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ABSTRACT Patients with advanced laryngeal cancer usually mist undergo total laryngectomy, which causes
communication difficulties. Several voice-producing devices have been developed to assist such patients in
restoring their ability to speak. However, these devices produce monotonous sounds and require hand-held
operation. A novel electronic voice-producing systemwas thus proposed to assist patients with laryngectomy
in improving their speech performance. By imitating normal human speech, the proposed system enables
the adjustment of the fundamental frequency of generated sound according to changes in lung pressure
through exhalation; this enables different tones to be produced. Moreover, the proposed system is wearable
and thus convenient to use. According to the experimental results, the proposed system provides changes in
fundamental frequency corresponding to different tones and sentences in human speech, and outperforms
existing devices in speech performance. A novel voice-producing system was proposed and implemented to
assist patients who had undergone laryngectomy to resume basic communication activities.

INDEX TERMS Laryngeal cancer, total laryngectomy, communication ability, voice-producing devices,
wearable design.

I. INTRODUCTION
According to the 2013 Global Cancer Incidence and Mor-
tality report of the World Health Organization, the annual
incidence of laryngeal cancer worldwide is approximately
130,000, and the main risk factors for laryngeal cancer are
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tobacco smoking and alcohol consumption [1]. Laryngeal
cancer causes pain and difficulty swallowing, and it hinders
speech and social activities [2], [3]. Laryngectomy is one
of the main treatments for patients with advanced laryngeal
cancer. However, it results in a substantial change in anatom-
ical structure. If the larynx is surgically removed through
tracheostomy and the end of the vocal tract is shortened,
the patient’s ability to speak is compromised. Patients who
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undergo laryngectomy lose the ability to speak [4]. Therefore,
it is important to help patients with laryngeal cancer engage
in basic communication after total laryngectomy.

Several approaches have been proposed to help patients
communicate verbally after total laryngectomy, such as tra-
cheoesophageal speech, standard esophageal speech, pneu-
matic artificial larynx speech, and electrolarynx speech.
Tracheoesophageal speech and esophageal speech rely on
the manipulation of pulmonary arteries [5]. For tracheoe-
sophageal speech, a small device composed of silicone is
inserted into an opening between the trachea and esoph-
agus formed by surgery, allowing air from the lungs to
produce sound through pharyngoesophageal shunt airflow.
However, the quality of speech produced using the tracheoe-
sophageal approach is not easy clear, and patients must
receive vocalization training from experienced clinicians [6].
In the tracheoesophageal speech approach, the production of
pharyngoesophageal speech is mainly based on aerodynamic
factors, and some voice features, such as pitch and amplitude,
cannot be adjusted by patients [7].

Standard esophageal speech is produced by using the
esophagus as an air supply and the pharyngoesophageal seg-
ment located above the esophagus as a sound source [8].
This method does not require any equipment for voice gen-
eration. Compared with other approaches, in the esophageal
speech approach, a longer training time is required, and
the voices generated sound more natural. It is one of the
most popular approach for speech restoration after total
laryngectomy [9]. However, compared with normal speech,
esophageal speech has a lower fundamental frequency and
smaller amplitude [10], and individuals using esophageal
speech may develop conditions such as gastroesophageal
reflux [11].

A pneumatic artificial larynx is a noninvasive prosthesis
that assists in vocalization. It comprises a sound conducting
tube, a vibration chamber, an air entry tube, and a stoma
cover. The stoma cover is placed tightly over the stoma,
and the other end of the tuning tube is placed in the oral
cavity.When an individual uses this prosthesis for speech, air,
which is exhaled from a tracheal incision, vibrates through the
reed of the vibration chamber to generate sound [12], [13].
A person must have the use of a hand for pneumatic artificial
larynx operation, and the generated voice usually exhibits
low-frequency noise, slight pitch changes, and poor sound
quality; the speech produced is similar to that of Donald
Duck [14]. Moreover, the tuning tube is easily clogged by
saliva when placed in the mouth [15].

