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signals are normally provided to listeners via an audio path that In des
a source (e.g. a CD, tape cassette player, mcrophone etc.), an anplifier,
and an el ectrodynam c cone-type | oudspeaker. Mire recently, interest has

been shown in delivering audio using an ultrasonic carrier wave. In this

case, an audi o-frequency signal is anplitude-nodul ated onto the ultrasonic
carrier wave. The npodulated carrier _wave is thendBrovided to an ultrasonic
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characteristics of finite anplitude propagation for ultrasonic waves).
Refl ection can, for exanple,-take place when the nodul ated carrier wave

encounters an object that absorbd §PRS: ultrasonic frequencies but
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ul trasonic wave, the fact that the ggaidpier wave is steerable (for exanple
by providing reflective surfaces), and "also that the signal is not audible
prior to denodul ation. By proper application of these advantages, audio
can be delivered to specific locations, fromwhere the audi o appears to
originate. A general discussion of the 1

BACKGROUND OF THE INVENTION

Audio signals are normally provided to listeners via an audio path
that includes a source (e.g. a CD, tape cassette player, microphone etc.), an
amplifier, and an electrodynamic cone-type loudspeaker. More recently,
interest has been shown in delivering audio using an ultrasonic carrier
wave. In this case, an audio-frequency signal is amplitude-modulated onto
the ultrasonic carrier wave. The modulated carrier wave is then provided to
an ultrasonic loudspeaker for delivery. Demodulation of the audio-
frequency signal either occurs naturally as a result of the interaction of the
carrier wave with the transmission medium (normally air, which has non-
linear characteristics of finite amplitude propagation for ultrasonic waves).
Reflection can, for example, take place when the modulated carrier wave
encounters an object that absorbs energy at ultrasonic frequencies but
reflects energy at audio frequencies.

The advantages of using an ultrasonic carrier wave to deliver audio
include the highly directional nature of an ultrasonic wave, the fact that the
carrier wave is steerable (for example by providing reflective surfaces), and
also that the signal is not audible priof to demodulation. By proper
application of these advantéges, audio can be delivered to specific locations,

from where the audio appears to originate. A general discussion of the
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- 3 DEC 2005 transm ssion of audio signals can be found in European
publ i shed patent application no. EP 973 152. However, technical chall enges
remain in the use of ultrasonic technology for delivering audio. For
exanple, the fidelity of the denodul ated audio signal can still beg DEC 2005

i nproved. In "Audio Application of the Paranetric Array," J. Acoust. Soc.
Am , Vol 102 pp 3106(A), 1997, J. Bl ackstock suggests a nethod of

i mproving distortion in the denodul ated signal. In particular, it is noted

that, whganhSsPoTBE WutBY Ssipfak 68dWbatedndair Bropeha poblidhgénpataidd
(upon denodul ati on) by the secondary (nodul ating) wave is proportional to

t he secoapplicationierd. Jak O/& 852t he square of the nodul ation envel ope. This
results in hi h | evel s oI2 har.moni ¢, di stortion in I}% &hicTo
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functi on an S renove t e distortion resulti ng from denodul ation. This
i s shownauidio sigaal aanostilhdpecigoproved, where f(t) is the audio signal and
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distortion™ reno of these harnonics are reproduced
Thus, t hgnpredng @fstdrtsdsmrm dme aiembéuweddaignaéd Ini particular, d igqroted
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perfor miﬂfﬁ“on %lemodulatlon) by the secondary (modulating) wave is proportional to
the second time derivative of the square of the modulation envelope. This
results in high levels of harmonic distortion in the sound generated. To
overcome this, Blackstock proposes integrating the original signal twice and
taking the square root thereof, to anticipate the demodulation function and
thus remove the distortion resulting from demodulation. This is shown in
the following equation, where f(t) is the audio signal and E(t) is the signal
provided to the modulator:

E()= (1 +[f £ @ )1/2

This preprocessing approach however, due to the square root
operation, generates an infinite number of harmonics. In other words, the
harmonic distortion will only be removed if all of these harmonics are
reproduced. Thus, the amount of distortion of the demodulated signal is
directly related to the bandwidth of the device. That is, this method
requires bandwidth-intensive ultrasonic path and emitters to get optimal

performance.




- 3 DEC 2005 SUMVARY OF | NVENTI ON According to one aspect of the invention
there is provided a nethod of processing an audi o signal, conprising:
perform ng a square root operation on the audio signhal to generate a square
rooted signal; alternating the gain of the square rooted signggn@g?%§en
positive and negative gain values at selected |ocations to generate a
flipped signal; and nodulating the flipped signal onto a first ultrasonic
carrier wave. Preferably the audio signal is offset by a predeterm ned

amount BUMMARY OEIMOVENTION1Ee square root operation to ensure that the
square root operation only results in real values. The nethod al so

preferably i fgogddng th vingi agpedieoididi imvengival thereoissproivided atmyetiod bénes;
determni ng? after the,.offset iﬁr&g@st.e ; a mninmumval ue of a portion of

the audiP5OSFHHRR athardig sigr PHRE8and subtracting the m ni num val ue
f " ! . cubat ! . _
rom the por iiedorphirdds SHHR FASNGberdtibil bn Eth% %&@%B%g@%ﬁf? ﬁehgrétge? s

preferred enbodi nent,” the sel ected T.ocati ons € "SI gha
fli pped sguaraimbtrdrsignali ng points of the signal. Still further, the nethod
“may conprise the steps of: _determning a first nodul ati on envel ope for the

f1ipped si gndlterngbng Hseain SIddcoruntubratadonienal dicspiecnapositiee s e
KPR e T LR L L I R e
second nodul ahodulating the flipped signal onto a first ultrasonic carrier wave.
Preferably the audio signal is offset by a predetermined amount prior to
performing the square root operation to ensure that the square root
operation only results in real values.
The method also preferably includes:
dividing the audio signal into a plurality of frames; .
determining, after the offsetting step; a minimum value of a portion of
the audio signal in a particular frame; and
subtracting the minimum value from the portion of the audio signal
in the particular frame.
In the preferred embodiment, the selected locations between which
the signal is flipped are minimum turning points of the signal.
Still further, the method may comprise the steps of:
determining a first moduiation envelope for the flipped signal;
determining a second modulation envelope for the square rooted
signal;
determining the difference between the first and second modulation
envelopes; |
modulating the difference between Ehe first and second modulation
envelopes onto a second ultrasonic carrier wave.
Preferably, = the first and second ultrasonic carrier waves are

orthogonal to one another.




