, €3eABA~-445%$6L7f n868T8S_; Method and Apparatus for Generating A Directiona
Audio Signal Field of the Invention 5 The present invention relates to
generating a directional audio wave in air, and nore specif mlw

met hod and apparatus for pre-processing an audi o signal Jﬂm I mmmmmmm
result to nodul ate ultrasonic signals fOﬁ transm ssion by a dirggls.onal

ul trasoni c | oudspeaker. The invention further relates to the Ioudspeaker
itself. 10 Backgrpund, of 'the I tion The acoustic field. gnerated by a
convent i onal 00 @RAADDARATUR, - FHECHONGI ALY B4 f r equency
signals. For thls reason dlrect dlrectlonal radlatlon 15 of audi o signals

I's only possible using an array of | oudspeakers controlled gmmlmmm ted
met hods. Hoheleof thetinventiest | known [1-5] that if two differ umwm
signals are transmitted to air, the nonlinear effect of air wl kgggsse

I nteraction between these 20 two signals and a new signal wth a frequency

cor r espandi THe IReddift iV drtonareedio féeraify brBRicabRaIefIdIS waRaseh aircend! f the
original two frequencies are high (in the ultrasonic frequency range) it

i s easy to Metespepidaaitoa ﬁ@*h%ﬁbdaﬁpaﬁ@$ &rdye; Prpﬁ%sﬁim)ﬁﬁtﬁh@éﬁis'gnaf

di fference n If the

di fference H"g%e cﬂyﬁe:ﬁbg%'gr" @dﬁlr?st HE au'{}ﬂbﬁgﬁ@gﬁ&gﬁaﬁ@ﬁ%r@ﬁgeﬁg audi o beam
is forned. dinectional altmbmrqdbodsmai@rtmmbnwn mrtHeraemeésytoAhée range of
possi bl e ap I |cat|ons but to obtain a reproduced audio signal with high
fidelity inlO4d8Pg#H %F'E@\'/fer efficient way, appropriate pre-processing of the
audi o s{ignal and appropriate selection of the ultrasonic transducer are
necessary. 30 Figure 1 shows the overall arrangenent of such a system An

i nput (whi cBaokgyroondpf tise Irsientien or both of an anal og conponent 1 and a
digital conponent 3) is fed to a pre-processing section 5. The result is
transmtted to a nodul ati on and 2 power anplification section 7 and used
to nodul at eTRE debliERE AA Geriated bySa Gﬁﬁ\rerﬁi%ﬁ@ﬂ@h@gpé‘ékeﬁms ﬁéﬁdrrécﬁfoﬁ'él 9. The
result is transmtted to an ultrasonic transducer which is arranged to
generate a especialy oriowfrequengyesignals. For this reason drrectdrrectronal radiation

15  of audio signals is only possible using an array of loudspeakers controlled by

sophisticated methods.

However, it is well known [1-5] that if two different frequency signals are
transmitted to air, the nonlinear effect of air will cause interaction between these
20 two signals and a new signal with a frequency corresponding to the difference
of the two frequencies is generated. If the original two frequencies are high (in
the ultrasonic frequency range), it is easy to focus them to a narrow beam.
Therefore, the reproduced difference frequency signal is also confined to this
narrow beam. If the difference frequency signal is in the audible range, a narrow
25 audio beam is formed. This is a very promising technology with a very wide
range of possible applications, but to obtain a reproduced audio signal with high
fidelity in a highly power-efficient way, appropriate pre-processing of the audio

signal and appropriate selection of the ultrasonic transducer are necessary.

30 Figure 1 shows the overall arrangement of such a system. An input (which may
comprise either or both of an analog component 1 and a digital component 3) is
fed to a pre-processing section 5. The result is transmitted to a modulation and



5 The theory underlying this systemcan be sumarized as follows. Using the
nonl i near theory of acoustics, it was shown in [5] that for two primry
ultrasonic sound fields g, (Y, z) and g2 (r, z) with frequency f, and fz
respectively, due to the non-linearity of the air, the reproduced

di fference frequency si gnal (secondary ngnaI) is: ~~k Q_ (f", 2) =2 ~
~g~ (Y~, Z~)qg2 (r',2')G_ (Y, ZI| Y~, z')r' dY dz~ Poco 0 O mhere Y is the

of f propagatron axi s..di,stanc is the oordj nate a t.he axis.of .the
beam k. SPPWET B LSSy b blgass D Flotiylilh ap Yi08%onia Calidridhial 1€
f~), , C3 '§eﬁé\%té&8§fahcds%mat&f9 Mo f3aRd frﬁnsrﬁﬁtédstotd?ﬁulﬁﬁbbﬁret densi ty of
t he rredl um “co is the small-signal wave propagation speed, superscript *

signifies 1Ban$réuccarsrﬂﬁ|\ehwb0$uatrgaged tsgeperate p fpeusaseulasemicdeapmct i on f or
di fference frequency. Assuming that the initial sound pressure |evels (SPL)

of two primary waves are P, and P, , the strength of the reproduced
differerge frhe(rhlecmfywrﬁje@pmg tid éysltlﬁnl?:aﬁf‘tfé SuBmarizBd as f8flows. Waingd et her
shown by Berktay under certain sinplifying assunptions [5] that 1f a double

si de band (DeBjnegiheeryf aseHslic rtdmae( ahgwinin Eé&rf}atvfar/@vqwnr@aesgurﬁéoplc (1)

gener at od: - pound feloSiekd) B ipey B redlenfn I 3R FereshBER A dldisc
atz E (z) (#e H@S&?—Trﬁeé’*ty'o?tﬁé‘ﬁrrsﬂﬁle r@brd?fdc@ﬁrd(ﬁéﬂ@ﬁée fr%ﬁhéné?srghﬁl modul ati on
envel ope, ~~ is the angular frequency of the carrier wave I's the beam s

cross secti tagmondapasignal) és:t he absorption coefficient of the nedium (at ~~
), and z =t - z | cois 3 the lag tinme. The relationship between

dul | felnd 1 dio,s E =1 4
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denodul ated signal is not dr tectly proportional to the envel ope of the

modul at i on. wherd episane off rbpagatdjroaﬁs disthned, thisiheglcdordiebtd slong the axis
pr e- di stortln%‘;f the audio signal a(t) is requrred Thi s nmeans that by

appr opr i at ePltherkeamoékeisthegvayenuber bediffecenug frequensycAndbr (BSSHTENG UL put
shoul d be drrectlyﬂp ﬁﬁrtronal to a(t) . 10 This can he achi eved by
generating & mofi)f Ped epefficignt @(@9”"&§3['m po[ i3]the pofhigntdengity of the
fa(z)dz2]~~2 (5) This seem % F e-processing is very diffjcult to
i npl enent | MEHERL FedS h?h’%!“ﬁ‘gﬁ “él Y"PV%G pa&(ﬁt@@sgpieﬁg dR\:l

_ nPYRRISSIRIAr HoRifigs
operati 1O g' eecgdjnsﬁglelxtco'n?ugate G_(r,z) is the Green’s function for difference
frequency. Assuming that the initial sound pressure levels (SPL) of two primary
waves are P, and P,, the strength of the reproduced difference frequency

signal willbeP. and P. < PP,.

