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Foreword

The Fifteenth International Conference on Digital Telecommunications (ICDT 2020), held
between February 23-27, 2020 in Lisbon, Portugal, continued a series of special events related to
telecommunications aspects in multimedia environments. The scope of the conference was to focus on
the lower layers of systems interaction and identify the technical challenges and the most recent
achievements.

High quality software is not an accident; it is constructed via a systematic plan that demands
familiarity with analytical techniques, architectural design methodologies, implementation polices, and
testing techniques. Software architecture plays an important role in the development of today’s
complex software systems. Furthermore, our ability to model and reason about the architectural
properties of a system built from existing components is of great concern to modern system developers.

Performance, scalability and suitability to specific domains raise the challenging efforts for
gathering special requirements, capture temporal constraints, and implement service-oriented
requirements. The complexity of the systems requires an early stage adoption of advanced paradigms
for adaptive and self-adaptive features. Online monitoring applications, in which continuous queries
operate in near real-time over rapid and unbounded "streams" of data such as telephone call records,
sensor readings, web usage logs, network packet traces, are fundamentally different from traditional
data management. The difference is induced by the fact that in applications such as network monitoring,
telecommunications data management, manufacturing, sensor networks, and others, data takes the
form of continuous data streams rather than finite stored datasets. As a result, clients require long-
running continuous queries as opposed to one-time queries. These requirements lead to reconsider data
management and processing of complex and numerous continuous queries over data streams, as
current database systems and data processing methods are not suitable. Event stream processing is a
new paradigm of computing that supports the processing of multiple streams of event data with the
goal of identifying the meaningful events within those streams.

We take here the opportunity to warmly thank all the members of the ICDT 2020 technical
program committee, as well as all the reviewers. The creation of such a high quality conference program
would not have been possible without their involvement. We also kindly thank all the authors who
dedicated much of their time and effort to contribute to ICDT 2020. We truly believe that, thanks to all
these efforts, the final conference program consisted of top quality contributions.

We also thank the members of the ICDT 2020 organizing committee for their help in handling
the logistics and for their work that made this professional meeting a success. We hope that ICDT 2020
was a successful international forum for the exchange of ideas and results between academia and
industry and to promote further progress in the domain of digital telecommunications. We also hope
that Lisbon, Portual provided a pleasant environment during the conference and everyone saved some
time to enjoy the historic charm of the city
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A Model for Infant Acquisition of Spoken Words Using Genetic Algorithm
and Fujisaki Model

Tomio Takara
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Okinawa, Japan
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Abstract—We propose a new model of speech imitation and
acquisition process of infants. We regard the vowel space
parameters as the articulatory gesture, such as the tongue
hump position and the degree of constriction of vowels. We
represent the coarticulation effect using Fujisaki’s generative
model of speech. We model a trial and error process of the
infant’s speech imitation using the Genetic Algorithm (GA). In
our model, we regard “command” in the Fujisaki model as the
articulatory gesture and detect it from the spectral sequence
using the GA. In other words, the original phonemic target is
inversely estimated as the Fujisaki’s command from the
phonemically ambiguous speech spectrum caused by the
coarticulation. Our model simulates the hypothesis that human
infants acquire the normalization (inverse estimation) skill of
the coarticulation through the process of imitating spoken
words. We evaluated the model in listening tests using
synthesized speech. We also show that the model can represent
the phenomenon of “predicted sound”, which is unconsciously
heard as the effect of the normalization of the coarticulation,
by comparing this predicted sound with the inversely estimated
sound.

Keywords- model for acquisition of spoken word;
coarticulation; Fujisaki model; genetic algorithm; vowel space
parameter

. INTRODUCTION

Human infants learn articulatory behaviors, such as the
tongue hump position and the degree of constriction, which
are human internal function, by controlling their speech
organs and imitating other people’s speech. In this manner,
infants acquire mapping skills between perception and
articulation of speech [1].

We think that this mapping is the most important factor
of human speech communication because it means that not
only the other people’s internal information but their
intention is known. We think also that the skill of
normalization of coarticulation, which is to grasp clearly
ambiguous speech caused by the coarticulation, is acquired
in this imitation training process.