~envel opes onto a second ultrasonic carrier wave. Preferably, the first and
second ultrasonic carrier waves are orthogonal to one another. 3 - 3 DEC
2005 According to another aspect of the invention, there is provided an
apparatus for processing an audi o signal received from an audid lE6dbl5e.

The apparatus preferably conprises: a square root nodule to performa
square root operation on the audio signal to generate a square rooted
signal; a determ ning nodule coupled to the square root nodule to alternate

the gain of tAeccodingeto anbeldesia@patt ket ReInPOStibhY ¢herd i8asRfvided 4ai n
val ues at selected |ocations thereby to generate a FIi pped signal; and a
nodul at PR atBguioat Bracessing mse ausiigreignehtreceivedr Fomulanr aswho csowrmer i er

wave. T [ may. further conprise: an offset nodule to offset the
audi o SPS%%‘EB§?%%H'ESF gﬁéeé? Pn (anglr%gﬁht prior to passing the signal to the
‘square root rpdglifre ¥8bt frwdﬂﬂ%rtol ;Bé}%?ﬁa%%fahf%e PBYt Bgeﬁtﬁ&ﬁbnaﬂi%{zago to

divide the audio signal into a plurality o r anes; subtracting nodule to

subt r actsignal 0 gemexatee sfmane roetedosighal; of the audio signal in the
“particular fra I ning nodul e al s termnes a

first modul att gﬁtﬁﬁ{iﬁgﬂéplé Egugffft%‘g §iATE TogdmBpH ffoko alisgata
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' values at selected locations thereby to generate a flipped signal; and
a modulator to modulate the flipped signal onto a first ultrasonic
carrier wave.
The apparatus may further comprise:
an offset module to offset the audio signal by a predetermined
amount prior to passing the signal to the square root module.
Yet further, the apparatus may comprise:
a bulffer to divide the audio signal into a plurality of frames;
a subtracting module to subtract a minimum value from the portion
of the audio signal in the pérticular frame.
Preferably, the determining module also
determines a first modulation envelope for the flipped signal;
determines a second modulation envelope for the square rooted
signal; ‘
determines the diffefence between the first and second modulation
' envelopes; |
and the modulator
modulates the difference between the first and second modulation
envelopes onto a second ultrasonic carﬁer Wax;e.
According to another aspect of the invention, there is provided a
method for processing an audio signal received from an audio source,

comprising:



envel opes; and the nodul ator nodul ates the difference between the first and
second nodul ation envel opes onto a second ultrasonic carrier wave.

Accordi ng to anot her aspect of the invention, there is provi djeﬁ'Wt hod
[

for processing an audi o signal received froman audi o source, si ng:

4 - -3 DEC 2005 processing the audio signal into a first processed audio
signal; processing the audio signal into a second processed audi o signal;
nodul ating the first processed audio signal onto a first ultrasonic

carri er wave praoessinguhataudiotdignskntod firscpssasseddivdisi sigakl;ont o a
second ultrasonic . carfier ve; wherein the first and second_ ultrasonic
carrier mve?rﬂﬁwlﬂgf%r 1opHgRakintom seepng processed areio signadsoni c

carrier mvedlédﬁf@&ﬂ%%@l ﬁ}é)c gpgcesﬁ%ﬁogﬂﬁ% .tsrigxgg 152480 WRYSsomid ||

further, according to another aspect of e invention there i s provided an
- appar at garfier wavecassi ng an audi o signal received froman audio source,

conprising: a processor to process the audio signal into a first processed
audi o si gnamegidlagingcthel peeand sprocassed Humial ;signabdante or tsecapdul at e

the fi r%p%@?ﬁ%éﬂi%a%si gnal onto a first wultrasonic carrier wave and

to nodula e second protessed audi o signal onto;a second ul trasonic
carri er wigtein \the fiebNahtesddon®t uRbss e W ridh tWwasNhave AiffeRintFEsSed1ave

di fferent phases.

Preferably, the first ultrasonic carrier wave is orthogonal to the
second ultrasonic carrier wave.

Still further, according to another aspect of the invention there is
provided an apparatus for processing an audio signal recéived from an
audio source, comprising:

a processor to process the audio signal into a first processed audio
signal and a second processed audio signal; |

a modulator to modulate the first processed audio signal onto a first
ultrasonic carrier wave and to modulate the second processed audio signal
onto-a second ultrasonic carrier wave;
wherein the first and second ultrasonic carrier waves have different phases.

Preferably, the first ultrasonic carrier wave is orthogonal to the

second ultrasonic carrier wave.

BRIEF DESCRIPTION OF THE DRAWINGS

The invention will now be described in more detail with reference to
the attached figures, in which:

FIG. 1 is a schematic diagram of an ultrasonic signal processing
systerh according to one aspect of the irivention; )

FIG. 2 is a schematic diagram of the preprocessor of the system of
Fig. 1;



" Preferably, the first ultrasonic carrier wave is orthogonal to the second
ultrasonic carrier wave. BRI EF DESCRI PTI ON OF THE DRAW NGS The i nvention
will now be 'described in nore detail with reference to the att

figures, in which: FIG 1.is a schematic diagram of an ul t r ason @ﬁszn nal
processi ng system according to one aspect of the invention; FIG 2 is a
schemati c di agram of the preprocessor of the system of Fig. 1, 5 - 3 DEC
2005 FIG 3 shows two curves illustrating part of the processing done in

t he system ofFIG.g3 shawsl t¥o ELiEred illastratiohemt iof theagracessingrdatid fasoni c

emtter wtable%ﬁ; use %h the systemof Fig. 1. FIG 5 is a schematic
di agr amt8f DISEERoRiUY Sot aéﬁ he systemof Fig. 1.; and FIG 6 shows tvvo

frequency re ns

the i muent | on g h iere T eHRE A Rab e R i Riarif HhR R Sl

nmodul at ethenaitdf digsgstephofdigpari ng the nodified square root of the
invention with the traditional square root nethod for a 1 kHz, 2 kHz and 4

 kHz nodul at | A§Ghav dSct Schometic dregrsurirthomaiulate pREFERFEEENMIIHIVENTS
“FIG 1 |s ﬁchematlc di agram that shows an exenplary system according to
one aspect of the invention. The system generally identified wth the

hureral 10, EIGIEER6WY tWo Fr&ubitcys e86 56 3 gk highs $VRSHALAS e modified

square root method of the invention with the traditional square root
method; |

FIG. 7 shows two modulated waveform graphs comparing the

modified square root of the invention with the traditional square root

method for a 1 kHz, 2 kHz and 4 kHz modulating waveform.