20 It was further shown by Berktay under certain simplifying assumptions [5] that if
a double side band (DSB) amplitude modulation (AM) primary wave of pressure
p, () is transmitted, after the air demodulation, a secondary wave p, (¢) is
generated:
(1) = RE(t)sin( 1) (2)
PEA_O pae)

167p,c4zcx Ot*

25 p,(t) = (3)

where P, is the SPL of primary wave, E(¢) is the modulation envelope, o, is
the angular frequency of the carrier wave, 4 is the beam’s cross sectional

area, « is the absorption coefficient of the medium (at @, ), and r=¢-2z/¢, is



15 nonlinear operation, it will increase the signal bandw dth vastly. This
poses a very strict requirenment to the bandwi dth of the circuit and
ultrasonic transducer. In particular, it is very difficult to nake a

wi deband and hi gh power-efficiency ultrasonic transducer. The doubl e
integration is also difficult to inplenegt due to the -12dB/ octave

anpl i tude meightlng ef f ect and t he Iarge frequency span 20 (20-20, COOHz, 10
oct aves) of a n ana rator is si | aturated
ond a1 e 1o Y ceidficzniRethgandtor laidh Shibiopd L3 anll 4R GUBRL T g
wi deband ulébaﬁpgéfltransducer [2] [3], [8], [9] for audio beam
application 3esigns mai nly use ponvinyIidene 25 fluoride (PVDF)

pi ezoel ectric material as tng Lppsgyger. Although it is easy to design a
PVDF ul trasonic transducer with a w déband, conpared with the traditiona

pi ezoel ectr{4g ceram cs (such as PZT) its power-efficiency is low due to

h | h ' h |
Aot hor i SHADHE P GoorABAASPH s O Edab | B4OW Al (P GRBTOINAERng
vol tage 30 érﬁngﬁgﬁ{oﬁhﬁekﬂ‘?pmr&%t@%éogﬂ_velopéloﬁh%%ﬁeﬁlaﬁoﬁv% transducer,

t he bandwi dth requirenent” of 'the square-rooted DSB AM si gnha It may reach
200KHz) wi | feprodice the autio ergrfal witb dnigly fidélity hae pte-distartiog of the audrerwgmalgh

Sauar e r oot THpds aHlsech g sy RS ot by G Rob el R ER S BN MA h 1 o

modul at | ony DEtrE A, ftﬁ%gsé?g%ﬁrz s bitpublhdii StV EEpafbtafo 4tk such &
bandwi dtgh | Thish@in be aBhieUed b?%@%‘ud o°a RRIDMEdLvEIdZof D) Bésﬁ Mﬂ' ng

transducer wth a higher center frequency (several hundred to several
MHz) is it possible tﬁmﬁ ezrrent bandw dt h. Ho er, high
frequency 10 ul trasonfc éL’T’ aéf)( at ed in air nuch fast¥r than | ow
frequency one. This will reduce the reproduced audi o power |evel. This can
be illustrated by Egqn. (1 ) as it shows the reproduced difference frequency
conponent i $h1§rsaé%hgnr@rlnprevpreh@robe§§99¢é V& diffictiff®o i?ﬁ;b!@ﬁfdht &pfsr&tr&eel d

al ong z- coordinate i gh frequenc rasonic wave will greatly reduce the
effective zThemaain diffieulf arlsmfrﬂlrgﬂielasrugrerpagamen@ﬂqm@came itdslay, the

apl | oot on PRt eh e Wil ee® feSHobarE i E T ThRASEER ¢ (e

it is usual{erymatictyeqpeementid thei b%mdvﬁ@thctﬁrm@bﬁd_uwhd ulteasonie thamstiucer.
t ransducer because the latter usually works at its resonant frequency point

wi th hi gher INgRRITICUNArfiiStvGrY d‘fﬂ@%‘b@dﬂéke arvigegand agd high aewar-ea‘t,crwyzo use
the squar e- RaLEHicRR AMcet. FTHeS XY uﬁé@far.eﬁ % c.ﬁffu gﬁ@!éﬂéht%%'téfy
the requirenents of transmtted audi o sfgna

power - ef f i ctrenewdﬁlor;ﬂaee@mmlétmde @eighliag attect edddme tari@e cfremaadcy gpan he

bandwi S S avoi d 25 |rectI sin 5 S the
pre- pr ess(%@gﬁe(ﬁq@dz%%d%?ﬁ)éﬁﬁ”gf?a?' EﬁB G- @grﬁlrﬁioqjgﬂ%gr%?orég e\)ﬁsﬁl Yout
the squar e- sgQtateRmatdifiduitfo B8Bug (rPplactié®l s, however) will generate a very
high distortion if the nodul ati ng dept h approaches 1. It is suggested in
[3] to use a small nodulating depth to reduce the distortion. However, this
al so reduceéoHéeef‘? ax?é b&?r‘?nﬁa%%r@dc%%?@rhé%bé?b @Ur’r\las H% t?%q'hstdn%ﬂ re the
power -efficrency o urther analysrs s U pa of the

di stortion [3)r[8R$8] Wa@dimbeémwppﬂrb@tim d%sams@msoﬁamnpeﬁe polyvingligene
si debands of the m{/lﬁl at ed sj gnal rum To r‘i‘! uce.this effect, it is

suggestet i Hugrige tVidseriezeplegiric '@? B‘ Ag thestsaps %aﬁ't*ﬂ%gf‘e'bisa%%sﬂi’e DSB
signal as t ents of a
single frqugsnlgm(')yg&;aulg?g%?waﬁgdﬁ ?’g@k%ﬁmeﬁéﬁt&?’g@?&ég frﬂﬁélttl;\%ency f~ by
a square- rotradrﬂoDSB)iAMpeI@SlB’cmrarn(tsgqsﬂcrAwsﬁZér )i its peweeefitiencyHs taw euéa,

Fi gure 6b apd ure 6¢c res ectrve SSB d - pr.ocessi has t he
st ages Bt thetp aletiame kA Golipuag Eat)oBan fver Ao uass TBRdES. and

| esseni ng thﬁotHﬁr%"éb%ivaﬁ?dgfe HMEDFes eis r@éuﬁ@@ﬁ%@&w Wighr BAngNoltHgeever ,
its interference is high conpared with the ideal square-rooted ™ DSB AM Thi s
is becalke tthgenerate thet same &ktings Bidlt erent frequency conponents of single
sideband still exists. The interference can be further suppressed by

reduci ng the nodul ati ng depth. However, a small 15 nodul ating depth reduces
t he reproduced audi o SPL and al so the power




efficiency of the systemas well. A problemcommon to both types of the
nmodul ating schenme is the vast dynam c range requi rement caused by the
doubl e integration operation. It is well-known 20 that double integration
causes a -12dB/octave filtering for audio signal. Wthin the whol e audio
frequency range of 20 to 20, OOOHz, there4is a span of 10 octaves. This
nmeans that the highest frequency conponent gets to be attenuated by 120dB

