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ABSTRACT and 23.6 kHz. In 1983 Yoneyama andifgto [4] presented an
important application of these namdiar effects, which is used as

a basis for the present study: tbaerametric loudspeakearray.

They claim that madlating the amplitude of an ultrasonic carrier
with a broadband audio signal, and running the modulated signal
. . . through an ul@sonic transducer, the audio signal will 'self
sound pressure level, due to a nonlinear wehaf the fT‘Ed'”_mv demodulate' while preserving the directivity of the iearbeam.

the ultiasonic signal gets selfemodulated. The resulting signal The RMS pressure of demodulated sigs proportional to the

has two important characteristics: that of becoming audible; andsecond timederivative of the envelope of the AM signal, as-pr

that of having the same directivity properties of the ultrasonic dicted by Berktay [2].

carner fl_equency. . ) . Having in mind the application of a personal audio system, the
_Inthis paper we describe the theiaral advantges of single distance between the listener aratgmetric array has bees-a

sideband (SSB) modulation versus a standardigadpl modu- sumed to be of 1 meter or less, which means that the listener is in

tion (AM) scheme for the abos@escribed apptation. We @- the near field of the array.

scribe our neafield soundfield measuringxperiments, and pr

pose steering solutions for the array using two differgmedyof

transducers, piezoelectric or elestatic, and the proper suppor

ing hardware.

Nonlinear effects in ultrasound propagation can be used for ge
erating highly directive audible sound. In order to do so, we can
modulate the amplitude of the audio signal and send it td-an u
trasound transducer. When played back at aicserfitly high

In Section 2 we discuss the SSB modulation and the standard
AM used for parametric arrays of loudspeakers. Here wasept
some of he advantages and disadvantages of both. dticBs 3
and 4 we describe our experiments and the relatedunezaent
results of the beam pattern, while in Section 5 we will propose a

1. INTRODUCTION solution on how to accomplish a saible beam steimg and in
Section 6 onclusions are drawn and future perspectives ae pr
The nonlinear effects generated by highel ultrasound wre sented.

studied already in the 1960's by Westervelt [1]. Westervelt found
that the nonlinear effecteade the beam act as a dtsition of
sources, creating what he callegarametric aray;, if two colli-
mated sound beams travel in the samectiie, the nonlinearity
of the propagation medium will gersge components at the sum
and the difference of thieequencies. The sound beam will gro
agate with the same (highjrectivity of the primary beams.
Berktay, few years later [2]niroduced the concept of envelope,
showing the link between the primary sound and the scattere
sound geerated by the nonlire effect. The scattered sound
RMS pressure is propiional to the second timéerivative of the
squared emslope of the primary sound.

BerktayOs contribution is still used as the easiest, but st effe
tive, model for this application. WesterveltOs weods theoret
cal and BerktayOs studies were limited to underwater applic
tions. Bennet and Blackstock [3] in 1975 showed the actual e
istence of parametric arrays in air, being able tosareathe 5
kHz difference frequency, generated by the nonlinearaotien
of two highly collimated primary beams at resipeely 18.6 kHz

2. MODULATION SCHEMES

Standard amplitude modulation has always played and still plays
a major role in parametric array studies. Among the modulation
schemes, AM is one of the simplest to ustiend ad imple-
ment.
gt is well known that AM can be achieved by multiplying the
sinusoidal carrier by a modulating (infoation-carrying) signal,
which in our case is the audio signal. The spectrum of ttdemo
lated signal has two sidebands, symmetric watiped to the ca-
rier frequency, and the carrier itself. The AM envelope can be
thought of as the audio modulatingysal. The receiver of the
AM modulated signal is as simple as a peakatete

Two things can be inferred from this. First of all, it is reaso
able to use BerktayOs work based on the envelope ofitherpr
signal to have a simple and basic model for the differenee fr
gquency pressure; in AM, the envelope is thi#erence pressure
signal since the envelope is a base bardgudio band) signal.
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Second, more important for commercial apgilans, nonlinear communications is without carrier, but in thergmetric array
interaction happens between all thegfrency components of the  application one needs &ad the caier to generate the difference

