
Abstract

The design of directive loudspeakers is a challenge for
traditional techniques because it implies big speakers due
to the sound wavelength. In this work, the design of a
directive loudspeaker using PZT ultrasound transducers
is presented. This technique uses lineal modulation
between ultrasound carrier signal and acoustic message
and takes advantage of non-lineal propagation effects.
These non-lineal effects produce intermodulation
phenomona between ultrasonic carrier frequency and
transmitted signal demodulating and generating an
audible and very narrow beam on the pointing direction
of ultrasound loudspeaker.In this work, the theoretical
aspects, the critical factors and a real implementation of
this technique are presented. 

Keywords: Ultrasonic loudspeaker, Parametric Acoustic
Array, directional beam, sound beam, non linear ultra-
sound effects.

1. Introduction

It is well-known that modern loudspeakers do not radiate
the sound equally in all directions. The directivity of a
loudspeaker is defined as the main direction which the
acoustic power produced by a loudspekeaer is radiated
[1]. To quantify this directivity, the ratio between the
acoustic intensity at a given point of an imaginary sphere
sorrounding the loudspakaer and the total transmitted
energy is calculated. In order to reduce the measuring
time and to simplify the measures, the experimental is
carried out along one plane [2]. 

If we want to increase the directivity of conventional
speakers, one solution is to make the speakers of
several meters of diameter due to the audio
wavelengths or to make speaker arrays, which are also
big and it is impractical to carry them out [3]. Therefore,
if we want to increase the directivity with a reduced

size, we should increase the frequency in order to
reduce the wavelength. Above 16 kHz, the beam is not
longer audible to humans and above 30 kHz we can
consider that we are already in the band of ultrasounds.
It is in this band where the concept of ultrasonic
loudspeaker appears, with only 20 cm in diameter is
able to achieve a directivity similar to that made by large
speakers [3]. We obtain a very directive beam beacuse
the ultrasound frequencies are higher than acustic
frequencies and have much shorter wavelengths.
However, this signal would be completely inaudible for
humans since their bandwidth frequency is above the
audible range. To solve this problem, the ultrasonic
signal is linear modulated by an acoustic signal. When
the ultrasound signal propagates through the air, with
a high amplitude level (greater than 110 dBSPL [4]), a
nonlinear effect occurs. This effect demodulates the
signal and produces a directional beam, but now, in the
audible range, along with the ultrasound beam of the
modulated signal. This kind of ultrasound speakers is
also known as PAA (Parametric Acoustic Array) because
its propagation characteristics depend on different
variables or parameters.

The aim of this work is the developement of a
unidirectional loudspeaker with a radiation pattern much
more directive than conventional loudspeakers.
Specifically, we will focus to obtain a loudspeaker with a
radiation pattern less than 10º that will allow sending
messages to a specific point. The reminder of this work
is organized as follows. Section 2 presents the basics of
parametric theory that will condition the design. In
Section 3, the hardware implementation of a PAA is
presented considering the theorical aspects and technical
especifications of the devices-. In Section 4, some results
of the implemented PAA are presented and compared
with teorical concepts. Finally, the last section contains
the main conclusions of the parametric design.
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2. Theory of the parametric
loudspeaker.

2.1. Introduction

A parametric acoustic array (PAA) consists of a cluster of
ultrasonic transducers that emit an ultrasonic signal
which it is linear modulated by an audio signal. When
the transmitter carries out the transmission of this
modulated signal over the linear limits (ULN) (around 110
dBSPL [4][3]), the non-linear effects in the air are
produced, creating intermodulation effects and an auto-
demodulation of the audio signal. This fact occurs
because the air in front of the emitting source acts as a
virtual end-fire volumetric array, then the air molecules
oscillate at audio frequency and become as a virtual
source of sound generating a secondary and audible
directional beam in the same direction of the primary
ultrasound beam (Figure 1). This array has an effective
array length, also called absorption length, which
indicates the attenuation of the pressure level of the
higher frequencies (primary waves). This length is
considered as the end of the non-linear interaction and
it is necessary to take into account for the design of the
speaker (Section 3). For now, we can assume that this
distance is a function of the combined absorption losses.

In Figure 1, the two beams are shown; the primary one,
which is formed by the ultrasound carrier and its
envelope (AM modulation) and the secondary one, which
is formed by audible frequencies.