S gnal - pat hoxe O A SRR U S Bairemengof 1Sy Balby © ey

nust “have apghMIKRMAB] Gt manee éwzb@m Wil J@%@r&ht&qwm fithd N
sufficient signal -tigﬁnoﬁse ?at?o z%r eaél y increases the s?sm%

conpl exi ty. trenadEesr tofa very hlqh/mlueda SBQ @Ké‘lzbr%@eeﬂanhmeehmk&ﬂ@ thers to

provi de a new n p @ratin ted
ultrasonic E?Hﬁgﬁ'cgsg%glér%gg %(H ?é&ﬁsoape?%tg @é%ﬂ?g rﬂa}éﬁri 9'5‘?1 r‘%‘ﬁﬂ'@ es
that an mudbandwiiakor $sudl \audbds@ﬁélqzat-zd) eaeHz)awilpme PoekHe¢gOKRARIRfore
conponent and a high frequency range conponent, and the caonponents used to

drive diffemafulatiaiyeltds apesshie dbuild anES”tS?félﬂ'q frapgdycer Vi $URR @ r equency
range conpog ﬁﬂ&wkﬁh ‘t’rstﬁglétﬁ%nfgr'fﬁé% %}pfsgféﬁelBWWrOﬁlg%?ba%ﬁaﬁﬁucﬁi e

transducer) havin ower e lency but a narr
t he high frmph@bggheangeteccﬁnenuaam (Sevetal duindeediKHzdo severad MHz Y iarits ducer

h PVDF d dwi dt h | t
ST anal 5 proBUESRIP OHEMENEOL Femea e vEHE Tt highdreatanh y 1o
di r ect ey begasboRid W §eY@éﬁt(§m§at§d§{ ?I m an ‘éﬁa? tﬁaﬂm@frﬁaﬂ@ﬁ %€ TR ween

the requi renments of |gh au power efficienc Furt her nore,
since the fwilktedusepbeeaprodocediaudicopdwerdevel §h|5\®rybe|dhustmtedam5qof(1)

frequencies, it is ssible to cess it an _advancegd. tec uch as
15 ane emp! 891t ML BB <R BN Ze natbnCRaRMPRRS it s FEOPCHBHALE ot oc
DSB) wi t hOUthé)tPﬂ%gr@hBS oRtheEpaPan) y&ﬁlﬁﬂélhﬂa%rgg zTsoraimatd. fHiGh gegeayy val ue
whi ch marks the division between the high and | ow frequenc ranﬁes may be

sel ect ed bayHeasenia wWave aibarestiy f@@%&n’&i\ef‘?ff&jﬂlvﬁa-'ﬁﬂﬁﬂh%@ ghexanpie, it
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frequency for audio beam application is around 40KHz. Another problem of
wideband transducer is that it is usually not so power-efficient as compared with
narrow band transducer because the latter usually works at its resonant
frequency point with higher quality factor. Therefore, in practice, if we directly

20 use the square-rooted DSB AM, it is very difficult to simultaneously satisfy the

requirements of transmitted audio signal bandwidth and the power-efficiency of
the system.

One way to reduce the demand for the bandwidth of the transducer is to avoid
25 directly using Eqgn. (5) as the pre-processing method. The conventional DSB
AM can be used (i.e. without the square-root operation in Eqn. (5)). This,
however, will generate a very high distortion if the modulating depth approaches
1. It is suggested in [3] to use a small modulating depth to reduce the distortion.
However, this also reduces the power of the reproduced audio signal and
30 therefore the power-efficiency of the system.



bandw dth of the first transducer is sufficient to contain all the
frequency conponents of the | ow frequency range conponent, even after
perform ng a square rooted doubl e sideband (DSB) anplitude nodul ati on (AM
which 25 typically greatly increases the bandw dth. For exanple, for the
5t" order harnonic of the frequency cutoff value to be broadcast the
bandwi dth of the first transducer nust b& 5 tines as high (e.g. 1000Hz if

the cutoff s ZOOHé%. Specifically, in a first aspect the invention

provi des a Eerth%aa_ 'Y§§§@P&{S§that5¥ﬁ§6t diptastion %ﬂ_ fraM comesfidae
conpri sing. crro%%edc‘fibﬂg)f%’ﬂ) 8Hdha IGWéGlebands Gthainib a{?ﬁoﬂ%ﬁeﬁl% Ruftlfh, S gnal
a first |ower-trequency- Pange conponent and a secon g r-flpequency-range
conponent ; Toraduce thes pHect, ités sogaested in Fi] gmake af siogretdidefands¢S SBidsigealond

conponents;, and,5 dri vi first d second transducer.s ysi the first and
second modulRieRAE g‘ﬁaq)ggr rbaz@?ﬁsgﬁ,mpﬁﬁwge g@?&%ﬂ'npr%%%utﬁg FieQYPASY a wi der
bandw dt t i ; I ; t ' | on
provi gje_sﬁanggrglggbg?%s&%?'h F;é(r)ll?:e Sl r% (JE) %gﬁ?gﬂ?gu%ﬁ%g t,o %}ﬁgh%\égg;rdat us
conpri sing: fréaué_aﬁkﬁw% bytR8GuareLrobRIEDSBNAMADSBIAMasd $TE AMRafd RdsteaeH
separation section for separating the audio si ginal into a first, |ow
frequency rBnfgeutefponigrre Bh@nd FHaerelrt raspgrtivelvquency range conponent; and
15 a nodul ating section for nodul ating an ultrasonic signal using the first
and second conponents respectively to generate respective first and second
modul at ed uBSBaAMbases! presprocessing hakithe adsaetaes o bothveidtiog the ovi des a
| oudspeaker for eneraé [ gﬁq a 20 directional ultrasonic ea{n t he
| oudspeﬁ)xerfrﬁa‘c}?'%@f bandwidth requirement and lessening the internal self-interference as
compared with DSB AM. However, its interference is high compared with the
ideal square-rooted DSB AM. This is because the interaction among different
frequency components of single sideband still exists. The interference can be
further suppressed by reducing the modulating depth. However, a small
15 modulating depth reduces the reproduced audio SPL and also the power-

efficiency of the system as well.

A problem common to both types of the modulating scheme is the vast dynamic
range requirement caused by the double integration operation. It is well-known

20 that double integration causes a —12dB/octave filtering for audio signai. Within
the whole audio frequency range of 20 to 20,000Hz, there is a span of 10
octaves. This means that the highest frequency component gets to be
attenuated by 120dB with reference to the lowest frequency component.
Therefore, if a single signal path and transducer are used for the entire

25 frequency range, they must have a vast dynamic range to keep all frequency
components with sufficient signal-to-noise ratio. This greatly increases the
system complexity.