AM signal causing distortion. frequencies in the audio band. Thus we usede@a#ied SSBWC
We should distinguish between two types of distortion. One signal (singlesideband with agier), which means we added the
can be considered an intsaeband distdion and the othenter- carrier (acoustically or etgrically) just after the standard SSB
sideband distortion. moduktion.
The intrasideband distortion is caused by differeregrency Having just one sideband, we do not need to be aseraed

components that subtract each other within a specific sidebandwith inter-sideband distortion, therefore we do not need to use
Although its impact is not negligible, this type of distortion has KiteOs pr@rocessing. Moreover it may be irgsting to be able
not been stdied in this work. Inter sideband distortion, on the to choose which sideband to use according to the frequency r
other hand, is the interaction between the frequency componentsponse charéeristic of the transducer array and the absorption of
of two different sidebands. The two sidebands interact and morethe transmitting channel. One more ratheriobs advantage of a
distortion is added to theeshodulated signal. This inter sland SSB approach is that it uses the available bandwidth mare eff
distortioncan be educed. Kiteet al.[6] propose a prprocessing ciently than the double sitland approach.
algorithm to reduce the inter sideband distortion. This algorithm In the next section we will ssome measurements done to
is used in most published applications of tteeametric aray compare AM and SSB performance
loudspeaker. It is interesting for the goals of this study to nde
stand whatdistortionthis algorithm reduces arfbwit does this.
KiteOs algorithm is based on BerktayOs model [2,6], as it simply
applies theoppositeoperations present in BerktayOs model. A
cording to the model, a collimated wave consisting of an iampl
tude modulated wave of pressure

3. AM AND SSB PERFORMANCE MEASUREMENTS

In order to comparatively test the effectiveness of the AM and
the SSB scheme, a set of measurements were done to determine
the sound pressure levels (SPL) o arious signals atffierent

p,(t) = RE(t)sin(" ) (1) distances from the array. For these measurements we used an
where P, is the amplitude of the carrier signaly) is the mod- pctagnnal array made of 120 piezoelectric transducers, each ha
lating envelope and, is the carrier angulardgquency, will - ing a resonance frequency of 38 kHz. The array was moved away

d‘rom a B&K 4138 microphone, used to rnsege the sound pse
sure as a function of distance; the minimusiagiice is 5 cm and
X the maximum 1 m. Because of the ronone's wide and flat
()= "PA ﬁ E¥(") 2) frequency response we were able to measure both the audio and
P 16#$ch2%&2 ultrasonic band signals simartteously. The signalensed by the

wherel = (* + 1) is the coefficient of nonlinearity {=1.2)," is microphone was analyzed using a HP spectrum analyzer which

i " . L allowed us to automiatally filter the meaurements, avoiding
the ratio of specific heatg, is the radiating area of the tsain- any spurious signal that could have influenced milts, as

cer, #, is the density of airg, is the smalsignal wave propga- pointed out by Blakstocket al.in [3].

tion speedz is the axial distancé} is the absorption coefficient The signal source/as an iBook G4 connected to an Edirol e
of air for the carrier frequency. Expression (2) shows the depen teng| audio card. Twiatlab ~ scripts were written to gerate
ency of the demodulated agdlo signalspuee on the envelope of AM and SSB modulation of the carrier by a 1 kHz tone. The ca
the amplitude modulated signal. The envelope is albanthey- rier frequency was 38 kHz in both cases and rapiag fre-
nal for definition. Expression (2) is an important formulag-pr uency of 192 kHz was used indfD/A-conversion. The mag

sented by Pompei in [5], because it is the adaptation of Berktayq ted signal was then sent to a witnd NAD anplifier and
model to parametric loudspeaker arrays, where the modulatmq:rom there to the pzoelectric array

signal is a broadband audigsal. PompeiOs work is rerkable The measurements showed interesting resuit§iroang our
because it contributed to one of the few commercial products . .

expectations and helping us plan future work.
based on the parametric array. Pompei bases his study kn Ber As a first step the nedield distance of the array was

tayOs model and on the usage of AM modulation and KlteOs a
gorithm. The present work, as it will be shown later on, makes ¢ checked. The nedreld distance is given approximately by the
following equation

different choices than PapeiOs approach, [5]. .

KiteOs preprocessing algorithm applies 1) a double tiregraht n= a 3)

to compensate for the double time derivative and 2) a square root #

to Compensate for the quadrati(nhoearity in BerktayOS model. For a circular array having a radius of 6 Cﬂ]dnd a Signa| ca
The carrier themmultiplies the preprocessed audio signalpA  rier of 38 kHz, the equation gives a néiatd limit distance of

plying in sequence KiteOs algorithm and BerktayQu#iosol 1 25 m, which corresponds to the farthest distance used by us in
shows that the overall effect is a strong attenuation of the lowergyr experiments.

