; €3e4T6LTuu Met hod and Apparatus for Distortion Reduction in Utrasonic
beam audi o systens FIELD OF THE | NVENTI ON 5 The present invention generally
relates to systens for generating audio sound using a nodul ated ultrasonic
beam |In particular, the invention relates to controllin stem SO
as to increase the audio fidelity of the generated so \ﬁm

THE | NVENTI ON Wen two sound waves, so-called "pri nar wth f| ni te
anplitudes and different frequencies i nt eract with each ot W& n air, new
sound waves, so-called "secondary waves", are generated. The secondary

waves have Ms@eand Appdratls ﬂfreDIs‘lérthHrR%EIﬁcﬁbhflﬁrlmfa%d?fc beanPaulis ¥

waves. Many theoretical and 15 experinmental works illustrate that this
non- | i near 53}3 non can be used to produce audi o sound (i.e. sound
audi ble to mans) when at | east one of the primary waves is ultrasonic

(i.e. inaudible to humans). For exanple, the disclosure of the follow ng
references is incorporated here: Mark F. Ham | ton, "Sound Beans" in

Nonl i near Acoustics, Edited by Mark F. Hamilton and 20 Mal col mJ. Crocker,
Chapter 8, ﬂELDzGE-'I}&H,IN)O(@é@N: Press, 1998, and Janes J. Croft and Joseph
O Norris, "Theory, Hi story, And The Advancenent 2 O Paranetric

Loudspegkerfie Pre58ANMILAEIN @éﬁér‘éll?%latés‘ t%fsﬁarﬁ’@l?&fgen‘éffﬁfﬁg?ﬂﬂdﬂi%‘dm@ ogy
Cor poration 2001/ 2002. The Ul trasonic prl mary wave 1s anplitude nodul at ed

by a desir u nmod i s.demdul afed by air
e to 1 he R Ao eeR s R0t BReECt Ay s ARG e R IR Ele™ 2
phenonenon usi n(ﬂ t he concept of a "nodul ati on envel op” in "Possible

expl oi tat i mnap ingreuchreaystarig as ¢ increagaitheritdie fidelify afithe pagerated
applications,” J. Sound Vib. 2 (4): 435-461 (1965). Gven that the primry
wave has trm:)uhdrm p~ (t) = PE(t)sin2~f~t 10 (1) where E(t) is a function
representing the envelop of the primary wave, and f~ is

10 BACKGROUD OF THE INVENTION

When two sound waves, so-called “primary waves”, with finite amplitudes and
different frequencies interact with each other in air, new sound waves, so-called
“secondary waves”, are generated. The secondary waves have frequencies
which are the sum and difference of the primary waves. Many theoretical and

15  experimental works illustrate that this non-linear phenomenon can be used to
produce audio sound (i.e. sound audible to humans) when at least one of the
primary waves is ultrasonic (i.e. inaudible to humans). For example, the
disclosure of the following references is incorporated here: Mark F. Hamilton,
“Sound Beams” in Nonlinear Acoustics, Edited by Mark F. Hamilton and

20 Malcolm J. Crocker, Chapter 8, pp. 233—-261, Academic Press, 1998, and

James J. Croft and Joseph O. Norris, “Theory, History, And The Advancement

AN
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the ultrasonic carrier frequency, Berktay provided a far-field solution in
which the primary signal yields a secondary denodul ated signal at a point
al ong a transducer's radiation axis having a pressure given by: z 15 p2(t)
X ~z E(t)2 (2) The term"far-field" refers here to an area beyond a
critical distance fromthe sound emtter, where the ultrasound has decayed
dramatically. This solution is also valid for the near field | ocations
(i.e. closer to the sound emtter than the 20 critical distance) but in
these locations the ultrasonic primaries coexist with the denodul ated

:>i gnal . ADfEbadndtlic 80dspeakers & TERRREILF I rGiel eI Pa;?er[IJ_Aﬁ%?fcbhonm
to the second tine derivative of the square of the envel ope. The

denodul at i i | 4 hec t | i . ope .on. One of
the. fundans oS PERERE 20T Fafbe e URReRE vaf Usve BrmbiEHe s
audio signal is input to it and used to nodul ate the ultrasonic primary
beam the dled¥atg p desired @udin.eignaland the grodylated; signalie demedulated i s
denodul ated. In an ideal case, no signal distortion should occur. However,
i n practi céyadit duddo ttemondinear fluid tpreperfies efmairont ri but e to si gnal
distortion due to their inperfections. Furthernore, the nonlinear effect of

ai r demgdul at | on_ PIRgRg s8R pHNGATICAH,ARYREL EOMRAA o bomathiia

ke
t he denodul at ed signal éven nore distorted. 1l is a schenatl ct%r{rgck

di agram of a kpown wltrasoni c, beam aydi o syste i ch generates a beam of
audo- soun@ SRR T [ EHHIPR hEIEDER B oy ieRs AfbuplEs8 HORREET ot om
conprises a controller 110 and a plant 120. The controller 110 conprises a
si gnal pr odeansanittinglapplicationss ed sPoundiiitn 2d(4d: 435401 (1966). Givemthatdheef t of
Fig. 1, and a nodul ator 112 for nodul ating the output of the processor 111.
The signal mneagssave Add thesforivpi cal |y a digital signal processor. The plant
120 conprises an anplifier 121 for anplifying the power 20 |evel of the
nodul at ed si gnal ougpyt. h ntroller 110, and a transducer 122 (i.e. a
| oudspeaker) for co‘ﬁ@gr_t}?ngsstlrgzﬁgrrpl ified signal fromelectrical formto

4

10 (1)

where E(t) is a function representing the envelop of the primary wave, and f is
the ultrasonic carrier frequency, Berktay provided a far-field solution in which
the primary signal yields a secondary demodulated signal at a point along a

transducer’s radiation axis having a pressure given by:
15 A
Pa(t) Pl ()

(2)

The term “far-field” refers here to an area beyond a critical distance from the

sound emitter where the ultrasound has decayed dramatically. This solution is

also valid for the near field locations (i.e. closer to the sound emitter than the
20 critical distance) but in these locations the ultrasonic primaries coexist with the

demodulated signal. As shown by eqn. (2), the demodulated signal is



acoustic form The anplifier 121 enhances the signal to such a power |evel
that the transducer 122 generates enough sound power. ldeally, the
anplifier 121 should have a flat frequency characteristic in the required
frequency range, since any other characteristic will result in signal
distortion. Because at |east 5 one of the prinmary sound conponents has an
ul trasoni c frequency, the transducer 122 should be able to transmt an
ultrasonic frequency. The gain characteristics of the transfer function of
a typical ultrasonic transducer is shown in Figure 2. Another requirenent

for the trpnsportionallidzhe setbad tinte djéWaﬂidé&)fah@is?tba@rtﬁfuBé envéppantThegeak to
generate a sufficient sound pressure level and 10 a wi de bandw dth, for

generati ng t i : : n Figure 2
has a resor?%n%téqmée%rg%c@ﬂyggg* ge%%%tthgﬁ %\?}{f]gﬂsﬁ&?ag ?ggﬁshdgnal shoul d be
nodul ated to maximally i ncrease the output sound pressure |level. The

bandwi dt h of the transducer is the frequency range where the gain falls 6
dB fromthe resonance peak, which is approximately 20.6 kHz for this 15

t r ansducer .Onehef theduhdamental zequireraentstfor sich an tAudiqpsystermsis dhat, giheh aut put
by the signal processor 111 to the resonant frequency of the transducer
122. Acgor Guib élgng%liﬁﬁ\)’t to%rﬁl‘ﬁ@éd’&?m%hfdieQI%‘UH#d%%nHﬁWQFﬂSé%' fhe Of

t he nodul ation si'gnal, 20 should exist in the nodul ated signal. W now

the. i gnal e SYERHS Hftosuady B byl Ggh HiEpeartil Geniicuidigh i ™ >

techni que is anplitude nmpdul ation (AM, which preserves the 5 information

of the mod @nddeahcaseg nalsignal disipeion shewld aeswn lowaves 4n practicerdlt tbe as x~(t)
= A~(1 + ~x(t))C0Os2~f~t (3) where x(t) is the audio signal input to the

cont rol | er cohfpdrrents innthel system cdntribiutdn td Sighakdistdrtiondud td il whi ch i s
typically up to 20kHz, but normally does not include frequencies bel ow

20Hz, si “C(’rmbl%ﬁ‘éétu&}{selﬂ uﬁhta}ee twegHﬁﬁ%ﬁl)ege}ggf Igﬁgéﬁmodulé{@rp&ddﬁﬁéé the

range 0 < p, 1, 1s a actor ca

dul at ed I t f th t II th
ol C16e. SHABn B sch R R ot sl S Bl B vehar
'S more distorted.