However, there has been no simulation research on
infant’s acquisition process of spoken words using
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perception and production models combined whereas only
the motor theory has been existed [4].

In this paper, we propose a new model of this speech
imitation and acquisition process of infants. We show result
of listening tests on the coarticulation effect, and they can be
understood by our proposed model.

We regard the vowel space parameters [2][3] as the
articulatory gesture [4], such as the tongue hump position
and the degree of constriction of vowels. We represent the
coarticulation effect [5][6] using Fujisaki’s generative model
of speech (Fujisaki model) [7]. We model a trial and error
process of the infant’s speech imitation using the Genetic
Algorithm (GA) [8]. The papers [5] and [6] used the Fujisaki
model, however, were not the acquisition models.

In our model, we regard “command” in the Fujisaki
model as the articulatory gesture and detect it from the
spectral sequence using the GA. In other words, the original
phonemic target is inversely estimated as the Fujisaki’s
command from the phonemically ambiguous speech
spectrum caused by the coarticulation.

Our model also simulates the hypothesis that human
infants acquire the normalization (inverse estimation) skill of
coarticulation through the process of imitating spoken words.
We evaluate the model in listening tests using synthesized
speech. We also show that the model can represent the
phenomenon of “predicted sound”, which is unconsciously
heard as the effect of the normalization of the coarticulation,
by comparing this predicted sound to the inversely estimated
sound.

In section 11, we describe our model of speech production
and perception. In section Ill, we describe our model to
imitate the speech production process. In section 1V, we
describe results of analysis of the coarticulation by our
model and comparison of them to listening tests. Section V is
the conclusion of the paper.

1. THE MODEL OF SPEECH PRODUCTION AND
PERCEPTION

In this section, we describe parts of the proposed model
of speech production and perception: speech analysis
synthesis system, the vowel space parameter, Fujisaki model,
and the genetic algorithm.
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A. Speech analysis synthesis system

Spectral envelopes are extracted by the improved cepstral
method [9] with sampling frequency of 10 kHz, frame length
of 25.6ms and frame shift of 10ms. Speech is synthesized
using the Log Magnitude Approximation (LMA) filter [10].

B. The vowel space parameter

Principal vectors of the principal component analysis
[11] are calculated from many log amplitude spectra, which
we call simply “spectra”, of isolated vowels. Spectrum at
each frame of a spoken word is transformed to components
on the axis of principal vectors. We call this space
constructed by the principal vectors as the vowel space and
the components on the principal vectors as the vowel space
parameters [2][3]. The vowel space can represent effectively
the space where the vowel spectra vary widely because a
principal axis with lager in the spectral space. Therefore, we
can reconstruct a spectrum using only the components at the
principal vectors with larger eigen values. The vowel space
parameters were shown to have much more compressed
information than that of the cepstra and can sufficiently
express the phonemic characteristics of consonants [2][3].

Figure 1 shows the distribution of the vowel space
parameters of isolated vowels spoken by a Japanese male
speaker. The central frames of the isolated vowels were
analyzed to be log magnitude spectra. Using these spectra,
the principal component analysis was performed. These
spectra were analyzed using the resulting principal
components. This figure is very similar to the distribution of
isolated vowels at two dimensional space of the first and
the second Formant frequencies. This figure also
corresponds very much to the place of vowels expressed in
the tongue hump position and the degree of constriction.
Therefore, we can use the vowel space parameters in place of
the Formant frequencies or the articulatory gesture. Formant
frequency cannot be detected always correctly whereas the
vowel space parameter is not and can have higher order
parameters than the Formant.

C. Fujisaki model

The Fujisaki model [7] is an effective model for
approximating the contour of the fundamental frequency
precisely for the source model of speech synthesis.

The phrase command and one accent command of the
Fujisaki model were used in our proposed model to imitate
information of the source. In the model of imitating
information of the articulatory position, only accent
commands were used and connected to be a command
pattern [5]. Fujisaki model was originally applied to the
fundamental frequency and then to the Formant frequency
[5]. The vowel space parameter is similar to the Formant
frequency. Therefore, we can apply Fujisaki model to the
vowel space parameter.

