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Abstract—Parametric array loudspeakers (PALs) can achieve
a sharper directivity than conventional electro-dynamic loud-
speakers by utilizing ultrasonic waves. However, a PAL has
difficulty reproducing low-frequency sounds because it utilizes
the demodulation of ultrasound in the air. We proposed a
multiplexed double sideband (M-DSB) modulation for a PAL,
which can enhance the sound pressure level by utilizing harmonic
distortion in demodulation. We also developed a multi-way PAL
combining software and hardware approaches. Our multi-way
PAL consists of a tweeter PAL (T-PAL) and woofer PALs
(W-PALs), with different modulation methods and different
numbers of ultrasonic transducers. In this paper, to evaluate
the performance of the developed multi-way PAL, we carry
out both objective and subjective experiments. In the objective
experiments, the sound pressure level and frequency response are
compared between target and non-target areas. In the subjective
experiments, we evaluate the sound quality with sound sources of
music and speech. From the experimental results, we confirmed
the performance of our developed PAL in terms of frequency
response, directivity, and sound quality.

I. INTRODUCTION

Parametric array loudspeakers (PAL) [1]–[3] have been
drawing attention due to their sharp directivity. They can
generate a directional audible sound-beam, and the sound
can be carried only to target positions. Whilst conventional
electro-dynamic loudspeakers emit the target sound directly,
a PAL emits an intense ultrasound synthesized by amplitude-
modulating an ultrasonic carrier wave with the audible target
sound. Due to the non-linear interactions in the air, the
emitted sound self-demodulates into audible sound. The self-
demodulation of a PAL is non-linear and frequency-dependent,
so the bass reproduction of a PAL is difficult, and the sound
quality is degraded by harmonic distortion [1].

Conventionally, the sound pressure and quality are con-
sidered to be affected by the modulation method. Double
sideband (DSB) [4] modulation achieves higher sound pressure
but causes more harmonic distortion. On the other hand, single
sideband (SSB) [5] modulation achieves lower sound pressure
but causes less harmonic distortion. Square root amplitude
modulation (SRAM) [6] has been proposed to reduce harmonic
and intermodulation distortions. Weighted double sideband
(W-DSB) modulation [7] has been proposed utilizing different

modulation methods in different bands with weighting factors.
W-DSB can achieve a flatter frequency response, however,
it still has the drawback of insufficient sound pressure in
low-frequency sounds. To attain a better performance of low-
frequency reproduction, we proposed multiplexed double side-
band (M-DSB) modulation [8], which utilizes harmonic distor-
tions rather than eliminating harmonic distortions to enhance
the sound pressure. M-DSB modulation achieves a higher
sound pressure at low frequencies than W-DSB modulation,
but it is insufficient compared with the sound reproduced by
electro-dynamic loudspeakers.

These previous works show that modulation methods alone
are insufficient to improve the low-frequency reproduction.
Psychoacoustical approaches [9], [10] have also been pro-
posed to enhance the perceived low-frequency. However, the
low-frequency components are not reproduced directly, and
distortions also occurs, which degrades the sound quality. An
electro-dynamic subwoofer can be combined with a PAL for
a much better low-frequency reproduction [11], but leaves
the problem of reproducing low-frequency sounds from PAL
unsolved.

We turned our focus to multi-way design of loudspeakers.
Many commercial loudspeaker systems consist of several
loudspeaker units: tweeters for high-frequencies, woofers for
low frequencies, mid-range drivers for mid frequencies, etc.
Each reproduces a part of the frequency range, and a flat
frequency response is achieved with the whole system. We
introduced a multi-way design to PALs [12] and we developed
a multi-way PAL comprising a tweeter PAL (T-PAL) and
woofer PALs (W-PALs), with different modulation methods
and numbers of ultrasonic transducers (UTs). In this paper,
we focus on the evaluation of this multi-way PAL. We carry
out objective and subjective experiments in terms of frequency
response, directivity, and sound quality.