Figure 1 is a schematic block diagram of a known ultrasonic beam audio
system, which generates a beam of audio sound by utilizing non-linear air

15 demodulation. The system comprises a controller 110 and a plant 120. The
controller 110 comprises a signal processor 111 for processing an audio signal
input from the left of Fig. 1, and a modulator 112 for modulating the output of
the processor 111. The signal processor 111 is typically a digital signal
processor. The plant 120 comprises an amplifier 121 for amplifying the power

20 level of the modulated signal output by the controller 110, and a transducer 122

(i.e. a loudspeaker) for converting the amplified signal from electrical form to



15 shown in Fig. 3, where X~(f) is the Fourier transformof x~(t). Fig. 3
shows that this approach requires a transm ssion bandwi dth BT = 2W(4) The
average transmtted power is 20 ST = P~ + 2Pen (5) 6 where P~ > sT~2
represents the unnodul ated carrier power and Psb < sT~4 stands for power
per sideband. Therefore, at |east 50% ofgthe total transmtted power
resides in a carrier termthat is independent of x(t) and thus conveys no
nmessage i nformation. AMis thus wasteful of both transm ssion power and 5
bandw dth. The waste can be reduced if the nodulation technique suppresses

the carri eracdoustis foras iThie atpkfier 1@ 1denRiticesahe sighas 16 §6dHa poweuevl thatan be
reduced by suppressing one sideband, which is called Single Side Band (SSB)

modul at i Onghé(?ra-ﬁgﬁuéé}ﬁféi H&%té?@n%&ﬂfﬁe\ngp%% )F n& ?%,nllﬁersw in

Figure 4 a pure tone or ‘sone
frequency fm e two SSBs can be witten as; x~(t) A~(x(t)cos2~f~t f
i c(t)sin2~Sboy Jjgave ﬁ-ﬂP&E qUeREY-eRaracteristic i Eﬁﬁi[qqi’ﬁ CY ra0g8os2~(f ~ +

fm- (7) where ic(t) is the Hilbert transformof x(t). The frequencies f~-
fm and f ~+ sineecany ethesichatactenisiierwitesulhinn signalrdistiSRione Because et leasThe
envel ope of the tone-nodul ated SSB wave is a constant and therefore

envel opg dejAROsH thkigtimaAg) s@%ﬂ&d&% oMeits has aﬁ%ﬁtrﬂ%ié%ha@nc ithee Berktay's

solution requires the 7 envel ope I nformation, obviously t e pure SSB

modul ati on t ag'&ldpg%r Eﬁ #gg&drpre é%l% 8?%%'3(&“?59 uRra%%ﬁlna it &Puén%?lt e gamHovvever ’

if the SSB’i

characteristics of the transfer function of a typical ultrasonic transducer is
shown in Figure 2. Another requirement.for the transducer 122 is that it includes
a high enough resonant peak to generate a sufficient sound pressure level and
10  a wide bandwidth, for generating an undistorted audio signal. The transducer
shown in Figure 2 has a resonant frequency around 48 kHz, at which the audio
signal should be modulated to maximally increase the output sound pressure
level. The bandwidth of the transducer is the frequency range where the gain
falls 6 dB from the resonance peak, which is approximately 20.6 kHz for this

15 transducer.

The modulator 112 is used to shift the processed signal output by the signal
processor 111 to the resonant frequency of the transducer 122. According to
Berktay, an envelope which contains the information of the modulation signal,

20 should exist in the modulated signal. We now describe two conventional



conmbi nation wth the unnodul ated carrier, the conbination allows for

envel ope denodul ation as in conventional AMwhile retaining the bandw dth
conservation 5 of suppressed side band. This technique is conmmonly called
Singl e Side Band Anplitude Mdul ation (SSB-AM, and is usually used for
television video transmssion, and in tlgs case the output of the
controller 110 is witten as: x~(t) = A~((1 + ~. x(t))COS2~f ~t t
~ic(t)sin2~f~t) 10 The envel ope of the nodul ated signal is A(t) = A~ (1 +
~X(t)~ + ~ic(t)2 ~X(t) 12 = A~ (1 + ~, x(t)) 1 ++ 1 + ~x(t |If ~ is chosen
such that -mbdilajion technldues, Mhigh arefpdriormedkiy IHe dignallrocessar f1saied ose to
the case of conventional AM In the SSB-AM approach, since one sideband has
been suppr f the transm ssion power can be saved conpared
to convent ﬁﬁﬁgﬁqam1q?ﬁgb§%eegtrum of SSA-AMis shown in Figure 5. 20 8 For
a pure tone signal of (6) in the case of ~ = 1, the SSB-AM gi ves the

nodul ated signal as X~ (t) = A~ ((1 + COS 2~fnt)COS2~f~t Sin

2~fm sin2~f~t) = A~(cos2~f~t+cos2~(f~ ~ fr,,~t) = 2A~ cos 2~ 2 t cos 2~~f~
+ 2 It _ ~Ahelfirst gach techniqueds applitude nortulation) (AM)Twhich presereas/thet i onal AM
signal with the envelope of ~A~ 1 + cos 2~fnt and the carrier frequency of
(f~ fm 8) anfothatibmoPihe fhodaRAionGigal Acysibal convehtiohsl AMEanBadenstiedn.
Therefore, for a pure tone signal with single frequency, SSA AM gives a
desired en\é%l ope which results in no nonlinear distortion in the ultrasonic
audi o systens fromequation (2). Mreover, conpared to AM SSB 10 AM uses

hal f of the transm ssjon bandw dth and saves a quarter of
X.(t) = A1+ ux(t\”coshfct

3)

where x(t) is the audio signal input to the controller 110 from the left and which
10  has a bandwidth W (which is typically up to 20kHz, but normally does not

include frequencies below 20Hz, since these are inaudible to humans). The

value p, which is in the range 0 < u < 1, is a factor called modulation index. x(t)

is the modulated signal output from the controller 110, A, is the carrier

amplitude and f; is the carrier frequency. The spectrum of conventional AM is
15 shown in Fig. 3, where X (f) is the Fourier transform of x (). Fig. 3 shows that

this approach requires a transmission bandwidth

B, = 2W
(4)
The average transmitted power is

20 S; =P, +2P,

(5)



transm ssi on power. However, for an audio signal with nultiple frequencies,
t he above rel ationship does not hold and the envel ope of the nodul at ed
signal differs fromthe desired square root of the original audio signal
Thus, sone signal distortion occurs. 15 A discussion of distortion in an
information transm ssion system can be fgpund in many textbooks, e.g. A
Bruce Carl son, Communi cation Sysfens: an introduction to signals and noise
in electrical conmunication, third edition, MG aw Hall Book Conpany, 1986.
D stortionless transm ssion neans that the 9 out put signal has the sanme

"shape” as itsrei mplg, /2 Mpres@atsithe undiddulatet cafrigipowsrind PYRA, /axétahdst he
output y(t) is deened to be undi storted if it differs fromthe |nput onIy

'?’Ke?e? or Zt %E%B&?% Ré%%ag'?%?é:t Ite ggﬁl‘t Q%%It%%@t?ﬁé?éﬁﬂ“ tgfjcPr? stem is

A(s) = X(S~- = Ke-~'t S ]~ td>0 (13) In other words, a system giving
di st ort i onlresiges imANArEe) termrthgit isindepensient efhx(thand Hys canweys&ponse and
negative linear phase shift over those frequencies where the input signal

has si gni f imesdagepiafdritionoAMERLth(§ wastefll b cth transiigsloh power aAdc ( 14)
where mis an integer and wis witten as 2~cf . There are three major

types of 13 4ifli@kt i on: Anplitude distortion, which occurs when ~G(s~ ~ K
Del ay di stortlon whi ch occurs when LEs) ~ -2TCG~, f m~ 2~r .

Nonl i near distortion, which occurs when the systemincludes nonlinear
el enents. 20 10 The first two types of distortions can be grouped under
the general designation of linear distortion, which can be described in
terns of a Ttheawastercarube reducedHbthevmodutationtechnigeasuppresses thes tarrier
insensitive to delay distortion, so delay distortion should be no concern
for the audighshfigsibhpdWT ald required transmission bandwidth can be reduced by

suppressing one sideband, which is called Single Side Band (SSB) modulation.

10  The spectrum of the upper side band of Fig. 3 is shown in Figure 4. For a pure
tone signal, that is

x(t) = cos2nf
(6)
for some frequency f,, the two SSBs can be written as:

X (t) = A, (X(t)cos2nf,t + X(t)sin2nf,t)