The electrolarynx is the most commonly used voice pros-
thesis. From the 1990s to the early 2000s, more than 50% of
patients who underwent laryngectomy used the electrolarynx
as their main communication method [16]. The electrolarynx
is a hand-held, battery-powered electromechanical transducer
that can produce mechanical sound [17]. During vocaliza-
tion, the electrolarynx is placed on the neck near the glot-
tis, and the vibrating electronic sound source is transmitted
through the neck to the oral cavity and pharyngeal cavity.

FIGURE 1. Basic mechanisms of (a) human speech and (b) the proposed
voice production system.

The user modulates this sound using their tongue, lips, and
jaws [18]. However, the lack of natural fundamental fre-
quency changes causes the device to emit unnatural and
monotonous sounds [19], [20].

To overcome problems of monotonous sound and limited
amplitude, a novel electronic voice-producing system for
patients with laryngectomy was proposed in this study. The
proposed device is wearable and is convenient for everyday
use. The device generates sounds in multiple frequencies,
such as fundamental and harmonic frequencies; similar to
the mechanism for normal human speech, when the proposed
device is used, frequencies are changed according to lung
pressure. The user can modulate the frequency and amplitude
of the voice generated by altering their lung pressure and
mouth shape. Finally, a clinical experiment and a question-
naire were designed to validate the vocalization performance
of the proposed voice-producing system. The experimental
results revealed that the four-tone speech sound andMandarin
Chinese sentence generated by the proposed voice-producing
system were similar to those produced by human vocal cords.
Moreover, the device outperformed other voice-producing
devices in terms of vocalization quality.

II. METHODS
A. BASIC ARCHITECTURE OF THE PROPOSED
ELECTRONIC VOICE-PRODUCING SYSTEM
The design of the proposed electronic voice-producing sys-
tem is based on the mechanism underlying human vocaliza-
tion, as illustrated in Fig. 1 (a). In laryngeal speech, air is
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FIGURE 2. Photograph of a person wearing the proposed voice
production system.

FIGURE 3. Basic structure of the pressure acquisition device.

exhaled from their lungs and a change in pressure causes the
vocal cords to vibrate and generate sound. Patients whose
vocal cords have been resected through total laryngectomy
cannot generate sound by exhaling air from their lungs
through their vocal cords. In these patients, a tracheal stoma
is formed after surgery. From the tracheal stoma, air exhaled
from the lungs can be easily accessed. Our system, which is
designed to mimic the sound of human vocal cords, is illus-
trated in Fig. 1 (b). The proposed system comprises several
parts, including a pressure acquisition device, a pressure-to-
sound conversion module, and a sound generating device
(Fig. 2). The pressure acquisition device is designed to be
placed on the tracheal stoma of a person who has undergone
total laryngectomy to acquire the airflow pressure produced
through exhalation from the lungs. The pressure-to-sound
conversion module is deigned to convert the acquired airflow
pressure to a multifrequency signal. The sound generating
device is placed on the upper jaw of the oral cavity to generate
multifrequency sounds. Finally, the user can modulate the
frequency and amplitude of the sound generated by altering
their lung pressure and mouth shape.

B. DESIGN OF THE PRESSURE ACQUISITION DEVICE
The basic structure of the pressure acquisition device is pre-
sented in Fig. 3. It contains an airflow collector, foam trach

ties, and a silicone tube. The airflow collector is designed to
effectively collect air pressure exhaled from the lungs, and it
allows for sufficient air circulation for the user to breathe nor-
mally. It is composed of thermoplastic polyurethane (TPU),
and it is tough and has high ductility. The device was made
using a 3D printer. Foam trach ties (Posey 8197L, TIDI Prod-
ucts, Neenah, WI, USA) are used to stably fix the pressure
acquisition device to the neck. The collected airflow is trans-
mitted to the pressure-to-sound conversion module through a
silicone tube.

