relatively simple
30  processing operation, so that the processing requirement of an embodiment of
the invention may be low. As discussed below, the weighting operation is

sufficient to provide effective, precise and stable preprocessing at low



"carrier wave and transnmitted to the ultrasonic transducer of the

| oudspeaker,. 20 In general terms, the present invention proposes that the
audi o signals are processed in frequency space by weighting each of the
frequency conponents by a predetermnined weighting coefficient. Furthernore
it is ensured that the positive frequengies, or alternatively the negative
frequencies, are renoved 25 before the audio signal is converted back to
the tinme donmin,, so that when the . ultrasonic signal js modul.ated hy the

br epr 0cess e BwETCRR s Sl tobhABE A HopullY vl B FEhaiyith s

obt ai ned. Treguires i trafs@RRIrad ihale R wiglksthdwad®. may be performed by a
relatively sinple 30 processing operation, so that the processing

requi renent of an enbodi nent of the invention may be |low. As discussed

bel ow, the L ghting raki y fE1Gl o { i.ye, precise
and stable %\ﬁée%ﬁ%éégsg?ﬁg eg{p'r?%%\;vbrjof @%ﬁ%gggﬁ}tﬁaﬂonﬂ%@q gg?fggr\f?\nﬁﬁﬁgut

produci ng aultrasoniai@eispelakaes dhé ensthgd abmphisity prepepdessingtdreatidiansighilies t o
have a wi de bandwi dth. Specifjcally, a fjrst expression of the invention is
a met hod of SRR # REFRIACESIAG $1983n HEINO D8 PpeRIRERSSad@ignahiRIBOdAIR 88 ng
preprocessi ; i i ; ignhal , using the
D epr ocossel arame i Kl foing o ARRRIALE SRR SERAFEHNEET  he

modul at ed ufransshioer of fiegnatspeakdr) the meptacassidg o thebudioesigmaldsgadikgr , t he
preprocessing of, _the audi q_signal .incl.uding: transforn ng the audi o signal
into the frequeﬁ&?%%’?%'f‘ﬂ?hﬁ@%a@ ﬂﬂ??'da%dﬁhgffmcypé?ﬂl?é'ﬂ’cy conponent s of
the trapsfornmed geighthg dffetehtirdgUdrey MBS bNthe RAHIGINSd SigRdl | N @

wei ghts table; renoving either the positive or the negatl ve freéquenci es;
and transfagoergiggtaeoyegpanding waights storedue acyeigbtadiahla;nto the tine

domai n. i's Not & liafing Bife R HERANEbrthe AGalifl FBLLGRGibS, 4§ 1 ntended to

inply an ordering o
transforming the signal from the frequency domain into the time domain.

15 Note that this expression of the invention is not intended to imply an ordering of
the steps of weighting the frequencies and removing the positive or negative
frequencies. Rather, these two steps may be performed in any desired order, or

even performed simultaneously.

20 A second expression of the invention is a preprocessing device for a
loudspeaker, the preprocessing unit being operative to generate, from an audio
signal, a preprocessed signal for modulating an ultrasonic wave, the pre-
processing device comprising:

transform means for transforming the audio signal into the frequency
25  domain,
weighting means for weighting different frequency components of the
transformed signal according to corresponding weights stored in a weights
table;
means for removing either the positive or the negative frequencies; and
30 means for transforming the signal from the frequency domain into the

time domain.



"the steps of weighting the frequencies and renoving the positive or
negatirve frequencies. Rather, these two steps may be performed in any
desired order, or even perforned si mul t aneously. 20 A second expression of
the invention is a preprocessing device for a |oudspeaker, the
preprocessing unit being operative to geperate, froman audio signal, a
preprocessed signal for nDduIating an ultrasonic wave, the pre- processing

devi ce co i sin tra rmrreansfor transform ng the audio signal into
the fr equremréi/a f % \Hé‘? YaueRy the a‘}r} Q,%qraﬁqq ipt %th tsingg af requency
conponent s s‘?ﬁglb@deﬁdrﬁﬁﬁ{;ﬁél%iﬂw 6fcﬂiéff‘|Al\ﬁ‘Ei‘éBfr¢i'srl%eH°trfé3§ lf‘a?reqaet e abﬂ S

stored in a weights means renoving either the positiv or th
negative f r@quleeuevels!edahdthlsmasmamﬁemenw spadeothe dgublhéntegeatidn ihrkogn.t he

