Met hod and Apparatus to Generate An Audio Beamw th H gh Quality Field of
the invention 5 The present invention relates to nethods and apparatus for
nodi fying an wultrasonic signal such that, when transmtted through a
transducer, it generates an ultrasoniic beam nodul ated with an audio
signal, so that the audio signal is reproduced in air. 10 Background of
the invention The acoustic field generated by conventional | oudspeaker is
not directi oNsthodapedppdrgtusdo Geverbteneaio Segnalvith Highedalippal

radi ati on at mediumand | ow frequencies is only possible by using an array
of | oudspeakers having conplex 15 control mechanisns, and the resulting
syst em hasg|goth8eRsibn However, it is well known that a highly directiona
ultrasoni ¢ beam can be generated relatively easily. It is further known to
nodul ate an ultrasonic wave such that it contains two ultrasonic frequency

conpene ifferin a udi o 20 frequency, and transmt the nodul ated
ul tr sozlltrie gﬁf\?gﬁf mv%n{j%frp r@g?&&: tﬁdp?@\ﬁdsﬁgQﬁpg@fﬁ&isnfé’érm WER AN of the air
cause t hetr4gsni6 ergPRNSIn ma,n@hén?t@nlsmiﬁé@%ougﬁ% Parkilicet NGendibidy 2
frequency corresponding to the difference of The two .fcr €quenci es 1s

gener at &N Uirageniciheam Biduleied with e muidisf sighal, wolthabihemumlio signiayis

denodul %sr# Re Ii rasoni ¢ signal and reproduce the audio signal in a narrow
25 region of arr 'ﬁf?‘-[S]. This highly directional audio space is called an
audio beam This is a very prom sing technology with a very w de range of

possi bl applications. However, because the denodul ati ng process is
nonﬂpneiﬁ¥$ﬂﬂé£EE§Hﬂ§dﬂﬂﬁﬂﬂﬁhdio signal is highly distorted unless there is
appropriate pre 30 processing. Several kinds of pre-processing
are-suggested [4], [6], [8] and [9]. 2 The overall structure of these

syst ens Tire atmasticifield-ggnerbted\by agaventiorgih fdudspebRetis ndt d@BLfidreall ef t of the
ocessing uniit 1. The output of the pre- processing unit 1

figure to a pre-pr he ¢ .0r the ;
| 5 tr an&RPEFEY I 'aWHERRHERY GTionala Peerionahiadisiienel medim eng, iow

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

15 control mechanisms, and the resulting system has a high cost.

However, it is well known that a highly directional ultrasonic beam can be
generated relatively easily. It is further known to modulate an ultrasonic wave
such that it contains two ultrasonic frequency components differing by an audio
20  frequency, and transmit the modulated ultrasonic wave into air as _a.'narrow

- beam. Nonlinear effecté of the air cause the two component signals to interact
and a new signal with a frequency corresponding to the difference of the two
frequencies is generated; Thus, the nonlinear effects of air will automatically
demodulate the ultrasonic signal and reproduce the audio signal in a narrow _

25 .- region of air [1}—[5]. This highly directional audio space is called an audio beam.

This is a very promising technology with a very wide range of possible
applications. However, because the demodulating process is nonlinear, thé
reproduced audio signal is highly distorted unless there is appropriate pre-

30 processing. Several kinds of pre-processing are-suggested [4], [6], [8] and [9].
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as is an ultrasonic wave generated by an oscil I ator 3. The rmdul ation and
power 5 anplification unit 2 uses the output of the pre-processing unit 1
to nodul ate the wultrasonic wave, and the resultant ultrasonic wave is
transmtted to an ultrasonic transducer 4, which generates a directional
‘ultrasonic beam 5, which is denmpdulated by air to regenerate the audio
sound. 10 Such-a systemtypically suffers fromtwo fornms of distortion.

Fi rstly, Theeveraliostansyre asfem@@@wstbmsrrgtsrréwﬁ i?rlrFﬂ? SL“AH%UH'OC%bﬁél i‘s*?@év 's a

-12dB/ oct ave decrease i n sound “pressure |eve L) towar
frequenc OBhe left et figurerte adeieoRrocassing unitr b ceresowtipbit ofieesrat e many

| uded th I gi nal
S o st RpsSPEME Tl FATRONED 13 ABru Bl BpiRiup@ier Aeltiaion b2y n ¢ hi <
document ags amuarasbarcnwave gehsiaped bgrar(Jér@)atéﬁBtﬁﬁ’étﬁtbo‘JEtﬁarﬁ d‘gbmfet]e exact

THD d in acoustics e pre-processing Sso far
35552%? la%'%af t@rﬁt L?@F%Méeémomuhp theneresprosadsipg almitehio m@mrelee thé \r/tﬁy ?L e
lL.ce. .20 To explain y IS
e sor v TEaeme e AR bR W RHERINC HaPe 7 nBSioi b o rBagicd on < he

nonl i neatrramS\‘.hmey%WhmmgMerates a tiresticHad \Witrasdnidbedad, vHich Y col |1 mat ed

t fre uencies f and f2 respectively are transnmitted froma
Brlst]grtyrﬁaél&vwe%@éatr OfREENRIALq ?tee%ud'woyndt he air, the reproduced

difference frequency signal (secondary wave) is: AaNbQ<2a2 ea ' 125q-
(r, z) 2DW(O)CII])A(9) exp(- 2 jk z tan 2 B), (1) 4pocoaT z where g_(r, z)
is tlRe o%l#ihéﬁyet@rmjtawlea‘rtylswted@from tweeforivisf efrdistortiore fire g haifistlencyz 1S

o, s SRR LTI EoBlok o R R gy e o =
pi st on prréd$@'teQévétﬂ B'PL’) %Uvé'r% the 16w fleqUeh2y WhEe SELBRE, ft’tc &iérttégulear
fr equenprrofcess- will generate many (distortion) frequency components that are not
included in the original audio signal. For simplicity, we refer to these extra signals
15 in this document as total harmonic distortion (THD) (although this is not the exact
definition of TH'D used in acoustics). The pre-processing methods so far
suggested attempt to overcome mainly the second problem. However, they are

neither efficient nor easy to implement in practice.

20  To explain why this is so, we turn to a mathematical discussion of the situation.

Based on the nonlinear theory of acoustics, it is shown in [5] that if two collimated
- primary waves with frequencies J, and f respectively are transmitted from a
piston radiator, due to the non-linearity of the air, the reproduced difference

frequency signal (secondary wave) is:

in 22 ooz
25 q—(r’z)=_]p0ap()é2ﬂ —a e
' 4pocoar

Dy ()04 (6)exp(~ iz tan’ 6), (1)

where 4_(r,2) is the complex-valued amplitude of the different frequency signal,
z is the coordinate along the axis of the beam, r is the transverse coordinate,

Po. @nd p,, are the initial SPLs of the two primary frequency waves of a piston

radiator with radius a, k_ is the wave number of difference frequency f, - £,



i f >1,), is the coefficient of nonlinearity, po is the anblerllt
égﬁ:?[nyngof t'he 2rediQum co is the small-signal wave propagation speeld,8D,
(0) =1 is the Westervelt directivity function, and 1+ (k_ /2aT)tanb
2J, (k_atan 8) DA (8) = 2 is the apertuge factor. Kk _atan 0 5 It has egn
further shown by Berktay that under certain si npl i fyi ng assunptions I[ ],
if a DSB AM primary wave p, (t) is transmtted, after the air denodul ation,

r ’
o oy (R ;91 lSESIARIeTY (RhbeS g t@‘@?ﬁ@;ﬁ%ﬁw 2
QPOA 82 &f fPR rhkdium, Ec (Ts)thé%}na”l@aﬁﬁl%g@é‘p%q%f‘lgﬁes&esa' S P

| ar frequency. of
wave, E(t) is the nmodul ati on envél ope quenc
rrier way A is tihe trans S Ccross sectional area, a is e
ggsor pti off @oelffl(,pl ey t'ﬁgH?r&g?ﬂﬁf\(QﬁdWC“V)tyfmlqn, and - z / cois the
lag 15 tine. Thé re?atl onshl p between the nodul ation envel ope E(t) and the

d
| 2a sy E( L (4) where mis the AM i ndex. Base
gﬁdlEgn (Q £I f ,J((gzzfoy)ds(nﬂ‘%llapﬁﬂer%fé%ul ated signal is not linearly

h nvel ope of the nodul ation. To reproduce 20 the audio
girogglrt:Mptnﬁl hltghtfledgl :/ty, Ioan equal i zati on of the audio signal a(t) is
regw re npensate the square operation on E(t). This nmeans that by
appr o rﬁéf‘@ﬁ;beﬁf‘é‘uﬁhércmmgyaetrbdawéheten@encerfwn se@ﬁﬁagws@@mtm@ul d be
dPPecFI 5PICR ISR b l}n%fr)?&}(a%/ 2)‘)! 3R belttgé: haftee\{?r?e l:zur c%err?oecgtﬁta':lgn at |
rmdifie versmn%@?1 j § adDisfranseyt

the far field of the transducer and on the : axis of the beam, a secondary wave

p,(#) will be generated:
0 p () = RE(t)sin(w,1) (2)

BPi4A 32

167p,c4za 872

pa(0)= E*(r) (3)

where £, is the SPL of primary wave, E(7) is the modulation envelope, . is the
anguiar frequency of carrier wave, 4 is the transducer's cross sectional area, a
is the absorption coefficient of the medium (at w,), and 7 =1-2z/c, is the lag
15 time. The relationship between the modulation envelope E(¢) and the audio
signal a(r)is:
- E@=1+ma() (4)
- where m is the AM index. Based on Ean.(3), it is found that the demodulated

signal is not Ilnearly proportional to the envelope of the modulation. To reproduce