15 = A (cos2nf,tcos2nf.t + sin2nf, tsin2nf,t)
= A cos2a(f, Ff, 1t

(7)
where x(t)is the Hilbert transform of x(t). The frequencies f,—f, and f,+f,,
correspond to upper SSB and lower SSB respectively. The envelope of the

tone-modulated SSB wave is a constant and therefore envelope demodulation

20 does not work for SSB modulation. Since Berktay’s solution requires the



For the third type of distortion, the non-linearity precludes the existence
of a transfer function. The non-linearities generate output frequency
conponents that are not present in the input. Furthernore, such conponents
may fall in the bandw dth of the input and overlap with the input. The
nonlinear distortion is the 10 main factpr degrading the systemfidelity in
ul trasoni ¢ audi o beam systens since we utilize the nonlinear

ai r-denodul ati on mechani sm A system havi ng nonlinear el enents cannot be
described by the transfer function as above. Instead, the instantaneous

val ues of ighvelop¥ififatiatioh, abdodSlyteé pups SEB moaum'bh%nyﬁdt)beuéé{dﬁwt)]
whi ch can be generall y apprOX| mated to a pol ynom al

a~x(t)+azx h r. in this
equati on gﬁ@/@&r@ﬁ&éip eam(arj% %g)?'sd?_g’pge{\’te?dﬁﬁ{eﬁgm%im%@gﬁ Bht spectrum
of the system can be found by a Fourier transform of equat| on (15)
and i nvoki rr@mtwaamwhdhe@nm%@te%cawer)t he gompination giaws for epvelape « X *
X(f) + ~~~, (16) 5 where X* X ( f ) is the convolution of the Fourier

t ransf or m afemd¢dylation bsiin sehventiohak AM whiid yetaimingrthesbamdwidtre cossem/ation
frequencies up to frequency W then the non-linearity causes the output to

have frequejfayp P%&s@ae&'@ébahahﬁmswﬁm % i%&ﬁﬁfo’nﬁﬁéWd@inPf@Sidie d case

in which the ou put frequencl es be w thi'n exanpl e, X*X(f)

is band-1i Fur t sipce X* cont ai n corrponents
having a f AGROHES MSGuEHE (SSBTARD, iR disia bied ForTRlayiioh BBoni th 1 nat
of X(f) causing further nonl i near distortion. A quantitative neasure of
nonl i near dransonissign, ard mttusqaaeme@uetnuhgffaemnbno@epmi@lawnﬁen)a@t) =
cosZ fot, as the input. Then, (16) yields 15 y(t)=~ 2 +3g4 +...~+~a~ +343

.. ~cos2~fot+ 2 + )Q(t)!-..AC((1Q~qm@ o82nt.t + ux(dinnf fihe second- harnoni c distortion
|npercent|sa2+a4+ 3a x 100% a~ + 43 + ...

(8)

10  The envelope of the modulated signal is

A) = Aoy {1+ px(t) 2 + pk(t)?

Bt Y
= AC (1 + uX(t)) 1+ (”—NJ

(9)
If u is chosen such that |uk(t) <<1, then
At) = A1+ px(t))

15 (10)
which is close to the case of conventional AM. In the SSB-AM approach, since
one sideband has been suppressed, a quarter of the transmission power can
be saved compared to conventional AM. The spectrum of SSA-AM is shown in
Figure 5.

20



(18) 12 Since the effect of higher harnonics is usually nuch |ess, the
second- harnoni c distortion becones our main concern. |If the input is a sum
of two waves, x(t) _ cos2~f,t + cos2~f2t, the output will include all
harmoni cs of f, and f2, plus cross product terns which yield fz- f,, f2+
f,, f2- 2f,, etc. As the nunber of frequency 5 conponents rises, the

pr obl em becones nore conplex and this is the real situation of audi o beam
systens. Conventional methods of reducing sound distortions in audi o beam
systens are briefly described below. 10 The linear distortion can be
conpensat edrdrya parecioualsigredl of @Y inahe ase of i< I, et SSBHAMIgifes el on & s),
the transfer function of an ideal equalizer Qs) should be Ke Jmtd Gs (19)
It is very j to design an ideal equalizer, but approxinmating
such an 15 'égé@wezdggarﬁé%sges | inear distortion to certain extent. Apart
fromthe fact that thf ag(fve equal i zer approach can only yield an

appr oxi mat e sol ut i oht) afdiiness ZHd th*o?"zt”ﬁﬁt%"%fogr oach is that it works in
an open | oop. Ther ef oreA.(easgnfitrcesanfli At wi th Q(s) and G(s) can not be 20
conpensated, and therefore cauges errors. 13 There is no systemati cal
solution to totally reﬁ%nemﬁgﬁgrtr?é%\?"(&li*sy%ﬁti on, but some nethods are known
to mnimze its effects. To the best 'of ,t gm resent inventors' know edge,
there are two kinds of=d_mg]ﬁmsﬁznqmc@ma&9a s for nonlinear distortion in
audi o beam systens: square root preprocessi and 5 SSB nodul ation with
conpensati on. Square root preprocessing of the input audio signal is quite
natural sindd4) according to Berktay's solution, the nonlinear air

denodul ati on can be described by squaring the envel ope of the nodul ated

si gnal . 5Manlyhi§f%% %Phgeﬁt%%?ﬁﬁgfgﬁaf%ﬂh & LnbBiope TINR A cct it AngtRERKUr &,

etc, "Studies

carrier frequency of (f—f./2) or (f.+f,/2), depending on the choice of the
plus/minus sign. Therefore, for a pure tone signal with single frequency, SSA-
AM gives a desired envelope which results in no nonlinear distortion in the
ultrasonic audio systems from equation (2). Moreover, compared to AM, SSB-

10  AM uses half of the transmission bandwidth and saves a quarter of
transmission power. However, for an audio signal with multiple frequencies, the
above relationship does not hold and the envelope of the modulated signal
differs from the desired square root of the original audio signal. Thus, some
signal distortion occurs.

15
A discussion of distortion in an information transmission system can be found in
many textbooks, e.g. A. Bruce Carlson, Communication Systems: an
introduction to signals and noise in electrical communication, third edition,

McGraw-Hall Book Company, 1986. Distortionless transmission means that the



realization of paranetric |oudspeaker”, J. Acoust. Soc. Japan, vol. 41, No,
6, pp. 378-385, (June 1985) and F. Joseph Ponpei, "The use of airborne
ultrasonic for generation audi o sound beans", Proceedi ngs of 105t"
Convention of Audi o Engineering Society, 1998. However, square root
processing requires 15 a nuch w der bandu dth than can be realized, and the
hi gh order harnonics interact with each other to produce further
distortion. As for SSB nodul ation with conpensation, Janmes J. Croft and
Joseph O Norris, in "Theory, history, and the advancenent of paranetric

| oudspeakerautpat siPnaldresibeagyne ishapetas thé\ligut. Mare partidutariyc givemernol ogy
Cor poration 2001/ 2002, American Technol ogy Conpany (ATC), clainmed that by
using a il igha x0) iheRARGLIRHR delehibcPto 1R UAGIIHEROTREATERS i the

al gorithm non-ITnear "di storel on ‘can be nuch suppress etails of the
t echni que re nqt di sclosed, however, .and . an as nentioned above, pure
SSB nodul aﬁﬁ%ﬁl %’ﬁ}ﬁmﬁa %@%@&@Q"ﬁ\ﬁ?@q 95@&?&"‘&%@%%‘yﬁeam systens because
there is no 5 information idgvol ved in the envel ope of the nodul ated signal.
However, as al so neft Féubdtadbove, if the carrier signal is added to the
SSB, the resulting SSB AM keeps the mai n advantages of SSB and has

i nfor magi onigpvol ved in the envel ope of the nodul ated signal. These factors
make sone people believe that an approach of conbing the SSB- AM nodul ati on

Nonet hot eaat PP e GHALERT b Y it o Ss R BSbn 3T s 1 i

approach. First, as nentjoned above, for an audio signal with

mul ti-frequency conggpgﬁ%§=K@®nfect gagghingfygdlthe squar e-rooti ng does
not exist. Second, for X@th kinds of audio signal, it is hard, if not

i npossi ble, to inplenment the recursive algorithmfor error conpensation 15
since it rgq@8)res finding the separate anplitude and phase for the various
frequency conponents of the error. In summary, there is no effective and

efficient gﬁ%tﬁ% WEAICS SR g HRESHiBRIESE tAnEhASIOH Y Rlafe TBHERNPEAM
systens. 2
10 amplitude response and negative linear phase shift over those frequencies
where the input signal has significant spectral content
IG(s) =k £G(s)=2at,ftm-2x
(14)
where m is an integer and wis written as 24/ . There are three major types of

15 distortion:

¢ Amplitude distortion, which occurs when |G(s) =K.
e Delay distortion, which occurs when £G(s)# —2at,f+m-2r.

¢ Nonlinear distortion, which occurs when the system includes nonlinear
elements.

20



SUMVARY OF THE | NVENTI ON The object of the present invention is to provide
an apparatus which can suppress both |Iinear and nonlinear distortion, and
thereby inprove the audio 5 fidelity of the ultrasonic audi o beam system
In general terns, the invention proposes that, in an ultrasonic sound beam
generation system which includes a contygller and a transducer, the
controller 10 includes at |east two feedback control | oops which
respectively conpensate for |inear and non-linear distortions. Preferably,
the two control | oops are cascaded (i.e. nested), such that the output of

one cont r ol THeMt td &/ pedsTrdisteRidn! canse yrdupeldashdi ke denarhl ideBignatignt he 15
ot her control |oop (the outer control |o0p). Due to thé cascaded structure

that ther 1 CopandistdfiSRwiteR Bh e BEscbRa R BRI SRRt nSRIE e 1 o

particul ar, the feedback structure can_ be inplenented straightforwardly in
20 sof t war d10Wavery e hwpapfaris cuiiously insegsiiye e defaydistortio sordalay pe

i npl enented on one or nore integrated circuits. 16 The invention is not
limted to distortioyl shduld reaio comberatforthe dudipbeamcsystem. as descri bed in
detail bel ow, the processing systemcan be used for both AM and SSB- AM
modul atigon techniques. 5 Specifically, the invention provides an ultrasonic
sound beam generation system conprising: a controller unit including a

processi ng unit for proc ing.an i nput signal, and a nodul ator for

nodul at i ng Iﬁ"ﬁf‘?r@&%ﬁﬁp@ ¥ §t08tgqrhéh%ﬁogﬂlpﬁap%oqrepﬂgeiéh%pa;l’sg%rgqen dnit, and
a transducer unit for transmtting the nodulated ultrasonic wave as an
acoust i ¢ bdeansfemfgnetion.rhe rendinearitiasngenerategoutput raguenayocaroponentst eedback
| oops, at | east one of the feedback | oops being arranged to conpensate for

non-|inear that dieshstrgresentdndhé irpudl PethdramstBaslkcH esapoashta e falion the
conpensate for linear distortion. Furthernore, the invention provides a

controller yudwibflf oftRE inSltHhd“OdrpWitT the input. The nonlinear distortion is the

10  main factor degrading the system fidelity in ultrasonic audio beam systems

since we utilize the nonlinear air-demodulation mechanism.

