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Abstract
This paper presents a method of steering audible sound beams
generated by parametric arrays in air. A hybrid system
consisting of combined electronical / mechanical phased array
technique is used. Although commercially available emitter
technology has been used and therefore several guidelines
known from prior-art phased arrays could not be realized,
sufficient beam steering performance has been reached. 

1. Introduction
So-called parametric arrays can be used in air to generate
audible sound with high directivity, so that sound can be
projected onto a target similar to a light beam emitted from a
spotlight.

A standard way to fulfill this goal is the use of a sound
transducer whose diameter is much larger than the wavelength
of the sound wave to be transmitted. A good way is having it
10 times larger. But audible sound wavelengths are relatively
long compared to the size of common loudspeakers; for
example, a 500 Hz tone has a wavelength of approximately 70
cm. To achieve a beam of acceptable narrowness at this
chosen frequency, one had to use a loudspeaker with more
than 7 meters in diameter which would be far away from being 
reasonable in practice. 

Another solution is using standard array signal processing
with multiple loudspeakers. Again the overall size may
become large and uncomfortable for practical applications.

The solution to overcome this problem is using a
parametric array: Ultrasound is used to get a narrow beam
with acceptable transducer dimensions since the wavelength of 
e. g. a 40 kHz sound wave is approximately just 8 mm.
At high sound pressure levels (SPL), non-linear effects appear
and the shape of an original sine wave becomes distorted. The
way of this distortion generation can be calculated and
therefore be used in our application. Indeed this non-linearity
is the useful effect that we exploit. 

The ultrasound wave is used as a carrier which is
modulated by an audio signal, say music or speech. The non-
linearity of air acts as a demodulation device. The air itself
then acts as a virtual loudspeaker since it demodulates the
emitted sound waves in the same way it created distortions in
the above mentioned example. Because of the narrow
ultrasound beam, only the column of air molecules inside this
high-SPL beam in front of the transducer is forced to work as
an end-fire array and to create audible sound while having the
audio signal being a parameter to the ultrasound carrier. 

To steer the sound beam into a desired direction, a phased
array technique is used: ultrasound emitters are arranged in
four sub arrays representing four different channels. A DSP
(Digital Signal Processor) is used to apply respective delays
on the amplitude-modulated signals sent to each channel, thus

the emitted elementary wave fronts overlay and form a new
wave front traveling into the desired direction. 

Generally, phased array techniques only work sufficiently,
if the single transducers can be modeled as point sources
emitting sound into all directions equally. Otherwise, it would
not be possible to deliver enough sound power into other
directions than straight forward. 

Indeed, a single transducer of that type used in our
experiments already has a directivity function differing from
that criterion, so that e.g. SPL is reduced up to 20 dB at an
angle of 40°. Due to this fact, driving the transducers,
respectively the sub arrays with time delays will not suffice to
steer the sound beam into the desired direction. To ensure that
enough acoustic power can be delivered to angles differing
from 0°, the transducers or sub arrays have to be turned
mechanically into the desired direction in addition to delaying
the respective signals. 

The new concept for steering the acoustic beam therefore
must be a hybrid system and consist of a mechanical part to
turn the sub arrays and an electronical part to generate the
respective time delays, which is done by a DSP.

2. Parametric Array Theory 

2.1. Basic considerations 

Considering two plane sound waves with different frequencies
interacting in air having high sound pressure levels,
intermodulation products come into effect since non-linear
effects have to be considered. This intermodulation process
results in secondary sound waves having the sum, respectively
the difference frequency of the above mentioned primary
waves [1]. 

By amplitude modulating an ultrasound carrier with an
audio signal s(t), the primary sound pressure 1p at an axial
distance x from the source array can be described as follows
[2]:
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where x is the axial coordinate,
0p is the ambient pressure,

0c is the small signal sound velocity,α is the dissipation factor
and m is the modulation index. Again at high sound pressure
levels, corresponding to the difference tone generation in the
example mentioned above, the modulating signal becomes
demodulated in air, resulting from the intermodulation process
of the carrier and the sidebands as primary waves.
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2.2. Generation of audible sound 

Due to the interaction of the primary waves, the column of air
molecules in front of the source can be regarded as volume
distributed sources with source density q generating a
secondary wave [2]: 
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with β as nonlinear parameter and 0ρ as ambient medium
density. These virtual sources are distributed along the
propagation axis of the primary wave, creating a virtual end-
fire array with all elementary sources being in phase, so that
the elementary waves add up in the direction of the primary
beam [2, 3, 4].

In reference to Westervelt [4], this resulting secondary
wave equation is given by: 
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For simplicity, we assume the beam geometry to be circular
with radius a, so that the on-axis demodulated audio sound
pressure 2p can be described as follows [2]: 
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Further literature about using rectangular aperture sources can
be found in [5]. Using inaudible ultrasound with appropriately
chosen frequency as carrier, a highly directed audible beam
can be achieved when audio is used as modulating signal,
being demodulated in air. 

Equation (4) shows that the audio sound spectrum results
in a 12 dB/octave slope down to low frequencies and as well
contains a harmonic distortion component that results from
interaction of lower and upper sideband waves.