20  the audio signal with high fidelity, an equalization of the audio signal a(z) is

| requlred to compensate the square operation on E(s) . This means that by
appropriately pre-processing a(r) before AM, the seeondery wave should be
directly proportional to a(f). This can be achieved by generating a modified

version E(of E(r) as [4), [6]:

25 E) =1+ mf[ayary” (5)



i 225 E(t) =[1-, mJ Ja(t)dt2] (5) 4 This seenm ngly sinple pre-processing
is very difficult to inplenment in practice. The main difficult arises from
the square-ro.ot operation. Because it is a nonlinear operation, it wll
increase the signal bandwi dth vastly. Jhis poses a very strict 5
requirenent to the bandwidth of the circuit and ultrasonic transducer
Especially for ultrasonic transducer, it is very difficult to make a

wi deband and hi gh power- efficiency transducer. The double integration is
also difficult to inplement due to the -12dB/octave anpllﬁude wei ghti ng

ef fect ahbisa3eaminglvt siwplepepracesaiogdy vepadiffiqU@o 2080t inihactdeaves) of

[ [ .. integrator i s easy to saturate and,difficult
R PR iy P APLOG AL B P LAYl 8, I8eg ot a1 and 4L 1T o
used {0 operaéonalt il meredbestherdigd biiridwiaMhvaRy KTHE!doded Pidldiig Pecause
of the follow ng reasons: 1) a practical transducer has a Irmted
bandwi dt TFATEEENT 40 e bangwisdh O‘éﬁ'\ﬁ@jl‘cuﬁcﬁrﬂsﬁuhtnaansmttarwduceheEstmquncy

. i . . reolgney.
Fraquency (AR TaNA S R {39 o HERE B hee ok d anchiGbRaresponce
s not effitienay trepsduberThel doubkeficdrafien i BIse dilcLittefblenidht diddohar moni ¢

ent s ne single tone signal being generate ~anplitude and
gﬁgggnd%ﬁe'ﬁ%ﬁg/qqi@\{ﬁ ampYidesyaightag ieffechand glsarte-the dargerfesquidneyn.sp2® 3) a

i deban LORSHIRES 198018 \ . fficiency conpared with a narrow
\ll)mand ongzgi %Qé T des n%\?éé\k@;%%?ljégaggpﬁleﬁj%%ﬁﬁxqg W%@g‘?{dfi €Y. 4) the
Ber HOay daturaié angd3ifficalt tmbgbag imprictisermati on that is valid under far-field

and on- axis conditions, while some of the interesting working areas in
“practice are within the near field and off-axis, and 5) in practice, if

the moduhaiinifaRAthe SimpBRgEiaiAboidRel oS EBlihg | £OS SAALRLORNRD vavef orm

k(t) is very simlar to the waveform e’sq 5eratiop
E(t). Trlistortiorewdfnetovorbfwalbimepracticmbe cpeseatf the followingtreakbys:Mytg so evi dent

f‘f\ei tsasngﬁglétri%é? tt%?]ggg?%fﬁadsug |rntithe% t%l_rll[c)jvﬁéthnvldllutcmls %nglle)g Hgtnecr)w/ousglhgtgal s whilein
15 transmit all the frequency components required by square-root operation,
especial'ly for'high audio frequency (e.g. f> 5kHz). 2) the practical transducer
frequency response is not uniform even within its pass band. This will result in
the harmonic components of one single tone signal being generated with an
‘amplitude and phase different from those required by the square-root operation.
20 3)a Wideband transducer generally has low efficiency compared with a narrow
band one since it does not work near thga resonant frequency point. 4) the
- Berktay formula (3) is only an approximation that is valid under far-field and on-
- axis conditions, while some of the interesting working areas in practice are within
the near field and off-axis, and 5) in practice, if the modulating part of the signal

25 is small, the square rooted waveform Z() is very similar to the waveform without
the square-root operation E¢). Thus, the effect of square-root operation is

actually not so evident as it seems to be.

To reduce the THD of multiple frequency signals while in the same time to avoid
30 the wideband requirement of the square-root pre-processing method, [8] and [9]

proposed a way to use an iterative process to approximate the square-root



30 the wideband requirenent of the square-root pre-processing nethod, [38]
and [9] ' proposed a way to use an iterative process to approximte the
square-root 5 envelope by SSB nodul ation. This is still based on the idea
that a square-rooted envelope will geperate |ower THD. Wile true
square-root DSB AMw || require a very large bandw dth, the SSB AM based
approximation will avoid such requirenent. However, since the real

f eedbac kenﬁele@ by eS®E whad adticn. aNas id §tilnPdsed &Y ﬂ‘}]é -ﬂ%&a%aﬁ'%\%ggﬁe-r‘o%té'é ed
there to sinulate the denodul ating process 1n the air. i's suggested
for the ROYWRIPPEWilkgenerateiawerofHBeYWiileytree square-mot CHB ANHailenegjLireas not ed,

; : ; diti d cannot be used as a general.
(2) b s ooPoot 1 BorRilel S5 SR oBPRALAd DR Malamhal abiaiigl of e
met hod | eeqlirebidntl Howeser, site thieaeal fes8bBEIRELER a&nseg!la('ﬁgigﬂgl isqy' res a

I 10_anpunt of conputatjion. Thus, it is not suita real Time
[ ﬁ}g?gﬁrmn?‘éﬁqr%ﬂﬁf a @Qﬂﬁ%fuﬁﬁﬁ’éhafﬁ)wlmmatﬁéhﬁmQsduetaﬁlng smoesbat thed airl ar to

i i i YodaJey i | . . Th [
2dd to e Sagsr e e fE R0 e Ao BfldS ARt advance. 11
t he phasikdoaedernmsindtede(fis bhigsalid unesk CartSPEHHEAS &?d‘c@r‘?n&%“%égécf ly

lled, th {11 cancel the other extra conmponents generat ater
gﬁpf Flg tsl%acp@rﬂ% Yg&SPHBt'%‘ gt thessecopdarnweva dield. ﬂ'hebtetahparrfqt:rlnnammofam? phase
' t ~ - tice  due fo the non-uniform
Fesponse o CHERRIBHLE AS8 IRETEFE A PBERY s Eoineey i Ret s Hroe

i npll&neramptehofoempuatatiod eThus dtie Moy suRaEe foRRaPUMERInpISMehigichnvent i on
This invention proposes new and useful ways to reduce the THD and equali ze

25 the frequency response. In general terns tre pr esené i. n\éegi ihgtn F;?piofeiss
tpgﬁi ?Po%ggﬁfrﬁ?g@?rg\égE\gﬂ@etpgﬁa%@lW%ﬂgb%aggmﬁ%gﬁﬁ%| g@ﬂq "ﬂ 'SF_f fer ent ones
of t hesecansriation echnisnedid aliargeopen Ispace. Bieyraitiutdto tige bhgingl sibAsONI C
carrier.ifhbs g ?H%&EBECP%csnm\é%werqflssin%%%%g.' If the phase and amplitude of these
15 extra components can be accurately controlled, they will cancel the other extra
components generated later during the demodulating process. Good matches in
both amplitude and phase among these components are needed. In practice,
due to the non-uniform response of the circuit and transducer, it is very difficult to

implement them over a wide frequency range.
20 ' '

Summary of the Invention

This invention proposes new and useful ways to reduce the THD and equalize
25  the frequency response.

In general terms the present invention proposes that an input audio signal is
~ divided into frequency bands (that is, it is partitioned into frequency ranges), and
that frequencies in different ones of these bands are treated differently in
30  modulating the ultras_onic carrier. This concept has various aspects.



6 A first aspect of the invention proposes that different nodul ating
schenes are “used for different frequency bands. A second aspect of the

i nvention proposes in general terns that different 5 transducer aperture
sizes are used for ultrasonic signals glerived fromdifferent frequency
ranges of the input audio signal. A wi de aperture nmay be used for

ul trasoni c signals obtained using the | owest audio frequency signals, and a
rel ati veffirsizasrest of tseinventiorf propoises asaindiffessng neddul atigas cheness arg

rel ativel i gher fr ency signals. 10 The second aspect of the invention
el stere b o

makes it possl Sor an effect of air denodul ation

di scussed in detail below that there is a -12dB/octave fall in SPL for

| ow audi o frequencies. 15 Preferably, the ultrasonic carrier frequency al so
i s br oad® &SEONM ESRGRt @fitbeinvintion pipposes in gemerat termadhatt difforegit a Wi der

P en ARG Bp OO0l Bl 808 for RS U SIS b RO G e dex for
the hi ghfréqusnegmengbentthd mplpuediotsigall b wiek! herffe HNagﬁttg@ug%a?%,f requency

bands were transmtted usigfg the fulT aperture size. at a small
modul at i ¥japoRiesignais ebtainedusinp thewowest audio frequenagsignals, badd  a

epii of tEad g PEaee AP B R bR TR B heg ency

band (orfrespegtdigreals| ow frequency bands) than signals in the high
frecltdency bands. 25 This leads to a third aspect of the invention, which is
that'“di fferent anplitude nodulating indices are used for signals in

diff At | : , i tud dul ating ind
Cor o pl el SRRt tre MVERGH Iekek it SERIDE RRPS e A band
(or respé@in dembdulatior glisnusget andstail beloWhiHat therdus ang AdmPoctant irhNEe

nodul at i 'tnaex re ugres the THD, it also reduces the SPL. Thus, a careful
bal ance Y's HWr%@"B BRYERCPEpr oduci ng

15 Preferably, the ultrasonic carrier frequency also is broadcast through the Widest
aperture (or at least through a wider aperture than the ultrasonic signal derived
using the high frequency audio signals). This effectively means that the |
equivalent modulating index for the high frequency bands is lower than it would
be if the high frequency bands were transmitted using the full aperture size. Note

20  that a small modulating index reduces the THD. As for the low frequency band, a
relatively smaller amplitude modulating index may be used obtained by explicitly
using a lower modulation index for signals in a low frequency band (or réspective
low frequency bands) than signals in the high frequency bands.