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS

FIG. 1 is a schematic diagram that shows an exemplary system
according to one aspect of the invenﬁoﬁ. The system, generally identified
with the numeral 10, commences with a sound source 12 that generates an
input signal. The sound source 12 may be any apparatus for generating an
audio signal for use in the invention, for example a microphone, optical disc
player, magnetic tape player, RF receiver, computer system, etc. The sound
source 12 may include internal processing of the signal it generates (e.g.
amplification, normalization, bias adjustment, equalization, digital to
analog conversion, noise reduction etc.) as is known in the art Also, the
sound source 12 may itself include a number of components that perform
different functions, and a number of sound sources may together combine
to provide the signal. )

The sound source 12 is coupled to an equalizer 14. The equalizer 14
integrates the signal received from the sound source twice and then

normalizes it so that it occupies an amplitude range of * lunits. The double
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I nput signal. The sound source 12 nmay be any apparatus for generating an
audi o signal for use in the invention, for exanple a nicrophoqg opti cal
disc player, nagnetic tape player, RF receiver, conputer syst HE The
sound source 12 may include internal processing of the signal it generates
(e.g. anplification, normalization, bias adjustnent, equalization, digital
to anal og conversion, noise reduction etc.) as is known in the -art. Al so,
the sound source 12 nmay itself include a nunber of conponents that perform

di f f er enintégradtisalsne aodtorréeintied setond itV effetmyf thgeldigodakimuyme to
provide the signal. The sound source 12 is coupled to an equalizer 14. The
equal i zeProrgss| Ahegnaraelizhd siggahiiremcthe equalisar tife isdhen passek tovd ce

d th i i hat_it. | i tud £ lunits.
The dounPieReolBERRs  bilh BcddriBes 18 1B3rE Al SVt &0 rtnest Lt Tve
ef fect ofigt P2 TiesRubAséARor PIO R raftRetwe dBhARS s AN algrfd10amd he “b”

equalizer 14 is then passed to a preprocessor -16, which is described in

nor e detsighabevbighniirehpresed én@entaslulatign. blRckTH® preprocessor 16 generates
assed to ,a, °

two signals, .an_ "a" .signal d,a ;'b" .signal.. which are . .
modut at1 on biek edHeBoRo Rl 1k mirdeR el W debchivad 38" Bty dBail |
nore detigdlbw REAWrdferEnéLf @) €NER 19, AngdiRatd¥0qHEaLRS Eihd1¥O0oatdNGhs onto
two ultrasonic carrier waves that are 90 out of phase wih each other.

Thi s i s ultrasemiasaguiztraaves thatiairat9@nouTioé phaseawuthi eachrother. Bhvess used

above. . UFSans) aSndfisy mabtilioh, 'THF RlreomBobeier rALe el

o PSR B einares dgsalensy s bestacl ebyaiscplmoRmates

is the audible range of the human ear (e.g. above at least 15 kHz, normally
above 20 kHz). The frequency of the carrier signals generated by the
modulation block 14 may be any suitable frequency, and the frequency is
typically selected so that all frequency corﬁponents of the modulated
signals are above 20 kHz. As an example only, a frequency of 40 kHz would
be appropriate for use in the invention. After modulation, the two signals
“a” and “b” are recombined in the modulation block 18, and they are
passed on to a second equalizer 20. Equalizer 20 corrects for the distortion
that occurs due to the bandwidth limitations of ’the ultrasonic emitters. The
equalizer 20 has a transfer function that is an inverse transfer function of
the transfer function of the ultrasonic emitters. This has the effect of
equalizing the overall transfer function, thus increasing the overall
bandwidth. |

After leaving the equalizer 20, the signal is passed to a beamformer

22. The beamformer 22 is application-speéiﬁc, and modifies the signal to
generate the necessary signal(s) for beam formation and beam steering. The
particular processing undertaken by the beamformer 22 is conventional in
nature and will depend on the particular ultrasonic emitters used, and on

the particular directional characteristics required. As such techniques are
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typically selected so. that all frequency conponents of the nodul ated
signals are above 20 kHz. As an exanple only, a frequency of 40 kHz woul d
be appropriate for use in the invention. After nodul ation, the two signals
"a" and "b" are reconbined in_the nodul ation block 18, and they are passed
on to a second equalizer 20. Equalizer 20 corrects for the di$06t i0bn that
occurs due to the bandwidth limtations of the ultrasonic emtters. The
equal i zer 20 has a transfer function that is an inverse transfer function
of thekronsfter those of wrdéhatyhekilltirashei greemthiegr will Tiots beadisdusssedf ect

of equaI|Z|n the overal |l transfer function, thus i ncreasing the overal
bandw difBrtherthgrel eavi ng the equal i zer 20, t he signal is passed to a

beantf or ner 0 Iy S18R t . 'fi' fies the
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conventional in nature and wll end on the particular ultrasonic

eni tt er sigral(s) gadived frone tlparbetacm @n P@stanshghe aﬁélrmem@mt@@r sr8Qui red.