A system having nonlinear elements cannot be described by the transfer
function as above. Instead, the instantaneous values of input and output are
16  related by a function y(t) = T[x(t)], which can be generally approximated to a
polynomial:
y(t) = ax(t) + ax2(t) + azx3(t) + - (15)
The higher order powers of x(t) in this equation give rise to the nonlinear
distortion.

20



sound beam generation system as defined above. 20 17 BRI EF DESCRI PTI ON COF
THE DRAW NGS Further preferred features of the invention will be clear from
the follow ng detail ed description of enbodinments of the invention, with
reference to the 5 acconpanying figures, in which |like reference nunerals
refer to |ike elenents throughout, and i which: Figure 1 is a schematic

bl ock di agram of a prior art audio beam system Figure 2 shows the gain
characteristics of a transfer function of a typical ultrasonic transducer.
10 Figure 3 illustrates the frequency spectrumof AM Figure 4 illustrates

the frequertye @mggt speataim of B8 Systeftcdippd fcsmwbgtémig affdiitie? tlankfdrist r at es

the spectrumof SSB-AM Figure 6 is a schematic bl ock diagramillustrating

present | net e aton (s B HYoAnG AT RS Madeh, 2 oc " he detai lea

circuit of an inner feedback control |oop with AM nodul ati on of the first
enmbodi ment of Fig. ¥ =A% * XdhepdtiX*d(D)y - 'shows the detailed circuit of
an inner feedback control |oop with SSB-AM nodul ation of the first

enbodi ment (96) Fig. 6. Figure 9 shows the neasured transfer function of a

| i nearized plant with Iinear 20 distortion in an outer feedback control

| oop of st h i LSt e t t fod i i / k G¢ bl ock
di agr am5i I ﬁ%@ r%a‘%(i*ngt) ‘eana IBrCSQ[?\fVPE%I?g%éfrWeah% 8@3%?&'?%%98[&? é(?t ) ﬁ'@gggézlwféont r ol
| oop of the first enbodinment of Fig. 6. Figure 11 is a schematic bl ock

di agr am i | X8 1ank copfainscasereirnts mithdregienciesnupto fraauengyeyV, thenithe k
control loop of the first enbodinent of Fig. 6. 5 Figure 12 is a schematic

bl ock di agrreom-indarity catisesgthiehsutptif tochavepfrequerioytdomparferitd dighelr ¢iart Wedback
control loop of the first enbodinent of Fig. 6. Figure 13 is a schematic

bl ock di agr(méﬂtfﬁg\ﬁﬁtﬁ\@qm@aﬁ 580 th WARAGhEDUtp R freflicbfisvdaa Bt em of

the present 1 nven
within W). For example, X*X(f) is band-limited to 2W. Furthermore, since X*X(f)

10  may contain components having a frequency | f | < W, this portion of spectrum

overlaps with that of X(f) causing further nonlinear distortion.

A quantitative measure of nonlinear distortion is provided by taking a simple

pure tone, x(t) = cos2zf,t, as the input. Then, (16) yields
15 y(t)=(ﬁ+y—“—+---)+ a +ﬁ+--- cos2aft + G G, . cosdzf,t +:--
2 8 "4 2 4 °
(17)

The second-harmonic distortion in percent is

=24 | 100% (18)



10 DETAI LED DESCRI PTI ON OF EMBODI MENTS OF THE | NVENTI ON The enbodi nents of
the present invention described bel ow have an overall structure which is
the sane as the block diagram Fig. 1 described above, and the explanation
gi ven above of the features shown in Fig. 1 applies also to the 15 present
enbodi ment. In particular, in the contexp of the enbodinents, the signal
processor unit 111 is typically a digital signal processor, although other
i npl enent ations, such as mcro-controllers my be used. In the case that
the signal processor 111 is a digital signal processor, the audio signal

input to thginketie effebtst rHerh@nickL8 ustially Riuchl Ibys, @h8isetbRd-hak@Balc but
if it is an anal ogue signal 20 the controller 110 includes an A/ D converter

for convertyj. | o] . S| b i kad Sl 0, cessor
191, “The. mStBaidn badings Juf i hm, 'R g 13 shBRSE lcaes X ECor s,
and in this case the signal output by the processqr 111 before it is input
Lo the modosRsht T PRsBRE i oUtPH Wik bislhisie, & hampaice et fandifs RINS §7g88ssi bl o
for the nodulator 112 to be realized digitally, e.g. as part of the sane

i nt egr at ed prodact termbwtich yieldfyerft, €, + flef,si2fp atc. Aothrssanbai af freqeendy this 5
case the output nodul ated signal may be put through a D/A converter before
it is igput . I i i I i m
illust rgti ncmcsert%\;gbg%' té%%&gtﬁhﬁﬁﬁg?cﬁgég P?%ré(gém%)l( %gﬁttﬁ’l%:j S egg:’}’aﬁ:venti on
(i.e. it shows how the structure of Fig. 1 is 10 inplenented in an

enbodi ment PUatinR of audixbeam syse@siudi o beam system of Fig. 6 consists of
two parts: a controller 610 and a plant 620. These two units correspond
respectively to the units 110 and 120 of Fig. 1. In particular, the plant
620 typically conprises an anplifier and a transducer; the function it

performs i CelonrditiofaPmetticds oftefucifigidounatdigtbrfonishh k@i beamalysfefs iafe t €r s
of the 15 control operation it perforns) rather than the units it conprises

(as in Fig.,: %/ : ntroller 610 can be inplenented (like the unit
110 of Fi g.br%f daetsg'léébé(??&gq%ﬁre i ncluding a signal processor and a

nodul at or, although it includes feedback signal paths additional to those
of the eed-forward paths shown in Fig. 1. In particular, the controller
610 i ncludes two feedback | oops: an inner 20 feedback | oop 615 and an outer

f eedback | oihe lirigar distortizacearbbe compdesatdd bhebnequalizernRbnafsystenm withad t he
inner loop 615 is to generate a signal which

transfer function G(s), the transfer function of an ideal equalizer Q(s) should be
ale)= ke 19
$)= G(s) (19

It is very rarely possible to design an ideal equalizer, but approximating such an

15  equalizer reduces linear distortion to certain extent.

Apart from the fact that the above equalizer approach can only yield an
approximate solution, another drawback of this approach is that it works in an
open loop. Therefore, any uncertainty with Q(s) and G(s) can not be

20 compensated, and therefore causes errors.



20 includes an ultrasonic signal nodul ated square root of the biased audio
signal input fromthe left of Fig. 6 (as discussed below, this nodul ation
may be perforned by AMor by SSB-AM within the scope of the invention, and
i ndeed the invention is not limted to either). The inner |oop 615 is
designed with a 5 feedback | oop structung to provi de conpensati on of
non-1linear distortion, and the output | oop 616 is provided with a feedback
| oop to provide conpensation for |inear distortion conpensation. The | oops
615, 616 are "cascaded” , i.e. they are nested, with the loop 615 entirely

wi thin the Theee i$Aa6 sydtenfdtadsblation & dhamkrdradwe RdBlindat disiegion, pugnal
feedback fromthe plant 620. This signal nmay be the audi o signal produced

by air de i We f of the
o ant 620 (LHE ol atdpold IEaRNEEHE Bibel Thife bEGISEMETIeeR e | 16
The signals_in the varjous [ocations of he systemof Fig. 6 are denoted as
fol | ows. FilP¥gntors #H%WES’@Fokhﬁf@ﬁé?“ﬁ’ﬂ dISth C@é‘é"%}ﬁ@ﬁ@ﬁw 6PR¢hES TOBf t of
Fig. 6 is denoted y2*. This passes to an outer |loop controller unit 617

whi ch conpamsdinesr distortiom snaudiosieam systems: paoaresrooh prepgrecessingandgnal yz*
and the feedback signal fromthe plant 620. The output of the outer |oop

control ber 38BmM@dLI&tloh Wikthidognpehizdtioho the inner control |oop 615, and is
denoted as y,*. The output of the inner control |oop 615 is denoted as vy,,

and is the input to the plant 620. 21 The output of the plant 620 (which
is typically the audio signal generated by air denodul ati on of the output
of the transducer 122) is denoted as y2. The jnner feedback |oop 615

i ncl udes arqypieropPlRIEPERRessiNg @fitha inputaLgiasignal ismuitenaturalsinceed to here
as the "inner plant”, which broadly speaking provides the 5 nodul ati on

function. TEoeoxdingi Bevttays solutiont thee homlgrear @imdemodulatibrecabb® to the unit
619 is denoted as u. As nentioned above, the inner feedback |oop 615 is

used to prQﬁé%ﬁbé@%g;s‘gﬁgpﬁgrtl‘?e?bn%loh@%f'ﬂﬁé‘ﬁf‘dﬁtﬁé’tﬁ&%igﬂ;ﬂg%ayb@érlg' deally the

square of the envel O the nodul ated signa roportional
;?. t ?te )183;Er%ejricﬂgﬁsl:eﬁl%efd;tﬁg épt‘;ﬁog_gﬁ,eé.g! ?.C)Raﬁw%%Fac?lét&r“S?&Jiés Yor t‘\te) =1l
realization of parametric loudspeaker”, J. Acoust. Soc. Japan, vol. 41, No, 6,
pp. 378-385, (June 1985) and F. Joseph Pompei, “The use of airborne
ultrasonic for generation audio sound beams”, Proceedings of 105" Convention
of Audio Engineering Society, 1998. However, square root processing requires

16 a much wider bandwidth than can be realized, and the high order harmonics

interact with each other to produce further distortion.