The remainder of this paper is organized as follows. In
Section II, we describe the methodology of our proposed
multi-way PAL. In Section III, we give the conditions of our
developed multi-way PAL. In Sections IV and V, objective and
subjective experiments are conducted, respectively. Finally,
Section VI concludes the paper.
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II. PROPOSAL OF MULTI-WAY PARAMETRIC ARRAY
LOUDSPEAKER BASED ON MULTIPLEXED DOUBLE

SIDEBAND MODULATION

We proposed a multi-way PAL utilizing studies on modu-
lation methods and hardware design for better low-frequency
reproduction. Fig.1 shows an overview of the proposed PAL,
and Fig.2 shows the arrangement of a trial multi-way PAL
that we developed on the basis of our proposal. The proposed
multi-way PAL consists of a T-PAL for low-frequency repro-
duction and W-PAL for high-frequency reproduction.

A. Modulation methods

We utilized M-DSB modulation in the W-PALs for a better
low-frequency reproduction, and SSB modulation in T-PAL for
better high-frequency sound quality. As shown in Fig. 3, the
target signal s(t) is first split into low-frequency sound sL(t)
and high-frequency sound sH(t), which can be indicated as:

sL(t) = s(t) ∗ hLPFωco
(t), (1)

sH(t) = s(t) ∗ hHPFωco
(t), (2)

where t denotes the time index, ∗ denotes the convolution
operator, and hLPFωco

(t) and hHPFωco
(t) denote the low-pass

filter and high-pass filter with a crossover frequency ωco,
respectively.

For high-frequency reproduction, an SSB modulated wave
can be generated by filtering out the upper sideband of a DSB
modulated wave, which can be indicated as:

uH(t) = {1 +mSSB · sH(t)} · c(t) ∗ hLPFfc
(t), (3)

where mSSB denotes the modulation(0 < mSSB ≤ 1), c(t)
denotes the carrier wave with frequency fC, and hLPFfC

(t)
denotes the low-pass filter with a cut-off frequency the same

Fig. 1. Overview of the proposed multi-way PAL.

W-PAL T-PAL W-PAL

0.19 m

0.33 m 0.11 m 0.33 m

Fig. 2. Arrangement of the trial multi-way PAL.

Fig. 3. Modulation methods and signal processing of the proposed multi-way
parametric array loudspeaker.

as the carrier frequency fC. Ordinarily, a single frequency
sinusoidal wave is utilized as the carrier wave, indicated as
follows:

c(t) = AC cos(2πfCt), (4)

where AC and fC denote the amplitude and frequency, respec-
tively.

For low-frequency reproduction, an M-DSB modulated
wave can be generated by combining the DSB modulation and
double sideband with suppressed carrier (DSB-SC) modulation
[8]. As shown in Fig. 3, the low-frequency sound sL(t) is
first compressed into sLF/2

(t), which is one octave lower. In
the case that sL(t) is a pure tone, sL(t) and sLF/2

(t) can be
indicated as:

sL(t) = AL cos(2πfLt), (5)
sLF/2

(t) = AL cos(πfLt), (6)

where AL denotes the amplitude of sL(t). Then, DSB mod-
ulation and DSB-SC modulation are carried out and the two
modulated waves are added to generate the M-DSB modulated
wave. The modulated waves emitted from the W-PAL can be
indicated as

uL(t) =uDSB(t) + uSC(t)

={1 +mDSB · sL(t) +mSC · sLF/2
(t)} · c(t)

=
mDSBALAC

2
cos(2π(fC ± fL)t)

+
mSCALAC

2
cos(2π(fC ± fL/2)t)

+AC cos(2πfCt),

(7)

where mDSB and mSC denote the modulation factor of DSB
and DSB-SC modulation, respectively. It is known that the
M-DSB modulated wave uL(t) consists of the carrier wave
(frequency: fC), sidebands of the DSB modulated wave (fre-
quency: fC ± fL), and sidebands of the DSB-SC modulated
wave (frequency: fC ± fL/2). fL can be demodulated from
the difference between the DSB sideband and carrier wave,
and also between the DSB-SC sidebands. On the other hand,
though a half frequency distortion fL/2 is also generated, the
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Fig. 4. Hardware arrangement of the proposed multi-way PAL: (a)overview;
(b)geometric notations.

second harmonic distortion of fL/2 is utilized here to enhance
the fL/2.

B. Hardware design
We use more UTs for the W-PAL than the T-PAL because

the sound pressure can be improved by increasing the number
of UTs. Since PAL has a very sharp directivity, the arrange-
ment of the T-PAL and W-PAL should be studied to guarantee
that the audible areas of W-PALs and T-PAL overlap. Fig.4
shows the arrangement of a multi-way PAL. W-PALs are
divided into two parts and are closely spaced to create a focal
point.