Summary of the Invention

30
The present invention aims to provide a new and useful method and apparatus

for generating a modulated ultrasonic signal.



first and second inputs for respectively receiving first and second

ul trasonic input signals; and first and second transducers arranged to
generate ultrasonic signals based respectively on the first and second

i nput signals; 25 the second transducer having a wi der bandw dth than the
first transducer. In a fourth aspect thejinvention provides |oudspeaker
systemwhich is a conbination of an appapatus according to the second
aspect of the invention and a | oudspeaker according to the third aspect of
the invention. 30 Brief descrietion of the Figiures 8 An enbodi nent of

the inventi Wc{;ﬁh dca(l)fé?ms?&éj@%%hpﬁ%ﬁﬁ’é%f&@;@éé%&faf?é&gpoc s/ i ded

reference to  owm ng Tigures d| agram of a
known di rectnt@ﬁ&le%tudilowsf're;m@hcgeameacmmgoegrstmd a lhigh frequerdyciange conposed

f Fi d 2(b) . bl ock di f di nent . of
Coudspeaker CRTERORMhADEIER REIGERE FreCEimedERITEfoshatve sansdycers.
conpari s®n ghetiieally, QlﬁlélﬂfWWehﬁéﬁ@,nl%ﬁhg@fcd?Kﬂblﬁiﬂ iPVEE td afvslbgiests under sane

driving vol tage Fi 4(a) and Fi 3 are two exanpl es of the transducer
arr angenent raﬂsweerésf@@ua&@rﬁzatrans@ucq hawingiahigh Rewereficiercy But ame

frequency r e 1 [ t shows
t he frequenﬁé&%@?@%’ﬁj\”@sﬁéﬁﬂghé hfgﬂﬁ@%ﬁ&{qc&gah@%ﬁcﬁ%& % lfsrﬁa@% H%ar‘] and
transducer geesnatransdiesp¢ssch a@mattﬂanedheerohevmgtwdridmrﬁandfmd’chgThé and
Fig. 6(a) is an illuystration of the frequency conponents of an ideal square

15 rooted DHE$681A %gréaisgqrwemb@htths tfarr@auéﬂr@ya@ffortrn%d iaiedighynal i s
assumedi§ 0 ARediRqadin NR tﬁ%ggéffhguzf ?éiﬁ%ﬁlév%ﬁ g_oé:d Q%Tgfé}%\s}ehﬂsétf\? %ﬂt es the

frequency conponents of a Sl gha es the
frequency ctmpregriremerits af Bi§B audio fidéldy andgposver émlé]axbyal | ed descr~tion of
the enbodi nents Referring firstly to Fig. 2, an enbodi nent of a |oudspeaker
system according to the present invention is showmn. Fig. 2 is conposed of

Figs. 2a anF’u%B?mor‘eh%wf?;\éttHHtfﬁst%rﬁﬁlﬁwerﬂt gbﬁta‘iﬁs 51'\!9 a re{#ivelieh ol enge

correspondln? Inputs to the
frequencies, it is possmle to process it by an advanced technique such as
15 one employing the square root operation of Egn. (5) (e.g. square rooted DSB)

without obtaining an excessive bandwidth.

The cutoff frequency value which marks the division between the high and low
frequency ranges may be selected based on the bandwidth of the first

20 transducer. For example, it should preferably be much less than (e.g. no more
than a third of) the bandwidth of the first transducer. This ensures that the
bandwidth of the first transducer is sufficient to contain all the frequency
components of the low frequency range component, even after performing a
square rooted double sideband (DSB) amplitude modulation (AM) which

25 typically greatly increases the bandwidth. For example, for the 5 order
harmonic of the frequency cutoff value to be broadcast the bandwidth of the first
transducer must be 5 times as high (e.g. 1000Hz if the cutoff is 200Hz).

Specifically, in a first aspect the invention provides a method of generating an
30 ultrasonic signal, the method comprising:

receiving an audio signal;



The enbodi nent has the overall structure of Fig. 1, and for easy conparison
the elenments of Fig. 2 are | abeled by reference nunbers starting with the
ref erence nunerals of the conmponents of Fig. 1 within which the el enents of
30 Fig. 2 are contained. For exanple, the components of the preprocessing
section 5in Fig. 1 are |labeled 500 to 511 in Fig. 2. The operation of the
enbodi nent is as foll ows: 9 (1) The | Oudspeaker systemof Fig. 2

recei ves an audi o, si.gnal_a whi ch may include either or both of an anal og
conponent 1 and/ Bptaé'%agé'iot“gm%%%‘ﬂieﬁéﬂﬂg‘@.d}ﬁww&ﬁ l[eSYeReYrREoPERefth e
audi o si gnahpng {é&u) re: L LLH AL E I ugh a filter and

anal og-to-dlbaeljt%la c?ﬁv@@?%ﬁﬁ%%jlackﬁ?n ?5%&%g%onent 2 (e.g. CD or M3
audio etc.) is déwoieg régpestide cuathratbd Zigralafroemibledist amdrsedortche audi o
signal. The resultst are selected to forma digital signal a(t) . (2) The
digital sigR@MPRPENS; 8Ny ansformed to the frequency domain by a 10

transforgn unit SQAvinGIfRE RRT $EE0FRI Parktdlickrd usiny thefirst bAB FeebRY Mhddulated i ts
fast inplenmentation FFT. The transforned frequéncy is witten A(~) . (3) In

t he frequensignatmgispectivedy,$hgisarond transgurar having @ widerdrgnsivédthsthpn the
frequency s I it 504. The first conponent is the |ow frequency
range 15 (eﬁ%ﬁ%tnl%‘g&%gl—h ). The second conponent is the nmedi umto-high
frequency range (e.g. 200Hz -~ f ~ 20,000Hz ). In practice, there may be
sonme frequency overl ap between these two conponents and the separating

poi nt bet welh3 SREANGEyPAFLLRe avapiien A5 \Wdes ag. appeniiys formrocesying Gmaiddt s of
t he si | W rately in the follow ng bl ocks. 20 (4) The
doubl egﬁit eé‘f{géﬂ,gﬁe ?hﬁgfaﬁnlg?g%@gﬁ%ngs equi valent to a frequency weighting in
t he frequency doemiimputistage ferirgbeiving drha@udio-sjgnay; 1z . This operation is

performed on each .of the two c?,n*ﬁonents of the fil’iténal opt i on%u% usfi n‘g

wei ghting coef f i BifEGAUSNSY SERATALIAN ISR ffiRaRsER | HAEAPYNFeYP ¢ 1885, 25
There is stjd " ' hi @%”ﬁ? hgnal s. But
since the frg%ﬁ%%%@a%@%@ﬁ%ﬂ%ﬁ%%%%@@éhgjehd%% , ﬁén%nam Cc range
of each conpomgonent aadso reduced. For exanple, the dynamic range of the

fi i s 360B.(3 ile that.of the. d i
Badp (et aves) 2 TLatIdFERSER matiipdd A7 bitsehl y8eS g B ERE e ' °
processi ng 3Ad 5366RY combdnkhls Mkpettively & Gérttated ﬁé%ﬁ)_fabtﬁ\ﬁé firePARAREBSNd S

converted back to the tine domain by an inverse FFT 503 with both positive
and negat i vBWOOUERad nitjasanimpeigaalss kept so that there is a doubl e sideband

signal. The resulting time domain signal is real. 5 By contrast, the second
conponent is further processed by the unit 505. Specifically, this perforns

further a whai ghiitdgspyctaneimentioripgdvidds hdouddpeakerfor genecatipgnsat i ng t he
non- uni(é ormfre uenCﬁ’E resPonse of the PVDE transducer which will eventually

be use Qo B8 pitEasogicsheamy theeudsraakes BEVIRGI ow) . 10 Here o~ + c~~, )
i s the measured fiFs?%H@%@éoﬁ&?rﬁ%%%%sé@&i@%cﬁaf ﬁ&f%ﬁd%@@ogﬁl’é is the

center angul ar frequency or t PVDF trans r. This 1s possi because

t he fol | ow ulraSeBicnioput sighals; &e@ps t he one-to-one frequency nappi ng

rel ati onship befﬁrs;? agd aftgr m)gul ation. | ¢ ractice, the t.vvo.—stgsp

wei ghting procesE ¥ 8R9§&CRE {ERF USHE AEnee ig%”eb%ﬁf“&f?&%%“%ﬁ'gf‘ﬁ unit 505
based respectively on the first and second input signals;

25 the second transducer having a wider bandwidth than the first transducer.