of “the i A A BsepetsSed RYB VRGN Y e £ 8ok i iorEn AEReS e v ¢ n

proper AM deBpbrtichalifethe st,dwréqclﬂfeecdméﬁpdnau@qﬁﬂeqdéﬁc can _be avoided. In
this case, in frequency space, the double int egratlon in EQn. (4) can be

represented by a division of the frequency conponents by a factor 5

propor ti onaA E%ekpﬁd %‘lgﬁ{pﬁ% B\flvterfegfﬁlﬁé’ bf f=PRAMHAg oﬁﬁpé{ﬁrﬁgéhueeﬁggae@cgp ond

exanpl e of he sl le 0 'hg oper ati on; onent s

each be vvelcgim@@hdlmeacbrblees@lghtédm/ am&espamdlnglnwmmxbaluewmensat es for
any frequen%y de endePce of the ultras Hl o tr nsducer of the

| oudspeaker® qrr?é‘éfér?%r\%lc&ﬁ’ﬁp %n‘éfpg MH%S%'%”&‘HSQPWRQ@T‘@

| ogi call,y ||3g@§)§ég*%pt, preferably they are conbined, so that each
frequenlc(:)y conponent s weighted

Although these two weighting operations are in principle logically independent,

preferably they are combined, so that each frequency component is weighted
by a weight proportional to 1/@*C(w +@_) , where w is the frequency and
15 C(w+w,) is a measure of the frequency response of the transducer at a

frequency w above a basic loudspeaker resonant frequency @, .

Preferably, the preprocessing is preformed digitally, but the preprocessing
device is preferably capable of receiving signals which are any combination of
20  analog and/or digital signals. An-analog-to digital converted is provided for
converting any analog signals in the input into a digital format. Similarly, the
output section of the preprocessing device preferably includes a digital-to-

analog converter for generating a digital signal for use in the modulation.

25  Brief description of the Figures

Further preferred features of the invention will now be described in detail with

reference to embodiments, which are given for the sake of example only:

30 Fig. 1 shows schematically the overall structure of a loudspeaker system which

is an embodiment of the present invention;



"by a weight proportional to 1/w2C(w+w ) , where co is the frequency and 15
C(w +-w,) i.s a neasure of the frequency response of the transducer at a
frequency co above a basic | oudspeaker resonant frequency CO,. Preferably,
the preprocessing is preforned digitally, but the preprocessing device is
preferably capable of receiving signals yhich are any conbi nation of 20
anal og and/or digital signals. An analog-to digital converted is provided
for convert.in n al og signals in. the input into igital format.
Sritacty. Tie? <Hiwshe sEesHegnd cedicsd she iy Sabottd b er erabry
includes a digital-to- anal og converter for generating a digital signal for
use in the nodul ation. 25 Brief description of the Figures Further
preferred flagt dilbsstrgtes aposaibinireauendyl nesponseef thedensouger of figt 41 1 wi t h
reference to enbodi nents,. which are given for the sake of exanple only: 30
Fig. 1 shows schematically the overall structure of a | oudspeaker system
whi ch iss afigeatingditragsy a teigitihgserend ubay anthieddbbdinterd of Big howadt he
preprocessi ng device of the enbodinent of Fig. 1; Fig. 3 illustrates a
possi bl e frequency response of the transducer of Fig. 1; 5 Fig. 4

illustrates; ' ' LQnadn, and  Fig.
5, whi ch | & Gonpuarh s RoRfREER ot blay AN SR ROnTERes fe Fbduerkey 0 71O
conponent s aifmpdreernitd edthesigleal squaretredtddIBS Bodadalatat! siggalalitinttidh t he

f t roduced by t enbodi nent o Lg. for . an . input

L oo o PR o BRSTRE6 e S RPN RSl e 13 O s 084
nbodi t Syi hil I to Fig. 1, a |l oudspeaker systemwhich is an
angd: ﬁﬂt %lﬁ?%ﬁgulbggepkégﬁ |¥0(3h inclgudes a preprgcessi ngydevi ce 10 which

receives at |east one audio signal and pre-processes it, a nodul ator 20

whi ch receives an ultrasonic carrier wave generated by an oscillator 30
and anpl i t [etaileddesedrtian of the embediments g

Referring firstly to Fig. 1, a loudspeaker system which is an embodiment of the
15 invention includes a preprocessing device 10 which receives at least one audio
signal and pre-processes it, a modulator 20 which receives an ultrasonic carrier
wave generated by an oscillator 30 and amplitude modulates it (e.g. according
to Egn. (1)) using the preprocessed audio signal, and a directional ultrasonic
transducer 40. The preprocessing device 10 is preferably arranged to be

20  capable of receiving either or both of analog or digital audio signals.