D. Genetic algorithm

The (GA) [8] is a searching algorithm which simulates
biological evolution. N individuals with chromosomes made
by random numbers are generated first and they become the
first generation. The fitness is decoded from the
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Figure 1. Analytic result of isolated vowels

by the vowel space parameter
chromosomes using expression for each model. We adopted
the ranking and the elite strategies in the selection mode. The
cross over and mutation are carried out and they become a
new generation. This algorithm was repeated to be 10th
generation in this study. We adopted the Real number Coded
Genetic Algorithm (RCGA) using the chromosomes with the
real number.

I1l.  MODEL TO IMITATE THE SPEECH PRODUCTION
PROCESS

Speech production and perception processes of this
model involve four steps for each: linguistic, psychological,
physiological and physical. These processes are similar to
the usual speech chain, but a difference exists in the
psychological process of this model. The psychological
process represents one of the function of speech processing
done in the human brain and is performed unconsciously.
We use the vowel space parameter as the speech parameter
at the psychological process. The processing of the
coarticulation is performed at this process for both
production and perception. We adopt the Fujisaki model as
the production model for the coarticulation and the GA as the
training algorithm to eliminate (or normalize) the
coarticulation at the perception.

A. Acquisition of source control

1) Imitation of voiced/unvoiced decision using the GA

Figure 2 shows the coding method for voiced/unvoiced
decision. The voiced or unvoiced decision is coded 1, O,
respectively. The starting time t; is coded in the real number.
First, word length is divided by number of phonemes to get
equal length parts of a word. Each point with the same
interval is set as an initial start point of the algorithm, then
the times measured from the initial staring points are set as a
starting time [x10ms] for each phoneme.

GA operation of the voiced/unvoiced decision and the
fitness are as follows.

Crossover: For voiced/unvoiced decision, the code
values (1 or 0) are exchanged at the crossover point. For the
starting times, pairs of corresponding genes of two
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Figure 2.Coding method of voiced/unvoiced
decision

individuals are selected randomly. A new gene is generated
as a random number between values of two genes. A new
individual is generated by changing the gene of one of the
individuals to the new gene. The other individual is similarly
treated with other individual. Nine children are generated
and the elite individual is added. The size of a generation
was set at ten.

Mutation: For the voiced/unvoiced decision, a gene is
selected with probability 0.6 for each individual and the
value 1 or O is inversed. For the starting time, a gene is
selected with a probability 0.6 for each individual and
changed to be a number generated randomly between “value
of the gene -20% of interval among the initial staring points”
and “value of the gene +20% of interval among the initial
staring points”. The probability 0.6 was selected by
preliminary tests.

Fitness is the percentage of the agreement of
voiced/unvoiced decision for each frame.

2) Imitation of fundamental frequency using the GA
Figure 3 shows the coding method of the fundamental
frequency. We adopted one phrase and one accent for the
Fujisaki model. Expression of the Fujisaki model becomes as
follows [7].

INFo = INFpin + AgGi(t - To) + Ae{Galt - T1) - Go(t - To)}

@
ot exp (-af) (t>0)

Gy = { (2)
0 (t<0)
1-(1+p)exp(-fr) (t=0)

G, = @)
0 (t<0)

Where Fo, Frin, Ap, Gp, Aa Ga To, Ti, T2, a, and S are
fundamental frequency, minimal fundamental frequency,
amplitude of phrase command, phrase component function,
amplitude of accent command, accent component function,
time point of beginning of phrase, time point of beginning of
accent, time point of end of accent, time constant of phrase
command function, time constant of accent command,

0.5
Ap Aa
? ,
n T ° T

Figure 3. Coding method of fundamental
frequency.
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respectively. According to the preliminary test, we set « = 10,
p = 25 A, = 0.08. Therefore, in order to imitate the
fundamental frequency, the unknown parameters to be
detected were time at phrase command T, and amplitude A,,
as well as beginning point T, and ending point T, of the
accent command, which were coded in real numbers and
were different for each word in their acquisition. The other
parameters were decided using preliminary tests and set
constant. The times are restricted in the conditions:

-20<T<0 @

To<Th<T<Te

Where Tg is word length. The amplitude of accent command
is

0<A<Ll ©)

The GA operations and the fitness of the fundamental
frequency are as follows.

Crossover is the same as the above crossover of the
staring time in I11.A.1 Imitation of voiced/unvoiced decision
using the GA.