In Fig. 4(b), xF denotes the distance between the multi-way
PAL and a focal point, xL and xH denote the array length
of W-PALs and T-PAL, respectively, and θL and θH denote
the directional angle of W-PALs and T-PAL, respectively. The
angle between W-PALs and T-PAL is denoted by φ and can
be indicated as follows:

φ = arctan

(
xL
2xF

)
+ arctan

(
xH
2xF

)
. (8)

The distance between the T-PAL and target area can be
indicated as follows:

lOB =
xH
2

tan(90◦ − φ− θL). (9)

The width of the target area at the focal point can be indicated
as follows:

wta = 2(
xL
2

+ xF tan θL) = xL + 2xF tan θL. (10)

By utilizing the law of sines in the triangle ACD, the distance
between the focal point and the end of the target area can be
calculated as:

lAC =
(xL

2
+ xF tan θL

) sin(90◦ + θL)

sin(φ− θL)
. (11)

TABLE I
EXPERIMENTAL CONDITIONS.

Environment Office room (T60 = 650 ms)
Ambient noise level LA = 32.4 dB

Temperature / Humidity 24.0◦C / 33.7 %
Recording distance 2.0 m

Sampling frequency / Quantization 192 kHz / 16 bits
Sound source White noise (0.1∼8 kHz)

TABLE II
EXPERIMENTAL EQUIPMENT.

Ultrasonic transducer SPL Limited, UT1007-Z325R
Power amplifier JVC, PS-A2002

Microphone SENNHEISER, MKH 416-P48
A/D, D/A converter RME, FIREFACE UFX

The depth of the target area dta can be calculated as:

dta =lOA + lAC − lOB

=xF +
(xL

2
+ xF tan θL

) sin(90◦ + θL)

sin(φ− θL)
− xH

2
tan(90◦ − φ− θL).

(12)

In the case of φ ≤ θL, the point C no longer exists, and
the demodulated sounds of the W-PALs overlaps with the
demodulated sound of the T-PAL endlessly.

III. CONDITIONS OF THE DEVELOPED MULTI-WAY
PARAMETRIC ARRAY LOUDSPEAKER

We developed a trial of multi-way under the design de-
scribed in Section II, as shown in Fig. 2, with 1400 UTs
(SPL Limited, UT1007-Z325R). The crossover frequency ωco

is set to 1 kHz. 200 UTs are used in the T-PAL for high-
frequency reproduction, and 1200 UTs are used in the W-PAL
for low-frequency. The array lengths of the W-PAL and T-PAL
are (xL, xH) = (0.33 m, 0.11 m), and we set the position of
the focal point as xF = 2.0 m. Under this arrangement, the
average sound pressure level of the W-PAL (0.1 ∼ 1 kHz) is
approximately equal to that of the T-PAL (1 ∼ 8 kHz) at the
focal point.

We carried out an experiment to measure the demodulated
sound pressure level (SPL) distribution of the developed multi-
way PAL. The experimental conditions and equipment are
listed in Tabs. I and II, respectively. As designed in Section
II, we utilize M-DSB modulation (fC = 40 kHz, mDSB = 0.5,
mSC = 0.5) in the W-PAL and SSB modulation (fC = 40 kHz,
mSSB = 1.0) in the T-PAL. The measured SPL distribution

(a) (b)

Fig. 5. Demodulated sound pressure distribution of developed multi-way PAL:
(a)tweeter PAL for high-frequency reproduction; (b)woofer PAL for low-
frequency reproduction.
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of the T-PAL and W-PAL are shown in Fig. 5 (a) and (b),
respectively. We then calculated the directivity angle of each
PAL, which is defined as the angle to the point where the
SPL of the demodulated sound is attenuated at 6.0 dB in the
horizontal direction of the focal point. The directional angle of
the W-PAL is θL = 15.8◦ and that of the T-PAL is θH = 7.9◦.
Substituting these measured parameters into Eq. (8), φ = 6.3◦.
Therefore, on the basis of our theoretical analysis in Section
II-B, the condition φ ≤ θL is satisfied, and it is known that
the demodulated sounds of W-PALs and T-PAL will overlap
all the way in the propagation direction. Moreover, the width
of target area wta is measured to be about 0.7 m, which is
considered large enough for the size of a human head.