- As such,techni.ques are ovvn to ose r L1

the art BETRpARS ABpufed Pedelisddnte At ndhe Sadingh G aand fhene
syst em {firakend t@A¥mitteas 25 a&@dccﬁ%rﬁ{orfﬂri% nahafea%&m Ghell phefisuide: The
anplifier 24 provides anplification of the signal (3) received fromthe

beanf or nenﬁg@ra*ams t(p@war ﬂwﬁ@m‘@ )ewnlﬂ tc@fps:nzbontthammculae aqmiiqafuom

5|gnal( |nto he air. n&l ler 24 an the | traso smtters
26 are qﬁfa{rﬁqgg and EENF Fat ‘Fr(,sulls OB P 37!g%ga’(lpovver

level s, pet §eén Worh t#RPEAEredM tﬂlﬁrﬂw bf tm&rasaﬁi& bﬁﬁ’éﬂe9§ 26 Q{}eeﬁf@ﬂi{téﬂy
arrangerrent of ultrasonic emtters i's shown in Fig. 4. As can
adjacent to one another on a shaped backing structure 27. The structure
27 is preferably paraboloid-shaped, which achieves better directivity than a
- traditional planar array. In addition, the directivity of the ultrasonic wave
that is projected from the array can be controlled by adjusting the
curvature of the array to achieve different focal points.

The preprocessor 16 is shown in more detail in Fig. 2. The signal
received from the equalizer 14 is first received in a buffer 50. The
preprocessor 16 processes the audio in a frame-by-frame manner, and the
buffer 50 generates the frames to be processed by repeatedly allowing a
‘selected period of audio to accumulate to form a complete frame, at which
time the frame is passed on for further processing to an offset generator 52.

The offset generator 52 reéeives a frame from the buffer 50. As
mentioned above, the signal has been normalized in the equalizer 14 to lie
between a maximum value of +1 and a minimum value of -1 and to
compensate for the second derivative demodulation effect in air. The offset
generator 52 offsets the portion of the signal in the frame iay an amount of
+1. This ensures that no part of the signal in the frame is less than zero.
This ensures that the subsequent square root operation can bé performed |

on the entire frame and the results will all be real values. After performing
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be seen fromthe figure, a plurality of ultrasonic emtters 26 are nounted
adj acent to one another on a shaped backing structure 27. The structure 27
is preferably parabol oi d- shaped, which achi eves better directivity than a
traditional planar array. In addition, the directivity of the ultrasonic
wave that is projected fromthe array can be controll ed by agijnlggtzgugg t he
curvature of the array to achieve different focal points. The preprocessor
16 is shown in nore detail in Fig. 2. The signal received fromthe

equal i zdhe dffses thia sffsetegenarador B2apassé e ths @ffsEheigmalefr tioe sgaard Goot
processes ci\ﬂe §4jdi o in a frane-by-frane manner, and the buffer 50
‘gener at BYPYHE FF-anes to be processed by repeatedly allowing a selected

i od of ' alt ' | th
Pram i 5 pasaSdion Terts irhge ApbcedbArt MRIChRAIRTEs T 4R glhel, e

. of fset gieil atel peRfoianeh \segade moat®gerationhén RUf HLth&Qalulss of e bifsed
above, the signal has been normalized in the equalizer 14 to lie between a
maxi nun$igRakeAsfmentignedaaboys. e PEgieusfoiisetappenagion: enpareatieat only he

“second ggﬁl (2t ] e d [ ct in air. The of t rat.or L2

of fsets e¥%ﬁ)jﬁs‘| 5gg‘gﬁ ﬁ?gﬁsﬁ%ngcﬂfér{tet i o?r%l?%r _ nankgtﬁﬁuﬁ%qumﬁﬁéﬁl S
~ensur essghate ReoPdPeratiohhehsi gnaird Robhenbdale 345 pagsés tthensgaafe rodthi s
“ensures that -the subse(glgjent square root operation can be performed on the

entire $igasd ta suhiraciden mgodiie S4. 1 The suddractionanodnie &6 pladt passey 8 -

3 DEC of t f t rat 52 passes the offset signal to

t he sqﬁ%?egs'%%tl Oﬁng(g&]ix%(%%&ﬁisrﬁ?’ﬁe&%%%i lies, the square root nodule 54

takes the ofOset of thgnRincishyef ftblem8eterslidng hulePss dki @ deerdhinedf the
val ues of the offset Srlaﬁnal' As menti oned above, the previous offset

~ oper at i e smallast value ehnthe square rooted signal in the frame. If the smallest
value of the signal in the frame is within a tolerance (for example a value

between O to 0.1), this value will be passed to the subtraction module 56,
otherwise a value of O will be passed to the subtraction module 56. Passing
a value of O to the subtraction module 56 will have the effect of not
modifying the waveform. In the subtraction module 56, the received
minimum value is subtracted from the entire portion of the signal in the
frame, which has the effect of shifting the waveform down for non-zero
received values. When the minimum value is subtracted, the lowest point(s)
in the signal in the frame in‘question may now have a zero value. The
shifted signal is then passed both to the “flipping point” determination
module 58 and to the gain control module 60.

The determination module 58 determines where the turning points
are in the shifted signal. This determination can be done by identifying
where ’_d'_l_e slope (i.e. the first derivative) of the waveform goes from a
negative value (a downslope from left to right) to a positi;re value (an
upslope from left to right). In addition, these turning points have to be
within a tolerance (for example a value of O to 0.1). This can be séen in Fig.

3, which shows an exemplary signal 100 received from the subtraction
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real values result fromthe square root operation. After performng the
square root operation, the square root nodul e 54 passes the square root

signal to a subtraction nodul e 56. The subtraction nodul e 56 al so passes
the signal on to the determ ning nmodul e 58. One of the functions of the
determining nodule 58 is to determne the snallest val ue of agﬁtiﬂgare
rooted signal in the frane. If the smallest value of the sig I“¥P9t he

frame is within a tolerance (for exanple a value between 0 to 0.1), this

val ue wirhbdiR: Bessedhedigine, Seddtaatti@ni i@tPEan bt SeFvas docatighsi@ of O
wi |l be passed to the su traction nmodul e Passing a value of 0 to the
subt r ac@insh Browheee shewslopenghanges sign deemonegative rtodpmtwg Wiidrigathef or m