In a fourth aspect the invention provides loudspeaker system which is a
combination of an apparatus according to the second aspect of the invention
and a loudspeaker according to the third aspect of the invention.

30
Brief description of the Figures




15 can be inplenented in one step by storing the pre-conputed conbi ni ng

wei ghts in the weighting coefficients nenory 506 which may be either a ROV
or RAM An exanple of the frequency weighting for the second conponent
signal is shown in Fig. 5. in Fig. 5(a), the line 20 represents the val ue
C(~) and the arrow 21 indicates the pasagpnd of the PVDF transducer; and in
Fig. 5(b) the 20 line 22 indicates the ights required to performthe 12
function, with 12dB/ Cctave to i nplenent the double integration, and |ine 23

i ndi cat es t A ABPRAIMEREiQES inveprer Wihnewdekrsrsrped der higmakefiexamile second
conponent si : = 5 fdicwing Fi Jhis further conpensation,

t he second ?gmﬁ%ﬁ?f%{ésn%eetg(tﬁg f('?] oémﬂglihga%ggfr{ m:cbh retains only the

posi tive (oFigegablook)didgragueha knpentdikeictional aLidimaignal/gemerating systenval ues

f ti it f . I . 1N | t ant
Sl gnal der i £ % PR IeCQrmet GhieHen e 2Bn A RS g ARG Ciaiam T onver t ed
back to 4 he ghBriimeRRbNa RudsPETker sysRSMAGICCERING REtHERbaBERtIaVERtRSESS 11

may be carried out by the unit 505 only for the finally kept frequency part
(posi tive oFihéyista o@yparisemef tedeavansigosrense aifZT epdIRVIAG tiansdueeigai n

signal for .1's a single sideband (SSB) conpl ex signal,
hagi ng a regpasgg%%fgddéﬁlw\(@g%’ex part % 5 (6) The 1£i rs% coggonent igs
converted t @igni(anahd®Fid. ab) e tvoendmpies of fisd trdhsdlcer dr@ingamend ofifred 0g

(DAC) converter and a |ow pass filter. Simlarly, the real part | and the
conpl ex par €Myasimentoklkifodd conmponent are converted to analog forns by a

uni t 518, haw i L el = 1.0 V) r fol | owed
by respidt | Sres ey b Behlency ¥eaBahoy of B PYRR Fartelichr cbtel

signal is peodesimdntyand SbHlanews tiod frequencyt wéighis aset] iosimpiemenbtimieat ed
onto an ultrasonic carr.ier fr.equenﬁ% giué;eg er at ed b%/ a |l ocal oscil|lator
(LO 90 by SOmGHAgHPlENiGareticrhandiraps QUEREY resRONSE TP aBR Y3 nent
conpl ex si gpAd ehﬁogﬁﬁgmbcwp} upi 4’1l to generate SSB AM signal. This
requires the real part (1) gnd’ imagi nary part (Q of the conplex signal to
mul ti ply th&igd(a) srarsillystadtionobthe fragenoy shirfpoaentscofarideapsqudree produced

b h il lv.. Th dul [ | s. . th dded
gt net by b DR U e Y FERERAALSF B AR B F i e | oco
oscillator %Qs&mée t8 HeeF] hRd thé egﬂwg%ghenéﬁsgrb, ﬁ@% gh:Ehb?eé thePr ef erabl y

the center frequency of”“the PZT tran cer 111 bel ow. 25 (8) The

nodul at ed f freglieaeyBOMpBhehisdifal DES mbalietabsignalR Fig & (t)ilastedtesthequal i zer
72 which is designed to equalize the non-unjformfrequency response of the

PZT t r ansduf@auenay compomgatsiofaspSBJnpewatad $ignal: the output of the unit
73) and the second 30 conmponent (i.e. the output of the unit 73) pass

t hrough respective power anplifiers 74, 75 separately to generate the
necessa2l poetailexhdesaiptiagef tliembedinhentdri ve PZT transducers and PVDF
transducers respectively. 12 The resultant signals are then sent to a

| oudspeaker 110 havi ng one of nore PZT transducers 111 and one or nore PVDF

transducer s RkrringRsfly fskigC 2R BRiBodirmeRebEa RiRIspBRKkEr dyatd @cbérting to
transducers) 111, "and the Second

the present invention is shown. Fig. 2 is composed of Figs. 2a and 2(b), the

outputs at the right of Fig. 2(a) being the corresponding inputs to the left of Fig.
25  2(b).

The embodiment has the overall structure of Fig. 1, and for easy comparison
the elements of Fig. 2 are labeled by reference numbers starting with the
reference numerals of the components of Fig. 1 within which the elements of

30 Fig. 2 are contained. For example, the components of the preprocessing section
5in Fig. 1 are labeled 500 to 511 in Fig. 2.
The operation of the embodiment is as follows:



5 conponent signals are input to PVDF transducers) 112. The PZT transducers
111 and PVDF transducers 112 shoul d be arranged such that the generated
ultrasonic waves fromthese two kinds transducers are collimated (i.e. the
sound field is overlapped well) to facilitate the nonlinear 10 interaction.
Two possible fornms of the | oudspeaker 11@Q having different arrangenents of
the PZT and PVDF transducers are shown in Figure 4(a) and 4(b). In Fig.
4(a), a big PZT transducer 111 is in the center of the whol e | oudspeaker
110 surrounded by many PVDF transducers 112. In Fig. 4(b), several
relatively b9 PEhetipadsisbike aph ' ' n 5

sur rounded ?prVg;:ﬁetl?ansduce’rfgyglt%ﬂg ﬂrﬁgrgrgﬁﬁﬁ%ﬁg agsﬁieggﬂiéln‘g(st?m%ssi bl e
ar r angenment sndyoinclude eithier as bottcof anidaplegloampaint Arareiema digitat cofmeonent

frequency responses of PZT and, PVDE transdycers is sh in Fiqure 3. A PZT

T aneducyr | 51 AMagalon GORRATEN 1 &2 o 8RODSIARAl it crRVTPaNe IGUATERE but

hi ghl y Wek hGi , i MORid; 2 i esponse
P ihr%t.ahg@far anwﬁ]rlaago{\@ﬁng% r 5b3- Ahgg_@%a? CERipRREHt £