C. DESIGN OF THE PRESSURE-TO-SOUND CONVERSION
MODULE
For the proposed system, an algorithm for converting air
pressure to multifrequency sound was designed to convert the
air pressure from exhalation into amultifrequency signal. The
human voice mainly comprises a fundamental frequency and
many harmonic frequencies. The fundamental frequency is
the major contributor to human speech. Harmonic frequen-
cies are generally located at the multiples of the fundamental
frequency, and their contribution decreases as the frequency
increases. To generate a multifrequency sound that is similar
to the human voice, a sinusoidal model withmultiple frequen-
cies was used, and the generated multifrequency sound S(t)
can be expressed as

S(t) = sin (2π ∗ F0 ∗ t) +

∑l

k=1

1
2k2

sin(2π ∗ F0 ∗ 2k ∗ t),

(1)

where F0 denotes the fundamental frequency and l is the
number of harmonic frequencies. Moreover, the sum of S(t)
for different F0 values is 0. The fundamental frequency bands
for male and female speech are 100–146 and 188–221 Hz,
respectively [21], [22]. Here, the range of the detected air
pressure was divided into 50 levels in this study.

A block diagram of the pressure-to-sound conversion
module is presented in Fig. 4; the module mainly com-
prises a microprocessor, pressure sensor, front-end ampli-
fier, and speaker-driving circuit. The pressure sensor
(HSCMRRN100MGAA3, Honeywell, Charlotte, NC, USA),
which has a driving voltage of 3.3 V and can detect a pressure
at a range of 0–100 mbar, is used to convert lung pres-
sure signals into electrical signals. The acquired lung pressure
signal is amplified by the front-end amplifier circuit. The
gain of the front-end amplifier circuit is set to 12, and the
frequency band of the band-pass filter in this amplifier circuit
is set to 0.1–9 Hz. The preprocessed lung pressure signal is
digitized by a 12-bit analog-to-digital converter (sampling
rate: 80 Hz) in the module’s microprocessor. According to
the received lung pressure signal, a sound signal with specific
amplitudes and frequencies is generated in the microproces-
sor through the pressure-to-sound conversion algorithm. This
signal is then sent to a digital-to-analog converter, which has
a sampling rate of 16 kHz. The generated multifrequency
signal is then input into the speaker-driving circuit to drive
the external sound generating device. In the speaker-driving
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FIGURE 4. Block diagram of the press-to-sound conversion module.

FIGURE 5. Basic structure of the sound generating device.

circuit, an audio power amplitude chip (LM386, National
Semiconductor, Santa Clara, CA, USA) is used to provide
power to a sound driving amplifier, which has a gain of 20 dB.
The designed pressure-to-sound conversion module can be
fixed on the arm by using an armband pocket (One Size Fits
All, Kalenji, Lille, France).

D. DESIGN OF THE SOUND GENERATING DEVICE
The basic structure of the sound generating device is pre-
sented in Fig. 5. It comprises a speaker holder, set of speakers
(SW350804-1, DB Unlimited, Dayton, OH, USA), and a
tooth sleeve. The speaker holder, which was manufactured
through 3D printing (CR-10 V3, Creality, Shenzhen, China),
is designed to form a mold and fix the speaker to the mold,
allowing the mold and speaker to be fixed to the tooth sleeve.
A user can use the tooth sleeve to fix the sound generating
device to the inside of their mouth, and the springs of the tooth
sleeve hold the molars, allowing the sound generation device
to be fixed to the inside of upper jaw.

III. EXPERIMENTAL RESULTS
A. CHARACTERISTICS OF VOICE TONES GENERATED BY
DIFFERENT DEVICES
This section provides a comparison of voices generated by
human vocal cords, a pneumatic artificial larynx (One Size
Fits All, Association of Laryngectomees, Atlanta, GA, USA),
an electrolarynx (Provox TruTone EMOTE, Atos Medical,
Bagneux, France), and the proposed system. A digital voice
recorder (R328, BESTA, Taipei City, Taiwan) was used to
record the four tones of Mandarin Chinese speech generated