In the s iyon nodul e 56,,the receiv m Ue.IS su racted
from ¢ netemers oI B Al st & e T e P s i ierd BREAEHY oo
~of shifihag n& heiyexehnse) deusidesl DOO-HES Q ze&scvedlﬁe%tV&hél@éead&em é.hgt

m ni num val ue i s subtracted, the | owest point(s) in the signal i'n the

frame i A.question may now have a zero val ue. The shifted signal is then
passed both flippin ol nt." determ nation _ nodul 8 and

gai n control H%&daF?ré%lm ﬁégagf‘iﬁ;rﬁg ey 513‘3&3%% Sgnv%]te

turni ng_go h@téac@r&lé&etdh%umﬁg e;sblﬁtgﬁqhs 1A% Stile g NGt '“ﬂg?ﬁﬁ%; b&ledone

by identifying where the slope (i.e. the.first derivative) wavef or m
goes fr maonnegetheveumad du@tWaedowm’yo;aecdncbmeltecbft stlectédyfttrning pamts ti ve

have. t o ahevitierperosay.oftan lfeck s \hika e atovapRabst Corté 10T HE "can
o2k, i s A 0 O ot B p g
poi nts the genssesehtatl ddain dhss Aase. Note that the initial gain will always
' follow the gain of the last portion of the previous frame. The gain of +1 (or -
1) is a multiplication factor, not an offset; so that the magnitudé at any
point on the curve remains unchanged. When the determining module 58
identifies a selected turning .point at A, the determining module -switches
the gain to —1. The effect of this is to “flip” or “mirror” the ‘portion of the
curve 100 between points A and B about the zero axis. The result can be
seen on curve 110 between points A and B. When the determining module
58 locates the next selected turning point on curve 100, at point B, the gain
is again switched to +1. This results m the portion of curve 100 from point
B onwards being identical to the corresponding portion of curve 110. In the
illustrated example, there were only two selected turning points. If there
had been additional turning points, the switching of the gain between +1
and -1 would have continued in the same manner at the additional selected
turning points. _
The determination of the turning points and the switching of the gain
is done by determining module 58. The actual application of the gain is
. done by the gain control module 60. After leaving gain control modules 60,

the signal in the processed frame now looks for example like curve 110 in
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and B, where the sl ope changes sign fromnegative to positive within the
defined tol erance range. Also, as a result of the subtraction, it can be
seen that in this exanple, the signal 100 has a zero val ue at one

| ocation, i.e. at A. The determ ning nodule 58 then alternates the gain
between +1 and -1 at each selected turning point. This has tl gﬁgﬁgt of
"flipping" the portion of the curve between every second set OP S cted
turning points about the zero axis. The effect of this operation on the

curve 1@gi 8. Algis3sigaah ibgessedeto umbuigerc 62y aviitd. iBakedetd headdorble
selected turning point at A the gainis set att + 1 in this case. Note
that théhenframaes dgfaraisignal waydeayes | mreppaesser kheAlset thergaion of

the prey] f i f. & - | S..a tipli.catio agt.or,
ot an- PPyt ABRye 1S RIS i anebdt siegdl oo HilerpRei yBinER
‘unchangddr vdbdn gdieerdeing sihahtbrrodul e 58 identifies a selected turning
point at A the determning nodule swtches the gain to -1. The effect of

this is to "finaddigion e dedermimiagpthe igain gind tthe seleated 100 NBBE RENtHOI Nt S
A and B o) he zero axis.-Jdhe result can be en.on cunve. 110 het ween
points /&ﬁgn%étﬁiﬂ\mg%% f’ﬁ%&%%tégrﬁﬁﬁ?rﬁfnﬁﬁa %Slg?@ll ca égéléihéj ntHSE81 et ed
t ur ni ng coghién SteGut the HifferdiceP®i e %sﬁl?ﬁxggﬁidaulé&cﬁﬁ%h&l PtheBAGHO +1.

This results in the portion of curve 100 from point B onwards being

i dent i cadealosquiere vootesignadiangl pignal S bAlsyrsisce Mhibsequehe fratriesstegt ed
AP bRt B PATREEE] SO By DBBRLR Sl Bl B R
woul d hapedo@éomprashte fdietRaMBsBRLhitds bBavadfhlingdain sahpatee turning
points. The determ nation of the turning points and the swtching of the
gain is dondhsgydeterarining myodraliub8 tekesTie wepliaquappirootisigmalofwhick gai n
'63 don%vap r<=,tcr%:(iave(%i?l .frrcl)rr(f Osnutbrt:?allctlncﬁg)r(fI lrjxllgdg% 5§‘ft%ecarna!bqg Vd'xg %e%gri'r?lhggnn}nrloclf tﬁ%dm s
minimum value and the turning points}) and subtracts the resulting
envelope of signal “a” (for the frame in question) from that of the ideal
square root signal. This compensates for the difference between the
envelope of the ideal square rooted signal and envelope of signal “a”
includes the subtraction of a different minimum value that may have been
subtracted in each frame for the generation of signal “a.” This
compensation therefore takes into account the discontinuities between
successive frames. The resulting frame-based signal “b” is passed to
unbuffer 64, which functions in the same way as unbuffer 62, and from
there to the modulation block 18. The resulting envelope of a signal f{t),
that is to be modulated by sinact (i.e. the modulated signal is f{t)*sinact),
can be easily found by taking the absolute value of fit) (i.e. |f{t)] ).

Signals‘f‘g._” and “b” are then passed to the modulation block 1 8. The
modulation block 18 is shown in more detail in Fig. 5, and comprises two
ﬁltrasonic carrier wave generators 70, 72, two amplifiers 74, 76, and one
adder 78. The ultrasonic carrier waves generate sinusoidal, ultrasonic

waves onto which signals “a” and “b” are modulated. As can be seen from
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the signal in the processed franme now | ooks for exanple like curve 110 in
10 - 3 DEC 2005 Fig. 3. This signal is passed to unbuffer 62, which is used
to reassenble the frames before signal "a" |eaves the preprocessor 16. -