The primary beam (ultrasound beam) is absorbed before
than the audible one because the absorption increases
with distance and frequency. Therefore, the secondary
beam (audible beam) is the one that can cross certain
distance and is also called “difference” because its
generation is due to intermodulation effect. The
intermodulation effect1 is considered between the two
tones, but the same effect is applicable for an amplitude
modulated signal and it generates upper band (double of
carrier frequency) and lower band (audible message) of
the primary waves. Apart from the desired audible
message (lower band), unwanted harmonics also are
originate, as we can see in [5]. Therefore, the reduction
of harmonic distortion and distortion of cross modulation
is significant in the design of the parametric loudspeakers.

In order to get an idea how directional and narrow will
be the secondary beam (audible beam), we resort to [6],
which states that when two primary frequency waves  f1

and f2 (f2 > f1) are confined to two beams, the beamwidth
(-3dB), !n, for the frequency difference f2 – f1 is given by
equation (1)

(1)

where  is the wave-number of the difference frequency
and  is the overall absorption of the primary wave. When
f1 " f2 , #T " 2#1, we can rewrite equation (1) as
equation (2), where #1 is the coefficient of absorption of
primary wave of frequency f1.

(2)

According to equation (2), directivity of the secondary
beam is independent of the aperture of the source, on the
contrary of linear theory, which shows that directivity of
the primary beam depends on two main parameters,
carrier frequency (carrier) and the opening of the source.
Strictly, the primary beam depends on the aperture,
especially when the wave difference is comparable or
smaller than the aperture. As an example, if we assume
that the primary frequency is 40 kHz, the frequency
difference is 2 kHz and the attenuation coefficient for air
is 0.15Neper/m at 40kHz under normal condition.
Therefore, applying equation (2), we will obtained that !n
is 7.4º. However and according to the linear theory, a very
large aperture speaker of at least 68 cm of radius would
be required to obtain a similar beamwidth for 2 kHz [6].

In conclusion, the two important properties for
parametric arrays are:

A very narrow and directional beam is obtained for low
frequencies.

Significantly reduced lateral side lobes

2.2. Non-llinear effects: Berktay’s Equation

In this section, we describe the Berktay’s approximation
[7] which is a more detailed study of the intermodulation
effects and their dependence with carrier frequency,
modulator frequency and distance. Berktay assumed that
the primary wave had the following form:

(3)

where $c= 2%fc is the carrier pulse, E(t) is the arbitrary
envelope and P1 refers to the part of the amplitude of
the carrier that will be converted to sound pressure. It is
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Figure 1. Generation of the audible beam through the PAA.

1The intermodulation effect occurs when two sinusoidal
ultrasound tones are radiated (f1 and f2), and two new waves
are produced, whose frequencies are fd = f1+– f2 . fd is the
addition and subtraction frequency of the original frequencies,
f1 and f2.
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therefore established for a point along the axial axis of
radiation of the array that the secondary (or
demodulated) beam is equation 4 [6][7]:

(4)

where P1 is carrier frequency presure, corresponding to
the primary source; S is the area of the emitter, which is
considered as the effective area of the transducer array;
' is the coefficient of nonlinearity; P0T.P is the density of
air that depends on temperature, T, and sound pressure,
P ; c0T is the small signal propagation velocity; # is the
absorption coefficient or attenuation of the ultrasonic
carrier and finally (=t– –––c0T

z , includes the time, t, and the
time delay, –––c0T

z , that the wave takes to reach a certain
distance, z, on the propagation axis.

This is the reason because it is called parametric acoustic
array: the secondary beam or demodulated signal
depends on four parameters:

• Carrier pressure (primary wave).

• Size of the ultrasonic source.

• Modulated signal envelope.

• The absorption coefficient that depends on the
frequency of the ultrasonic carrier used for each case.

In this way, we can improve the quality and the sound
pressure level of the audible signal modifying one of
these four parameters. As example, the higher frequency,
the higher absortion coefficient, and therefore we could
improve the amplitude of the sound reducing the carrier
frequency.

Aditionally, another expression for P2(t) can be obtained
from [3] as it is shown in equation (5) which clearly
indicates the proportionality of the pressure with the
previous parameters:

(5)

With Pc as the initial pressure level of the carrier, S0 is the
circular area of the emitter, fA is the frequency of the
modulating signal, x is the distance from the user to the
ultrasonic loudspeaker and LG is the effective length
obtained from several aspects. Equation (5) shows that
the pressure of the acoustic beams depends on the
square of the frequency, fA. This means a positive slope
of 12 dB / octave. Therefore, it becomes necessary to
equalize the audio signal before being introduced into
the corresponding modulator.