As for SSB modulation with compensation, James J. Croft and Joseph O.
Norris, in “Theory, history, and the advancement of parametric loudspeakers: a
20 technology overview,” White Paper, American Technology Corporation

2001/2002, American Technology Company (ATC), claimed that by using a



(20) where A(t) _ ~+y, (t) is the envelope of y,(t). If the plant 620 is
perfect, nanely, 15 the anplifier 121 and the transducer 122 in Figure 1
are both perfect, then according to Berktay's solution (2), the output
audi o beamy?2 yields Y2(t) = k ~2 A(t)z =k ~2 (~ + Y~~(t)) (21 ) where k
I's a proportional factor. 20 22 I1f, mage generally, the inperfectness of
the plant 620 is taken into account by representing it as a transfer
function R(s), then the function perforned by the whole plant 620 can be
described as Yz (s) = kR(s)sZY, (s) = P(s)Y, (s) 5 where P(s) = kR(s)s2
is a |ineargihgRnSideBdniN@SBYwitH aaeeli@ive corpéhsationdigolitbd® ridtHlinkdre
arranged to operate perfectly, then the only distortion present in the

o ranged 1 Gons @aFbe MU ABs Al GGl BinRERALePRR o 3

possi bl e realizations of the inner feedback |pop 615 in the system of Fig.
6. Referri rfgscf"i”i%fi»l WeyeE; 3nd ??V‘Mabc%%WGPBOP%CgﬁBQ‘éE’iR5H3c§5$ H?!glql%@n
feedback loop 615 is illustrated. This realization performs an AM

modul at i on.cahhotThe usefltin iltcasonid aldig.bean systemsciecauise théretisend nner | oop
controll er 618 which receives the signal y,*, and the right block of Fig. 7

i s the isnnqpfdpmaRbn Gdived th@@fveidﬁ@oﬁﬁ@ﬁﬁ@ddl&fed@iér&%l?ﬁl'g\v{lié?%{,gast’ﬂgé ] |7 é ﬁal

for generating a biase signal, and an adder 712 for

e 0P MR ISR LBt A ARH S0 S S5 Tl S0 © O
L= ()= (A%I\le)keeps the main advantages of SSB and has information involved in the

envelope of the modulated signal. These factors make some people believe

that an approach of combing the SSB-AM modulation with the square root

10  preprocessing would be a perfect solution. Nonetheless, after a further analysis,

we can find two shortcomings in this approach. First, as mentioned above, for

an audio signal with multi-frequency components, perfect matching with the

square-rooting does not exist. Second, for such kinds of audio signal, it is hard,

if not impossible, to implement the recursive algorithm for error compensation

15  since it requires finding the separate amplitude and phase for the various

frequency components of the error.

In summary, there is no effective and efficient way to reduce signal distortion in
ultrasonic audio sound beam systems.

20



The function of the signal A*2 is to be conpared with a signal denoted A2
which is fedback fromthe inner plant 619 via a unit 715 which perforns a
square 5 operation. A subtractor unit 713 subtracts A2 from A*2, to produce
a signal which is input to a unit 714. The unit 714 produces a correction
termeu , which is added by an adder uniig 716 to the signal y,* to formthe
output a of the inner |oop controller 618. u(t) =y ~" (t) + eu(t) 10 (22)
The unit 619 includes a unit 717 which receives signal a and outputs a
signal (1 +u/2), which is a truncated approximation of 1 + a . The result
is referred SUMMARYOF THE INVENFIONM i s input to a nodul ator 718 which uses
it to nodulate an 15 ultrasonic carrier signal generated by the unit 719 to
formthe output y,. A2 is obtained by squaring the nodul ati on signal ym by
the self-multiplier unit 715. Therefore, the square of the envel ope ym of

t he nodul ated signal, envelope.is A2 , which.is |2 20 A2(t) = yn2(t) _ Cl+
00 (03 oeRGPEL of P8 RS RVeIOnS S POVHS AN aRp S Mg Sathe
truncation error represented by the difference between the square A*2 of

t he desi r ecsupvessolpeth(linear and nonfideamdistogticn, @andxhefeliyhinpreed thenaediope i s
controlled by the inner feedback controller 714, whose function is to nake
the errgr Adélity dfAheuiirasaridhldiocbedisysteyn provi ding a high enough gain in
the interested frequency range, by setting the correction termOQu for the
control output u. Thus, the structure of Fig. 7 provides conpensation of
the non-linear distortion due to the square-root operation. 10 Turni ng now
to Fig. 8, the inplenentation of the inner feedback | oop 615 in is shown
for the case of SSB-AM It can be seen that the detailed circuit of the
inner loop controller 618 in Figure 8 is very simlar to that of Figure 7,
so t he sandnrgeherarieems)uheimentisngropesed that,dhan uitrasesipsodhddeanens. The
only unit which is different is that the unit 715 of Fig. 7 is replaced by
a unit 815,qaMairatlion dystém ﬁﬁi@h%&ﬁ@e@?'dé‘ﬁtroﬂ@tcﬁr'\d’ﬁ?tré?"nsﬁﬂ@ét‘?Ot'ﬁ'e%%lléf‘pUt X
and outputs the sumof the squares of the conmponents, 1.e. the square of

the Tagy! t ulﬁgwgés Iép Fea%ﬂWcl) ?exe%%%k%rohtrol loops which respectively compensate for

linear and non-linear distortions.

Preferably, the two control loops are cascaded (i.e. nested), such that the

output of one control loop (the inner control loop) is fed back as an input to the
15 other control loop (the outer control loop). Due to the cascaded structure the

linear and non-linear distortions can be compensated for separately, so that

their implementation can be clear, effective and easy to realize.

In particular, the feedback structure can be implemented straightforwardly in
20 software, so that the entire processing system may, if desired, be implemented

on one or more integrated circuits.



Certain elements of the plant 619 of Fig. 8 also correspond to those of

Fig. 7, 20 and are shown by correspondi ng reference nunerals. The plant 619
in this case is an SSB-AM nodul ator, and the unit 717 of Fig. 7 is replaced
by unit 25 821, unit 822 and unit 823. Unit 821 generates a bias signal,
and an adder 822 adds the bias signal tqgthe output a of the inner feedback
controller 618. The inner plant 619 further conprises a Hilbert transforner
823 for obtaining the Hilbert transforma of the output a of the inner
feedback controller 618. Instead 5 of the nultiplier 718 of Fig. 7, there
are two nultipliers 718, 818. The nultiplier 718, like the nmultiplier 718
of Fig. 7, nodul ates the output cos2~f~t of an ultrasonic frequency

gener at or i 0, ltiplier
818 of Fi 98‘**% Pahich B e (ol b dThd BEGE Inprio el o,
generated b n ul traso fre uenc enerator 891. An adder 824 adds the
10 out puts CE'hedHfu ?Eaﬂmeé% theeproassing 8Y3feULcahRe 4880 ARN et and

si gnal , ) (1 + u(t))cos 2~f~t + u(t) sin 2~f~t = cos2~f~t +
~u(t)cos 2~$§$ Aﬂth(leulaiiQn tedhnriques23) = yl am + yl ssb The bi ased nodul ation
signal, 1+u, and the signal after Hilbert transformation, a , constitute a
feedbacb vector X, which is fed back to the unit 618. X (t) _ ~1 + u(t)
u(t)~ 15 (24) Thus, feedback signal Az fromthe self nultiplier 815, which

o, et ol el ifoiTRgHbitDi i iy BboheS b FEUBEY LRt o7

error represent ed by the difference between the square A*2 of the deS| red
envel ope (iSysteraepmpiigindie square AZ of the real envelope is controlled by
the inner feedback controller 714 by setting the correction termDu for the
control output u. TBeontrdlleeusitingtiding aofrocegsing unitifsepideetsiaf dr iapuf,

provides 5 conpensation of the non-linear distortion due to the square-root
operation. signal, and a modulator for modulating a ultrasonic wave using an output of the
10  processing unit, and
a transducer unit for transmitting the modulated ultrasonic wave as
an acoustic beam;
the controller unit comprising at least two control feedback loops, at
least one of the feedback loops being arranged to compensate for non-linear

156  distortion and the other feedback loops arranged to compensate for linear

distortion.