3. Beam steering 

3.1. Phased array technique 

 
Figure 1: Beam steering with point source array.

Phased array technique is usually done by arranging N
transmitters to an array and applying appropriate time delays
∆t to each element. This results in a propagation delay ∆l
between each of the elementary waves which now overlay to a
new wave front traveling to the desired angle Θ as illustrated
in Fig. 1. The required time delay between neighbored
elements is [6]: 

Θ=∆ sin
0c

dt (5)

The inter-element spacing distance d should not exceed half
the wavelength λ in order to avoid unwanted grating lobes. 

Figure 2: Single element directivity plot. 

Fig. 2 shows the directivity of a single element, measured at a
distance of 30 cm and at a frequency of 40 kHz, our carrier
frequency. It can easily be observed that the directivity pattern
is characterized by strong output attenuation at angles
differing from 0°. This gives us the advantage of minimized
grating lobe level although the array inter-element spacing is
17 mm, approximately 2λ. The disadvantage of the single
element directivity is that sound cannot be steered into any
direction by applying electronic delays solely. Due to this fact, 
the respective elements and therefore in our approach the
respective sub arrays have to be tilted into the desired beam
direction simultaneously when applying phase or time delays
for beam steering. 

Figure 3: Hybrid beam steering with mechanical tilting and 
electronic time delays. 
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When combining both mechanical and electronical beam
steering approaches, we talk about a hybrid system as
illustrated in Fig. 3. 

3.2. System realization

The system realized for our experiments mainly consists of
two units: the DSP box which accounts for signal processing
on four channels and the array box containing four
mechanically turnable sub arrays arranged as louvers, as
shown in Fig. 4: 

Figure 4: System hardware; left: DSP box, right: Array box. 

The system allows hybrid steering of the audible beam within
an angle of +/- 40° in the horizontal plane, while steering in
the vertical plane over 270° is done by turning the whole array
box around its mounting handle by a stepper motor. Both axes
are controlled via USB interface. The following paragraphs
deal with beam steering in the horizontal plane only.

3.3. Signal processing algorithms 

The signal processing has been divided into an analog and a
digital DSP based part as illustrated in Fig. 5.

Figure 5: Signal processing algorithms. 

Dynamic range control is required to achieve mostly constant,
respectively maximum modulation depth yielding maximum
efficiency of parametric audio generation. It additionally
avoids over-modulation which would result in severe
distortion.

The four channel beam steering algorithm is applied to the
amplitude modulated signal and adjusts appropriate delays to
the respective signals while a second modulation step shifts
the delayed signals to the ultrasonic range in the analog part of 
the design. This allows limiting the audio bandwidth in the
digital domain to 8 kHz using a lowpass filter and therefore
saves DSP computing power. The four sub arrays are tilted
simultaneously into the desired direction when applying time
delays to the signals. 

The four signals hence are amplified and delivered to the
respective sub arrays.

The analog bandpass filter with a passband width of 16
kHz centered around 40 kHz prevents unwanted image
frequencies resulting from the analog modulation step from
being fed to the transmitters. 

4. Measurements

In the following, we focus on audible sound, without
considering ultrasound. Sinusoids have been used as input
signals. Measurements have been done inside an anechoic
chamber at a distance of 1 m. 

4.1. Frequency response 

Figure 6: Audio frequency response. 

Considering Equation 4, one would expect the audio frequency 
response to show a 2nd order highpass characteristic (blue
curve in Fig. 6). Actually, the use of highly resonative
ultrasound transmitters leads to a slightly equalized frequency
response after demodulation, as illustrated by the red curve in
Fig. 6. By means of amplitude modulation, lower audio
frequency content which is located in the sidebands nearer to
the carrier gets – due to the transducer’s resonance peak –
emitted with higher intensity compared to higher audio
frequencies.



4.2. Directivities at different steering angles 

All curves in the directivity plots are individually normalized
to 0 dB. 

Figure 7: Audio beam steered to 0°. 

Fig. 6 shows the directivities at different audio frequencies
with the beam directed to 0°, so there is no phase delay
applied. It can clearly be seen that beams become broader with 
decreasing audio frequency. This is due to the smaller array
aperture of the virtual sound sources compared to the
wavelength at lower frequencies. 

Figure 8: Audio beam steered to -40°. 

Fig. 7 shows the directivities with the beam directed to -40°.
Beams generally are slightly broader and beam patterns seem
to have lost symmetry slightly. Reflections at neighbored
louvers are probably the reason for the latter. 

4.3. Beamwidth comparison 

Fig. 8 shows beamwidths at different frequencies and for
different steering angles. Generally, beamwidths increase
slightly with the steering angle, probably due to the decreased
aperture of the total source array at large steering angles. 

Figure 9: Beamwidth comparison. 

5. Conclusions
A hybrid system for steering an audible sound beam has been
built. Our experiments show clearly that steering of audio
beams generated by parametric arrays can be done by
applying phased array technique. Although emitters have
been used that are not matching criterions for phased array
purposes from the first sight, the hybrid approach still delivers 
an appropriate beam steering performance.
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