sideband of the AM spectrum: this is due to the double derivation In general, the nedield is characterized by an irregular gre

modulate after the nonlinear phenomenon in an audible soun
wave haing the following pressure:

and to the doublentegration. Hence KiteOs jmcessing &- sure pattern. Our measurements show a quite regular sowsad pre

duces inter sideband distion. sure level in the 0.1 m rame distance between the transducer
With this in mind, we think that a better solution would be to and the microphone in contrast to expectations, as showig-n Fi

use singlesideband (SSB) modulation ure 1, 2 and 3. The shape of the sound pressure level curve as a

A more efficient way to avoid intesideband distortion is to  function of distance is very similar to the one obtained bylBlac
adopt a SSB moduian scheme. The main afzeteristic of SSB stock er al. [3], which is easmable, since their measurements
is the presence of just one sideband, either therleweband were also done in the nefield; notice that Blackstock: al.
(LSB) or the upper sideband (USB). Standard SSB usedein tel were somehow forced to perform the measent in the near
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field, since the measuring room was not large enough to be in thalue just to the intesideband demodulation, since each lsadwl
far-field, while we wanted totady the neafield behavior of the had only one frequency component. This means that sirgfle fr
parangtric array. gquency modulated SSB/C should show no distortion. Theséli
tortion present in our SSB/C measurements is due to the
piezoelectric transducers which, wheequired to generate the
140 - high sound pessure level (the carrier SPL was around 140 dB),
) also generate somesttirtion. This is confirmed by the fact that
our SSB scheme shows less distortion than the AM scheme, since
AM suffers of both intesideband distortion and transduces-di
tortion. The dstortion components appear in the HP spectrum
analyser monitor as lines in the audio band, parallel to ¢he d
100 modulated 1 kHz toneOs spectrum. Referring to FiguBedid
tortion 1 corresponds to a frequency component at 2 kHz {inter
sideband distortion)while distortion 2 (transducer distortion)
80 corresponds to adguency component at 3 kHz. In reality the
piezoelectric trasducers generate more distortion components;
the majority of these components have a lower SPL dhaor-
60 tion 1 anddistortion 2, thus they are not easily dable on the
0.05 0.1 02 03 04 0.5 0.6 0.7 08 0.9 1 mOI’]ItOI‘ Of the HP Spectrum analyser

AM
150

130

SPL [dB ref 2e-5 Pa]
2

Microphone - array distance [m]

i audio = carrier © Isb # usb distortion 1

Figurel: 0.1 — 1 m range SPL for AM.

LSB-WC

distortion 2

Two conclusions can be drawn from the results of thissme
urement. One is that using AM or SSB does not changeethe d
modulated audio signal SPL (which is what we are mainly-inte

150 ested in) and both modulation schemes have a similar augdio si
nal SPL profile, as a function of distance, in the fiedd. As

discussed in section 2, we also wish to choose SSB because of its

other advantages. Moreover this paitic kind of piezoelectd

array does not really fit this application.

3.1. The transducers

The construction of the piezoelectric transducers used forcthe o
90 tagonal array is shown in Figure 4. This type of transdueer d
pends on the resonance prdjes of the piezoelectric nexial
itself (the PZT layer in thedure), the radiating cone (which is
7 needed to match the higmpedance of the PZT aterial to the
much lower impedance of air), and the air cavity. Correctly used,
this approach results in a fairly witand trasducer (typicdly
about 5 kHz), depending on the choice of resonamgedncies

SPL [dB ref 2e-5 Pa]
3

0.05 0.1 0.2 03 0.4 0.5 06 07 08 09 1
Microphone - array distance [m)]

T audio — carrier © Isb distortion

Figure 2:0.1 — 1 m range SPL for LSB-WC.
USB-wC

Cavity

Figure 4: Construction of the piezoelectric transducer
used for the octagonal array.

SPL [dB ref 2¢-5 Pa)
g8 3

Because of its bandpass characteristic, agghluse of the
80 high pressure inside the air cavity, thipe of transducer is lé
ly to produce noticeable linear and Aarear distortion in audio
applications such as the one considered in this work.
T TS ———. : The problem can be solved using other types of traessu
Microphone - arvay distance [m) such as electrostatic S#jipe transducers. Elgostatic Seltype
transducers, as shown in Figure 5, have an intrinsic high eff
ciency due to their better impedance matefwben the thin ic-
phragm foil layer and the air, which is better than the impedance
The curves of the sound pressure level as atitmof dis- match between a piedectric material and # air. Moreover,
AM, LSB-WC, USBWC. We can notice the presence of disto kHz or more) and dirive.
tion in AM: this was expected. Actually this digion should be

1 audio — carrier # usb distortion

Figure 3:0.1 — I m range SPL for USB-WC.
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Membrane/Diaphragm

Figure 5:Construction of the electrostatic transducer

The design showed in Figure 5 is a convenient Selsdtan
cer design, which can begouced by micremachining, po-
posed by Oksaneat al. [7]. A transducer of this or similaree
sign would allow us to use efeostatic transdetion to transmit a
more broadband SSB mialated signal at a higher frequency.
Working at fiequencies in the order df50-200 kHz, it would
allow us to useSSBWC with the dsired 20 kHz audio bask
width.