25  This leads to a third aspect of the invention, which is that different amplitude
moduiating indices are used for signals in different frequency bands. A relatively
smaller amplitude modulating index (or a plurality of indices) is used for signals in

a low frequency band (or respective low frequency bands).



efficiency and THD. 5 A fourth aspect of the invention proposes in general
terns that a“further frequency equalizer is applied within each of the
frequency bands, to nodify the relative anplitudes of at |east sone of the
audi o frequency conponents within the band such that in the denodul ated
audi o beamthe relative anplitudes of vhose audio frequency conponents are
closer to their relative anplitudes in the 10 input audio signal. The four

aspects ofwhile reEng rthvélamumé motiaiating finderesedutes MO TRES i a180aNY
conbi nation), as described bel ow. Conveniently, the bands used in the four

t echni quesregluees the SRie Thusp cafeéulahaiampeisgaaulre@bemem reptedudingo a

plurality y bands, and those bands may be nodul ated onto the
carrier m%ﬁgfgﬁ%\%ﬁﬁﬁqﬁf er ent respective nodul ati on techni ques, and be

transmtted usi ng different respective apertures). However, the invention

I S not ted in this_respect. Rather, the entire audio frequency band
may be > pa% f‘?‘?'ﬁh@ﬁf"?‘ﬁ qithe V@Hf'ogtpé‘@f&seéf'”m@efﬁid%ﬂ”ﬁ that adfHEtheF ansni ssi on

f the
P pects of equerty SHuslifenS dpnigd ithin eadflop e ¥rédincyarded 1oty the
respecti vereiﬁweuamplltudgs obat kehst sorde of tuameludlednemmrmg mmpmrfenrtsvﬂnthspgct of
the i t th e ner tJ n ul aj e
LIt nson dhBdand el e e Rugted o Rear PRe kb iden abr 1 si no:

a nodul at i s AUbiCRERIerdy Empdnerts bré ERseP REtHeR Telfive HnvpIRl | nput
audi o si gnal SI nt oI a pl uralyl tymlgf ef?equenc§ bands; © ||| 1 anbos(?:% rrh‘ﬁgr for

gener a0 ngnawt auwdie sighdlc signal ; and 30 (iii) a m)dul at i on section which
nodul at es an ul trasoni ¢ signal usi ng the frequency bands, each frequency
band bei ng nodul ated onto the ultrasonic 8 signal according to a

respect i veTmefburaispeotssafitheinvenition vadllestraighB6Meiraly corbiRed Sinnghyone or
mor e of: combination), as described below. Conveniently, the bands used in the four
techniques are the same (e.g. the audio signal can be divided into a plurality of
15 frequency bands, and those bands may be modulated onto the carrier signal
with different respective modulation techniques, and be transmitted using
different respective apertures). However, the invention is not limited in this
respect. Rather, the entire audio frequency band may be partitioned in different
stages of the modulation and transmission process in different respective ways,
20 such that the two or more of the aspects of the invention may be utilized in

respect of different respective partitionings of the audio band.

According to a first aspect of the invention, there is provided a system for
generating a modulated ultrasonic beam based on an input audio signal, the
25  system comprising:
a modulation unit comprising:
(i) a filter section for dividing the input audio signal into a plurality of
frequency bands;
(i) an oscillator for generating an ultrasonic signal; and
30 (iii) a modulation section which modulates an ultrasonic signal using the
frequency bands, each frequency band being modulated onto the ultrasonic



(a) double side band anplitude nodul ati on without a square root operation;
5 (b) doubl €' side band anplitude nodul ation with a square root operation;
and (c) single side band anplitude nodul ati on; and an ultrasonic transducer
for generating and transmtting an ultrasonic beamfromthe nodul at ed
ultrasonic signal, whereby air denodul agion of the 10 ultrasonic beam
generates audi o signals. According to a second aspect of the invention,

there is pgi@ﬁ{ada%@o?di@gfé s%&gfctivt@qnsa@lhhaﬂsahémeyir@%dula&iba%anbﬁ\e%eam

based on an i nput audro sign he system conprising: 15 a nodul ation
uni t ar r angproprising eoeioranoitecofi nput audi o signal and conprising: (i) a
filter section for, dividi,ng the input audjo.si I .nt lurality of
frequency bands(??(jPPglleaﬂdﬁgéppIaé?@ﬁué%mogiéﬁaetfoﬁﬁﬁoﬁ% g‘ﬂ%@é@ﬂfc si gnal ;
and 20 (iigperatio@dul ation section which nodul ates the ultrasonic signals
using the output of the filter section to produce a plurality of nodul ated
ultrasénic si ikadeublesidehapdiararlude madiatinncwith aosquase épel qpesation
transmtti an ultrasonic beam fromthe nodul ated ultrasonic signals,

wher eby ait denodul ation of the 25 ultrasonic beam generates audio

signal s; the ul)smgile sideramsidarnplitudechodtilatiors gridur al i ty of sections having
different signal transm ssion dianeters and i nputs for recejving signals
to be transm tt%’_@ju}t@?ﬁ{? Yq’fésﬁ@?bgﬂ’tge\?‘@@tg&?%8?"?'?‘?&8@%@9@#@3%%0& fferent
si gnal tr ansdh $Rin? thel iR Red d&%é&a@gigﬁag%ewoysﬁ%mdmﬁa@éﬂﬂe
ultrasonic signals obtained 30 using different Tespective subsets of the

f requelfcy Wtragsnic deam penerates dudiersignalet i on of naxi mal di aneter being

arranged to receive an ultrasonic signal obtained by nodul ating the
ultrasonic signal using the | owest frequency band.

According to a second aspect of the invention, there is provided a system for
generating a modulated ultrasonic beam based on an input audio signal, the
system comprising:
15 a modulation unit arranged to receive the input audio signal and
comprising:
(i) a filter section for dividing the input audio signal into a plurality of
frequency bands;
(i) an oscillator for generating an ultrasonic signal; and
20 (iii) a modulation section which modulates the ultrasonic signals using
the output of the filter section to produce a plurality of modulated ultrasonic
signals; and
an ultrasonic transducer for generating and transmitting an ultrasonic
beam from the modulated ultrasonic signals, whereby air demodulation of the
25  ultrasonic beam generates audio signals;
the ultrasonic transducer including a plurality of sections having different
signal transmission diameters and inputs for receiving signals to be transmitted
using the respective sections, the sections of different signal transmission
diameters being arranged to receive modulated ultrasonic signals obtained
30 using different respective subsets of the frequency bands, and the transducer
section of maximal diameter being arranged to receive an ultrasonic signal

obtained by modulating the ultrasonic signal using the lowest frequency band.



9 According to a third aspect of the invention, there is provided a system
for generatirng a nodul ated ul trasoni c beam based on an input audi o signal,
the systemconprising: 5 a nodulation unit conprising: (i) a filter
section for dividing the input audio signal into a plurality of frequency
bands; (ii) an oscillator for generating an ultrasonic signal; (iii) a
frequency equalization section which, for each band, nultiplies the 10
anplitudes of the frequency conponents by respective weighting factors; and
(iv) a nodul ation section which nodul ates an ultrasonic signal using the

f r equency Axroeadingdo grtbird @spgchefithelinygntion, thedelispeyidaed a sysiene fari gnal s,

foa reonbitr B eI R Hahe OeRRt Ladalf ol ohiiTp RIS SRR aBEcer ror
gener at i ngystemn icoasisirig:i ng an ultrasonic beam from the nodul at ed

ul trasgnic signals, gn_er el\l% ai r denodul ation of the ultrasonic beam
gener aPes audi @ ToGHALON WHESANAMNSIAG: wei ghting factors are selected to

equal i ze the a I'ﬁ%g%cg SN GividiRPaNA i ; in the
denodul at ed begp‘nd 20 Brie nDescﬂdp'fq]on o?uftﬂjemg?' nb@sﬁlﬁ‘gﬁﬁgfmnt of the
i nvent i on fréduencybabdsdescri bed, for the sake of exanmple only, wth
reference to the, foll

representation B}a%o&%Wg@%{g@%{\ﬁrer}gﬁ?%éBi%%%%éggghgi' gﬁa: Sggnz(r:gt?inﬁzgl :
Che'p obel £ (IR ealiregelanaaen icicratny i sot ehrelaip e, of
i 1 | ustlPat exmplifadepetthelfiie@sency components by respective weighting factors; and
(iv) a modulation section which modulates an ultrasonic signal using the
frequency bands to produce a plurality of modulated ultrasonic signals, each
frequency band being modulated onto the ultrasonic signal according to a
respective modulation scheme; and
15 an ultrasonic transducer for generating and transmitting an ultrasonic
beam from the modulated ultrasonic signals, whereby air demodulation of the
ultrasonic beam generates audio signals;
wherein the weighting factors are selected to equalize the amplitudes of

the frequency components of the band in the demodulated beam.