Another model that evaluates the generated sound is the
Model KZK (Khokhlov-Zabolots-kaya-Kuznetsov), which
calculates the pressure taking into account the non-
linearities produced in the primary waves (ultrasound
waves), due to absorption and attenuation. It is the most
useful and traditional method, combining nonlinearities,
dissipation and diffraction of the directional sound beam.
There are two techniques to solve it. The first one is the
frequency domain called the spectral method. The
problem of this method is the required computational
time due to calculations related to shock waves, and
therefore the formation of a substantial amount of a high

number of harmonics. Although they may be reduced
[1,2].

2.3. Rayleigh distance, effective length and
generation length 

As it has been explained in Section 2.2, the parametric
array theory describes the nonlinear interaction in the
near field, but nonlinearities still occur beyond this zone,
in the far field, producing different results. In this section,
we will explain in more detail the concept of Rayleigh
distance, effective length generation length and how
their pairing can influence the design of the speaker.

2.3.1. Rayleigh distance

Westervelt described the parametric arrays by introducing
the second-order wave equation. It also dealt with a
quasi-linear solution, where there is a linear term (P1) and
a non-linear correction (P2): 

(6)

Berktay complemented this approach with a far-field
solution for pressure difference and he considered a
strong absorption. Therefore the nonlinearities should
remain only in the near field.

The parameter describing the transition between the
near and far field is known as Rayleigh distance and it is
defined by as follows (equation 7):

(7)

where ) is the wavelength of the main frequency of the
two primary waves (for us it is the carrier frequency) and
is the area of the source.

2.3.2. Effective length or Absortion length

The strong absorption condition is given by [8] where #0
is the coefficient of absorption at the carrier frequency
(ultrasound frequency).

(8)

In the case of our array, it is the total absorption
coefficient that determines the extent of the interaction
of nonlinearities [8] and it is a combination of different
coefficients (equation 9),

(9)

where #a and #b are the coefficients of absorption of the
primary frequencies and #– is the absorption coefficient
of the difference wave. Because the absorption
coefficient of the difference wave is much smaller than
that of the primary waves, we can disregard it, and the
equation 9 simplifies to equation 10:

(10)
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Audible pressure depends on carrier pressure, effective
area, signal envelope and the absorption coefficient.
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The effective length or absorption length indicates a
significant decrease in the sound pressure level of the
high frequencies. In fact, the end of the non-linear
interaction is considered. Therefore, we can define the
absorption length or effective length of the parametric
array as (equation 11):

(11)

As the quasi-linear approximation is used, the formation
of shock waves does not take place in the array. The high
absorption condition states that the Rayleigh distance
must be longer than the absorption length, as we can
see in Figure 2. For cases where the absorption length is
greater than the Rayleigh distance, the generation of
nonlinearities continues beyond the far field, producing
an anticipated attenuation of the audible difference
wave[9].

In [9], they propose a design criterion in which the length
of absorption is compared to the Rayleigh distance, using
one of the following methods. Increase the operating
frequency to the lower the absorption length or Increase
the area of the ultrasonic source by increasing the
Rayleigh distance. The first option is useful when speaker
coverage needs to be shorter, such as in the case of a
museum or in videogames. This will require the use of a
different type of transducer having a higher resonant
frequency. The second option, it becomes necessary to
use a larger number of transducers, reaching a greater
coverage distance. The advantage is that it is not required
increasing the frequency and therefore the same type of
transducers can be used.

2.3.3. Generation length

Another important parameter is the Generation length,
described in [4]. The audible beam width is defined by
the aperture of the source and the generation length (LG)
in terms of beam width and auditory volume, as we have
seen in the previous sections. The directivity, as we will
see below, depends on the distance to the emitter and
its opening: a large active area gives a smaller beam
width. For x ≤ LG the beam width decreases as we
approach the source. For x ≤ LG, the beam width remains
constant. On the other hand, the generation length

depends on spherical propagation, dissipation and
saturation. All effects that depend on the frequency and
giving three characteristic lengths. This theory is very
similar to the one commented on in the section of
effective length but with certain margins of security as
to the definitions of these three distances.