Al so, the gain control nodul e al so passes its output signal to the

determ ning nodule 58 for use in generating signal "b." In addj éﬁ@&nto
determ ning the gain and the selected turning points, the dete
nodul e 58 al so generates signal "b." Signal "b" is used to conpensate for

the di ffgfemmpiren gé?ﬁré&%l"?td X EHE SNy GRALHBAL VBRIt RE gehdpale $Quare
root signal and S|gnal "a." Also, since subsequent franes nay have been

subt r act earrigr Wav¢.cwbile geriarason 6’2@3&@ the sngfahctiah, ofsbgrial gémé‘ralte itsused
to conpensate for tjgga |sc ntinui.ties between fr .The

ot or m nFRIFoNAre BBaf iReid FEtTiG SEEq HPETASHR 151 hAMARDRIS Cafrors
recel vedyBEPSUALIGH 76N TIOUM &r B0l snenahlind BRofRLen Bl boRogked i

m ni num val u€ and the tufning point and subtracts the resulting envel ope
of si gnadppreecidtedr thate othemfuhotiqnestowla) ber ased hat gefietdte thdealtrasomir e
root signal, This conpensates faqr the difference between the envel gpe of
the i deaFAHTalM@VESot Bt SUGFAIOTHAICRFNET opRvey thishgenepated qge jased tiee

subtr acté&ntrgfr tﬁ%gbﬂ %&r%@ﬁ?ﬁﬁefgm é{ﬁh% Ji*ﬁteﬂg}ﬁaf@@’ bRy ’S% iERS din

each fr gener atton of signal conpénsat1’o efore

t akes i ntespactioelyt ptdvided ssoiniputsitol € haipkfeers B6¢ as airy e¢htisandduldiee
resul ting fra/}é ased signal, "b" is passed to_ unbuffer_ 64, which functions
in the s RS WEATRHLE f“é"ﬂ’@? Wﬁﬁ%sfmﬁuhaﬁ@ﬁélg@al%earr@@l@ ali’l éﬁetﬁ”@@k 18.

I e i SSELagE: 08 SRLRLRhL i ol Rt Himg U ML
t-aki ng ttmsaissdefihed b3l the efubtibh @l.siewit JHH.¢os{wkt).
Signal “c” is then provided to the equalizer 20 as described above
with reference to Fig. 1
Fig. 6 shows a comparison between the freqﬁency spectrum of
Blackstock’s square rooted and modulated waveform and the modified
square rooted and modulatéd waveform. In the figure, the audio signal is a
combination of 1 kHz, 2 kHz and 4 kHz sinusoidal waves, while the
ultrasonic carrier wave has a frequency of 40 kHz. As can be seen from the
figure, the traditional square root method yields many harmonics, while the -
modified square root method of the invention does not. This has the
advantage of reducing the bandwidth required of the ultrasonic emitters.
Fig. 7 shows the actual modulated signal (multi-tone signal of 1 kHz,
2 kHz and 4 kHz modulated onto 40 kHz carrier wave) for the traditional
square root method and the modified square root method of the invention.
As can be seen from the figures, there is little no difference between the
envelope of the modulated signals provided to the ultrasonic emitters. )
- While this invention has been described in terms of several

embodiments, it is contemplated that alterations, modifications and
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Signals "a" and "b" are then passed to the nodul ati on bl ock 18. The

nmodul ation block 18 is shown in nore detail in Fig. 5 and conprises two
ultrasonic carrier wave generators 70, 72, two anplifiers 74, 76, and, one
adder 78. The ultrasonic carrier waves generate sinusoidal, ultrasonic
waves onto which signals "a" and "b" are nodul ated. As can be %glsrmgrom 11
- 3 DEC 2005 the figure, generator 70 uses the cosine functibﬁl t to
generate its carrier wave, while generator 72 uses the sine function of
tact top@enetatiens itheréa Wilkbeddvige appireh to AR seaKiI6d iWaRSaleaphAat ed by
the ultrasonic carriers wave generators 70, 72 are orthogonal to one .
anot hera reading pf the specdication apdrsitidyt efithehdrawitgs. functions coul d be
"used to geneyate.fhe ultrasonic arrier ves. The.ultrasonjc carrier ’
waves thus genbt gaeiugr% ‘alislad% &%Fﬁﬁlm@’l&& ﬁFadmsaﬁ‘b?]qu{ee $UCBnd 76.
. The si gpgbsatichs.afshdiBicanwhisC r ively i i t o the
anplifier s%%®%4%aélgc?ﬁg§bngﬁgl gte e %ﬁ?yst ﬁé %{?{ ge;igglﬁfgﬁ ga%@?gr énwgves.
Modul at ezbpsi ghtiies pteseranohvemtioar.e t hen provided to adder 78, where they
are conbined into signal "c." Signal "c" thus is defined by the equation
‘a.sin((act )+b.cos(cact). Signal "c" is then provided to the equalizer 20
as described above wth reference to Fig. 1 Fig. 6 shows a conparison

bet ween the frequency spectrum of Bl ackstock's square rooted and nodul at ed
wavef orm and the nodi fied square rooted and nodul ated waveform 1In the
figure, the audio signal is a conbination of 1 kHz, 2 kHz and 4 kHz

si nusoi dal waves, while the wultrasonic carrier wave has a frequency of 40
kHz. As can be seen fromthe figure, the traditional square root nethod

yi el ds many harnonics, while the nodified square root method of the

i nvention does not. This has the
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advant age of reducing the bandwi dth required of the ultrasonic emtters.
Fig. 7 shows the actual nodul ated signal (nulti-tone signal of 1 kHz, 2
kHz and 4 kHz nodul ated onto 40 kHz carrier wave) for the traditional
square root nethod and the nodified square root nethod of the . nvention.
As can be seen fromthe figures, there is little no difference between the
envel ope of the npdul ated signals provided to the ul trasoni<€d 8it €&0&rs.
Wil e this invention has been described in ternms of several enbodinents,
it is coudmMsated that alterations, nodifications and 12 - 3 DEC 2005
pernmutations thereof will becone apparent to those skilled in the art upon
a reading of the specification and study of the drawngs. It is therefore
i nt ended ¢ hat_ the fallowi ng clainms include all such alterations,
nndificg{?%ﬁg“g gfﬁUtations as fall within the spirit and scope of the
present invention. 13 - 3 DEC 2005 CLAIMS . What is clained is: 1. A nethod
of processing an audio signal, conprising: performng a square r.oot

oper ati dn onAtipethadiad mrogassingcyeneliatsegral, squgpmsingot ed si gnal ;
alternating the. gai.n of the sqya e root.ed si sitive and

al between
negat i ve gai REUAYIUDEA SOUAEE 1OAt PREZRTIBROR ShgeHuig: SERA o Z5BETaigRal
and m)%ggg}gf PS?Eelﬁlesi%lr{ ped signal onto a first ultrasonic carrier wave. 2.
of c

The net aim urther conprising the step of: offsetting the audio
signal by a pltedeatng thedgampohthesqorareaooted signal between positive and

negative gain values at selected locations to generate a flipped signal; and

modulating the flipped signal onto a first ultrasonic carrier wave.