Furthermore, the invention provides a controller unit for use in an ultrasonic

sound beam generation system as defined above.

20



Figure 9 shows experinental results of the transfer function of the

|l ineari zed plant 620, which is obviously far fromthe desired fl at
characteristics in equation (5) due to the linear distortion, and we now
turn to techniques used in 10 the enbodi ments for conpensating for this

| inear distortion perforned by the outen7feedback | oop 616. Moreover, the
i nner feedback | oop 615 cannot be perfect and the resident error of the

i nner | oop 615 can be considered as a disturbance, and also controlled to
sone extent by the outer feedback |oop 616. The air denodul ati on produces a
| ar ge ti me BRIERDESORMTIONGOE THE DRAWINGSES design the outer | oop
controller 616 to conpletely renove linear distortion, but this delay is
not significant to the audio signal's fidelity. Before considering in
detail possible realizations of the outer control |oop 616 of Fig. 6, we

consi der t ariant of Fig. 6 djscussed above, which is t second 20
crbod: ment oM ERE S evEr afiren ghlte HVeR G W 54 eRr fOm hedplalRes i ch
correspond to those of Fig. 6 are given the sane reference nunerals. In
27 parti culdstaileddesaniption|of eperiimeats ofitbe davantionewithirefesence tcthieon as t he
unit 615 of Fig. 6, including an inner feedback |oop, and in particul ar may

t ake ei sheracebmipamyfry figurésawwhioh ke sefereriethuiinetals FSTEPRY likeoslehrentdie first
enbodi ment of the invention shown in Fig. 6, in the second enbodi nent of

Fig. 10 th £, he plant 620 is omtted, and replaced by a
Sl R MR,

signal (de ved from a nodel 1020 of the real plant 620
which is feedback,in an outer, confrol |o to the oyter controller 617. The
model 1020eF(r3'SWteeté$rﬁ §g‘a¢ma¥'%@%§r¢ﬁw@m Gggtpﬁ@r A Audip BeameysteRcept pure
time delay due to the air denodul ati on, which neans that the nodel 1020 can
refl ect al IFiglre 2 shews ¢he gaimscharactedsticsaof a 6a0sfed funatioptofutypidal re del ay.
Therefore, if the nodel is perfect, the only difference between the output
y2 from thqtrgsdni®traRbdGedt. and the output y2 fromthe nodel 1020 is a pure
time delay which is harmess to the audio system The nodel 1020 feeds its
out put ,xz reflectin | the i rf ness qf,.he plant 620 back to the

out er éﬁnt rrﬁéw’%ré g‘fgtrg{ﬁ?ethgﬁfeé‘%@%%ﬁ%f’ﬁ?‘é’?‘ cgf\}\hl ncl udes a subtractor 1004
15 which subtracts the feedback signal y2 fromthe_ input signal_ y2*; and a
control | er figure 4 dlustrates tbgrfmuea@meeeﬁ%wnmfﬁ@wlemdﬁmmd gedsiationd by t he

i nperfectness of the plant 620, the double derivative operation of the air
denodul at i dfigareds fllustratesathe spectrumodf $8B-AMner f eedback | oop 615. In this

Figure 6 is a schematic block diagram illustrating a first embodiment of an audio
beam system which is an embodiment of the present invention.

15  Figure 7 schematically illustrates the detailed circuit of an inner feedback
control loop with AM modulation of the first embodiment of Fig. 6.
Figure 8 schematically shows the detailed circuit of an inner feedback control
loop with SSB-AM modulation of the first embodiment of Fig. 6.
Figure 9 shows the measured transfer function of a linearized plant with linear

20 distortion in an outer feedback control loop of the first embodiment of Fig.6.



i npl ementation, the fact that the nodel 1020 does not nodel the pure tine
20 del ay neans that designing the controller 1017 becones easier. 28
Figures 11 to 12 show in nore detail possible realizations of the first
enbodi ment shown in Fig. 6, giving nore detail of the structure of the
outer feedback |oop 616. 5 In the realizgtion shown in Figure 11, the
structure resenbles that of Fig. 10 (so that corresponding units are shown
by the sane reference nunerals), but there is additional feedback of the
signal y2 in the manner shown in Fig. 6. Specifically, the output yz of the

pl ant WDde'Fi?@%WOt‘sé@&wérﬁaﬁc BRICR\iadtain lldgPatity te firsdiedgiemeataddnof bet ween
the output of the plant nodel 1020 and out put 10 of the real plant 620. A

subt ract or i S| : fromthe feedback
y2, which 6&%\9?"5%;@%%%'%%%L%Z&&\F;?t@%(fggﬂ &%ggd@%?rfg"s%n ‘ing only the

i nperfectness of the plant 614 This value is input to a second outer |oop
controll er ﬁa@rf ﬁ)'rs %g%ﬂ?%bg?chidﬁﬂﬁﬁh\ﬁﬁgr%?%&e secopdiipiengentadianpy a
subtractor unit 1123 to correct the output yz of the plant nodel 1020 to a
val ue 15 y of the outentfeédbaunkt cantral gopesfehedirstrembedimeauit @fiFiggB). Thus) as
conpared to Fig. 10, the systemof Fig. 11 includes an additional feedback
cont rol sunipgnei £2 rsm?saﬁbmétié%ék@i@brwmmsmr%wtﬂw%ﬁlémemaﬂé%?d

control value y to be transmtted to the unit 17. 20 Another realization

of the out I ntraoller. unit 6 f _JFi . 1S .S {n Fig. 12 (where
corres pondieih% O?fﬁ&tféggt?%& %‘HET°§&°°DR/°‘E1‘£‘EC*E%%’%P8$@?%ME%rﬁar al s). 29
Whereas in Figure 11 the additional feedback |oop via the units 1121 and
1124 oper atfdguigpt®issa selpgmatie hlockdliagrasr illpsisatinga seeopd ermhadimenpetan nodel
1020 to the unit 1017, in Fig. 12 the output d of the unit 1121 is fed
directly i rdudid beamngysternfof the présemt invedeibn.1020. This neans that, fromthe
point of view of control 5 theory, the additional |oop works |ike an
observer. Fig. 13 shows a third enbodi nrent of the invention in which,
unlike the first two enbodi nents, the linear distortion is conpensated by

oo el 1 S5ORRGH BORTRIMIGN GBI SR TR GH T RVERAR o ™ "

The embodiments of the present invention described below have an overall
structure which is the same as the block diagram Fig. 1 described above, and
the explanation given above of the features shown in Fig. 1 applies also to the
15 present embodiment. In particular, in the context of the embodiments, the
signal processor unit 111 is typically a digital signal processor, although other
implementations, such as micro-controllers may be used. In the case that the
signal processor 111 is a digital signal processor, the audio signal input to the
left of the controller 110 is typically a digital signal, but if it is an analogue signal
20 the controller 110 includes an A/D converter for converting it to a digital signal

before it is input to the processor 111. The modulator 112 may optionally be



10 conprises an outer feedback |oop 1350, a first inner feedback |oop 1310
and a second inner feedback |oop 1340. As in other enbodinents these are
for providing a nodul ated signal to a plant 620. The structure further

i ncludes a section 1330 which nodels the operation of the real plant 620,
and conprises a power anplifier 1342, aqfransducer 1341, a denodul ator 1333
(for nodeling air 15 denodul ation), a non-linear elenent 1332 which
produces a square operation, and a double derivative operator 1331. The
first inner feedback |oop 1310 consists of a first inner controller 1311, a

first innereglizsy b)laﬁglo\gmir‘éhité,@ﬁ&ﬁﬁﬁi@céﬁ@jﬂﬁb@é@ﬂal%%lﬁut Aeocésdr

function of 20 conpensation of the non-linear distortion.” For this it uses

F'or'5"and 8 BAa 1 i BEaR B b SR ERLAERN .

not be described further. The second inner feedback |oop 1340 conprises a
second i nnd$ alsedppssiie fen thermegdulates 1dRdobepcealized digitallyweigl ag 3zt phtheudi ng
anplifier 1342 and transducer 1341. The second inner |oop controller 1343
conpensat esanieintegrated diradibwhichrimgleméntsithp sigrat braoesson 11 heanmbinethis
anplifier 1342 and the transducer 1341. The outer feedback |oop 1350

i ncl udeg aléaisb%he iRt m&&ma%igﬁélg néé)éiaé%t tﬁl‘&hgﬁgaugf}g@gﬁ\?éﬁé%fwe it he

remai ning |1 near distortion, ue 'to the erivative

operation petforned in t ir denodul ation. For this purpose, the outer
| oop uses t'ﬁg‘%it?ﬂl%@fnm?@h nodel s the doubl e derivative operation. The

above description of the invention is intended to be illustrative and not
15 limting. Various changes or nodifications in the enbodi nents descri bed
above are straightforward to those skilled in the art and these can be nade

wi t hout deriglie®is 4 eohématic BRI diagraheilluBiraiig the oldtalafrlibiié of a fistski | | ed
reader will appreciate that, although the elenents of the 20 enbodi nent

Vore pref erdinginens BB nBnGRE el reils oy e Syl Sy LY PR 1825 odi et <
cl rende | EVIEENEH AN STBOREITBAE 6 BHEPEPY U ABR OHRETB SYDRMEN: s can