In the far-field region, where the listener’s position is
greater than the Rayleigh distance, the carrier’s NPS
begins to decrease gradually until it reaches a value
below the ULN due to spherical propagation and the
contributions generated can be considered negligible
compared with which they are generated in the near
field. Therefore, if we define that distance LR as the
distance where the carrier’s NPS drops 3dB below its
value to the Rayleigh distance, its definition would be as
follows (equation 12):

(12)

where fc is the carry frequency. Similarly the LD is defined
as the dissipation distance where the NPS falls 3 dB
below its initial value due to the atmospheric absorption
corresponding approximately to (equation 13): 

(13)

The remaining length to be determined is the acoustic
saturation. It is established at a distance where there is
an extra increase in the electric power level, which results
in an increase in the level of harmonics of the carrier but
not in its level. At three times this distance, the sawtooth
shape is reached and the SPL decreases as we increase
the distance. LS denotes the distance where the NPS of
the carrier falls approximately 3dB below its maximum
value where it reaches the sawtooth shape (equation 14).

(14)

With only one effect of the previous ones occurring, LG
must be evaluated by the minimum of the three
characteristic lengths (equation 15):

(15)

Although the frequency response is theoretically
characterized by a slope of 12 dB / octave that produces
an NPS drop at low frequencies, there is also an
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Rayleigh distance should be matched to absorption
length to obtain a high level of audible demodulated
signal.
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Figure 2. Scheme of the loudspeaker system and regions of acoustic fields produced.
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additional effect, the coherence length, which
determines the lowest audible frequency that the speaker
is capable of demodulating. To ensure a sufficient level
at low frequencies and to take into account the slope,
we set the low frequency objective limit two octaves
above the lowest frequency and define that length as
(equation 16):

(16)

LG should match the value of LC.

2.3.4. Conclusions

As a final recommendation at [9], it is suggested to
match the Rayleigh distance to the absorption length to
obtain an audible demodulated signal with a high level
of pressure in the far field. They also add that future
speaker designs would have to raise the possibility of
expanding the Rayleigh distance beyond the length of
absorption to obtain better results on the PAA and that
if the high absorption condition is not met the theory
should be reviewed to describe precisely how the PAA
behaves in the far field.

All this serves as a design tool for choosing the fc
according to the application you want to search. If an
application is searched for meetings or encounters, a larger
area with a smaller carrier NPS will be searched, the
saturation limit being not restrictive in general for this case
[4]. Conversely, if we want a shorter environment, we have
to reduce the size of the emission surface at the expense
of increasing the power of the carrier and its frequency. 

3. Implementation

In this section, a real implementation of the PAA is
explained taking into account the theorethical aspects
described previsously. For this propuse, this section is
composed by 4 subsections. The first one describes the
study of ultrasonic transducers based on their sensibility.
Section 3.2 describes the chosen shape of the PAA to
perform an optimal active surface. Finally, sections 3.3
and 3.4 describe the layout and the amplifier.

3.1. Study of transducers

The pre-seleted transducers for the study were MA40S4R
/ S (Murata), MCUSD16P40B12R0 (Multicomp),
MCUSD16A40S12R0 (Multicomp). All of them are
ceramic piezoelectric transducers and are maneuverable,
low cost and the resonance frequency is at 40 kHz.

In order to analyze which transducer is better, the layout
showed in Figure 3 has been implemented. The
frequency response of the transducers (equation 17) has
been obtained as the ratio of the received signal Vrx (f)
of the evaluated transducer and the transmited signal,
Vrx (f) (the transmition transducer was the same for all
the measures). Different kind of signals were used
(broadband signal and narrow band signals) and the
analyzed bandwidth were between 30kHz and 70kHz.
Figure 4 shows the results for the three preselected
transducers. Although all of the transducers offered
similar results, finally, the 16P4 model was chosen, since
it showed the highest amplitude at the frequency of
40kHz with a 2.10kHz bandwidth.

(17)
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Figure 3. Setup to measure the sensibility of the
transducers.

Figure 4. Modulus of frequency response of transducers.

Lc=
2c
fA,L

Htransducer( f )=
Vrx ( f )
Vtx ( f )



3.2. Shape of the array and number of transducers

The correct configuration of the array depends on the
application and the mounting space available in each
case. As the generation length depends on the
morphology of the array, different morphologies lead to
different responses in audio frequency and directivities
[3]. In Figure 5, we can see the different configurations.