FIGURE 6. Voice characteristics corresponding to the a sound in four
tones generated by (a) real human vocal cords, (b) the proposed system,
(c) a pneumatic artificial larynx, and (d) an electrolarynx.

by different devices. The four tones in Mandarin Chinese
speech are described as follows: the first tone is high and
level, the second tone rises moderately, the third tone falls
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FIGURE 7. Voice characteristics corresponding to the o sound in four
tones generated by (a) real human vocal cords, (b) the proposed system,
(c) a pneumatic artificial larynx, and (d) an electrolarynx.

and then rises again, and the fourth tone starts out high but
drops sharply to the bottom of the tonal range. The features
of the aforementioned four tones can be regarded as the

FIGURE 8. Voice characteristics during the generation of the sentence
‘‘ ’’ by (a) real human vocal cords, (b) the proposed system,
(c) the pneumatic artificial larynx, and (d) the electrolarynx.

fundamental frequency as a function of time [23], [24]. Using
different devices, the participants were instructed to vocalize
vowels (a, e, i, o, and u) and thema phoneme using four tones.
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The study protocol was approved by the Institutional Review
Board (approval number: EMRP15104N) of E-DA Hospital,
Kaohsiung, Taiwan, and all patients provide informed con-
sent prior to participation. Figs. 6 and 7 present the voice
characteristics, such as waveforms, fundamental frequency,
and spectrograms, corresponding to the a and o sounds gen-
erated by different devices. The fundamental frequency of
the voices generated by the proposed system was similar
to that generated by real human vocal cords; variations in
fundamental frequency were obvious and fit the features of
four-tone Mandarin Chinese speech. In terms of fundamental
frequency, the pneumatic artificial larynx only generated a
flat tone. Moreover, the spectrograms of the speech generated
by the pneumatic artificial larynx contained a wide frequency
band of strong harmonics and some strong low-frequency
noise. To use an electrolarynx, a user touches the skin on
their throat. A buzzing noise is generated, and the funda-
mental frequency of a voice generated by an electrolarynx is
monotonous.

B. CHARACTERISTICS OF SENTENCES GENERATED USING
DIFFERENT DEVICES
The characteristics of Mandarin Chinese sentences gen-
erated using different devices was investigated. The
participants were instructed to vocalize Mandarin Chinese
sentences using different devices, such as ‘‘ ,’’
‘‘ ,’’ and ‘‘ .’’ The English translations
of the above three sentences are respectively ‘‘the tricy-
cle runs fast’’, ‘‘dad holds the baby’’, and ‘‘the black tea
is delicious’’. Fig. 8 presents the waveforms, fundamental
frequency, and spectrograms corresponding to the Man-
darin Chinese sentence ‘‘ ’’ generated by different
devices. The experimental results revealed that the change
in fundamental frequency generated by the proposed system
was similar to that generated by real human vocal cords;
the change in fundamental frequency was obvious and fit
the features of the four ChineseMandarin tones. However, the
fundamental frequency generated by the pneumatic artificial
larynx was constant and slight owing to exhalation by the
participant. The participant could not change the fundamental
frequency of the pneumatic artificial larynx through training
because this device has the drawback of only outputting
a constant frequency during vibrations. The fundamental
frequency of the sound generated by the electrolarynx is
monotonous.

C. COMPARISON OF THE SPEECH PERFORMANCE OF
DIFFERENT DEVICES
The speech performance (in terms of speech intelligibil-
ity, speech tone, naturalness, noise, and speech rate) of
different devices was evaluated through questionnaires.
Speech intelligibility is related to speech comprehension.
Speech tone is related to frequency change. Naturalness
indicates the similarity to speech produced by human
vocal cords. Noise indicates the effect of external noise.
Speech rate represents the similarity to the speed of human

FIGURE 9. Speech performance of different devices in terms (a) speech
intelligibility, (b) speech tone, (c) naturalness, (d) noise, and (e) speech
rate.