20
Brief Description of the drawings
An embodiment of the invention will now be described, for the sake of example
only, with reference to the following drawings, in which:

25 Fig. 1 is a schematic representation of a conventional directional audio

signal generating system;
Fig. 2 is the block diagram of the structure of an embodiment of the
present invention;



single tone for different AM nodul ations: (a) SSB AM (b) DgB AM (c)

.Squar e- rToot"DSB AM Fig. 4 is an exanple of the frequency band separation

and their internal 5 band frequency equalizing values, as inplemented by

- the enbodinent of Fig. 2; Fig. 5 whigh is conposed of Fig. 5(a) and 5(b),
'shows how the enbodiment of Fig. 2 inplenments the concept of changing of

' De | ed De t
of “the embodi Titd PR PP PhE L ek ochgh dIyRmISH e HeGATBM Fon |5
i |1 ust r akpeyle T R QFFRSShDAM mbbur%@bﬁ%ega'gs@ W, (b) B ARRY DS u{%.e”e“t ed

wi thin the scoBe of the i1nvention her Io ue or T _
processi RREY(REBaNM; conbi nati on of the two). The 15 foI | owi ng descrl ption is

I I d in no imts the coverage of the patent. An audio
2?gﬁ)a(1?n?sei (rjlgu gt%%t%eé?mBga%eth?%WﬁW@qr@ﬁe atigfeand e intgma@l i nput t o

filger | ter y pass
Chr e 20 ooy g e, bl e e B R S i
<500Hz, in fi lFi@rS, wir lChZ%CGmPG%ﬁ(éObEm5 a}SﬂmHE (B3, Sh@wﬂﬁﬁwztael ][1 filter 21

d (3 filter cour t he frequencies
S\lﬂi CI(‘I 120§9 mtﬂgﬁe&%l ngs'i:'gn2]I#Ig)g?ﬁ%%tﬁqpﬁgoﬁ'ﬁﬁagdnmﬁr@'qq @ft%,erﬁgﬁrﬁgp S%ﬁ)@(ﬂl nent s
of the i difeméhioinequtEncbdrds. each band, the different frequency signals are

equalized (it should be wunderstood that the term"equalization" refers
here to equalization of the anplitude conponents in the audio-frequency

soun e - rasonic carrier follow ng the
dem)golg DRESIE DEL GRS ftﬁg%%t%(ﬁﬂewt ion section 20. The frequency
equallzatlon section has three frequency 30 equalizers 12, 22, 23 which

oper at e independe to equalize the frequencies in the three respective
frpequenckj:{eged'p'ﬂ‘g B 'Mﬁ"b? ﬁalr@%{&twfdhelt"h\éer{tmgaéh@vanegd ch‘tﬂ‘r%i@:@ﬁﬁligby a
correspo
i Scussen o Tre Qe shalfe HpHERGE itnih e LE55ELr tre HTLHREh by

either of analogue or digital processing (or any combination of the two). The

15 following description is an example only, and in no way limits the coverage of the
patent.

- An audio signal is input to the embodiment from the left of the figure, and inpUt to
a filter group 10 having three filters 11, 21, 31, which respectively pass three
20  bands (frequency ranges) of the audio signal: (1) "low band", f <500Hz, in filter
11, 2) "middle band", 500Hz < f <1400Hz, in filter 21; and (3) "high band",
f>1400Hz, in filter 31. Of course, the frequencieé which form the divisions

between the bands may differ in other embodiments of the invention.

25 Within each band, the different frequency signals are equalized (it should be
understood that the term "equalization" refers here to equalization of the
amplitude components in the audio-frequency sound generated from the
modulated ultrasonic carrier following the demodulation) by a frequency
equalization section 20. The frequency equalization section has three frequency

30 equalizers 12, 22, 23 which operate independently to equalize the frequenciés in

the three respective frequency bands by multiplying each of the frequency



The out put of the frequency equalizer 12 is passed to a gain adjust unit
14. 5 The output of the equalizer 22 (for the m ddl e band signal) passes
to a square root unit 23 which perforns a square root operation. To do the
square-root operation, a DC bias is added to nmake the summed signal al ways
positive so that the square-root operallion can be done correctly. The
output of this is passed to a 10 gain adjust unit 24. The output signal of
the hi gh “BIRPEN®PY 2e&torazsposdingrwaight furmtiess Ad dxanasle cimgs Waighif i | ter 33,
whi ch ge o8y S i an SSB) _signal. The SSB signal is conplex
(with re?%ﬁ'??ﬁ%dr%grgg b%gg'ﬁ" reg%ti% bigd ng to in-phase and 15
quadr at ur e- phase conponents). One exanple of the inplenentation of the
analytic_filter is a Hilbert filter to generate 90-deg shift of the

origi nal 'SEgHdPut atae fiaausney enualizeraiisypassetiitbtegaid adjgstiuit her adj ust ed
by -a gain adjust unit 34. The | ow band signal passes fromthe gain adjust
unit 14 Erg a DSB nodul ation 20 unitl5 where it is used to nodul ate an

ul t r asoniTbesiupal ofgheeqakigerddp @8r IHRCA) hh! 43 wWith the
desired frqqﬁ% f@&_’e.qg. 40KH2?. Thi shqsdAgﬁﬁgbloszéﬁl) E%%’eesctérﬁ 8AYE"Cequency
of the PPPY weish peffermssa shiene tnst opperatibine Toodathe sG@rklaber 43 al so

t I i ; ' [ i | . 25 The DSB
Todul at onaner 300G KHceBle thedd g S Satagen mmastivean et

si debandthemBB)ararmpbt operationdahass aond AMrecil)! _Hé“élgtght 8t $ils 8535%@1?8 8 i ve

nmoduj At i Qo if, 15 1s goes to a power anplifier and 1s 'use
t he fe(ggea%gl"i@u%tfu té‘E’ZT transducer array 45, as described below with
reference to Fig. 5 where this is referred to as "sub-array II11". 30 12

The out put signals of the gain adjusters 14, 24 of both the | ow band and
mddle b3@QU ¢ signatefl thogightemdegLalived 3bys aurBRB grBEELd B gHNi t 25 to
nodul at eanélgﬁct”rt]éﬂ'?%%'c Si ﬁnal %enerat ed by the oscillator 4? by DSB- AM
The out put the '3 FEN5Ea!8% aingle Bdehane(SSR) signals Thet@8Bt hr ough
a. power sigpai isioompléx (With real and imaginary parts, corresponding to in-phase and

15 quadrature-phase components). One example of the implementation of the
analytic filter is a Hilbert filter to generate 90-deg shift of the original signal. The

output of the analytic filter 33 is further adjusted by a gain adjust unit 34.

The low band signal passes from the gain adjust unit 14 to a DSB modulation
20 unit-15 where it is used to modulate an ultrasonic signal generated by an iocal

oscillator (LO) 43 with the desired frequency 1, (e.g. 40KHz). This should be at

the center frequency of the PZT transducer 45 (described below). The local

oscillator 43 also generates a 90° shifted version of the carrier signal. |
25 The DSB modulation unit 15 modulates the ultrasonic signal by simple double
sideband (DSB) amplitude modulation (AM). The dutput signal of the modulation
unit 15 is goes to a power amplifier 16, and is used to drive the edge celis of a

PZT transducer array 45, as described below with reference to Fig. 5 where this
is referred to as "sub-array III".
30



45 _

5 drive the next to edge (mddle part) cells of the PZT array _

-( sub-array Il in Fig. 5). The high band conpl ex signal out put by the unit

34 is used by an SSB nodul ation unit 35 to nodul ate the cos and sin

- conponents of the ultrasonic 10 signal gu;pgt 3y(tsg§) O,SAK/II I [I_ﬁ_t grrggi ggst SSB
[ it 35 operates by single i deban i

T g fraa p / glgnal are nultiplied by the carrier

gll z;nglnd ']'589} gp%s. I%pé%%gga@f $t8§9pé‘ét24/@f poﬁh@edﬁwmndt@'gémmmafter
il DA st SR o 485 PSR BRI 20 ReDHEC
Erg(ra]t :Jghgwgw\t’r“atéymmggmm?wecampduyetmasasfcrnamrm b%maaimv Pl oiplf log triand
- DSB- AM Sh !n Tg rmfg |s out |utte froomt e lcj)nltr 42 hgoegé':throu4g a
~ pover arrp%%fal pauigtiop Q/é Anraiiteg dhrougs 2 power empliPET26 10 ay )
(" suls- ar daye the héxthb @dge)( mn@@le%ﬂﬁ%él@%flﬂq ?ﬁ%ééy %g?lwb ?rg QH@ in the

&ed from
output of all three power anplifiéer units

thepvvhol ®)- PZT array and thus results in the |argest effectlve aperture
size of transmitting transducer. By contrast, the mddle band signal just
goes through both the center and next to edges cells of the 25 transducer

£ agt. riu size | ower
? L;ﬁyt ﬁg?h%P @h?T%&bﬁgﬁp%zgig@%wweg{éuﬁéggr’% \Srggérs&&zée é%pn t he sane way,

the hi gROHEIREOE; W35 thmp & théxcosighdtsire commpioeentedd tﬁle_:_trr]ééylér ansducer
f f j ve erture size u

?; (rag)l?eﬁcrg; éelrppéﬁanﬁéy {%S%r{rﬁ%t(gﬁgﬁzﬁ ES(.E W@%t@éﬂ iyt BEOPEratas &y Sar@gg@\r/g ng

to the fsndqmySSBnAwntmuswana‘ara(lr@r%lrﬁé'&.hgrfbgﬁ?g ﬁh % nhf\§ea00

ess, the carrier signal is always transmtte Sle array
g:)g(r:t Er @PH@BE@MéH@ cafl T?Etmgmalambmmyo cehm‘tedtvem@ohhespétﬂ%l)ﬂé#% adgegnal ,

[.es in the outputs of all three of the m)dulatlon
ni s 100968 fer Iy fiaRRE b

units 1 @qU|vaIent to saying that for the m ddl e band
and hi gh band

15 The output of the SSB modulation unit 35 is summed by the unit 42 with the
output of the DSB modulation unit 25, which (as mentioned above) includes
components from both the low and middie band DSB-AM signal. The summed
signal output from the unit 42 goes through a power amplifier 36 to drive the
center part cells of the PZT array 45 ("sub-array I"in Fig.' 3).