IV. OBJECTIVE EVALUATION EXPERIMENTS

A. Conditions of objective experiments

In our developed multi-way PAL, we utilized M-DSB
modulation and SSB modulation in the W-PAL and T-PAL
with different numbers of UTs to achieve a flatter frequency
response. Therefore, we carried out objective experiments
on the frequency response to confirm the effectiveness. As
shown in Fig. 6, we observed the demodulated sounds at
three positions: focal point (0 m, 2.0 m), (0 m, 1.0 m) for
the target area and (1.0 m, 2.0 m) for the non-target area.
We also compare the performance of the developed multi-way
PAL when utilizing different modulation methods as shown
in Tab. III. Here, in the cases of “SSB” “DSB,” and “M-
DSB,” we set no crossover so the same signal is reproduced
from the W-PAL and T-PAL. In the case of “Proposed,” we
set the crossover frequency ωco = 1 kHz. A signal with
a frequency higher than ωco is emitted from the T-PAL,
modulated by SSB modulation, and a signal with a frequency

Fig. 6. Experimental arrangement (vertical view).

TABLE III
COMPARISON IN EVALUATION EXPERIMENTS.

Index Modulation in W-PAL Modulation in T-PAL
(Low-frequency) (High-frequency)

SSB SSB SSB
DSB DSB DSB

M-DSB M-DSB M-DSB
Proposed M-DSB SSB

lower than ωco is emitted from the W-PAL, modulated by M-
DSB modulation. A time-stretched pulse (TSP) signal (0 ∼ 8
kHz) is utilized in the measurement of the frequency response
[13]. A modulated TSP signal is emitted from the PAL, and
the demodulated sounds are recorded at observation positions.
Other experimental conditions and equipment are the same as
those shown in Tabs. I and II, respectively.

To evaluate the flatness of the frequency response, we
calculated the average error of observed power spectra Perr,
which is defined as follows:

Perr =
1

fmax − fmin

fmax∑
f=fmin

|P (f)− Pµ|, (13)

where Pµ denotes the average of the observed power spectrum.
A smaller Perr suggests a flatter frequency response.

Fig. 7. Power spectra of demodulated sounds observed at different positions:
(a) focal point (0 m, 2.0 m); (b) target area (0 m, 1.0 m); (c) non-target area
(1.0 m, 2.0 m).
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Fig. 8. Average error of power spectra observed at different positions: (a)
focal point (0 m, 2.0 m); (b) target area (0 m, 1.0 m); (c) non-target area (1.0
m, 2.0 m).

B. Results of objective experiments

Figure 7 shows the power spectra and the average error of
demodulated sounds at three observation positions. Figure 8
shows the average error of demodulated sounds at the same
positions. Table IV shows the average demodulated SPL at the
same positions.

We first focus on the focal point. From Fig. 7 (a), it is
confirmed that M-DSB modulation can achieve a higher SPL
than DSB modulation and SSB modulation at the focal point.
It is also confirmed from Fig. 7 (a) that our multi-way design
achieves an improvement of SPL at low frequencies compared
with the cases utilizing only one modulation at the focal point.
From Fig. 8 (a), it is confirmed that our multi-way design
achieves a flatter frequency response of demodulated sound
compared with the cases utilizing only one modulation. From
Tab. IV, we can confirm that our proposal results in a smaller
difference of SPL between low and high frequencies than
others.

Next, we turn to the target area. The same conclusions
can be drawn from Figs. 7 (b) and 8 (b) in that our pro-
posal achieves better low-frequency reproduction and flatter
frequency response at the target area. From Tab. IV, it is

TABLE IV
AVERAGE DEMODULATED SPL [DB].

SSB DSB M-DSB Proposed
Focal point

(0 m, 2.0 m)
Low-freq. 64.8 69.9 71.0 77.0
High-freq. 85.9 88.0 89.8 72.3

Target area
(0 m, 1.0 m)

Low-freq. 65.3 70.2 71.9 76.9
High-freq. 81.9 84.9 86.5 72.5

Non-target area
(1.0 m, 2.0 m)

Low-freq. 51.4 56.2 57.8 62.9
High-freq. 61.3 63.5 65.1 51.1

(Low-freq.: 0.1 ∼ 1 kHz; High-freq.: 1 ∼ 8 kHz; )

TABLE V
SUPPLEMENTARY EQUIPMENT IN SUBJECTIVE EXPERIMENTS.