2. The method of claim 1 further comprising the step of:
offsetting the audio signal by a predetermined amount prior to
performing the square root operation to ensure that the square root

operation only results in real values.

3.  The method of claim 2 further comprising the step of:

dividing the audio signal into a plurality of frames;

determining, after the offsetting step; a minimum value of a portion of
the audio signal in a particular frame; and

subtracting the minimum value from the portion of the audio signal

in the particular frame.

4, The method of claim 3 further comprising the step of:
compensating the flipped signal in adjacent frames for discontinuities

resulting from subtracting different minimum amounts in adjacent frames.

S. The method of claim 1 wherein the selected locations of the signal are

minimum turning points of the signal.
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perform ng the square root operation to ensure that the square root
operation only results in real values. 3. The nethod of claim2 further
conprising the step of. dividing the audio signal into a plurality of
franmes; determining, after the offsetting step; a mninmumvalue of a
portion of the audio signal in a particular frame; and sub{%BEﬁmb t he

m ni mum val fr th ortjpn,of the audigo signal, in the particular
frama.gqﬂ. _ Tﬁﬁer%é{ﬁ%ﬁogpp {;11 ﬁir%he_(&P{T}P&S"hgo St %Bf'the step of:
conpensat i ngefdhfirfihdg BFRSt MbeRktioh Rneiopeddt tHel fpFad Slhafli scontinui ties
resulting fromsubtracting different m ninmum anounts in adjacent franes. 5.
The net hod @etesmining a sesendimodiatier cavelepe fadheisaugrefoated signghial ar e

m ni mum t ur i i ] e S I 4. .3 0 t 1
i m 1§ ur DREAE b At e uBen g1 sy SrgsachPi dney hGh BRkdPet on
envel ope fomdduatilg theedifrénéd betwiée kg firdtdartl secemd niduliaidn eRvelopesope
for the square rooted signal; determ ning the difference between the first
and se@oivR FeerNhuitiegoRie\caArd@wave.npdul ating the difference between the
first and second nodul ati on envel opes onto a second ultrasonic carrier
wave. 7. The nethod of claim6 wherein the first and second ultrasonic
carri ey, wavfhe anethodrdflutginnelwhdreimtheafiret Aed seSond uftraseinivodadier WaveBate
further conprising the steps of: determning a first nodul ati on envel ope
for therthegenide ongmaotherdet er i ni ng a second nodul ation envel ope for the
square rooted signal; determning the difference between the first and
second nodul ati on envel opes;

8. The method of claim 4 further comprising the steps of:

determining a first modulation envelope for the flipped signal;

determining a second modulation envelope for the square rooted signal;

determining the difference between the first and second modulation envelopes;

modulating the difference between the first and second modulation envelopes
onto a second ultrasonic carrier wave.

9. An apparatus for processing an audio signal received from an audio source,
comprising:
a square root module to perform a square root operation on the audio signal to

generate a
square rooted signal;

2 determining module coupled to the square root module to alternate the gain of
the square rooted signal between positive and negative gain values at selected
locations, thereby to generate a flipped signal; and

a modulator to modulate the flipped signal onto a first ultrasonic carrier wave.

10.  The apparatus of claim 9 further comprising:
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nodul ating the difference between the first and second nodul ati on envel opes
onto a second ultrasonic carrier wave. 9. An apparatus for processing an
audi o signal received froman audi o source, conprising: a sq ab(g r oot
nodul e to performa square root operation on the audi o signaf.dt nerate
a square rooted signal; a determ ning nodul e coupl ed to the square root

o€ o) SRS i ot nd BRORRUBER T2 Skt ARhed ShUTER TS e

fli ppegasdigg e signel @ thediguatedrodtendsasle] at e the fli pped signal onto a first
ultrasonic carrier wave. 10. The apparatus of claim9 further conprising:

15 -.3. DEC 2005 an offset nodule to offset the audio signal by a
predet m ne ' 1.he. signal to the square root
‘i”i fiﬁ 1 1b%rtﬂ§ré§¢rﬂﬁp%|g§. o

nodul e. e’systemo cI arm conprising: a buffer to divide

t he audi o sa@mﬁertmdmdie thiewawalio signaf inte arpterality sfflimest i ng rmdul eto
subtract a m ni num .val ue fromthe portion of the audio %LQ in the
Nep

particul ar frsiptracting moegul §}§t3é'h>¥"§f3t aInainmeMurlEe;frem ﬂﬁ%@o hihe agio
nodul eg ﬂﬁ&ﬁh%@?ﬁr@ﬂér&ﬁ%m?‘)d“' ation envel ope for the flipped signal;

determ fies a se ion envel ope for the square rooted signal;
determ nes the difference between the first and second nodul ati on

envel OEJi;; éhe nmodul at or; - modul ates the difference between the first and
second ! frodull A€ SYsteam e P'@HBSQ wherein:

the determining module
determines a first modulation envelope for the flipped signal;
determines a second modulation envelope for the square rooted signal;
determines the difference between the first and second modulation envelopes;
the modulator;
modulates the difference between the first and second modulation envelopes

onto a second ultrasonic carrier wave.

13. The apparatus of claim 9 wherein the selected locations of the signal are

minimum turning points of the signal.

14. The apparatus of claim 12 wherein the first and second ultrasonic carrier waves
are orthogonal to one another.

15.  The apparatus of claim 13 wherein the turning points are below a selected

minimum value.