4. NEAR-FIELD SOUND PATTERN MEASUREMENT

Since we are interested in the néald properties of the array,
we did both aMatlab simulation and physical meaement of
the SR characteristics of the beam.

The neafield is known to present an irregular pressure- pr
file, until the farfield is reached. In the fdield the presure a-
creases monotonously, proportional to the inverse of ttendie,
while in the neafield thecoherent interaction between the sound
pressure contributions from various parts of the arragmgee a
complex interérence p#ern.

ings; this resulted in reflections and scatig from all the st
faces and objects in the room. In the gasicessing of the data,
however, the time vector measured by MLSSA was windowed to
use only the direct ghal sensed by the maphone. The reve
berant response of the room was entirely eliminated by tis wi
dowing process.

Figure 7, 8 and 9 show the SPL at the 2 kHz frequency of the
demodulated MLS signal at 0.1 m, 0.5 m and 1 m ctisdy.

The audio southbeam has high directivity and a sma#nd-

eter, the width can be estimated from the measurements to be

about 15 20 cm at the 1 meter distance.

Magnitude [dB ref. max value]

100

60

40

A6 patches 00 A/6 patches

The simulation and the measurements show how the sounu

field behaves at various cutting planes, orthogonal to the sound

beam and parallel to the plane of the array.

The numerical simulation assumes that each transducer in the

Figure 6:Sound field simulations at 0.5 m. Array
modeled as a matrix of Y86 wide patches emitting accord-
ing to formula (2). Studied frequency: 2 kHz.

array is made of a larger number of square patches whose sides

are %46 wide. Each patch is assumed to radiate as@opole
giving a sound pressure contribution Ip as shown in by the fo
lowing equation

(LR #Cju Ue%jk(zlo/m)

2%cd

whered is the distance between the transducer and thewabse
tion point andU is the volumerelocity. Figure 6 shows the sim
lation for a cutting plane ad 0.5 m. Silddes are very evident.

The measurements were done usimgbatic arm that moves
the microphone along a pdefined matrix of obsestion points.
At each point a measurement isndousing MLSSA softand
hamdware. The standard MLS sequencevided by MLSSA was
used as the audio input signal to the system. The psandom
broadband noise gerated by MLSSA was filtered using a low
pass filter having a cutoff frequency of 5 kHzawoid aliasing.
This is necessaryebause the MLSSA system lalwidth was set

(4)

to 25 kHz and the AM carrier was 38 kHz, necessary to operate

the piezelectric trarsducers.

The filtered signal was then fed to a Leader functiamege
tor to obtain standard ANhodulation. From the modaibr, the
modulated signal was again fed into a NAD diffigal, from
which the signal then is fed to the matrix of theiphase pi-
zoeleetric transducers.

The scanned matrix of obsetion points was 60 cm by 60
cm large, hawg 30 lines with 30 measurement points per line,
which means a spatial resolution of 21 mm. The matrix was ch

N
(=3

» 100+

@
(=3

[+
(=3

40

Magnitude [dB ref 2e-5]

20

0
A/6 patches 0 M6 patches

Figure 7:Sound field measurement at 0.1 m. The 2 kHz
frequency is extracted from the MLS sequence and plot-
ted.

sen to be fairly large in order to measure the entire sound beam,

estimate the directivity of the audio beam and study the field

around it. The reasurement was done in tahtory surroud-
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Magnitude [dB ref 2e-5]

measuring point measuring point

Figure 8:Sound field measurement at 0.5 m. The 2 kHz
frequency is extracted from the MLS sequence and plot-
ted.

Magnitude [dB ref 2e-5]

measuring point

measuring point

Figure 9:Sound field measurement at 1 m. The 2 kHz
frequency is extracted from the MLS sequence and plot-
ted.

Another good result is that in spite of our being in the-fielt,
the sound field is quiteven and does not show in@ence p&
tern behavior, in contrast to the numerical senah, which
however was done for a single frequency only. With @ebe
model of both the array and of the air norérity even more e
curate simulated results may dehieved.

beamforming theory can be used amplemented also for par
metric arrays.

Known techniques to create steerable beams are based on a
rays of transmitters, eadtiriven with a different but coherent
signal. Each signal differs from another by a suitable tieteyd
which is chosen in order to sum the contribution from eaatt-lou
speaker in order to for example obtainoausing éfect. If the
time delay is suitablychosen one can steer the sound beam in
different drections.