The structure of the preprocessing device 1-0 is shown is Fig. 2. Itincludes an
input section 11 and a preprocessing section 12. The input section 11
comprises a filter and analog-to-digital converter 111 for receiving any input

25 analog signal, and a decoder 112 for receiving any input digital signal (e.g. from
a compact disk player or MP3). In either case, the output of the input section 11

is a digital audio signal, which is passed to the preprocessing section 12.

The digital audio signal from the input section 11 is processed first by a Fourier
30  transform unit 121, which is preferably a Fast Fourier transform (FFT) unit. The

Fourier transform unit 121 converts the audio signal f(¢) in the time domain

into F(w) in the frequency domain.



to Eqn. (1)) using the preprocessed audio signal, and a directional
ul trasonic. transducer 40. The preprocessing device 10 is preferably
arranged to be 20 capable of receiving either or both of analog or digital
audi o signals. The structure of the preprocessing device 10 is shown is
Fig. 2. It includes an input section 11;and a preprocessing section 12.
The i nput section 11 conprises a filter and anal og-to-digital converter
111 for receiving any input 25 anal og signal, and a decoder 112 for
receiving any input digital signal (e.g. from a conpact disk player or
MP3). In eipifefertdieuens corigdnentd of the dutputtare eRlltiped By algeighh@uhp!

audio signal, which |s passed to the preprocessing section 12" The digital
audi o si gnal2% by differegi regpectiviecweightsigtored israwe tahle 423byhe seiing @fr 30

t ransf orm ugi . Whi J: I rafl v EQurl e f FFT)
anit: The. Beysigfs K Do @i WhdiPBE RGP RIEA LD 1 the
time donmai rFi?i;.n:B an8@Thenwéigatd tablpiedre pe traprinentéd ilPRICM o2 i RAM quency
conponents of the output are nultiplied by a weighting unit 122 by

di ffering rBemeEY.iand aks peferablygrreccampiedei ght s tabl e 123. The setting of
the weights in the weights table 123 wll now be described with reference
to 5 Figs. 3 and 4. The vieights table can be inplenented in ROM or in RAM
menory, andrigr@ shoeker bipical prafile ofrthet teahsdticgr gainsdfdhe tmnsydpcerad0 psaf i | e of

the t d . gai f th d 30 f ti f . Th
prof i1 o hadoaehdLalEReyehe S hRRIPHE fascbiodunay, Poss e Brerked 5 0en 1y -
appr oxi rr.atel% ?nh/erieagl on a r.esag ant {re&_uenc¥ co, ,;I'Pl S is preferahly the
0l tr asof ¢ #high iR ey heloumalsy Catesed on A tesonant Meduency GholBisw ¢ he
i ght I : i : | ght I whi ch,
vl ot val iy SRk et An ThegRaRPERAdEay Bl gt vl ues, whi
woul d performthe double integration of Egn. (4) (wthout the square

root). Typ||§:|8! Lll%,ho;[/vrs] o\\ll\?lhueewgrgh Oglugglaggtsgle%lté/de. Drh%ydé[smeedqﬁlseh:%eéj sr|1cl)vr\}§ 39

weight values which, if stored in the weights table 123 and used by the

15 weighting unit 122, would perform the double integration of Egn. (4) (without the
square root). Typically, the value of the weights given by the dashed line 35
falls by about —12dB per Octave.

However, the weights actually stored in the weights table 123 and used by the
20  weighting unit 122 are more preferably selected to be 1/@’C(w +w,) , where

C(w+w,) is a measure of the frequency response of the transducer at

frequency w +w, as illustrated in Fig. 3. The weights may be zero for

frequencies outside the frequency pass band 25 of the loudspeaker, and are
preferably zero for all frequencies which will be removed by the unit 124 as

25 described below, but for other frequencies C(@ + @,) may vary with (e.g. be
equal to) the transducer gain shown in Fig. 3. Thus, the effect of the weighting
unit 122 is not only to perform the double integration but also to compensate for

variations in the frequency gain of the transducer.