Mutation is the same as the above mutation of the
staring time in I11.A.1) Imitation of voiced/unvoiced decision
using the GA.

Fitness is Euclidean distance between a fundamental
frequency pattern of an original word and the generated
contour of the Fujisaki model, which is evaluated at the
voiced interval.

3) Evaluation of the imitation model of source control
The information for source is obtained by combining
information of the fundamental frequency and the
voiced/unvoiced decision obtained by the GA.

In order to evaluate the obtained information of the
source, we performed listening tests to check the quality of
the synthesized speech made by the obtained parameters [12].
As a result of the tests, it was shown that the quality (3.2)
attained was near to that of the analysis synthesis speech
(3.6) at the third generation. It is very similar to human
infant’s linguistic performance that the model can acquire the
source information in a short time with a few trials.

B. Imitation of articulatory position control [13]

The articulatory position is acquired by imitating time
pattern of each dimension of the vowel space parameter
extracted from speech spectrum. According to the former
method applying the Fujisaki model to Formant frequencies
[5], a few accent command components of the Fujisaki
model are prepared to be the same number as phonemes of a
word. In this expression, the ending times of phonemes are
not used but the beginning times only. Therefore, the
expression of the Fujisaki model for each dimension of the
vowel space parameter is as follows.

A(t) = Anin +j§0(Aj+1 - Aj)Gaj(t'Tj) (7)

1-(1+pr) exp(-pt) (t=0) (8)
Gaj(t) = ‘|:
0 (t<0) (9
The time constant g was set to 20 from the preliminary test,
referring to that of fundamental frequency. The unknown
parameters to be detected to imitate the vowel space
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parameters are A; and T; of the Fujisaki model, which
represent characteristics of each phoneme of a word. The
parameters are prepared for each phoneme and coded in a
real number. The other parameters were decided using
preliminary tests and set constant. The initial staring points
are set similarly to the above staring time in 1LA.1)
Imitation of voiced/unvoiced decision using the GA.

The GA operations and the fitness of the vowel space
parameters, which represent information of the coarticulation,
are as follows.

Crossover: We used the all point crossover. Pair of
corresponding genes of two individuals are selected. For
each gene, a new gene is generated as a random number
between values of the two genes. A new individual is
generated by changing all genes of one of the individuals to
the new genes. The other individual is similarly treated with
other individual. Nine children are generated and the elite
individual is added. The size of a generation becomes ten.

Mutation: One of the genes is selected with mutation
probability 0.6 for each individual. The value 0.6 was
decided by preliminary tests. The amplitude A; is changed to
be a number generated randomly between “the gene value -
its 50%” and “the gene value + its 50%”. The staring time T,
is changed to be the number generated randomly between
“the gene value - 20% of interval among the initial staring
points” and “the gene value + 20% of interval among the
initial staring points”.

Fitness is the Euclidian distance between the vowel
space parameter obtained from the original spectrum of a
word and the Fujisaki contour generated by the GA.

In order to evaluate the acquired vowel space
parameters, we synthesized speech using the spectrum
obtained from the imitated and acquired vowel space
parameters and performed listening tests to check the quality
of the synthesized speech [13]. As a result of the tests, it was
shown that at the third generation, words were acquired with
the quality of correct rate 90% in the listening test for vowels.
It is very similar to human infant’s linguistic performance
that the model can acquire the articulatory position control
with a few trials.

IV. ANALYSIS OF THE COARTICULATION

For spectra of a word, it was shown that the phonemic
feature can be extracted as the command of the Fujisaki
model from the vowel space parameter with a very
ambiguous phonemic feature because of the coarticulation
[13]. In this section, we discuss in more detail using listening
tests and analysis by the proposed model, in which the
command of the Fujisaki model represents the effect of
inversely estimating (normalizing) the process of
coarticulation.

Typical objects of study regarding the coarticulation are
three Symmetrically Connected Consecutive Vowels
[14][6][15] (3SCCV) and two Consecutive Vowels (2CV).
The 3SCCV is the connected three vowels in which the
beginning and the ending vowels are the same and has been
used very much to analyze and model the coarticulation.