20 |
Since the low band signal is included in the output-of all three power amplifier

- units 16, 26, 36, it is generated from the whole PZT array and thus results in the
largest effective aperture size of transmitting transducer. By contrast, the middle
band signal just goes through both the center and next to edges cells of the

25 transducer array and thus will be generated from an effective aperture size iower
than that of the low band signal (a medium aperture size). In the same way, the
high band signal only goes through the center cells of the transducer array and
thus has the smalliest effective aperture size. Thus, frequency-dependent

aperture sizes are dynamically implemented according to the frequency contents
30 of a real audio signal.



ignals the AMindex (mof Eqn. (4)) is low By contrast, the effective
\S/ais:i(ga gf‘the" AM i ndex i(s hi ghgr for the |low frequency band, since the |ow
frequency band conponent of the original audio signal is output through
all the power units 16, 26, 36. To nake up for this, a relative smaller AM
i ndex should be used for the |ow frequency band to further reduce the THD.

j the input audio signal is divided into several bands,
\%?t E?Leel’?ﬂ*e %@ﬂfﬁeP'fP&eeélﬁgﬁa cagrigh $ianalds @hwges HaﬁSfPétadefﬁluﬁl@)dthe_e\larfjmsg to

. . o . . and wi .
gg;gr glt :aia;h agoanpt r olr?(lad. 15 d\%gt ﬁ#ol\?]v%tftrﬁ R tr‘?\)ﬂadd&?%ﬁu()gép%ﬁ]cp&t W{P ?'ﬁgalenb_odi ment
of Fig. 8iNcs thewaniergepussertamiie edtptits bhall krewnf s rugition Ghitsl15 Fi rstly,

[ , t f the different nodul ation units for the
it or enfs: PESBaEYs SHCRABDhesY BaGe! rfor?we Sl deserye nobmt ¢ e

. s :
desert P o ae use T e Un SOEREE (B LRal B et e RN B ose.
The real A%m@sexgwmercf@rnmdowmh r@slwe;rmumnogfthewl defgﬁlni&%/ﬁsqnégnleati o

i i S e f the nmodul ations inclu !

A (o uSSaPRUE G BeTaRa Huld Seng Al rt e o' Mevomet ke (61 and
phase nod) 36.i o m{ERMup ARG, é'réla’tib@%ﬁwéﬂeﬁ%ﬁﬁwdﬁ“@@d Eé J<26 3} R est
spectru di?tribution, i.e. 1t has the |east number o requen?y ]
corrponemog" rgAueNGy bandta Binbesirediuge theMdBd PM wi || have nore frequency

[ te
.Co ients even for a single tone and these conponents may genera
ungggyrable har noni cs between any pairs of them Thus, in general, AM may

t he Nett thalt armectherimsiul Aldi® Bighar 'sa&did@dhﬁ@f@@%?éli%ﬂ ORithpPeddn ATONY
Pﬁe varGi ous . known types of.AMIrm ul a!ti on, different rmdusa_t |!r)g scﬁherres
such as %@@'ﬁ'ﬁsﬁgﬁﬁgggﬁﬂﬁm@ﬁ%@? EePareduned, tsadizg tdeasyf ciecudt ngl e t one

) S . ) )L M i1 abl e
wth frj Rentdti - eam syste |t|sm)tdes!ra
t hat. onl ﬁ>|?/9‘(‘)¢Itéhi stéstgorvg?\elé@gﬁ% Avmﬁ}irfdegé‘olrée% %&'@W"flﬁe apgéraiﬂg Cﬂmrﬁ?ﬁ%@rl ating
process wil |l |
15 We now turn to a discussion of why the embodiment of Fig. 2 is advantageous
compared to the known system of Fig. 1.

Firstly, to explain the advantages of the different modulation units for the different
respective frequency bands, it is necessary to compare the advantages of

20  different types of modulations. To simplify the description, we use the case of a

" single tone for illuétration purpose. The real audio signal can be viewed as a sum

of many such single tone signals. The basic classes of the modulations include
amplitude modulation AM (as used by the embodiment in Fig. 2), frequency
modulation (FM) and phase modulation (PM). Among all these classes, AM has

25 the simplest spectrum distribution, .e. it has the least number of frequency
components for a single tone signal. FM and PM will have more frequency
components even for a single tone and these components may generate
undesirable harmonics between any pairs of them, Thus, in general, AM may be

the best class of modulation for audio beam application.
30



5 however generate additional frequency conponents. Based on the nodul ation
theory, SSB AMis the nost suitable nodulation since it only has two
frequency conponents. One is the carrier frequency f,, and the another is
the frequency f~ + f, (or fc, -f, dep%di ng on whi ch sideband is
selected). It is shown in Figure 3(a). 'In theory, based on Egn. (1), only
the diffefence rf]re uency f, will be 10 reproduced. However, it is found in
pract i ce 'T'HEYY S ¥ATBias 1 typesoeiehidi medafatibn, diffats rﬁd&@btiﬁ@;smgm?gr' The
har noni csRRGRNE j t_for | requency tones. The reason for
gener at i gg thesesﬁgpﬁo%gﬁ&sigﬁga{?éﬁo%ﬁ)&é &6 NPMegtpPaned. ifa sipgksidnleywithue t o

t he i nperfesgienper f os it Mtofant Rl besH g r. y, , . In
practice, SSB AMis not always necessar%)(%aﬁﬁtg '%ﬁ&f‘%‘%&lﬁ?@%fgﬁyee%m even
15 for p&"_ﬁlé S:H!Tgiglt@n& otilebs repratiucdda éip.e'FhéWTOIﬂfodﬂ%ﬁir@%r‘&fee@s%@gl e tone is
showns as Q,el\—'/Fgldreﬁ %&b)'d i{.here are 3 spectrumlines“corresponding to f -f,
U f, and PEVET UenEEte gagitiopalfrequancy: sempemenis aBasemn ohehevesst fiatidn and f, |

t oget her thvedria, §868 ANitigk@e Hig_n of. +f ., will generate the
desired fre uencgsecorrponent a?Q?%M@ﬁg%é‘d'gﬂS”tﬁbce I} Aplyhas tverredusran ff -f,

and f, +FOMRPNENHe ¥eaisdha %rrmxdmmmom@tth@@nomer.isﬁm ﬁehéeﬁﬁbar noni ¢
distorti 2n., Iﬂcgpracti al experinent, although it is found that "the THD of
DSB AM i ¢¢ Kilgh¥r/ 4o JRPEACEG: @ whigh sidebandcy selegreal). e wgersFigdrde THD

is the | S o frequency, signal . For exanple, in one 25

i mpl errentggli%i gjntfh%&%;b\ggesi% Egrr’a{ﬁ Cﬁﬂyﬁ%ﬁlﬁfﬁfﬁ@@e DSBUSMhAswilhise | owest THD
for 10 <SEPreduaster a conditions. The square-root DSB AM has the
most conpl ex spectl—rléj\xr)n eﬁhggs @:abgr'ﬁl%??tﬂﬁ‘? %@t Og}%mrﬁnﬁnlﬁ foeaeersfey of 1,

Accor di ngisb@xidténtiye BirSEse ABrREM: recropt DSB 30 AM wi | |
perfectly recgvery the envel rop SF%%PH&@%{%%?HHEBF%WQMWétueéf'lcb’hough 15

nul ti pl e%ﬂeéqu@ﬁ@a?ﬁm& gexeratingttheye Wartopiwsne RoatR aWirt {h ht gt her and
only th i nequ f, wll be left inair. In practice, we have
f ound tﬁ%ct)é}’?%% O?%ett) t&gyﬁﬁéx??teﬁ%ﬁwnﬁﬁrﬁthaﬁdéwtEhé tremsedUSBL Argiyt i ons,
this moddlaciise, S3BmI i3 adieys RebBSsAAYER bItnol SRS s nlol DoLN the

| ow,and fglr gh fr.e%Pency bands, i eme even

ure single tone signal.

The spectrum of DSB AM of a single tone is shown as in Figure 3(b). There are 3

spectrum lines corresponding to Je=/v . f. and 1, +,. Based on Eqn. (1), the -

Interaction between 7, - /i and 7., together with the interaction between 1. and

20 1.+, will generate the desired frequency component at f-

However, the
interaction between f.—/ and £, +7, will generate a frequency component at
2/, This is a harmonic distortion. In practical experiment, although it is found that
the THD of DSB AM is higher for middle-to-high frequency signal components,

the THD is the lowest for low frequency signal. For example, in one

25 i.mplementation using a PZT array, we found that DSB AM has the lowest THD
for f <s00#z under the same SPL conditions. ' "
The square-root DSB AM has the most complex spectrum lines distribution as
shown in Figure 3(c). According to theory based on Eqn.(3), the square-root DSB
30

AM will perfectly recovery the envelop signal. The principle is that although



is not the best one. It may also be due to the inperfect performance of
t5h|es'ci rcuit "and transd'ucer.yOwe exanpl e of the mddle frequency band is
500H< <.f <1400Hz . In summary, both from our experinmental findings and
our theoretical analysis, we have found that the best way to reduce the
THD is to use all 3 kinds of AM 10 sel eéﬁlvely. For different frequency
bands, t'lth% chene th the | owest THD anpbng these 3 schenes

shoul d be é@gg@%ﬁg@”%@x@%ﬂ%\r WHEPO@QEHsaf@dWm Raen \%ﬂ?qrsa%@?g émpg ?e
23‘8&3' S ?éﬂﬁdogeg?eﬁ%yugﬂ?@?m%?* ﬁ@?‘k&ﬁﬁ?‘?%@@?@%@%ﬂdﬁhspﬁa .-, SSB AM
will be msddle fretfieBg DaNHEdh@drahademn s?%héﬁndimr%,g@?g%@ﬁlﬁg% ggﬁ?@ stated