30  Thus, the output of the weighting unit 122 is:



falls by about -12dB per Cctave. However, the weights actually stored in
the weights table 123 and used by the 20 weighting unit 122 are nore
preferably selected to be 1/wW2C(ww ) , where C(w+w,) is a neasure of the
frequency response of the transducer at frequency co + co, as illustrated
in Fig. 3. The weights may be zero for §requencies outside the frequency
pass band 25 of the |oudspeaker, and are preferably zero for al
frequencies which will be renoved by the unit 124 as 25 descri bed bel ow,
but for other frequencies Gy=-co, ) my pasy Wth (e.g. be ual to) the
transducer gain shown in Fig. 3.0THustwthe effect of the weighting unit
122 is not only to performthe double integration but also to conpensate
for wvariations in the frequency gain of the transducer. 3o Thus, the

out put of t i i . - S¢ = (. ) + CO )
The’out put - re PRter Bk WRldhuhGlaniSiods atbaSedk e inic 2l wiich oBidlnd C
obtai ns t hbediEsireddbdsabahdsigrel op@pebatirgpeninionrtbe meigatios (dripositbgayt i ve (or
positive) 5 parts of %&\QJ and converting that sideband into the tine

domai n %/ RATHOkFE@) PP%YGW'P%H@t(ﬁ'qﬁtﬁﬂdéf‘@r@SltW? ApB1aiR by A8y iInYeise; er

transform . I [t tiv e ncy
conponent s %x%:lﬁ@(r\»)';ncaéior&f @a@érsP'Méﬁ"%S%ﬁfﬂﬁ%ﬁﬁﬁgﬁﬁmﬁc l'{-)‘Ea)l E(Lég signal is:
10 g(t) = gexdrhple;ifmadntitd the nddativelfiequency @bniponehis (B Kpafe the
real and imaginary parts of the baseband SSB signal respectively, and are
shown i n Fithenzheasesuitingoopplex valaedisignaf ist he unit 124. Wthin the unit
mar ked as 125, g,(t) and gQ(t) are converted to anal og signals 1s by one or
two DACs, and the analog .forns of g, (t) and gQ (t) are filtered, to form

the tworespective ouLpyLs, ef) +t}§%(gr=emm@§l§i_5)g unit 10.g)
g,(¢) and g, (¢) are the real and imaginary parts of the baseband SSB signal

respectively, and are shown in Fig. 2 as the outputs / and Q of the unit 124.

Within the unit marked as 125, g,(¢) and g, (¢) are converted to analog signals

15 by one or two DACs, and the analog forms of g,(¢) and g, (1) are filtered, to

form the two respective outputs of the preprocessing unit 10.

The modulator unit 20 modulates g, () and g, (z) onto the carrier signal and its

90° phase shifted version respectively. The output signal of the bandpass SSB
20  signal is:
h(z) =1+ mg, (t))cos(w, ) + (1 + mg, (1)) sin(w, 1) (7)
Signal h(t) is further power amplified and used to drive the ultrasonic transducer
40.

25 Fig. 4(a) shows the ideal square-rooted DSB modulation derived from Eqn. (4)
in the case that the audio signal includes only a single audio frequency w,. The
result has a high bandwidth with components spaced from the carrier frequency

by multiples of o, both above and below.



The nodul ator unit 20 nodul ates g, (t) and gQ (t) onto the carrier signal
and its 90 phase shifted version respectively. The output signal of the
bandpass SSB 20 signal is: h(t) = (1 + ng, (t)) cos(w,t) + (1 + ngQ (t))
sin(w,t) (7) Signal h(t) is further power anplified and used to drive the
ul trasoni c transducer 40. 25 Fig. 4(a) shows the ideal square-rooted DSB
nodul ation derived fromEqgn. (4) 1in the case that the audio signal

i ncl ud . i nal dio f . . Th It _h hi gh
bandw dt how B shEE e SolesbH e e b tse ' e hediept Mg rilin: ot e
of coo bot haheyetRhd tftiemvade, thietk isldrily asdayie fiduReRey compRRdhngf result in

the case of the present invention. In addition to the carrier wave, there
is only a siwpgle, (br equemsgy conponent of w, - w0 (or co, +w, ). .5 The

resulting audio signal has better fidelity than the conventional DSB signal
(Egqn. (3)), since self-interference anong different frequency conponents of

h . . . e ' . "
enbodi mant T Roshd Ao $ifal Ha BRAR rlcig B B cdrhvehfiohaitSsh Minin®
since sel f (BEgne(3 ¥ rence salfintgrididniceraamongd diffgremtdiegemnpg cenippnanthivfthehe