We have two large groups: rectangular group in which
we find to the arrangement matrix and hexagonal and
circular group, in which we find the cicular array and the
ring. Finally, a hexagonal embodiment with a bee
honeycomb distribution was chosen because it
maximizes the active area respect to the others
morphologies (circular or rectangular) [10]. 

On the other hand, to decide on the appropriate number
of transducers, the authors assessed two aspects: budget
and previous works [3,5][11][12]. Finally, the chosen
number was 91, as it is a correct number for our
parametric speaker. 

3.3. Layout and assembly

As we have explained in the previous section, the
selected morphology is hexagonal formed by 91
transducers, but we organized them by 4 independent
rings around the central point instead of connecting all
the transducers (91) in parallel. This fact leaves the doors
open for future works as: the use of each ring with
different voltage respect to the others, beamforming or
the study of directivity depending on the active area. 

The authors have tried that all the rings have similar
number of transducers: the central ring 1 (that is a circular
shape) has 19 transducers meanwhile the next rings (rings
2, 3 and 4) have 18, 24 and 30 respectively. In conclusion,
with this configuration, speaker beam was made as
uniform as possible (compensation of amplitude) and a
phase compensation [3] could also be performed.

3.4. Design of the amplifier

For the amplification stage, the C.I. LM3886 was used
[10] which offers the bandwidth necessary (20kHz –
60kHz) and the output power (68W) for the 91
transducers. Additionally, the existence of a lower pole
will influence the frequency response of the loudspeaker,
improving the lack of bass.

4. Results

In this section, the different experimentals that have been
carried out are explained and the performance of the
implemenented PAA is described. Each experimental tries
to assess diferent aspects, which are:
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The active area,the power and  frequency of the carrier
condition the application: larger area with low carrier
NPS  for meetings, high power for shorter environ-
ments.

Figure 5. Different morphologies of array. a) Matricial. b) Uniform Hexagonal Array(UHA). c)Circular. d)Hexagonal.

Figure 6.Left and center: implementation of the routing and result of the array. To the right: position the transduc-
ers with the clockwise direction marked by the red arrow. Circles of the same color denote transducers of the same

ring, interconnected between them.



• Amplitude response of the loudspeakerThe pressure
received as a function of the input voltage.

• Audible beam and ultrasonic frequency response.

• Radiation diagram of the audible beam and ultrasonic.

• Sweeping the carrier frequency of the system.

4.1. Amplitude response of the loudspeaker

This experiemtal asses how the PAA response to different
amplitudes of the input signal, that means the dynamic
range of the system. For this purpose, we set the receiver
(Microphone ICP M5 PCB PIEZOTRÓNICS) one meter away
from the loudspeaker and an amplitude modulation signal
was emited. The amplitude of the carrier signal was swept
from 0.05 to 0.75Vp and was amplified 40 times by the
amplifier (2V to 30V). The carrier frequency was 40kHz, the
modultation factor was 0.5 and the modulating signal was
a sinousoidal signal of 1kHz. 

Figure 7 shows the received amplitude versus frequency (axis
X) and versus transmitted amplitude (axis Y) for an
ultrasound signal (Figure7a) and demodulated sound signal
(Figure7b). We can notice that the maximum level of the
main beam (40kHz) is reached with low level of signal (0.2V)
(Figure 6a). When the input amplitude reach 0.35V, we also

notice how other harmonics appear: 80kHz, 80 . 1kHz,
120kHz, 120 . 1kHz, etc. Meanwhile, in the audible tone
we see how the level increases, until it reaches its maximum
(input signal at 0.5V). In this point, the level of the harmonics
(2kHz and 3kHz) starts to be appreciable (Figure 6b). 

4.2. Frequency response of the loudspeaker

The aim of the next measure was to obtain the frequency
response of the system. For this purpose, the layout was
kept similar to the previous one (one meter between the
transmitter and receiver) but we have to take into account
that there are two beams: the primary one corresponding
to the ultrasound one and the secondary one
corresponding to the audible beam. Therefore, two
different types of excitations or frequency swept were
carried out. To measure the frequency response of the
ultrasonic beam, we perform a frequency sweep with a
pure sinusoidal signal from 10kHz to 80kHz. Figure 8a
represents the frequency sweep versus amplitude, where
we have assumed that the ICP microphone M5 (receptor)
has a flat response in the working bandwidth. In addition
we can check that the maximum pressure level is obtained
around 40kHz, whose value was 123.3 dBSPL. The
bandwidth of the ultrasonic beam at -6dB was 4.6154kHz.