18 (whi corresponds to howt as line 20 in F a), but 1s drawn
with a | onefe.geCél ooMRSeaudiv etmhisadedosiediyed dacodrn502:tosa panplast formi efnt . 25

| n practic as shown in Fig. 3, the center frequencies of e PVDF
ransducer  TOAUE el Thr SoRHIS s FPIGHSH BLiosoa BiotabsgRabtrn | y
different. This is because the signal frequency conponents of PVDF and PZT

transducers are different. For exanple, the center frequency of the PVDF

transducer s)2)112 Therdipital stgret tg0 iatransformizdoHhe dreqoiegbg doamin bgy only
needs to output signal 30 frequencies fromf~ + 200 Hz to f~ + 20,000 Hz.
Thi s art@Qngtapatorm unit Q3 wiich peiiersies digital fouder isamsferra Ry Ty pr itwdasty st em

13 The audig_fidelity apd-system power-efficiency are further analyzed
nere. Fi 1ot yPlenstptf FRT Y Pa e d etk i diilnt of ¢ he audi o
signal, since alnost ideal square-rooted DSB AMsignal is transmtted

within the efficient 5 bandwidth of the PZT transducer 111, there is no
limtation {3r t hethebiedeenaygdatepinhthensignalds divided info bio coppoteotsdbyadi o i s

hi gh. Al b of t [ -effici PZT d 111,
i ah pover GPoRaneY sepaauanentyod: dhalrromaeneit i edit (P GEREY Toeee Sl nce
the pi ezmel eyl i< 000AE AMthePdeddhl dBMSEHEH! iéﬂne'maium—%lﬁrghmﬁ@@émt of the
PVDF material, i'ts driving voltage can 10 be nmuch | ower than that "of the

PVDF transdumeye (6lg. 200HNe Sae,000H: asnipractidel theretmapbe gones fréqulendyn ot her
words, if the sanme driving voltage is used for both the PZT transducers)

111 and t he OPSIHED betveriuthese)twopmponanis asd thegepargling Rosnibetween them
bt ai ned f i,n Fi IS i all
oo ot LR ARe S R MACIEY, ATAP e AR or Bl yipeec *! 1Y

consi der i ngptduessedseparatelyiinting folloingfy bloeksiency conponent of the audio

si gnal , (%s mentioned above it is SSB anplitude nodul ated and transmtted
through2 VDF transducers) 112. Since the bandw dth of the PVDF transducers)
112 is widegyt i i1& QR i r b ' chel?l 0 (20KHz).
Accor di ng t84)'Eqnﬁzeid%{djﬂl?{rﬁ?&ira&ﬁg%ﬂﬁﬁa%@ﬁgf%%ﬁnftgdi‘gﬁ![’é ri r?gry signal s
are transmtted,.they will interact. wi.th each. other d_geherate a new

ol gnal s ¢ nWEHtaG o B anaNER 6 Sl Bt B A DR o B rar y o gnal
frequencies. For the SSB signal, the interaction between the carrier signal
frequency apgetation is peirformadionneati afitbe tawodionfanentsotihei signri siptiodallbut  f or
an 25 audi o signal. wi.th rmultiple frequency copponents. .there als i st
manyunavor HabRareighipd eBpidhs st e BBRE Ao b ey &fonent s
and gengs at Tharéfs stMdespaBRIcEaVAtRSHURNIBATST 9ihE TRlgRientP ¥RiMels. Bt Rfitelthe
reproduced difference frequency signal strength P is proportional to the
product of freaueney Fngeefeameorspereniishseduced, thefdypammicsagoe af paeh
frequency P=_j [ 1 n e i o signal
strength P, cg_lgﬁ)lgﬁjsﬁp,E@dﬁéf%da%&?hggg{a%gﬁgfén%% 8%%8[8?’%@92&% 1fa”f’s?er ence

si gnal genecatmdneyt tsl‘&sdm(:ﬁgetet/é@)rwbﬂﬂ thxe of thmsenwuljcmmbrmrdii@ﬁﬂdqmencyh
conponents is P, ~¢c P, PZ , ere PZ is used to 14 designate the strengt
of oot her REtitiest CesEA9S S IBHEY SRR MR thegg A B R PreGeRINg

decreasiig RHzpogpthe ratio of the interference to desired signal



wi |l be decreased as: P ~ pP2 - pz . Since the PVDF transducers) 112 only
P) P, P~ Ptransmt the relatively weak Pz , the difference between the
driving voltages of 5 the PZT transducers) 111 and the PVDF transducers)
112 can be nade smaller. Although the invention has been described above
with reference only to a single enbodi nejt, many variations are possible
within the scope of the invention as 10 Il be clear to a skilled reader.

F | | t t d bed abov digital .
ol nontat 1 oANERBeighing, BECUST AyEDREW F ConHOTSRPHGK ek g dormain
begi nni ng apg - lﬁé&sétFFﬁ%O@Wth &ﬁh%)dsﬁlvﬁcgndﬁ?é‘g%?ﬁérfbbd&nw%oh’fﬁb?n%h'cé)”

whi ch can 15" alternatively i npl emrented in an anal og way using a filter

t o separ at ekeplesa that #hereris grdcrubéeqaléﬁb@n@@rgﬁ@he‘rm@resbgﬂnmtm@dpmalrs sighahnal og
doubl e |nte%% Lon and by using a Hiblter filter to obtain the SSB signal.
20 25 Refer 8nC8% The disclosure of the fol | ow ng docunents is incorporated
by refergnce: [1l]. Tsuneo Tanaka, Mkio Iwasa, Youichi Kinmura and Akira
Nakarmura " Directional Loudspeaker Systeni U S. Patent No. 4,823, 908,

1989. [2]. Ry arntrast. the ggeonthgomporaitis fyenpropeesaskhthe urit 595.m Soni ¢
Emtter"” U S. Patent No. 6,011, 855, 2000. [3]. Masahide Yoneya{m etc. "The

Audi o Spot | SpetificAly, Apnplpsrmrmrfunhemwgg‘rﬁm@ BPahaother wetgmn_of—_SgunfbrV\ave
to a New Type of Loudspeaker Design" J. Acoust. Soc. Am 73{®+aMay 1983.