Fig. 6 consists of two parts: a controller 610 and a plant 620. These two units

correspond respectively to the units 110 and 120 of Fig. 1. In particular, the

plant 620 typically comprises an amplifier and a transducer; the function it

performs is denoted as P(s). Fig. 6 illustrates the controller 610 in terms of the

15  control operation it performs, rather than the units it comprises (as in Fig. 1),

but the controller 610 can be implemented (like the unit 110 of Fig. 1) as a

structure including a signal processor and a modulator, although it includes

feedback signal paths additional to those of the feed-forward paths shown in

Fig. 1. In particular, the controller 610 includes two feedback loops: an inner

20 feedback loop 615 and an outer feedback loop 616. As described in detail

below, the main function of the inner loop 615 is to generate a signal which



be inplenented as software run by one or nore integrated circuits. |ndeed,

the fact that the enbodi nents illustrated above can be straightforwardly 5
i npl enented in this way provi des one of the advantages of certain
enbodi nents of the invention. 32 CLAIMS 1. An ultrasonic sound beam

generation systemconprising: a processppg unit for nodulating a ultrasonic
wave using an input signal, 5 a transducer unit for transmtting the

nodul at ed ul trasoni c wave as an acoustic beam the processing unit
conprising at |east two control feedback |oops, a first of the feedback

| oops bei ngnéludés ar ditfrascrieBigRaninedliRited 8quarenoat oflinet Kilaséd® Budiddsignsiecond
of the feedback | oops for arranged to conpensate for 10 |inear distortion.

2. A syste i Al i ; jncl ude an

i nner feedgha@&qﬁ)@gﬁ%#%ﬁhguﬁgés F\e@é}%g%{b%@g’pftﬁsgﬁ%?%ﬁ?%y lﬁe i nner

f eedback | oop, bei fed to the transducer, 15 the outer feedback | oop being
arranged t pariosmedon Al @rrmu%ig%ﬁwﬂandhaéappe shhe vantientand indegBack
signal which is generated fromthe output of the inner feedback | oop, and

t o gener at é¢hednventiohésmehlimiied ta eitiery.nThes infned Idap 6 1% is designédadthack | oop.
33 3. A systemaccording to claim2, wherein the inner feedback loop is for

conpensgt i qeedliacfk%obisﬂ%ﬂfur@téb%ﬁiéi%@znﬁ@ﬂséﬁ% eflﬁsﬁ-nﬁé&'dmgfaﬂiérfz%d s for

conpensation of |inear distortion. . A systemaccording to claim3 in
whi ch the f . o L hcl udes del, of .the t.ransducer, .the nodel
receiving 3%%3{&”33‘?‘?@5%‘? ﬁsegf)%fgﬁﬂ ‘P’ﬂ@&m@@ﬂg?@b\&."%? PA°\§'9§t°8m%ea?8F'aPng to
claim3 or claim4 in which the outer feedback 10 |oop includes the

t r ansducer ,fok lineasdigprtionearpansatignailhe doonp Gt G168 ate ‘caserded” , i.e. they

are nested, with the loop 615 entirely within the loop 616.

10  The outer feedback loop 616 includes a signal feedback from the plant 620.
This signal may be the audio signal produced by air demodulation of the
ultrasonic output of the transducer 122 of the plant 620 (the signal may for

example be collected using a microphone).

15  The signals in the various locations of the system of Fig. 6 are denoted as
follows. Firstly, the audio signal input to the system from the left of Fig. 6 is
denoted y,*. This passes to an outer loop controller unit 617 which
compensates for linear distortion by processing the audio signal y,* and the
feedback signal from the plant 620. The output of the outer loop controller unit

20 617 is the input to the inner control loop 615, and is denoted as y,*. The output

of the inner control loop 615 is denoted as y,, and is the input to the plant 620.



the output of the transducer. 6. A systemaccording to claimb5 when
dependent on claim4 further including a delay unit for delaying the output
of the nodel, and a conparator 15 unit for obtaining a difference signa
indicative of a difference between the del ayed out put of the nodel and a
signal obtained fromthe output of the pjansducer. 7. A system according to
claim6 in which the difference signal is used 20 to nodify the input to

t he nodel . 34 8. A systemaccording to claim6 in which the difference
signal is used to nodify the output of the nodel. 9. A systemaccording to
any of cl aiTre guthat 8f the parosRA (Vhiek itypidcally the abdiogighalf 4 dyosip 1S

passed to a nodul ator for nodulating the ultrasonic wave based on the

out put of t i d : i o] i in
whi oh the SeraddUishon BERRASHLCGRE s RuB I EEEERERA S L THINRY ng"uni
whi ch prodyces, a signal, _which is g 10 square of the put, of the inner

f eedback | 3%%5"4%'089%&5 'P@EQ%@R 'PB%rdoger?BPngllngfat éﬁﬁﬂéﬁ it 639

nodi fyi ng the output of the inner feedback | oop based on the output of the
squari ng unéeterraghterhere asithei“inmer plard’tjiwhi¢éh booauly speakisgpesvides theon- | | near
di stortion caused by air denodul ation of the ultrasonic beam 15 11. A

Syst em gccqreduatiém fclibR The isiyndi batput Renvitid MRBRIdop @Hrdlier 8994 ted
according to AM nodul ation. 12.7 A system according to claim 10 in which the

out put of the 4 r ack | oop conprises two conponents, which are
AR SR

respectively teé two ultrasonic waves differing in phase, the
two waves being 35 conbined to forma conbi ned nodul ated ul trasoni c wave
which is passed to the transducer, the squaring unit generating a signal
i ndi cative of the sumof the squares of the conponents.

As mentioned above, the inner feedback loop 615 is used to produce the

square root of the biased audio signal y,*. Ideally the square of the envelope of
10  the modulated signal y, should be proportional to the output signal y,* from the

outer loop controller 617.
y®= m cos 2nf t = A(t) cos 27f,t
(20)
where A(t) = {1+y,(t) is the envelope of y,(t). If the plant 620 is perfect, namely,
15 the amplifier 121 and the transducer 122 in Figure 1 are both perfect, then
according to Berktay's solution (2), the output audio beam vy, yields
ya(t) =k % A(t? =k gt—zz- (1+y4'(1)

(21)
where k is a proportional factor.

20



5 13. A systemaccording to claim 12, wherein the conbi ned nodul at ed
ul trasonic wave i s nodul ated according to SSB-AM nodul ati on. 14. A system
according to any preceding claimin which at |east the two feedback | oops
are inplenmented as software running inside a single integrated 10 circuit
device. 15. A processing unit for use ipsa system according to any
preceding claim .ASY. ASy% ASf . A@. AG5 . A@ .ASy. Aff.AS(S
. ASy. ASy. ASyy. A@ .ASf .A@ .A@2 .ASS.A@ .A@ .A@ .A@ .AQY .A@.A@
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1090310% (g fddoHekdirdm the Ik plarit 819018 % it P15 Ak performs a square
5 operation. A subtractor unit 713 subtracts A? from A*? to produce a signal
which is input to a unit 714. The unit 714 produces a correction term Au , which
is added by an adder unit 716 to the signal y,* to form the output u of the inner
loop controller 618.
u(t) =y, (t) + Au(t)

10 (22)

The unit 619 includes a unit 717 which receives signal u and outputs a signal

(1+u/2), which is a truncated approximation of +1+u . The result is referred to
as Y., and signal y,, is input to a modulator 718 which uses it to modulate an

16  ultrasonic carrier signal generated by the unit 719 to form the output y,.

A? is obtained by squaring the modulation signal y,, by the self-multiplier unit
715. Therefore, the square of the envelope y,, of the modulated signal

envelope is A%, which is

u

2
20 () =y 2 () = [1 . 5) (23)
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7 provides compensation of the non-linear distortion due to the square-root

operation.

10 Turning now to Fig. 8, the implementation of the inner feedback loop 615 in is
shown for the case of SSB-AM. It can be seen that the detailed circuit of the
inner loop controller 618 in Figure 8 is very similar to that of Figure 7, so the
same reference numerals are used to label corresponding items. The only unit
which is different is that the unit 715 of Fig. 7 is replaced by a unit 815, which,

15  as explained below, receives a two-component input X and outputs the sum of
the squares of the components, i.e. the square of the magnitude of the complex

vector.