. since SSB AMis used for. high frequen _ t he
?Zquolr leg%s&éﬂﬁg:}\ﬁ? gnehlowﬁst Tk Howeven farebtbéhatowrand Higlafretihenbabdmisltih of

i | L h h Fig. .2 t's one way in
i o di P ane PestAife it oY 9% Br e hrdiSdact Seriebarm penemioshinds,
this canastrosduts. TRRYelmMISIeldl thotigneareatiBishdl 4. | hvepplon. For

[ [ ' nunber
exanpl e, different nodul ation techniques may pr ef erable i f _ nu
of m)equency bands is different, or if the frequency values which formthe

it lected 25 differently. For other
erbout et &G St hIGH PoreRHiea e dgess pritourdnanteticebanaspendens

| ati | " 0 ; N to the
oL o IR RRPRACRR i LG, BUUELRSE THRS s (o SREPA hindEf A L0 |
di f fl&r enieleglively. ffrasdiffierent goeensy bamdis thd mcdulatiorosthvahedvitytnanewber 30

[ j ion, that there is a -12dB/octave fall in SPL
of *t he 18 CrFefuing AR SKh B S ogl Ribe sifacfed eigna muepia &f s44m be Seon
from ei tdumbiottiofiishowd In BRbehBbdinMéYRr & Hif @.rit&%ecﬁ]d Q?gé}o‘zﬁ'zw — 2
and C respectively. It has been found by experi nent 'S ect is
evi dent AMI willflasy usedkIF 2ksobtzz k 3]<140081: Fequaorodt MESESRM el bt hgekoryf r equency

i ill much too | ow conmpared with :
band Ts S| dorn SaE' 0wk Compar ed

15

One immediate advantage of this combination can be stated as follows: since
SSB AM is used for high frequency band modulation, the required bandwidth for
the system need be no more than the bandwidth of the audio signal itself.

20 Note that although Fig. 2 presents one way in which different modulation
techniques are used for the different bands, this can"be done is many ways in
| other émbodiments of the invention. For example, different modulation
techniques may be preferable if the number of frequency bands is different, or if
the frequency values which form the transitions between the bands are selected
25 differentiy. For other embodiments of the invention, these frequency bands and

corresponding modulation schemes can be found by experiment.

Secondly, we turn to the feature of the embodiment that the aperture size of the
transducer is different for different frequency bands. This is motivated by another
- 30 big problem of air demodulation: that there is a ~12dB/octave fall in SPL of the



that of the m ddl e-to-high frequency band. To conpensate for this effect,
one sinple way would be to increase the anplitude toward the | ow frequency
band by 12dB/octave. However, this will nmeans that conponents of very high
anplitude are generated for |ow frequency audi o conponents while very | ow
anplitude 10 conponents are generated ¥oor " hi gh frequency audi o conponents.
Any pracdl PN ve .a nmaxi mum owed anplituyde and, due to the
| ar ge dﬁ%ﬁ%ﬂcyﬁ§%§ﬁ%&¢%ﬂjﬁa’8ﬂm%U?P&Maﬂr@?ypf?ec@? P(ﬁeéﬁggprﬁfe'tf‘ﬁéof esponse
of such lg__a s%st-emto high frequency components w1 be very | ow. 15 By
cont r astE9%hd 1eRBE AR wterefit gmses froratpe tsrnskbetfer awy —torespamtinsht e f or

t he above effect. This is notivated by the obser¢ation that in Egqn. (1) the
SPL is proportional to the square of the transducer aperture radius a'.
Thus, if for the |ow frequency band, a bigger aperture radius is used, the
SPL wi | 11t basibegndadd by epdoecimant that thisi effécs isveaitieneoniglfor hene says @ynani c
aperture’ since the effective 20 aperture size changes according to the

f r eqiencdyVebaehe 7L fadhadewdranugnay bandris skl reiohl teo lowiconmarked vaieh

i npl f i i i I erated by the

oot alobhel R ARIMEN SIS Mo ltBe BB TAEERL Eliet ahET o1 ont

aper t ur esmphipwayarouldibeetodnmeasi et byhplitdies ﬁiﬁé?ditﬁﬁméw@ffeqﬁieﬁ%'%agﬁ bl‘jﬂm OYfS
e forms o

a cell -bféﬁj ttransﬂucer array 45 such as PZT array. Two possi
this PzT 4H%/9§1@ e HPmeyer thtseullimeansythat sompoasatspbyery dgramplitide  Each i s

conpose f = i ar tive dianeters (the
di anet e?argfg%ar{gﬁ%gﬁg'—ﬁF&?‘?Q%ﬁ%@%?@%ﬁ%@é%ﬁ?%”ﬁa@m aﬁﬁ%\% bet ween

t wo 1PZT @sinepemrys iane bederhted forttegh flezgaenay hudithtepeassts] ARy ragisdegct | ve
sub 30 a%egture .. As explained in Fig. 2, the sub-arrays are powered by
signal s ?e'Bé!H@P&E’%@ mgéwia}ﬂgwdtﬁgﬂph@dsm dugdpithe darge tynapsc 36,

whi ch r egabeef stanldio siinald i t Eﬁ}% t eg frequency
band si naPs. In the eﬁ%ﬁ’ﬁ%ﬁ?ﬁi&g@gﬁ%ﬁé?ﬁ%ﬁ reé{ﬂegq%g%%tg&bgonds are

t he t hr d89h fiequenecy champesentshwvitlbaveery lswbj ect to the different respective

frequency dependent nodul ation 5 schene stated above, i.e. for f <500H. -,
the whol e aperture is used, for

15 By contrast, the embodiment of Fig. 2 employs a better way to compensate for
the above effect. This is motivated by the observation that in Egn. (1) the SPL is
proportional to the square of the transducer aperture radius«*. Thus, if for the
low frequency band, a bigger aperture radius is used, the SPL will be increased
efficiently. _This is what we call here a ”dynémic aperture" since the effective

20 aperture size changes according to the frequency content of the audio signal.

In principle, this could be implemented by feeding modulated carrier sighals
generated by the respective audio frequency bands to different transducers of
different apertures. However, more conveniently, the embodiment of Fig. 2
25 employs a cell-based transducer array 45 such as PZT array. Two possible forms

of this PZT array are illustrated in Figs. 5(a) and 5(b) respectively. Each is
composed of three nested sub-arrays of different respective diameters (the
diameter of each sub-array may be defined as the maximum distance between
two PZT elements included in the sub-array), which constitute respective sub-

30 apertures. As explained in Fig. 2, the sub-arrays are powered by signals



i i i i f > 1400Hz the
HZ <f < 1400Hz , a mddle size aperture is used while for
gggl lest' aperture is used. In other embodinents, the sub-arrays may be
driven by signals derived based on frequency bands which are different
fromthe bands which deternined the nodul ation of the signals. 10 The
dynam c aperture of the enbodi ment of Hizg. .2 can efficiently corrpe_nsat_eII
the SPL fall tqward the |low frequency band in a coarse way, i.e., it w
i ncrease gte}qgratgal_rewegmelw belireReyetarpdfiers 6,26, Bﬁnmmaccthre‘deemld _gllgfzws:)?lnld. e
However, vditih efRpEnt §él§§%ﬁ{"scf¥mﬁcm8%% trg. .t goaté{;jgﬂgﬁgg qat?]ﬁ W nsi LS are
transmtted using the 15 sanme aperturt ?%Lé,_ a _reque_cI S
present \WMbpdimeat obRiy. it thdehiee frédeer dytbiindd Sathe thiee f?@#%d%b%idé e
non-flat, Tg nmake the L equency response nore uniform the erbo inment o
Fig. 2 ug"&l&i We'e FHE@@ Eﬂ/ﬁ'@cﬂjﬁﬁi%t@%ﬂﬁ@w&d@ql@@cy‘ﬁelpbndeletis\mpdlbmmtd)ﬁet he
egti sreeVarsAl bZgyrs 22 fectivel iply
;ﬁgri fud\ggh%r?@?#he f?/%quer’u':')'?' ggw{a%%g%sthbes%PgLep%%?ﬁtwg '%é’?gﬁtéoﬁg 20

funct i onsooiEhe reei@ht | agniﬁurécﬁik@'éﬁleﬁum #eded Qhilk BS h?%o%ﬁveﬁrﬁﬁgﬁﬁlsﬁ%and

[ [ ' t and.
correspondi ngly lower for the high frequency conponents w
Pref er gblayeftg'é? \aeisgiet imgttfarremtbadiments, @5e GOBLArRMAUSRY DA &Hn/érhs%érgﬁ%ency
val ue ggﬁ ya 'g on .of the weighti n_g val ue is dependent on the~frequency
range (mea\éuréé %qu OBJERHENCY PAREVINGR A58 slifferest from ’theé?@u@ﬁwyhlngil i tzﬁtel on
s 111 ustiegihédiifd ModblatbAtrife Sprdiequency bands are |abeled 61 (the
| ow frequency band which is nodul ated using DSB AM, 62 (the m

[y ealpncy band R0 d WL eI | 3 Mol At ed usiing SSB AW - The val ues of the. 30
vei ght i ng ggﬁcﬁ on Bgﬂga%ﬂ %‘&ﬁ“ﬁ?@%qntéﬁ&t%eaw Iqel?félé/ @110?@]253_’[5?]29 and
T Saency o Sonmt £ Sy Ko xRt L, o
t o obt ai %Pi of AlifEeqHAN I SaMponants esthimsach fregbenteband i Mews e different
frequency components within the same band will still be transmitted using the
15 same aperture size, so even if all frequencies are present with equal amplitude in
the input signal, the SPL will still be non-flat. To make the frequency response
more uniform, the embodiment of Fig. 2 uses the frequency equalization stage
20. Within each band, the respective frequency equalizers 12, 22, 32 effectively
multiply the amplitudes of the frequency components by respective weighting
20  functions. The weighting function is higher for the low frequencies, and
correspondingly lower for the high frequency components within each band.
Preferably the weighting function varies continuously with the frequency value.
The variation of the weighting value is dependent on the frequency range
(measured in octave) of each sub—band..