4 F. Joseph Po The Use.of Airborne U trasonjc ner at
ot bl & SouRBMRERARING theAT O ETE TeBHSnONsEPonSS okite BY DEGGYTSdEE orber 35

15 [5]. Mar BrAR | by Mark
F. Ham | ton{ﬂl(grfcé1 mr%dgn%%lly%gggier Cﬁggfg %Irthgeél%%zgﬁb'%dzcg?secfgg@ﬁ] c Press,

1998. 51Q 6] Heké C(ladaw, Kyistige mSBe&mfraqmbnby Bsp&usanof ket PMDFdfandekicey a

Pi ezoel ectric Transducer Having Protuberances for Transmitting Aucoustic
Energy" U. 8ndRaj eiatth&l@en&razlgum&eqn@ﬁd:y of tHe. PYDirdcarisaivekurTdis iBasahi de
Yoneyama and Kazuo | kegaya "Studies for the 10 Realization of Paranetric
Loudspeaker DOSSIbI&cQQQ&USGS,b@ folpaying St maglulaiion keppstbgsneftgtonesirequendoci s

"Utrasoni %@?ﬁig@%{g%h@gefg‘?g ARG A8 FhodulatiP P BadticEatHe @#R9sthp! &

Sci ence Li
weighting process for the second component signal performed by the unit 505

15 can be implemented in one step by storing the pre-computed combining weights
in the weighting coefficients memory 506 which may be either a ROM or RAM.
An example of the frequency weighting for the second component signal is
shown in Fig. 5: in Fig. 5(a), the line 20 represents the value C(w) and the

arrow 21 indicates the passband of the PVDF transducer; and in Fig. 5(b) the
20 line 22 indicates the weights required to perform the —1—2 function, with —
a

12dB/Octave to implement the double integration, and line 23 indicates the
actual weights stored in the memory 506 applied to the second component

. 1
signal: m
25  After this further compensation, the second component is fed to the unit 509,

which retains only the positive (or negative) frequency part of the signal by
setting the values of negative (or positive) frequency components to zero. The
resultant signal derived from the second component of the audio signal is

converted back to the time domain by IFFT. In practice, the weighting process



15 [9]. L. F. Brown "Design Considerations for Piezoelectric Polyner

U trasound Transducers" |EEE transactions on U trasonic, Ferroelectrics,
and Frequency Control, Vol. 47, No. 6, Nov. 2000. 20 [10]. M Toda

"Phase- Mat ched Air U trasonic Transducers Using Corrugated PVDF Filmw th
Hal f Wavel ength Dept h" | EEE transacti ons121on U trasonic, Ferroelectrics, and
Frequency Control, Vol. 48, No. 6, Nov 001. [11]. K Aoki, T Kamakur e

and Y. Kamanot Para oud ker | es” ectronics

and Conmuni %Qq)e]gamﬁ &ch F)\.{b% yfoég %ﬁghhﬁeﬁg&ﬂq}) entyd® ains 1. A

net hod of gﬁﬁ%l't@fe' &%é@htl%) bRFRNYoht Ho onfern? 'I"H%i',t %@Itﬁ@”ﬁﬁﬁé HoRgkin " ecei vi ng
an audi o signal; 5 obtaining fromthe audio suina first

| ower - frtequelaﬁlfpaﬁgesemﬁﬂ)mpoaem ltaassmgiacs:l ! r(SrS{Eﬁqm];emm? rsmgé ;
conponen e gnals fromthe first and secon
conponents; F‘%Yt'ﬂb%‘rgﬁe\ﬂ?ﬁgﬁfi gﬁ%@%&?ﬂﬁa{ransducers using the first and

second r@pdul ated 10 signals respectl vel y, the second transducer havi ng a
wi der bandwi dth than the first transducer. met hod accor di to claim1l

in which at(@eastngdist aommmtretowegéeama@%&r@hbmmb erted to
the frequengy, b'al -t6 esh @A%&ori]\iérr@af\ waééﬁcfﬂ{éro mﬁt ar| She

frequency conponent respec tin ors sel ecte ffect a
square root rewcpaattllam thle ctdrneplex partdbmﬁthe séconél a:mtrpmeret(mercdnmgrted)tml aim2
in which the sec npone

nd bj ect the, f d
mul i pl i cat ?BﬂloaﬁorméBr@ewtrgﬁt@ﬁeiﬁﬁ{rﬁgm'e&s iAo SRR )
fact or qdoaseﬂo%dt rdspBEHRIIY pESPARRS & e\‘,ﬁ‘ep?ﬁfcond transducer.

met hod according to any preceding claimin the first frequency
conponent is subject in the time domain to a square root operation. 25 5.

A hod di di I h
At arnati vel§) neSaeivs R Sef uBrereed B o BEeBR Al Bt 1000 ar o

set to zer ojs tABA rhdulaRal oD &raQFRSGic eaReTRI{uBNEY 9t Rtnepatalitbyad Rcased to
nodul ate an ultrasonic carrier frequency and a phase shifted ultrasonic
carrier oscillator (LO) 90 by a modulation unit'70. At the same time, the second
15  component complex signal is used by a unit 71 to generate SSB AM signal.
This requires the real part (1) and imaginary part (Q) of the complex signal to
multiply the carrier signal 91 and its 90° shifted version 92 (also produced by
the oscillator 90) separately. The two modulated signals are then added
together by unit 73.
20
The carrier signals 90, 91 generated from the local oscillator 90 have a desired

frequency £, (e.g. 40KHz). This is preferably the center frequency of the PZT

transducer 111 described below.

25 (8) The modulated first component signal is preferably passed through an
equalizer 72 which is designed to equalize the non-uniform frequency response
of the PZT transducer 111.

(8)  The first component (i.e. the output of the unit 73) and the second
30 component (i.e. the output of the unit 73) pass through respective power

amplifiers 74, 75 separately to generate the necessary power and voltage

required to drive PZT transducers and PVDF transducers respectively.



30 frequency, the results being sunmed to formthe second nodul ated signal .
17 6. A nmethod according to any preceding claimin which the first

nodul ated signal is equalized in the time donmain according to the frequency
response of the first transducer. 5 7. An apparatus for processing an audi o
signal, the apparatus conprising: an inpyﬁ stage for receiving an audio
signal; a frequency separation section for separating the audio signal into
a first, |Iow frequency range conmponent and a second, high frequency range
conmponent; and 10 a nodul ating section for nodul ating an ul trasonic signal

using the fiThstreaiithrft s GESTTHRMEIEE td BIBEISPEREY 110 hainRl GHeSof MBRECT i ve
first and second nodul at ed ultrasonic signhals. 8. An apparatus according to

claim7 in Wichanstucerpii 1 eandqwne or mpreaRy B ransiicersihddi The fisst audi o

Frequency osanionBhLSRAARERHRRTbNAE PR RRhER T Y hedillar, '™
signal % fecemponeyit sighal dre ibhe th DR fensdege (it section. 9. An
apparatus according to claim8 in which at |east one of the first and 20

second components is subject to a nultiplication of its frequency

conponent s ' ' t4Qr. 'Fetga e Lon in
the tinme doﬁw}aﬁf\rﬁg% h%ﬁ“é‘%ﬁé‘ﬁgtsa u@eﬂ;g?or N??S’”t% %Fsgﬁazl %hgaglrﬂec?ﬂélgﬁrﬁ%{ ?L?]e(:: udi ng
a squar e rothatuhe geherated bjteasonigmwahes fromsthese two kands transtlusgrsare r oot

operation, before it is used to 25 noduyl ate a rier frequency. 11. An
abpar at us aBoURARe i ok pound ekl iscverapen el itttz e TR B FaRaTer £ 1 ng
the posygi VﬁwtechtiéhF‘?WB?ds‘éﬁJlé/ fOHRIBASNE 1oddsPRERECY10 hEAHE Mifsrenef the
second conmponent to zero. 30

arrangements of the PZT and PVDF transducers are shown in Figure 4(a) and

4(b). In Fig. 4(a), a big PZT transducer 111 is in the center of the whole

loudspeaker 110 surrounded by many PVDF transducers 112. In Fig. 4(b),

several relatively big PZT transducers 111 are arranged in a ring and also

15  surrounded by PVDF transducers 112. There are many other kinds of possible

arrangements for the ultrasonic loudspeaker 110.