Certain elements of the plant 619 of Fig. 8 also correspond to those of Fig. 7,
20 and are shown by corresponding reference numerals. The plant 619 in this

case is an SSB-AM modulator, and the unit 717 of Fig. 7 is replaced by unit
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100 () - - rerc et ol hoshupth ol febbagh soptroler 618. Thge () -

109&' ()-f1QY& ().-4808891 9vOwdx9y9dYNC 10
0%& () anner(alant 8‘?9 ?urthver co)r(n;}/risesa Hilbert transformer 823 for obtaining the

Hilbert transform # of the output u of the inner feedback controller 618. Instead
5 of the multiplier 718 of Fig. 7, there are two multipliers 718, 818. The multiplier
718, like the multiplier 718 of Fig. 7, modulates the output cos2xf.t of an
ultrasonic frequency generator 819 by the signal it receives from the adder 822.
The muiltiplier 818 of Fig. 8 modulates a phase shifted ultrasonic carrier sin2nf_t
generated by an ultrasonic frequency generator 891. An adder 824 adds the
10 outputs of the multipliers 718, 818, to give the SSB-AM modulated signal, y,.

y1(t) = (1+ u(t))cos 2nf, t + G(t) sin 2nf . t
= cos 2af, t + [u(t)cos 2xf, t + (i(t) sin 2xf t] (23)

= Y1am + Yissh

The biased modulation signal, 1+u, and the signal after Hilbert transformation,

zAt, constitute a feedback vector X, which is fed back to the unit 618.
xX@O=[+uey 2]
15 (24)
Thus, feedback signal A? from the self-multiplier 815, which as mentioned
above is the modulus square of the feedback vector X, can be written as:
A0 =X =1 +u@®) +4¢)

(25)
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desired envelope (i.e. A*) and the square A? of the real envelope is controlled

by the inner feedback controller 714 by setting the correction term Au for the

control output u. Thus, the structure of Fig. 8, like that of Fig. 7, provides

5 compensation of the non-linear distortion due to the square-root operation.

Figure 9 shows experimental results of the transfer function of the linearized
plant 620, which is obviously far from the desired flat characteristics in
equation (5) due to the linear distortion, and we now turn to techniques used in

10 the embodiments for compensating for this linear distortion performed by the
outer feedback loop 616. Moreover, the inner feedback loop 615 cannot be
perfect and the resident error of the inner loop 615 can be considered as a
disturbance, and also controlled to some extent by the outer feedback loop 616.
The air demodulation produces a large time delay, which makes it hard to

15 design the outer loop controller 616 to completely remove linear distortion, but

this delay is not significant to the audio signal’s fidelity.

Before considering in detail possible realizations of the outer control loop 616 of
Fig. 6, we consider the variant of Fig. 6 discussed above, which is the second
20 embodiment of the invention shown in Fig. 10. In Fig. 10 elements which

correspond to those of Fig. 6 are given the same reference numerals. In
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particular, the inner loop 615 has the same overall construction as the unit 615

of Fig. 6, including an inner feedback loop, and in particular may take either of
the forms shown in Figs. 7 and 8. In comparison to the first embodiment of the
invention shown in Fig. 6, in the second embodiment of Fig. 10 the feedback
5 from the plant 620 is omitted, and replaced by a signal (denoted as j,) derived

from a model 1020 of the real plant 620 which is feedback in an outer control
loop to the outer controller 617. The model 1020 represents all the dynamics of
the real plant 620 except pure time delay due to the air demodulation, which
means that the model 1020 can reflect all the imperfectness of the plant 620

10 except pure time delay. Therefore, if the model is perfect, the only difference
between the output y, from the real plant 620 and the output 3, from the model
1020 is a pure time delay which is harmless to the audio system. The model
1020 feeds its output p, reflecting all the imperfectness of the plant 620 back to
the outer controller 617. The outer controller 617 includes a subtractor 1004

15 which subtracts the feedback signal 3, from the input signal y,*; and a
controller unit 1017 for compensating the linear distortion caused by the
imperfectness of the plant 620, the double derivative operation of the air
demodulation and the linear error of the inner feedback loop 615. In this
implementation, the fact that the model 1020 does not model the pure time

20 delay means that designing the controller 1017 becomes easier.
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feedback loop 616.

5 In the realization shown in Figure 11, the structure resembles that of Fig. 10 (so
that corresponding units are shown by the same reference numerals), but there
is additional feedback of the signal y, in the manner shown in Fig. 6.
Specifically, the output 3, of the plant model 1020 is fed to a delay unit 1125
which models the delay between the output of the plant model 1020 and output
10 of the real plant 620. A subtractor unit 1124 for subtracts the delayed signal 3,
from the feedback y,, which provides a difference value (y, - 7, ) representing

only the imperfectness of the plant 614. This value is input to a second outer

loop controller 1121 for producing a disturbance signal d, which is used by a
subtractor unit 1123 to correct the output j, of the plant model 1020 to a value
15 ¥, so that it better represents the real plant 620. Thus, as compared to Fig. 10,

the system of Fig. 11 includes an additional feedback control unit (via the units

1121 and 1124) which provides an improved control value y to be transmitted

to the unit 1017.

20  Another realization of the outer loop controller unit 617 of Fig. 6 is shown in Fig.

12 (where corresponding units are labeled by the same reference numerals).
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Whereas in Figure 11 the additional feedback loop via the units 1121 and 1124
operates more slowly than the outer feedback loop from the plant model 1020
to the unit 1017, in Fig. 12 the output d of the unit 1121 is fed directly into the
input of the plant model 1020. This means that, from the point of view of control

5 theory, the additional loop works like an observer.

Fig. 13 shows a third embodiment of the invention in which, unlike the first two
embodiments, the linear distortion is compensated by two main feedback loops,
which results in a structure with three main loops. This implementation

10  comprises an outer feedback loop 1350, a first inner feedback loop 1310 and a
second inner feedback loop 1340. As in other embodiments these are for
providing a modulated signal to a plant 620. The structure further includes a
section 1330 which models the operation of the real plant 620, and comprises a
power amplifier 1342, a transducer 1341, a demodulator 1333 (for modeling air

15 demodulation), a non-linear element 1332 which produces a square operation,

and a double derivative operator 1331.

The first inner feedback loop 1310 consists of a first inner controller 1311, a first
inner plant 1312 which includes a modulator 1313, and has the function of

20 compensation of the non-linear distortion. For this it uses the element 1332 in a
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operators 715, 815, and therefore this will not be described further.

The second inner feedback loop 1340 comprises a second inner loop controller
5 1343 and a part of the model 1330 including amplifier 1342 and transducer
1341. The second inner loop controller 1343 compensates the linear distortion

due to imperfections in the power amplifier 1342 and the transducer 1341.

The outer feedback loop 1350 includes a first outer loop controller 1300, for
10  compensation of the remaining linear distortion, which is due to the double
derivative operation performed in the air demodulation. For this purpose, the

outer loop uses the unit 1331 which models the double derivative operation.

The above description of the invention is intended to be illustrative and not
15 limiting. Various changes or modifications in the embodiments described above
are straightforward to those skilled in the art and these can be made without

departing from the scope of the invention.

In particular, a skilled reader will appreciate that, although the elements of the
20 embodiment have been described above as separate units, this is only one

possibility. More preferably, some or all the functions of each of the
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the elements included in all the feedback control loops of the embodiments can
be implemented as software run by one or more integrated circuits. Indeed, the
fact that the embodiments illustrated above can be straightforwardly

5 implemented in this way provides one of the advantages of certain

embodiments of the invention.
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a processing unit for modulating a ultrasonic wave using an input
signal,
5 a transducer unit for transmitting the modulated ultrasonic wave as
an acoustic beam;
the processing unit comprising at least two control feedback loops, a

first of the feedback loops being arranged to compensate for non-linear

distortion and a second of the feedback loops for arranged to compensate for

10 linear distortion.

2. A system according to claim 1, wherein the feedback loops include
an inner feedback loop and an outer feedback loop,
the output of the inner feedback loop being fed to the transducer,
15 the outer feedback loop being arranged to receive the input signal
and additionally an outer feedback signal which is generated from the output of
the inner feedback loop, and to generate using them an output which is fed to

the inner feedback loop.
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3. A system according to claim 2, wherein the inner feedback loop is for
compensation of non-linear distortion, and the outer feedback loop is for

compensation of linear distortion.

5 4, A system according to claim 3 in which the outer feedback loop
includes a model of the transducer, the model receiving the output of the inner

feedback loop.

5. A system according to claim 3 or claim 4 in which the outer feedback
10  loop includes the transducer, the outer feedback signal being generated using

the output of the transducer.

6. A system according to claim 5 when dependent on claim 4 further

including a delay unit for delaying the output of the model, and a comparator
15 unit for obtaining a difference signal indicative of a difference between the

delayed output of the model and a signal obtained from the output of the

transducer.

7. A system according to claim 6 in which the difference signal is used

20 to modify the input to the model.
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8. A system according to claim 6 in which the difference signal is used

to modify the output of the model.

9. A system according to any of claims 3 to 8 in which the output of the
5 inner feedback loop is passed to a modulator for modulating the ultrasonic

wave based on the output of the inner feedback loop.

10. A system according to claim 9 in which the output of the inner
feedback loop is fed back via a squaring unit which produces a signal which is a
10  square of the output of the inner feedback loop, the inner feedback loop
comprising a controller for modifying the output of the inner feedback loop
based on the output of the squaring unit, whereby the inner feedback loop
compensates for non-linear distortion caused by air demodulation of the
ultrasonic beam.
15
11. A system according to claim 10 in which the ultrasonic wave is

modulated according to AM modulation.

12. A system according to claim 10 in which the output of the inner
20 feedback loop comprises two components, which are respectively used to

modulate two ultrasonic waves differing in phase, the two waves being
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5 13. A system according to claim 12, wherein the combined modulated

ultrasonic wave is modulated according to SSB-AM modaulation.

14. A system according to any preceding claim in which at least the two
feedback loops are implemented as software running inside a single integrated

10  circuit device.

15. A processing unit for use in a system according to any preceding

claim.