speech. In total, 17 listener participants participated in the
experiment. The instructor first introduced the five afore-
mentioned speech performance metrics and the different
voice-producing devices to the participants. Six Mandarin
Chinese sentences, namely ‘‘ ,’’
‘‘ ,’’ ‘‘ ,’’
‘‘ ,’’ ‘‘ ,’’
‘‘ ,’’ were produced using different
devices by the patient. The English translations of the above
six sentences are respectively ‘‘I saw eight butterflies in the
garden’’, ‘‘sister smelled six dishes in the kitchen’’, ‘‘he heard
someone singing in the room’’, ‘‘dad ate a box of cookies on
the table’’, ‘‘you saw four footballs on the playground’’, and
‘‘mother took seven letters from the mailbox’’. The instructor
randomly selected and played recordings of these sentences
generated by the patient using each voice-producing device.
Subsequently, the participants were instructed to objectively
evaluate these recordings and complete a questionnaire
designed to score such recordings in terms of the aforemen-
tioned speech performancemetrics. Fig. 9 presents the speech
performance levels corresponding to different devices. A t
test was used to determine significant differences (p < 0.05).
The speech intelligibility of the proposed system was better
than that of the pneumatic artificial larynx and electrolarynx.
The speech performance in terms of speech tone, naturalness,
and noise of the proposed system was significantly better
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TABLE 1. Characteristics and performance of proposed system and competing vocalization devices for comparison.

than that of the pneumatic artificial larynx and electrolarynx.
Moreover, the speech performance in terms of naturalness
and noise of the pneumatic artificial larynx was significantly
better than that of the electrolarynx. Differences between
the speech rate of the proposed system, pneumatic artificial
larynx, and electrolarynx were nonsignificant. In summary,
the proposed system has superior speech performance relative
to the other devices, and the electrolarynx had the poorest
performance of the tested voice-producing devices.

IV. DISCUSSION
The experimental results demonstrate that for four-tone
speech sounds and Mandarin Chinese sentences, the funda-
mental frequency change in speech sounds generated by the
proposed system is similar to that of human vocal cords.
Through a suitable training procedure, users can use the pro-
posed system to induce multifrequency changes by altering
their lung pressure through exhalation. The pneumatic arti-
ficial larynx and electrolarynx cannot generate fundamental
frequency changes corresponding to the four-tone speech
sounds because of device design limitations. The pneumatic
artificial larynx produces speech sounds through reed vibra-
tion, and the speech is produced when the frequency exceeds
a certain level. The fundamental frequency generated by
the pneumatic artificial larynx is generally constant (over
150 Hz); it changes slightly change during changes in lung
airflow during exhalation. Moreover, the fundamental fre-
quency of the electrolarynx is constant. The electrolarynx
is a hand-held device, which reduces its convenience of
use. All the aforementioned voice-producing devices allow
patients who have undergone laryngectomy to engage in

rudimentary vocalization. The speech tone of the proposed
system is markedly better than that of other devices because
of its ability to produce different tones. The slight change
in fundamental frequency of the pneumatic artificial larynx
results from changes in lung airflow; such changes cannot
be easily controlled by the user. The electrolarynx can only
generate a constant vibration frequency; therefore, its speech
tone performance is inferior to that of other devices. The
naturalness of the proposed system is also better than that
of other devices because naturalness is directly related to
speech tone. The pneumatic artificial larynx easily generates
speech with obvious low-frequency noise, and the electrolar-
ynx usually generates a noticeable buzzing noise. However,
the differences between the speech rates of different devices
were nonsignificant.