An example of the frequency responses of PZT and PVDF transducers is
shown in Figure 3. A PZT transducer 111 has a frequency response 19 which is

20 narrow band but highly power-efficient, while PVDF transducer 112 has a
frequency response 18 (which corresponds to that shown as line 20 in Fig. 5(a),
but is drawn with a lower level of detail) which is wideband but less power-
efficient.

25 In practice, as shown in Fig. 3, the center frequencies of the PVDF transducer
112 and PZT transducer 111 may be chosen to be slightly different. This is
because the signal frequency components of PVDF and PZT transducers are
different. For example, the center frequency of the PVDF transducer(s) 112 can

be selected as /. + 200 Hz or higher as they only needs to output signal
30 frequencies from f, +200Hz to f, + 20,000 Hz. This arrangement will further

improves the power-efficiency of the system.



18 12. An apparatus according to any of clains 8 to 11 conprising a unit
for conpensating the first nodul ated ultrasonic signal according to the
frequency response profile of a transducer. 5 13. An apparatus according to
claim7 in which the filter separation section is inplenented as an anal og
filter. 14. An apparatus according to clf:jtm 13 further including an anal og
double integration unit and a Hilbert filter unit to generate a single

si deband. 1Q,15. A | spegker for generating a directional ultrasonic
Doam the 1 SnBS AR aRa TSt oV e AT Ae RS ATy et hetes | ol v
receiving first and second ultrasonic input signals; and 15 first and

second transducers arranged to generate ultrasonic signals based
respect i vel firstly,tdeasiderisg the dirstelosntiequenay cingpenent of the gediorsignal asindeicer

having a wi der handw dth than t irst. transducer.. 20.16. A | gudspeaker
accor di ng taﬁ‘&?sgi'%;ﬂn@qiuﬁr%?%ﬁdmé g\l\/iﬂgng Blst[ﬁrhsl"i"{tﬁg _'tjﬁérém?na‘%ﬂeg sducers,
al | geneg at bagdwIdih as e PZFitgbaceased théreliBfoTiREigatdN foPWe Foddftingl 7. A

| oudspeaker according to claim15 or claim16 in which the first 25

transducer Hepth srirthe figelidyebrepseducadeaugdie imvernyriigh dilger becausemitire

br opr ocessi NG P PePEREREE FET SRR PO 4 flofihd e B, 188lhgy g peaker
accor di ng t sighayisilses efficierdy deneratedl’ Siridaethk Pisitptsdtes coeétagt of PZNged to
receive the first and second nodul ated signals via its first and second

i nputs r espB@teRa iy muchighenthanAuget ofAhe PVDF material, its driving voltage can
- AA ALY pE Al ER BWEh AN YRR REBOD P W an sdider 149%r the" Da@&Bltrksonft sPL

is to be generated. In other words, if the same driving voltage is used for both
the PZT transducer(s) 111 and the PVDF transducer(s) 112, a much stronger
ultrasonic SPL is obtained from PZT transducer(s) as shown in Figure (3). This
is especially suited to generate a strong carrier frequency signal.

15
Secondly, considering the second, medium-to-high frequency component of the
audio signal, as mentioned above it is SSB amplitude modulated and
transmitted through PVDF transducer(s) 112. Since the bandwidth of the PVDF
transducer(s) 112 is wide, it is sufficient for the required signal bandwidth

20 (20KHz). According to Egn. (1), it is known that when two different primary
signals are transmitted, they will interact with each other and generate a new
signal with the frequency which is the difference of the two primary signal
frequencies. For the SSB signal, the interaction between the carrier signal
frequency and each individual modulated audio frequency is desired, but for an

25 audio signal with multiple frequency components, there also exist many
unavoidable interactions among these different frequencies components and

generation of undesirable interference signals. However, since the reproduced

difference frequency signal strength P_is proportional to the product of the two
primary wave strengths P,P,, if a strong carrier frequency P, is transmitted then

30 the desirable reproduced audio signal strength P, «c PP, whereas the strength
of undesirable interference signal generated by the interaction between two

modulated audio frequency components is P < R P,, where P, is used to
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11 _oP1@ 10%& () A method according to claim 1 in which at least one of the first and

second components is converted to the frequency domain and there subject to

15  a multiplication of its frequency components by respective weighting factors

selected to effect a square root operation in the time domain.

3. A method according to claim 2 in which the second component is subject
in the frequency domain to a multiplication of its frequency components by
20 respective weighting factors based on the frequency response of the second

transducer.

4. A method according to any preceding claim in which the first frequency
component is subject in the time domain to a square root operation.

25
5. An method according to any preceding claim in which the positive, or
alternatively negative, frequency frequencies of the second component are set
to zero, and the real and complex components of the result are used to
modulate an ultrasonic carrier frequency and a phase shifted ultrasonic carrier

30 frequency, the results being summed to form the second modulated signal.
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a frequency separation section for separating the audio signal into a first,
low frequency range component and a second, high frequency range
component; and

10 a modulating section for modulating an ultrasonic signal using the first
and second components respectively to generate respective first and second

modulated ultrasonic signals.

8. An apparatus according to claim 7 in which the input stage is arranged to
15 transmit the audio signal to a Fourier transform section for converting the audio
signal into frequency space, the Fourier transform section transmitting the audio

signal in frequency space to the frequency separation section.

9. An apparatus according to claim 8 in which at least one of the first and
20 second components is subject to a multiplication of its frequency components
by weighting factors selected to effect a double integration in the time domain.

10.  An apparatus according to claim 8 or claim 9 including a square root unit
for subjecting the first component to a square root operation, before it is used to

25 modulate a carrier frequency.

11.  An apparatus according to any of claims 8 to 10 including a unit for
setting the positive, or alternatively negative, frequency frequencies of the
second component to zero.

30
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15. A loudspeaker for generating a directional ultrasonic beam, the
loudspeaker having:

first and second inputs for respectively receiving first and second
uftrasonic input signals; and

15 first and second transducers arranged to generate ultrasonic signals

based respectively on the first and second input signals;

the second transducer having a wider bandwidth than the first

transducer.

20 16. A loudspeaker according to claim 15 in which there are a plurality of
second transducers, all generating ultrasonic signals based on the second input

signal.

17.  Aloudspeaker according to claim 15 or claim 16 in which the first
25 transduceris a PZT transducer and the second transducer is a PVDF

transducer.

18. A loudspeaker system comprising in combination a preprocessing circuit
according to any of claims 7 to 15 and a loudspeaker according to any of claim
30 15to 17, the loudspeaker being arranged to receive the first and second

modulated signals via its first and second inputs respectively.