In the 2CV, there exists the phenomenon [6] that the
phoneme at transitional part is not heard. For example, the
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transitional part of the 2CV /ai/ is acoustically [e]. Where /.../
shows that “...” are the phonemic representation. But usually
humans cannot hear this transitional sound. This is also the
effect of the normalization of the coarticulation.

We newly think that the following phenomena are also
the effect of the normalization of the coarticulation. First, we
cut the 2CV at the center of the transitional part and delete
the later part. We call this sound as the Cut two Consecutive
Vowels (C2CV). When we listen to the C2CV, not only the
first vowel but also the second vowel is shortly heard. We
think that this phenomenon shows the predicted sound which
is heard because information of the second vowel exists at
the former and the transitional part as the effect of the
coarticulation.

A. Three symmetrically connected consecutive vowels

We can clearly discriminate phonemic feature of a
center vowel of the 3SCCV whereas acoustic characteristics
at the center do not reach the target of an isolated vowel. We
think this phenomenon to be the effect of the normalization
of the coarticulation in the process of human speech
information processing. For example, speech /i/ in /faia/ is
sometimes acoustically [e], but human hear it like [i].

We prepared the 3SCCV of /aia/, /aua/, /iui/. Figure 4
shows an example of analyzed result of the /aia/. This is the
value at the third generation where the GA is performed 100
times and an individual with the best fitness at the tenth
generation is selected. We set the number of phonemes to be
five including the preceding and the following silence. The
vertical axis shows the first dimension of the vowel space
parameter. The curved solid line shows the observed vowel
space parameter and the dashed line is the contour of the
Fujisaki model. The straight line is the command of the
Fujisaki model. The value of the command at the first /a/ is
about 9, that of /i/ is about -10 and that of the last /a/ is about
8. Comparing these values to the horizontal axis of Figure 1,
we can see that the value of the /i/ is grasped as the
Fujisaki’s command at the place acoustically [e] where the
observed value of the solid line is about -7. That is to say,
the model grasps the target of the phoneme while the
acoustical value does not reach the target. For other
dimensions of the vowel space parameter and speech data,
we got almost the same results.

Figure 4 can be understood as follows. The proposed
coarticulation model is already trained coefficients of the

Fujisaki contour
-10 _ Vowel space P.
I Command

Figure 4. An example of analyzed result of three
symmetrical connected consecutive vowels /aia/ by the
proposed method.
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expression of the Fujisaki model including the time constants.

As the result, the model predicts (inversely estimates) the
value of the target as the command of the Fujisaki model
using the slope from the preceding phoneme to the target (S
in Figure 4) under the condition of the set number of
phonemes.

B. Cut two consecutive vowels

The second vowel of the C2CV doesn’t exist physically
but is heard auditorily. For example, when we delete the
following part of /ai/ and listen, it sounds like [aj], which is
usually perceived as [ai]. This phenomenon is thought to
show the effect of unconscious normalization processing of
the coarticulation. We study whether the proposed model of
acquisition of spectral information can be a model for such a
phenomenon of normalization of the coarticulation. For
investigation of the C2CV, we adopted /ai/, /ia/, /au/, /ual,
fiu/, luil. They are the transitional phonemes among /a, i, u/
which exist in almost all languages in the world.

First, we performed listening tests to check what the
inexistent vowel of the C2CVs sounds like. We used the
speech data uttered three times by a Japanese male. We cut
the data at 3/4 point in the transitional interval by observing
the transitional contour of Formants and processed the tail by
the linear fadeout with 5ms length. The beginning of the
fadeout is the center of the two vowels.

All the C2CVs were listened randomly and the listeners
were asked to answer in two second. The instruction to the
listeners was “listen to a consecutive two vowels and answer
the last vowel among /a, i, u, e, o/”. The listeners were five
Japanese university students with normal hearing ability.
One speech specimen was used seven times and the last four
results were used for the statistical analysis. Therefore, there
were 60 answers for each C2CV.

Table | shows a confusion matrix of the result of the
listening test. The numbers represent percentages of the
perceived phonemic value, shown in the shaded block, of the
inexistent vowels, shown in italic at IN for each C2CV.
When we see the shaded part in the table, we find that the
target vowels of C2CVs are answered at a high rate.