16. A method for processing an audio signal received from an audio source,
comprising:

processing the audio signal into a first processed audio signal;
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onto'a second ultrasonic carrier wave. 13. The apparatus of claim9 wherein
the selected | ocations of the signal are mninmumturning points of the
signal. 14. The apparatus of claim 12 wherein the first and second .
ultrasonic carrier waves are orthogonal to one another. 15. i\ﬁﬁ} ppar at us
of claim 13 wherein the turning points are below a selected i val ue.

compri ot ng. PIBsREE TR sRRAENE 8 s3baMTpeSEeBri Sl SBh&E 0 audi o
signal; 16 moddiatiiPthe firsPgRe6estd Higdia Wigwaldrdod fitshiudtras sk eafidnesessed

audi o signal; nodulating the first processed audio signal onto a first
ul tras@Afic carrier wave; and nodul ati ng the second processed audi o signal

01t rasont o ol Seddtil bifoes Rt o Sl o= nckSha el B er 16

wher ei wavbewhereit thd firstandisecond lUlttisonty €arrier Rial/Be hiane ldifferent preaseecond
ultrasonic carrier wave. 18. The nethod of claim 17 wherein the step of

processing the audio signal into the first processed audi o signal
conprises the step of: applying a nodified square root preprocessing nethod
to the signal. 19. The nmethod of claim 18 wherein the step of processing

the audivo siTgsaheihodooftdiaim 468omnstepr thecfistdit@gdhic cargoplvavenpobrthegohdletost ep
of : deierm’ ning the difference between the envel ope of an ideal square root

si gnal e SRLANKLUIEASYNG SBITIRr WA -fi rst processed audi o signal . 20. The
met hod of claim 19 wherein the nodified square root preprocessing nethod

18.  The method of claim 17 wherein the step of processing the audio signal into the
first processed audio signal comprises the step of:

applying a modified square root preprocessing method to the signal.

19.  The method of claim 18 wherein the step of processing the audio signal into the
second processed audio signal comprises the step of:

determining the difference between the envelope of an ideal square root signal
and the envelope of the first processed audio signal.

20. The method of claim 19 wherein the modified square root preprocessing method
comprises the steps of:
performing a square root operation on the audio signal to generate a square
rooted signal; alternating the gain of the square rooted signal between positive
| and negative gain values
at selected locations to generate a flipped signal.

21.  The method of claim 20 wherein the modified square root method comprises the
further step of:

offsetting the audio signal by a predetermined amount prior to performing the
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conprises the steps of: perform ng a square root operation on the audio
signal to generate a square rooted signal; alternating the gain of the
square rooted signal between positive and negative gain values at sel ected
| ocations to generate a flipped signal. 21. The met hod of cl-&:pil2@iherein
the nodified square root nmethod conprises the further step of: offsetting

' oec SuBa B ¥aloRoSPhRS TS RCHerBHet are- LA B BELT oo
only regukts in real values. 22. The nethod of claim 21 wherein the

selected | ocations of the signal are lower turning points of the signal.
23. An apparatus for processi ng an audi o signal received froman audio

source2% Colﬁéirﬁgﬂ\%}j g'ﬁezslsWhe?éﬂ EQ%?éctégq%@éJan% c?f%%laélghgfngrcﬂo St

procesSed audro Signa fecond processe lo°sig or to
modul afigninge first pr ocessed audi o signal onto a first ultrasonic carrier
wave and to nodul ate the second processed audi o signal onto a second
ul t r asBaings ebinei9nalave; wherein the first and second ul trasonic carrier
waves have different phases. 24. The apparatus of claim 23 wherein the
first ultrasonic carrier wave is orthogonal to the second ultrasonic
carriep3wavAn apparahes écnppmﬂessmgf anlaudio Zdgivdl aeeeivetihfeomr an esstio ,sowhe)
processi ng the audio :
comprising:
a processor to process the audio signal into a first processed audio signal and a
second
processed audio signal,
a modulator to modulate the first processed audio signal onto a first ultrasonic
carrier wave and to modulate the second processed audio signal onto a second
ultrasonic carrier wave; wherein the first and second ultrasonic carrier waves have

different phases.

24. The apparatus of claim 23 wherein the first ultrasonic carrier wave is orthogonal

to the second ultrasonic carrier wave.

25. The apparatus of claim 24 wherein the processor, when processing the audio
signal into the first processed audio signal, applies a modified square root

preprocessing method.

26. The apparatus of claim 25 wherein the processor, when processing the audio
signal into the second processed audio signal, determines the difference between the
envelope of an ideal square root signal and the envelope of the first processed audio
signal.
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signal into the first processed audio signal, applies a nodified square
root preprocessing nethod. 26. The apparatus of claim 25 wherein the
processor, when processing the audio signal into the second processed
audi o signal, deternines the difference between the envel opeygfg #jsi deal
square root signal and the envel ope of the first processed audio signal.
18 -.3,,DEC_2005 27.. The_apparat.us,of .cl aim26.wherein the nodified square
oot " pPkpr cHASARRATAIHE Ab&ATh P lNByP HBepOUEh Okt b aRTRSs T o1
per f or fefitbcPaSSlieS 5y tHOproeBSsGHdopprivestthe skl 6f: si gnal to generate a square
rooted signal; alternating the gain of the square rooted signal between
positive aperfowgag & sqyare roel aperajionsen dbe eidio signabie ganajaitca aasiase

flipped sigpal 8. The,a ratus of claimz26 wherein the i fied sguare
oot et hod e StinaloSrRAS WS o, Bt Bie Bt eronTad sl BRbige T BaltYie
further ste@n@heggﬁ\fégémiméshe audi o signal by a predeterm ned anount

prior to performng the square root operation to ensure that the square

root oplkseiectedl lesationsdegenerata afigped siingbs. 29. The apparatus of clai m 27
wherein the selected | ocations of the signal are lower turning points of
the signal. 19

28. The apparatus of claim 26 wherein the modified square root method

preprocessing method applied by the processor comprises the further step of:
offsetting the audio signal by a predetermined amount prior to performing the
square root operation to ensure that the square root operation only results in real

values.

29. The apparatus of claim 27 wherein the selected locations of the signal are lower

turning points of the signal.
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