reserved i o sideband sti exists, but it shoul d be noted that {he ideal
Cuar e r oot RPBEREENG AN lowa msstand s reioeqt e Biadie PaboTREL o
i1 lustrat edprbmd_égq)oo'fvéraﬁdelw tharGRLi A& sﬁﬂgkwrddiéa efEpaiku dgp. Overal |, the

embodi ment provides a better conprom se between system conplexity and
audi o fi delinteyferénree among ditetent Fequendyoeedpaneve withisthe presegred he

i nventi on has bee scribed wth referen to,only a single i ment,
many vl acy areerl e Fegsisn Pt el eaciEidpe R s aloBarsased 5B
signal is impossible in practice to realize, since as illustrated in Fig. 5(a), it
requires an unlimited bandwidth. Overall, the embodiment provides a better
compromise between system complexity and audio fidelity than known methods

mentioned above. -

Although the invention has been described with reference to only a single
embodiment, many variations are possible within the scope of the invention as

will be clear to a skilled reader.

20 For example, the embodiment can be modified to incorporate further processing
in the frequency/time domains to increase further the fidelity of the final audio
output. For example, this may be performed conveniently in the frequency

domain.

25  Furthermore, although invention has been described with reference to
processing “units” it is to be understood that these units need not be physically
separate, but may for example be realized as sections of software to be

operated on any number of physically separate processing units.
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2001. [7]. Tompo Kamakura, Tasahi de Yoneyanma and Kazuo | kegaya " Studies for
the Realization of Paranetric Loudspeaker" J. Acoust. Soc. Japan, No. 6
Vol. 41, 1985. 11 dains 1. A nethod of operating an ultrasonic
| oudspeaker, the method conprising preprocessing an audio signal to
generate a preprocessed signal, using thg 5 preprocessed signal to nodul ate
an ultrasonic signal, and using the nodulated wultrasonic signal to drive a
t ransducer F"%Qe | oudspeaker, the preprocessing of the audio signal
i ncl udi ng: §¥%msforning the audio signal into the frequency domain
wei ghting different frequency conponents of the transformed signal 1o
accordi ng th corAesgbodiaigpesatigtan sktrasediciloudspeakehtthe tnadthed coenprising
either the positive or the negative freqyencies; and tran?forniﬁgﬂthe
si gnal fr orRTEREPASSEHGAE PULiQ Q'PP'it‘ﬁtQS"?%getai RfePERGeEPRd sigpnal, Asing
accordi ng tqeplHdsdd sty te hddufatéRindlirasorfé xign@veérﬁ%éin@ﬂtﬁéﬁmﬂo‘aumsdsquar e
of the corresponding frequency. 3. A nethod according to claim1 in which
t he wei ght sultrasgnipisegnal to drig¢ bytransduger ofthe(loudspeaker, thedpeerocessisg ofie
frequency rrespondi ng. t he weight, CO is a constant frequency, and
C( w+w, ) isﬁﬁeﬁﬁﬁ@ﬁ?@ngﬁnFﬁﬁﬁm}equency response of 20 the transducer at
frequency co, . tfansfoiihhale acaRy signgl it thedtequbncyldainmaig, or claim 3 in
which the audio sjignal | s digital and the preprocessing is perforned
digitally, the ﬁ@@lﬁgan@ gifferent freqiansyi GanRRIIRAtaOf the transiamaedsignghal from

an inpug, si -yl I ; | I (I .hod according to
ol ai m 4% eGSRl BRUIARS Eighis ki welhitaBR:
removing either the positive or the negative frequencies; and

transforming the signal from the frequency domain into the time domain.

2. A method according to claim 1 in which the weights vary inversely with
15 the square of the corresponding frequency.

3. A method according to claim 1 in which the weights vary proportionally to
l/o’C(w +w,) , where o is the frequency corresponding to the weight, w, isa
constant frequency, and C(w + w,) is a measure of the frequency response of

20  the transducer at frequency o, .

4, A method according to claim 1, claim 2 or claim 3 in which the audio
signal is digital and the preprocessing is performed digitally, the method further

including generating the audio signal from an input signal including an analog

25  signal.
5. A method according to claim 4 in which the input signal further includes a
digital signal.

30 6. A method according to claim 4 or claim 5 in which the preprocessing

includes converting the preprocessed digital signal into an analog signal, which

is filtered before being used in the modulation.