Figure 5 shows an example of the result of the analyzed
C2CV /ail. The vertical axis represents the first dimension of
the vowel space parameter. We hypothesize to be four
phonemes: silence, C2CV, silence. This is a result at the
third generation which is selected as the individual with the
best fitness at the tenth generation after the GA operations
were repeated 100 times. We can see that the values of the
command at [a] is about 9 and at [i] is about -9. Comparing
to the horizontal axis of Figure 1, we can see that not only /a/
but also the value of the physically inexistent sound [i] is
grasped as the Fuyjisaki’s command. Our understanding for
the mechanism of this prediction is the same as the
description at the above section.

V. CONCLUSION

We proposed an infant model, which imitates and acquires
spoken words. For the imitation of the source information,
the fundamental frequency pattern was expressed in the
Fujisaki model. For the imitation of the articulatory gesture,
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TABLE I. A CONFUSION MATRIX OF THE
LISTENING TEST [%].

ouT
IN I e a o u

a/ |63|38| 0] 0O
u/ |51 43|83
ia |0|18][82] 0o
ualofofof1]o
izv | 0] 0|00 [700
agulolofof3]oer

15

n a

Cut point

t

o 3 :
0.5 |’ s Na 0 'J.ég 40 45 .50 55 60 G5
i II * bl v i skl
{ Fujisaki contour

-10 Vowel space P.
i Command

Figure 5. An example of analyzed result of the
cut two consecutive vowels /ai/.

spectral information was represented in the vowel space
parameter. Trial and error evident in infant’s imitation
process was modeled in the genetic algorithm.

We confirmed similar performance to human infants in
the model of imitating spoken words, which could acquire
spoken words with reasonable quality in a few trials. We
showed in the analysis of the coarticulation that this model
expresses suitably the normalization (inverse estimation) of
the coarticulation.

This model shows that a new speech analysis method
which predicts a spectrum or inversely estimates the
coarticulation can be possible, especially predicts a following
phoneme from the proceeding phoneme. The model also
shows that a new method is possible to make a very
ambiguous phonemic characteristic of spectrum in
continuous speech clearer.
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Abstract—In this paper, we consider a wireless coexistence
scenario where multi-radio platforms are employed to simulta-
neously support periodic and non—periodic traffic. Considering
a scenario where wireless terminals generating periodic traffic
over one frequency band change their operating band to the
other band after detecting long—term communication failures, we
consider how to suppress mutual interference between periodic
and non-periodic traffic over the shared channel. In this paper,
we propose a transmission control alleviating negative impact of
mutual interference by exploiting interface heterogeneity, traffic
periodicity, and queue management. The proposed scheme real-
izes high packet delivery ratio of periodic traffic by suppressing
transmissions of terminals with non—periodic traffic at the timing
when periodic traffic is expected to be transmitted by their
hidden terminals. With computer simulations and experiments,
we investigate the practicality and effectiveness of the proposed
scheme.

Keywords—Wireless Coexistence, Factory Automation, IEEE
802.11, IEEE 802.15.4, Internet of Things

I. INTRODUCTION

The proliferation of diverse wireless access technologies,
such as LTE, WiFi, ZigBee, Bluetooth, etc., has been accel-
erated during the last decade to support heterogenous traffic
with different requirements. Today, we have an option to
simultaneously exploit these technologies with multi—radio
platforms [1][2]: for instance, small, low—price IoT devices,
which are equipped with multiple interfaces operating over
different frequency bands, such as 2.4/5SGHz and 920MHz,
are commercially available [3].

In this paper, we exploit multi-radio platforms to enhance
robustness of wireless networks in a highly noisy environment.
A typical use—case is factory [4], where there are many metal
objects blocking communication links between transmitters
and receivers [5]. Furthermore, there can be noise emitted
from industrial machines, as well as interference from many
radio equipment around a factory. The resulting instability
of communication channels causes temporal communication
failure, which can last for a long period of time. If we
employ wireless devices with a single interface operating over
a specific frequency band in such an unstable environment,
we cannot offer reliable transmissions of data: once blocking,
noise or interference is generated over an operating frequency
band, each device has no way to avoid them. The lack of
reliability for data transmissions in a factory can result in
serious incidents that could even cause human life to be in
danger. Therefore, in our work, we focus on the usage of wire-
less devices equipped with multiple radio interfaces operating
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at different frequency bands, called Flexible Terminal (FT).
With FT, even if noise or interference is generated over one
frequency band, its operating band can be changed to the other
frequency band, which enables us to avoid communication
failures due to noise and interference. More specifically, we
employ radio standards operating at unlicensed frequency
bands: IEEE 802.11 at 2.4 GHz and IEEE 802.15.4g at
920MHz since these standards are widely employed in many
industrial fields [6].