Several voice-assisted speech systems have been devel-
oped, including the pneumatic artificial larynx, conventional
neck-type electrolarynx, silent electrolarynx, and electrola-
ryngeal speech with intraoral vibrator. Table 1 presents the
characteristics of these devices for comparison. In 1859, the
pneumatic artificial larynx was proposed. Exhaled air from
the lungs vibrates the rubber reed inside the device to generate
sound, and the generated sound is then adjusted through
changes in mouth shape. The advantages of this device are
its ease of use and loud volume. However, it must be oper-
ated using a hand, and the sound generated is a monotone.
Moreover, after prolonged use, the elasticity of the spring leaf
changes, causing the sound emitted to become more unnat-
ural [14]. Ahmadi et al. proposed a statistical approach for
source excitation generation to implement pneumatic bionic
voice [25], [26]. In theory, it will be better than the traditional
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pneumatic artificial larynx, but the author has not tested it on
patients. In 1957, the conventional neck-type electrolarynx
was first proposed and applied [27]. The main components of
an electrolarynx include a transducer, a transducer driving cir-
cuit, and a battery pack. An electrolarynx provides a periodic
mechanical vibration to the neck or mouth skin to replace the
vibration of the vocal cords and construct speech. Its advan-
tages include ease of operation [28]. However, this device
must be placed on the neck or mouth using a hand. It gener-
ates only monotones, and speech intelligibility is poor [29].
In 2010, the silent electrolarynx approach was introduced; it
involves the use of an inaudible murmur to generate speech
through voice conversion. This inaudible murmur is produced
using an electret condenser microphone that is covered with
urethane elastomer for adherence to the skin [30]. In 2005,
electrolaryngeal speech through an intraoral vibrator device
was proposed in Japan. The device comprises a wireless
miniature fingertip switch, a denture-base intraoral vibrator,
and a controller. The denture-based intraoral vibrator is fixed
on the teeth as a replacement for the human vocal cords, and
the vibrator is connected to the controller through a wire. The
wireless miniature fingertip switch sends binary commands
to the controller to adjust speech sounds (e.g., accent), and
the generated sound is adjusted by through changes in mouth
shape. The device does not require the use of a hand, but the
generated sound is monotonous [31]. The fundamental fre-
quency generated in the electrolarynx is usually fixed, so it is
also the reason for the unpleasant sound of the electrolarynx.
In 2014, Ahmadi et al. proposed to use the analysis of surface
electromyography (sEMG) signals to learn the vocalization of
healthy people and buildmodels [32]. The system can process
the sEMG signal through the trained Gaussian mixture model
to adjust the fundamental frequency of speech to improve
the user’s pronunciation. In 2016, Fuchs et al improved the
system of [32] to propose an electrolarynx with electromag-
netic mechanisms [4]. They proposed a new electro-magnetic
transducer as artificial excitation source and provided a proof-
of-concept for this kind of transducer. Through this design,
the waveform shape of the excitation signal can be effectively
and automatically changed so that it can produce an effect
similar to natural sound. But the whole system is a bit bulky
and still not suitable for wearing on the human body. Dif-
ferent from the aforementioned voice-producing devices that
require hand-held operation, the proposed system is wear-
able, making it convenient for everyday use. Moreover, the
fundamental frequency range of the proposed system varies
from 100 Hz to 250 Hz; this frequency is controlled through
air pressure to provide favorable speech performance. The
cost of the proposed system is low. Similar to other voice-
producing devices, the operation of the proposed system also
requires simple training.

V. CONCLUSION
A novel electronic voice-producing system was proposed
and implemented to assist the patients who have undergone
laryngectomy to resume basic communication activities. The

proposed system mimics human pronunciation. Specifically,
fundamental frequency changes can be controlled according
to changes in exhaled lung pressure to form different tones,
and sounds can then be reconstructed by changing the mouth
shape, tongue position, and generated multifrequency sound.
As expected, the experimental results revealed that the funda-
mental frequency changes of the voice generated by the pro-
posed system for four tones and different Mandarin Chinese
sentences were similar to those of human vocal cords. More-
over, the questionnaire revealed that the proposed system out-
performed the pneumatic artificial larynx and electrolarynx
in terms of most speech performance metrics. However, the
speech rate was still insufficient, and users of the proposed
system require some (albeit rudimentary) training. Different
from other voice-producing devices that require hand-held
operation and generate monotonous sounds, the proposed
system can provide more natural speech and is convenient for
everyday use. Therefore, the system is promising as a device
that enables communication (especially in tonal languages)
for patients who have undergone laryngectomy.
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