Electro-dynamic loudspeaker FOSTEX, FE83En
Headphone SONY, MDR-CD900ST

Headphone amplifier Audio-technica, AT-HA2

confirmed that the target area shows similar values of average
demodulated SPL compared with the focal point. Since we
set the T-PAL and W-PAL to focus on one point, it is normal
that the SPL at the focal point is higher than that of other
positions. On the other hand, the observation point is nearer
to the T-PAL and W-PAL compared with the focal point. The
distance attenuation is less in some cases, so it is normal that
the SPL at this position is higher than the focal point.

Finally, we focus on the non-target area. Since we utilized
the directivity of the PAL, we expect the SPL to be higher
in the target area and lower in the non-target area. High
frequencies are only emitted from the T-PAL in the case of
“Proposed,” however, they are emitted from both the W-PAL
and T-PAL in other cases. So the SPL of “Proposed” at high
frequencies is much lower than that of other cases. On the
other hand, since “Proposed” achieves a much higher SPL at
low frequencies at the focal point and target area, it is normal
to result in a higher SPL at low frequencies at the non-target
area.

With the experimental results and discussions, we confirmed
that our proposed multi-way PAL can achieve a better low-
frequency reproduction and flatter frequency response in the
target area.

V. SUBJECTIVE EVALUATION EXPERIMENTS

A. Conditions of subjective experiments

In this section, we carried out subjective experiments to
confirm if the sound quality is improved. The sound quality
includes many metrics, and in these experiments, we focused
on low-frequency reproduction. We carried out this subjective
experiment with 8 participants (3 females and 5 males). Sound
sources of female speech [14], dance music, and classical
music are used as stimuli. Fig. 9 shows the spectrograms
and power spectra of each sound source. From Fig. 9, we
confirmed that dance music includes more energy in the low-
frequency range below 1 kHz.

The sounds reproduced from the PAL with different pat-
terns, as shown in Tab. III, were compared with those repro-
duced from the electro-dynamic loudspeaker. All of the stimuli
were recorded at the focal point in advance under the same
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(a) (b)

(c) (d)

(e) (f)

Fig. 9. Spectrograms and power spectra of sound sources: (a) spectrogram and
(b) power spectrum of female speech; (c) spectrogram and (d) power spectrum
of dance music; (e) spectrogram and (f) power spectrum of classical music.

conditions shown in Tab. I, and evaluated through headphones.
The equipment used is listed in Tab. II with supplementary
equipment shown in Tab. V. The mean opinion score (MOS)
[15] is used as the evaluation metric, graded as 1 (Bad), 2
(Poor), 3 (Fair), 4 (Good), and 5 (Excellent). The reference is
the original sound reproduced directly from headphones, with
a standard score of 5 (Excellent).

B. Results of subjective experiments

Fig. 10 shows the results of subjective experiments. It is
confirmed that sounds reproduced from the PAL were evalu-
ated lower than sounds reproduced from the electro-dynamic
loudspeaker. This is because of the poor low-frequency repro-
duction of the PAL, as discussed in Section I. It is also con-
firmed that in Fig. 10 (b) and (c), our proposal evaluated higher
than other sounds reproduced from the PAL. This is because
our proposal can achieve a better low-frequency reproduction,
as proved from the objective experiments in Section IV. In Fig.
10 (a), our proposal was evaluated lower than others from the
PAL when reproducing female speech. However, the difference
is relatively small. From the experimental results above, we
confirmed the effectiveness of our proposal.

VI. CONCLUSION

In this paper, we proposed a multi-way PAL based on M-
DSB modulation and carried out evaluation experiments. In

Fig. 10. Results of mean opinion score on sound quality: (a) female speech;
(b) dance music; (c) classical music.

our proposal, M-DSB and SSB modulation are utilized for low
and high frequencies, respectively. The hardware design was
also studied to achieve a better low-frequency reproduction
and flatter frequency response. From the experimental results
of the objective and subjective experiments, we confirmed the
effectiveness of our proposal in that it can achieve a better
low-frequency reproduction and flatter frequency response.

However, since we employed many more UTs in low-
frequency reproduction than in high-frequency reproduction,
the large scale of devices becomes a problem. Also, the
frequency response shows a transient around 1 kHz. In future
work, we will attempt to increase the number of frequency
divisions to achieve an even flatter frequency response. We
will also take other signal processing techniques in addition
to modulation methods to obtain a better sound quality.
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