The frequency equalization is illustrated in Fig. 4. The three frequency bands are
labeled 61 (the low frequency band which is modulated using DSB AM), 62 (the
middle frequency band which is modulated using square-root DSB AM) and 63
(the high frequency band which is modulated using SSB AM). The values of the
30 weighting function of each band are illustrated b'y lines 51, 52, 53, and the

frequency equalization units 12, 22, 32 accordingly multiply the frequency



An advant age of the above suggested frequency division based pre-processing
5 schene is that the dynam c range of the systemis also:-inproved. For a
real audio signal, after dividing the signal into.different frequency
bands, the signal anplitude variation within each frequency sub-band w ||
be much smaller than that of the origimgal signal. Thus, each frequency
sub-band' s signal dynam c range is nuch smaller and thus can be nore
easi | y hGNAPeACHis Y weight vall@sThichraraene varess 1t Be, FeDoahmag, gul tiple

be

frequency, el ati trong carrier wave shoul

t ransmi tfge%é}tggﬁglﬁpﬁgtfﬁggénsse 'He%ﬁuré%“'?ﬂﬁts'%?é desired frequency signal is
generated between the interaction of the carrier signal and anyone of the
AM nodul at ed, freque conponents, while the undesired 15 harnmonic is
gener at egnfardd/mfl*&e @fd}{‘érailﬂvemggésmmyfreqmencyfd,vlb@nﬁk&ég%aé,lo@gssmpequency

conponen ich inclyde the carrier signal). The tuation
i's descr%%egﬁé% aé@?‘%aér@%'%a A5 Qf)gﬁe ENpled isralaq dnprayedoher passi bl e way

t 0 gener atdio Higrl gafter dividngting 4 arra structure
as propose 1%]t whi ch 9§an%%Ai%tb?dlgér?}n??ﬁéﬁéh&}rﬂpéﬁgb(}a ing PZT

tr ansduc%mpg@'d@f‘fqr IeAtwithin aechinediueney sabdend Wmébermhbﬁrsn%"étﬂtﬁ‘ar‘?f fect of

the propg t e in enbodi nent is that the carrier signal
is al mysgfggﬁ%nﬂleﬁl ﬁgﬁél &)\'hfee%?’w %{?e?@’ﬂHéS'%%dvhammrar@eat ively

st 1 ongeris st ematiegand thus @én/\awncbre cddig rifblecPBPEREAL! Y Sompared Lo
nplyi,;t ude of the mddle-to-high frequency gnal's, which are only

proc}uced using sub-arrays | and Il in Figs. 5(a) and 25 5(b). Thus, the
ef fect i Vo fipfHdrak dI e-to- h frequency band
a0 IR PHD) %hﬂﬁlcqﬁ '@@a %que[q% SEhita (Rlativaly | oner AM

signals. As for |ow frequency
i ndex mE@NGeeRItier wawe SHDuIdND erahbrittddicsair. eﬂ'%?ssbé&&sreetﬂ'épﬂ’ré%%%redi
ment

can coii ey gt SeorEHHh bty armciampeineamnansgnesams o1 gt
fi del i tyanypowesthé N nfstitNate@Y R BNE) WahiBtrohts Ak the! GigestRge! T cal ly:
15 harmonic is generated from the interaction of any pair of the AM modulation
frequency components (except pairs which include the carrier signal). The
situation is described in Figure 3(b) using DSB AM as an example. One possiblé
way to generate strong carrier signal is to use so-called combo array structure as
proposed in [10] which can transmit a strong carrier signal using PZT transducer
20  efficiently. _As mentioned above, one rather subtle effect of the proposed dynamic
aperture in the embodiment is that the carrier signal is always transmitted from
- the whole array aperture, and thus a relatively stronger carrier signal is always in
the air, especially compared to the amplitude of the middle—to'-high frequency
band signais, which are only produced using sub-arrays | and Il in Figs. 5(a) and
25 5(b). Thus, the eﬁective modulating index is low for middle-to-high frequency
“band signals. As for low frequency band signals, the embodiment uses a lower

AM index m to reduce the THD. Note that this reduces the reproducing efficiency
for the low frequency signal.



(1) Instead of using a single kind of nodul ati on schene as in past designs,
this 5 enbodi ment conbi nes different nodul ati on schenes for different
frequency bands to efficiently reduce the THD. (2) By increasing the
aperture size of the transducer array toward low frequency; the SPL of |ow
frequency signal will be increased. Thil% can conpensate the SPL fall

t d d dicted by th . Thus th d d 10
S onan il Fury B e R e e, Bt R s P B RV A EERBVUE. b
i ncr easedmpottant Rytdry s heinal SidBityapbw RIS 'é%tieﬁ%?fn‘bz)eé@gﬁgoﬁugfcba”d’

the reproduced audible signal's frequency response w nor e
uni form%(p fE8Y:THD i s further reduced by using a small AMindex for the

| f ' - : rat th | nal i nt

i1t er ond o gtqEE SRRl ki ot oBEREEA SchEnis €5 i BastrbGlis, s

vari af i oemtodiseat bymbrrRseifednt Tyt StrEmbs ﬁ:rdjfﬁé‘r‘én‘%fr_eaaeﬂgy I's reduced
ons r

for each branch of the circuit inplenentation. Many vari ati e possible
wi t hi n t RENSE &p effigientiydeprce the 6HD.For exanple, 20 al t hough the enbodi ment

of Fig. i t he . fr ncy. sub- bands both for

di ffer ent%zfrggxﬁ%}%%hé¥%éjngﬁé%¥%d§)%§§?weaﬁg$$% r\?éq,qyatgwgﬁa I &requgD Nt i on i s

not |im thealSPh dfHow frezgpecy sidral WiEbeMicteaddy. TS cah ddnfhatRiEtOHe gpyel
descri hed above nay used 25 on its own, or combined wth one or

techni qu
nor e 019 fS?IETOej\faﬁ% 1€ et raeveRfYveend Reedictad fyutbeeryarlitug tbanepiadheedbe a PZT

P 0T S wilbha R Ry BhEdh KheR TR AT P dRistR 8 igitareea o> %
"Directi (NaBy fisthispsiiga idgsenoy ebualBerPet eath b@b-bén&?ﬁw&&%roé&%% [2]. A

R Selfri d@l and P, %(huri - Yakub "Pi ezoel ectric FilmSonic Emtter” U S.
Pat ent NE-OKIDTENGES TeaHRR s §sBPNSRMdlhRPERMPCRBIEHAIT@TE. " The Audi o

Spot | i ght4) e AP isGakherr<fucha™y B35 a small AM index for the low frequency
components.
15 (5) By separating the real signal into different sub-bands, within each sub-band,
the signal’s amplitude variation is usually decreased. Thus the signal’s dynamic
range is reduced for each branch of the circuit implementation.

Many variations are possible within the scope of the invention. For example,

20 although the embodiment of Fig. 2 conveniently uses the same frequency sub-
bands both for different modulations and for dynamic aperture variation, the
invention is not fimited in this respect.

Furthermore, any one of the various novel techniques described above may used
25 onits own, or combined with one or more of the others.

Furthermore, the transducer array can either be a PZT or PVDF array, or even
an array which combines the two.
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frequency bands; (ii) an oscillator for generating an ultrasonic signal;
and (iii) a nodul ation section which nodul ates an ultrasonic signal using
the 10 frequency bands, each frequency band bei ng nodul ated onto the
ultrasonic signal according to a respective nodul ati on schene, the

nodul ati on schemes conprising one or rdre of: (a) double side B&RdD WISE
anpl i tude nodul ati on without a square root operation; 15 (b) double side
band anpl icClaglasnodul ati on with a square root operation; and (c) single

si de band anplitude nodul ation; and an ultrasonic transducer for generating
and transmtting an ultrasonic beamfromthe nodul ated ul trasonic signal

sher By 1. SCTRUhG B9 el A5nd SRR R B AETES LS, B

frequency aadidsignal,ahetsystenosestprisingguency band being nodul ated onto the
ul t ras%ni c signal i ng dopbl e side band anplitude nodul ati on without a
squar e °r oot ope? qucﬁﬁla,t' URILSOMRBSINGdd| e frequency band bei ng nodul at ed

onto the ul tras@n fitéi 8o faﬁanm'ﬁ’g()trmiﬁ afﬂ&a-é% #'Mbid pricalfpgp! ation
with a square f@ot oper atign; andI C) tﬁe hi glh f| ethJencyHbanngel ng
modul at ed feequencydandsi asoni ¢ signal using single side band anplitude

nodul ation. 30 z di to rreceding cJaimin which the
ultrasonic tra@gaﬁg§¥m%ﬁ°§}f§§§§ﬁ%raﬁﬁ%PQILﬁ{%s I §@@f’_ﬂ NS’ having different
signal transni sgi)emoduRitiehelettion WhicHmddsIdtes ahiLaddrme signanasingitRe be
transmtted using the LLOYD WSE 22 respective sections, the secCtions of

di fferlént fseqppncythandsneach sraueaneband beingimgdulatethgate the uisasanie i nput s
gener at ed ys) (4G Aitdifg ¢k rB868ctRE hB8ulalibd ILEERS, B SR dulation schemes

comprising one or more of:
(a) double side band amplitude modulation without a square root
operation; '
15 (b) double side band amplitude modulation with a square root operation;
and
(c) single side band amplitude modulation; and
an ultrasonic transducer for generating and transmitting an ultrasonic
beam from the modulated ultrasonic signal, whereby air demodulation of the
20  ultrasonic beam generates audio signals.