"digital signal. 30 6. A nethod according to claim4 or claim5 in which the
preprocessing includes converting the preprocessed digital signal into an
anal og signal, which is-filtered before being used in the nodul ation. 12
7. A nethod according to any preceding claimin which the ultrasonic beam
is a directional beam 5 8. A preprocessjyng device for a | oudspeaker, the
preprocessing unit being operative to generate, froman audio signal, a
preprocessed signal for nodulating an ultrasonic wave, the pre-processing
device conprising: transformneans for transformng the audio signal into

the frequengy dmﬁétnodﬂa@cm@td a6y ufgnaawﬁnrgwmhgthelmtfr@écﬁﬂé bEhgAUENCY
components of the transformed signal. ccordlng to correspondi ng wei ghts

stored in dswediggationat beam:; neans for renoving either the positive or the
negative frequencies; and neans for transformng the signal fromthe
frequency domain into the 15 tinme domain. 9. A preprocessing device

accordi ng t& cl ahpréprogevsing ievvive forh dbudspebkehehe peambtsssiaduait baing
inversely with the square of the corresponding frequency. 20 10. A
pr epr ocessiRETALVE E%g%%r@ﬁ?jlf%“ta@ 3Ydip siapal, i@ RisPEIrasaed wanghfer vary

propor ti On%bdultaﬂnélaWr%%l); gavéhﬁ{t,ﬁpr%opfo%grs%lﬁ fde%ﬂféet;lﬁﬁpﬁ@ﬁ spondl ng to

the weig isTa constant frequency asure of the
f requency resportsmsﬁ)rm mee dvsafios traosforming thecaletic gignal intovthe 28qddncyA

pr epr ocessi gﬁ devi ce according to claim8, claim9 or claim10 conprising
an input s R whi ch receives an i nput signal, the input section

Icg% gﬁlelrr?g ?2 ana«h@@ni.ﬁg et ristfor MRMRINGRIiffé&int FRBUEASY BSMPBNeRBaf ¥
transformed signal according to corresponding weights stored in a weights
table;

means for removing either the positive or the negative frequencies; and
means for transforming the signal from the frequency domain into the

15 time domain.

9. A preprocessing device according to claim 8 in which the weights of the

weights table vary inversely with the square of the corresponding frequency.

20 10. A preprocessing device according to claim 8 in which the weights vary
proportionally to 1/w*’C(w +®,) , where o is the frequency corresponding to
the weight, w_ is a constant frequency, and C(w + w,) is a measure of the

frequency response of the transducer at frequency o + w, .

25 11. A preprocessing device according to claim 8, claim 9 or claim 10
comprising an input section which receives an input signal, the input section
including an analog-to-digital converter for converting any analog component in

the input signal into a digital audio signal.

30 12. A preprocessing device according to claim 11 in which the input section

is further adapted to receive a digital input signal.



the input signal into a digital audio signal. 30 12. A preprocessing device
according to claim1l in.-which the input section is further adapted to
receive a digital input signal. 13 13. A preprocessing device according to
claim1l or claim12 including a digital-analog converter for converting
the preprocessed digital signal into an j;analog signal, which is filtered
before being used in the nodulation. 5 14. A | oudspeaker system conprising

a preprocessjng device accord o _an f clai 8. to b further
oy P oot RS oRSsRa delfbel roriiio Jo iR Thetretn 2indiipad  "ond 1o
nodul at e arm?itéltmag %oﬁVék'f@foHébrﬁ\@arﬁH@tﬁH ﬁllfl,fp?&%s%@ﬁ cﬁglﬂﬂ%‘gnta‘l)lrﬂ@%‘ﬁr ate a
nmodul at ed ul trasoni c signal; and 10 an ultrasonic transducer for generating

a ul t r asoni analeasignebrwhinb is filkerer deserehaing ssed in tiegmatulatisn. A | oudspeaker
system according to claim14 in which the ultrasonic transducer generates
a directional beam

5 14. Aloudspeaker system comprising a preprocessing device according to
any of claims 8 to 13, and further comprising:
a modulator arranged to receive the preprocessed signal, and to
modulate an ultrasonic signal using the preprocessed signal to generate a
modulated ultrasonic signal; and
10 an ultrasonic transducer for generating a ultrasonic beam from the

modulated ultrasonic signal.

15.  Aloudspeaker system according to claim 14 in which the ultrasonic

transducer generates a directional beam.