Besides the heterogeneity of radio interface, the heterogene-
ity of communication traffic has become a common trend
in current wireless networks. In addition to non—periodic
(bursty) traffic generated by classical applications, such as
Internet access and video/image transfer, more deterministic
and periodic traffic has become a dominant pattern especially
in a scenario with sensor devices deployed for monitoring
purpose [7][8]. In general, small amount of data is generated
by sensor devices, for which 920MHz radio supporting low
data rate with large coverage is a favorable option. On the
other hand, 2.4GHz commonly used by WiFi offers higher
data rate with smaller coverage than 920MHz, which makes it
suited for supporting Internet access and transfer of large—
size image/video files. In this work, we employ FTs to
simultaneously support periodic and non—periodic traffic. In a
normal operation mode without any noise or interference, FTs
with non—periodic traffic employ an interface operating at 2.4
GHz while FTs with periodic traffic use an interface operating
at 920MHz. Then, we consider a scenario where noise or
interference is generated by surrounding devices/machines
over 920MHz, and each FT with periodic traffic changes its
operating interface to that at 2.4GHz. In this case, there is
mutual interference between FTs with periodic traffic and
FTs with non—periodic traffic. In this work, we propose a
transmission control, which suppresses mutual interference
by exploiting interface heterogeneity, traffic periodicity, and
queue management. In the proposed scheme, FTs with non—
periodic traffic detect possible hidden FTs with periodic traffic
by using difference of propagation characteristics of different
frequency bands. Then, FTs with non—periodic traffic predict
the transmission timing of FTs with periodic traffic, and
suppress their packet transmissions at the predicted timing
with adaptive queue management. With computer simulations
and experiments, we investigate the practicality and possible
gain of the proposed scheme.

The rest of the paper is organized as follows. After describ-
ing the system model and problem definition in Section II, we
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present our proposed transmission control in Section III. After
showing and discussing some numerical results in Section IV,
Section V concludes the paper with several future work.

II. SYSTEM MODEL AND PROBLEM DEFINITION

In this section, we first describe the system model consid-
ered in this paper, followed by the problem formulation.

A. System Model

In this work, we employ FTs with interfaces operating at
2.4GHz and 920MHz. In general, 920MHz signals have larger
propagation distance than 2.4 GHz while the former achieves
lower data rate than the latter. We consider a factory-like
indoor area where FTs and a single Flexible Gateway (FG),
which is in charge of aggregating data generated by FTs, are
deployed as shown in Figure 1. The FG is also equipped with
2.4GHz and 920MHz interfaces to receive data from FTs.
Some FTs are supposed to generate non—periodic, bursty, and
heavy-load traffic, which are called NP-FTs. Since this type
of traffic is in general supported by higher PHY rate at 2.4GHz
that has limited communication range, we assume that NP-FTs
are deployed near FG. On the other hand, FTs except for NP—
FTs are assumed to generate periodic, light-load traffic, which
are called P-FTs. A typical example of P-FT is a sensor device
generating monitoring data of industrial machines and/or a
given environment, which are deployed at various places
within an area. This requires P-FTs to employ an interface
and/or parameters realizing a larger communication range, for
which 920MHz is more favorable option. We assume that
the information on period of P-FT’s traffic is known and
shared by all FTs/FG. This is a reasonable assumption since
these terminals and gateway are considered to be deployed by
a single administrator of a factory. Furthermore, the timing
of packet—generations of P-FTs are controlled to be equally
separated over time so that they are not overlapped. This
enables us to avoid contention among P-FTs. In a normal
operation mode, NP-FTs employ 2.4GHz interface while P—
FTs utilize 920MHz interface. Here, 2.4 GHz interface is
supposed to follow IEEE 802.11 PHY/MAC protocol while
920MHz interface is in accordance with IEEE 802.15.4g/e
PHY/MAC protocol. Note that both of these standards employ
CSMA/CA protocol. The FG receives data from both NP-FTs
and P-FTs by using its two interfaces. It is assumed that the
carrier—sense range of 2.4GHz interface is smaller than that
of 920MHz as shown in Figure 1: for example, carrier—sense
range of NP-FT1 in Figure 1 over 920MHez is sufficiently large
to detect signals transmitted by all terminals while it can only
sense signals transmitted by a part of terminals over 2.4GHz.