2. A system according to claim 1 in which there are three frequency bands,
(a) the lowest frequency band being modulated onto the ultrasonic signal
using double side band amplitude modulation without a square root operation;
25 (b) the middle frequency band being modulated onto the ultrasonic signal
using double side band amplitude modulation with a square root operation; and
(c) the high frequency band being modulated onto the ultrasonic signal
using single side band amplitude modulation.

30 3. A system according to any preceding claim in which the ultrasonic
transducer includes a plurality of sections having different signal transmission

diameters, and inputs for receiving signals to be transmitted using the



5 4. A systemaccording to claim3 in which the transducer section of
maxi mal * signal transm ssion dianeter is arranged to receive an input
generated by nodulating the ultrasonic signal with the | owest fLEQURIMSE
band. 5. A systemaccording to claim4 in which an ultrasonic signal
obtained 10 using the | owest frequency 22and is transmtted to all of the
transducer sections, and the other frequency bands are used only to

generate iFé%EEEtiJ@ée&%s?fhé%cﬁion@fofTd%r@ﬁﬂ'@énélr_t?é?ﬁs‘i‘higﬁbnSﬂ‘&hb%§- 6. A
system according to any of clainms 3 to'5 in Which the nunber of 15

t r ansducer beiogtarangeddoggoeive inputh genaraied usingidifeientonepafithe 7. A system
accordi ng ‘to cl ai 500r claim6 in which said nodul ating section nodul ates
the ult raséﬁﬁ"‘f:e%qyg?ﬁaﬂ Susi ng said | onwest frequency band with a first
nodul ating i ndex, and nodul ates the ultrasonic signal using at |east one 20
ot her said frequency band with a second nmodul ati ng i ndex, the first
nodul atd ng#- i nd®8YBtEM @creigking thelaing 3dn yhieh thentransdiigen gertiereof maximalsy st em

accordi ng §; i LT i i ; r
oqual | zati SEnEamRREEnafeor otahdg 16 Recaifl B iAbdi SHEMBU LY ooy s
conponent smodulatingdhe uitfagdmic signdbwitly thiee koweast frequercybandg factors, the

wei ghting factors being selected to equalize the anplitudes of the
frequency conponents of the band in the denodul ated beam 9. A system

according §0 clAigysferh %b&n‘ﬂiiﬁ%t@clﬁrrﬁﬁqﬁWcﬁﬂH%l&é@édi@Qig‘ﬁai bbfafed 30 each
said frequency band. LLOYD WSE 23 10. A systemfor generating a nodul ated

ul t r asthi cusingthe loveest siequency band istransmiteghial all ofitbe dransducensentionsng: a

5 (1) a 1 P e P BREHehGPETG: Ao bt bRBD BtblSedngiiiror e oERERE: 21 T,

of frequestielthdstransducer sections.

6. A system according to any of claims 3 to 5 in which the number of

15 transducer sections is equal to the number of frequency bands.

7. A system according to claim 5 or claim 6 in which said modulating
section modulates the ultrasonic signal using said lowest frequency band with a
first modulating index, and modulates the ultrasonic signal using at least one

20 other said frequency band with a second modulating index, the first modulating
index being lower than the second modulating index.

8. A system according to any preceding claim further including a frequency
equalization section which multiplies the amplitudes of the frequency

25 components within one of the bands by respective weighting factors, the
weighting factors being selected to equalize the amplitudes of the frequency

compon'ents of the band in the demodulated beam.

9. A system according to claim 8 including a frequency equalization unit for

30 each said frequency band.



(ii) an oscillator for generating an ultrasonic signal; and (iii) a

nodul ation section which nodul ates the ultrasonic signals using the output
of the filter section to produce a plurality of nodul ated ultraddfiYO Wisg
signals; and an ultrasonic transducer for generating and transmtting an
ultrasonic beam fromthe nodul ated ul t23asoni ¢ signals, whereby air

denodul ati on of the wultrasonic beam generates audio signals; the

ul trasont c10.r ANA@ySein foieiitidingia Phdibletbifhsaiic beaRFbaed 86 afllihpar et

15 signal transmiSsion dianeters and inputs for receiving signha
transni t t edldigsigngl.tthe systepecompsisingit i ons, the sections of different

signal transm sgij | | nged t.o recei.ve. nodul gt ed

ul 19 rasoni c Si g%h@%&@%tﬁ:{ﬁﬁ%@f gﬁgﬁg(g&&qa H‘%tlen&erlggﬂte%ﬁ'églgﬂ?g% s of the
frequency dmmpidsingnd the transducer section of maximal diameter being
arranged to recgive an uI,tra}sonjc_si nal 20 obtained by nmodul ating the

ul trasenic si gridia ﬁ@‘?rrﬁfctt'ﬁé podividing thegineHEgudia signal into anplyalite af accor di ng
to clai m l@ditndligdhdshe | owest frequency band is wused to produce

nodul at ed ul(¥ras nic signals transmitted to all of the transducer
sections, and sliipaaloscilatortfoegendrating mequtasonidsigmnal;ana transnmtted 25 only

. I [ , 12 A - di t f
ol aim 10 to 110 GRALRYEE SpRER Wrih mpttiates R URsAG9adlE shal {1 acon c
si gnal usithg dutisutl sTuhé fitekSastionRoiéd adldrali§lof mMBEWAR m&?w%x, and

nodul ates the ultrasonic signal using at l'east "one other 30 frequency band
wi th d0sectdnrlsodnd ating i ndex, the first nodul ating index being | ower

t han the secon ' ' . stem according to
any of clains Mgﬁgfghic&%\,&#&gﬁé{ Ldglqgégﬁ%ﬂn%%m?ﬁ?é%@gﬁ}&i%ns‘@%ﬁ%% i s equal
to the nurtieam dfont thegmadiujatod mitrasohic signalssivhetdbyr aig degioduidtidneoftRdul at ed
ul trasonic Peam_b%sed on an.in ué_ 5 al.fdi o signal, the system conpri sing:
ultrasonic beam generates audio signals;
the ultrasonic transducer including a plurality of sections having different
15 signal transmission diameters and inputs for receiving signals to be transmitted
using the respective sections, the sections of different signal transmission
diameters being arranged to receive modulated ultrasonic signals obtained
using different respective subsets of the frequency bands, and the transducer
section of maximal diameter being arranged to receive an ultrasonic signal

20  obtained by modulating the ultrasonic signal using the lowest frequency band.

11. A system according to claim 10 in which the lowest frequency band is

used to produce modulated ultrasonic signals transmitted to all of the

transducer sections, and signals for the other frequency bands are transmitted
25 only to a subset of the transducer sections.

12. A system according to any of claims 10 to 11 in which said modulating
section modulates the ultrasonic signal using the low frequency band with a first
modulating index, and modulates the ultrasonic signal using at least one other

30 frequency band with a second modulating index, the first modulating index
being lower than the second modulating index.



a nodul ation unit conprising: (i) a filter section for dividing the input
audio signalinto a plurality of frequency bands; (ii) an oscillator for
generating an ultrasonic signal; 10 (iii) a frequency equali zatildQYBerisEon
whi ch, for each band, nultiplies the anplitudes of the frequency
conponents by respective weighting fact2drs; and (iv) a nodul ation section
whi ch nodul ates an ultrasonic signal using the frequency bands to produce a

plurality of. noAlgysters astordafPtl 4nyoOEaInts 1626 h2 ih WHAIEtHe/n AABEr BE1 NY
nodul ated onto the ultrasonic signal according to a 15 respective

nodul at i orfranseiieer saglipnsnis aauakibifiecnumberseffiequensy bgadsr ati ng and
transmtting an ultrasonic beamfromthe nodul ated ul trasonic signals,
whereby air denodul ati on of the ultrasonic beam generates audi o signals;
wher ei n t htd.vwei Alsystegn fargemesatinga seddudated ulrassniabeam basedoplantinplets of
20 the frequ ney corponent s of the band in the denpbdul ated beam 15. A
modul ati o qﬂfﬁ?§9‘@iq§e§y§ QEWESMW%g to any of clainms 1 to 9 or claim

14. 25 16. An ul icrMtidh Lt,ﬁigeg,q?ﬁgih?for a system according to any of clains
to 14,

3to5o0or any of clains 10 he transducer including: a plurality of

nested arrays df) pfikerossationfordividimetitesinpuhaudiorsigrsal firzteianplurality bér ent
recer vi ng LR BB ToduT st ad. 30 ultrasoni ¢ signal For driving the
el enents of t hadi) anfod¥gillator for generating an ultrasonic signal;
10 (iii) a frequency equalization section which, for each band, multiplies the
amplitudes of the frequency components by respective weighting factors; and
(iv) a modulation section which modulates an ultrasonic signal using the
frequency bands to produce a plurality of modulated ultrasonic signals, each
frequency band being modulated onto the ultrasonic signal according to a
15 respective modulation scheme; and
an ultrasonic transducer for generating and transmitting an ultrasonic
beam from the modulated ultrasonic signals, whereby air demodulation of the
ultrasonic beam generates audio signals;
wherein the weighting factors are selected to equalize the amplitudes of
20 the frequency components of the band in the demodulated beam.

15. A modulation unit for a system according to any of claims 1 to 9 or claim
14.

25 16.  An ultrasonic transducer for a system according to any of claims 3 to 5 or
any of claims 10 to 14, the transducer including:
a plurality of nested arrays of piezoelectric elements, the arrays having
different respective maximum diameters, and
for each array, a respective input for receiving a respective modulated
30 ultrasonic signal for driving the elements of that array.