Consider an angl& in respect to the normal to the plane where
the Melements array lies and assume the iatement spcing
to have a value ofl meter, it is possible to focus and steer the
sound beam o& degrees if the signal from thath element is
delayed of
om - M g (5)
C

The farfield array response can be expressed as

M #1
H(k, n) =%&Wme#j$%§‘ej$(md/c)sin” (6)

m=0
wherew, is the amplitude weight for each element, ani$ the
frequency of interest.

Ganet al.in [8] use this theory, which is the#assical @lay-
andsum beamforming technique, to develop an alighm to
steer the difference frequency audible tone generated by self
demodulation using SSB. The proposed algorithm is tonbe i
plemented on a DSP board. We thought about some gevelo
ments in the actual state bitart.

We may use the fact we are actually working in the arrayis nea
field. Delayandsumalgorithms allow us to focus on a given
direction if we are working in the far field, however, in the near
field we can focus the array on a particular spatiedtion. As-
suming r° as the distance between the spatiabtlon and the
centre of the arrayr, as the distance between the spatial location
and themth elementy as the spatial l@tion of the centre of the
array and, as the spatial location of theth sensor we carpa

ply the follonving delays

2
o el el X,
c cf Ty Ty
to focus to the spatial location defined by the vectorhis can
be used to increase the ultrasonic power locally in the beam to

(@)

Notice that the reason of such a good measurement mighgenerate louder setfemodulated audio than otiagse possible.

also be the usage of a rather large microphoneintf8in pa-
ticular, causing a spatial integration of the sound field. Asmea
urement with a probe smaller thgg® may be interesting tood

5. BEAMSTEERING

The Figures in Section 4 show the @wEristics of a super
directive audible sound beam generated by an axpetal
parametric array audio system, the properties of which are d
termined by both hardware and digital signal processingheu
digital signal processing could help improving thef@enance
of this parametric array audio stem.

A DSP-controlled array generating a swarective audible

The same property could also be achievedisigg geometrical
focusing.

One possibility would be to build the transducer over a-par
bolic surface to direct the radiation to a chosen point. The other is
based on the idea of zpneplate which in its stadard use, is a
device to focus light using diffraction instead of refraction (like
lenses). The idea is to place rings of tragedu at different radii
in order to get constructive interference at the focus.

6. CONCLUSIONS AND FUTURE PERSPECTIVES

Our measurements show good results regarding thdinkhr
behavior of the parametric loudspeaker, which have not been

sound beam, can be used, for example, to point the beamfin a dithoroughly investigated in previous studiefieTtheorécal adl-

ferent diretion, and thedirections can be changed instant
neously, unlike with a mechanically wgrned array. Classical

vantages of singisideband (SSB) modulation versus andtad

amplitude modulation (AM) are shown to hold in piiae. The
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use of standard, commercially available piezoelectric transducerg9] F.A. Karnapi, W.S. Gan, Y.K. Chong, OFPGA impleraent

leads to problems of narrow bandwidth, distm, and large
sidelobes. Future work must focus on better adapted transducers,
arrays, ad beamsteering methods toatimvent these problems,
and will require a multidisciplinary approach scientifically and
technologically.

To implement the parametric array loudspeaker algorithm, a
possible solution already investigated [9] is the use ofdfiel
programmable gatarrays (FPGAs), digital logic chips with
some interesting features. These are based on parallel signal pr
cessing, they are reprogrammable, they can change their fun
tions from time to time, they have a shorter time to market. In
2004 Karnapiet al [9] successfully implemented an Abased
parametric loudspeaker system in a FPGA, using Kite@s alg
ithmic distortion reduction.

In our proposed system the FPGA would be used to perform
both the SSBNC modulation and the array beamsteering. A
mentioned previously, no distortion reduction algorithm is
needed distaion if SSBWC is used.

For the beamsteering many different solutions areilpless
These can be roughly divided into two categories, implesnent
tion of amplitude shading and time dgs 1) by DSP, ased
scribed in the previous &#on, or 2) bymechanical techniques.

The first solution for beamsteering requires a matrix of
transmitting elements that are addressable and algorithmically
controlled. Piezoeldric or electrostatic transdars can be
apted to these needs.

The second solution can be itself further divided into two
subgroups, depending whether we work on the transducer or on
the sound beam. So, a) with mechanical means it would e po
sible to move the surface on which thansducer is built, or b) it
would be possible to have a mirror that reflects the sound beam
to a chosen direction.
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