On the other hand, to measure the frequency response
of the audible beam, we employed an AM signal where
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Figure 7. a) Received ultrasonic band, with modulated signal harmonics, b) Demodulated tone in receiver of 1kHz
and their respective harmonics (first harmonic in 2kHz).

Figure 8. Left: Normalized frequency response of the ultrasonic band. Right: standard frequency response of the
audible band.



we perform a frequency sweep of the modulating signal
from 1kHz to 20kHz (Figure 8b). We observe that the
maximum pressure is obtained for 12kHz and whose value
is 85.52dBSPL, a fairly considerable pressure level, taking
into account the Wegel curve. The minimum sound
pressure level is reached at 4.5kHz with a sound pressure
level of 58.8dBSPL. Therefore, we can notice that our
speaker could be used for transmiting music or language,
as far as levels of pressure and bandwidth are concerned. 

4.3. Radiation diagrams

In this section, the measurements of the radiation diagram
are presented. The layout was kept similar to the previous
one, but two different distances between loudspeaker and
receiver were performed: 1 m and 2 m. The transmitter
was turned from 0º to 360º in 5º steps (75 points),
meanwhile the receiver was kept in the same position.
Different receivers were used in the reception stage: a
16P4 transducer (for ultrasound beam), Beyerdynamic
microphone (for sound beam) and M5 ICP (for redundancy
as broadband receiver). 

For the audible radiation diagram (Figure 9), all the rings
were connected and the transmitted signal was an AM
signal with 1kHz modulating signal. At one meter (Figure
9a), the audible beam width (4º) is much smaller than
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Figure 9. Left: 1kHz audible tone radiation pattern measured at 1m. Right: Audible tone radiation pattern of 1kHz
measured at 2m.

Figure 10. Left: Ultrasonic beam diagram at different frequencies at 1 meter. Right: Ultrasonic beam diagram at dif-
ferent frequencies at 2 meter.

Figure 11. Ultrasonic beam diagram at different fre-
quencies for the center ring and all connected rings,
measured at 1 meter; right: Ultrasonic beam diagram

with all connected rings, measured at 2 meters.



two meters (Figure9b) (25º). We also observe that as we
move away in distance the beam width widens and the
speaker is not as directive as originally expected.

For ultrasonic radiation diagram, (Figure 11), the two
distances (1m and 2m) were kept for the analysis but a
pure sinudoidal signal of different frequencies was used.
Figure 11a and Figure 110b show as a higher frequency,
as more directive. In addition, the authors have verified
that the directivity increases as the number of transducers
increases (Figure 11). Also to emphasize that our design
is not exempt of secondary lobes, that must be grid lobes
reduced by the stepped structure, as we have seen in the
developed theory of the PAA. We can also see that the
beam width does not depend as much on the distance
as the audible beam.

4.4. Sweep of carrier frequency

To measure if the optimum frequency to work in our
system, we perform a frequency sweep of the carrier
frequency, keeping all other parameters constant. The
maximum pressure value received was not at 40kHz as
we can see in Figure 12 and it is slightly displaced
towards higher frequencies, particulary it is in 40.27kHz,
with a maximum sound pressure value of 92.84 dBSPL.

5. Conclusions

In this work, the theoretical fundament of the PAA has
been explained: Rayleigh, absortion and generation
distances and how the active surface of the PAA
conditions it. Beginning from this study, a practical
implementation of a PAA has been carried out. A
hexagonal morphology has been selected to maximize
the ative surface respect to the number of the transducer.
Finally, the empirical characteristics of the PAA have been
presented: we have verified that two directional beams
are created, ultrasonic one and audible one. The
ultrasonic beam was more directive than the audible one,
due to the higher frequencies. As for audible beam, the
loudspeaker reachs acceptable levels for the reproduction
of speech and music, as it has a considerable bandwidth. 

With regard to directivity, which is one of the parameters
with which we focus much on this project, we can say that
indeed our speaker is very directive (4º) for short distances,
close to one meter. It is no longer so much from two
meters, where the beam width widens up to 25º.
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Figure 12. Sound pressure of 1 kHz tone depending on carrier sweep.
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