B. Problem Definition

In this work, we consider a scenario where severe
noise/interference is caused over 920MHz, which can be emit-
ted from industrial machines and/or radio devices deployed
inside/outside a factory area, and 920MHz interface suffers
from continuous communication failures for a long period
of time. As mentioned in Section I, FTs are able to switch
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Figure 1. The considered, factory—like system model.

their operating interface. Therefore, P-FTs, which operate
with 920MHz interface in a normal operation mode, can
switch their operating interface to 2.4GHz, e.g., after detecting
continuous packet errors or after receiving some instruction
if there is a central entity to monitor the radio environment.
Here, each P-FT is assumed to employ low PHY rate (e.g.,
1Mbps) at 2.4GHz, which enables each P-FT to achieve
sufficiently large communication range to transmit data to FG.
However, when P-FTs and NP-FTs share the same 2.4GHz
frequency band, another problem can occur, which is a hidden
terminal problem. For example, as shown in Figure 1, NP—
FT1 and P-FT2 cannot sense their signals with each other
at 2.4GHz. Therefore, CSMA/CA mechanisms do not work
properly among these nodes after P-FT2 changes its operating
band to 2.4GHz, which can cause packet losses at FG, thereby
degrading packet delivery ratio and throughput.

A well-known solution to hidden terminal problem is
RTS/CTS handshake defined in IEEE 802.11. However, it has
been reported that the efficiency of RTS/CTS handshake is low
when short packets, such as small amount of data generated by
P-FTs in our scenario, are involved in data transmissions [9].
Furthermore, RTS/CTS mechanism does not fundamentally
solve problems on collisions among hidden terminals: RTS
frames transmitted by hidden terminals can collide with high
probability. Another requirement specific to industrial appli-
cations is more strict and deterministic protection for sensing
data in comparison to Internet access/file transfer [10], which
is difficult to achieve with RT'S/CTS handshake even with QoS
differentiation defined in IEEE 802.11e [11]. Therefore, in this
work, we propose a mechanism to deterministically suppress
transmissions of NP-FTs to avoid interference with hidden P—
FTs without resorting to RTS/CTS mechanisms by exploiting
interface heterogeneity, traffic periodicity, and adaptive queue
management.

ITII. PROPOSED TRANSMISSION CONTROL

The proposed scheme controls packet transmissions of NP—
FTs in order to suppress interference with their hidden P-FTs.

A. Mechanism to Detect Hidden Terminals

The NP-FTs first need to identify possible hidden terminals
in order to suppress their mutual interference. This is achieved
by exploiting the heterogeneity of interface. Each NP-FT
observes traffic over 920MHz and 2.4GHz while they are not
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transmitting their own data. In the normal operation mode,
P-FTs transmit data at 920MHz. In this case, each NP-FT
finds packets of all P-FTs over 920MHz since they can easily
reach each NP-FT thanks to a large communication range of
920MHz. For example, NP-FT1 shown in Figure 1 observes
periodic receptions of all P-FTs at 920MHz interface in a
normal operation mode. After P-FTs detect noise/interference
at 920MHz, they switch their interface to 2.4GHz, where
NP-FT1 receives packets only from P-FTs located within its
communication range over 2.4GHz. Thus, in the example of
Figure 1, NP-FT1 cannot receive packets transmitted by P—
FT2 since P-FT2 is out of carrier—sense/communication range
of NP-FT1. Then, NP-FT1 finds that it has a hidden terminal
of P-FT2 over 2.4GHz. At this timing, NP-FTs can also find
that P-FTs have changed their operating band to 2.4GHz.
Thus, by comparing packet receptions at 920MHz and 2.4GHz,
each NP-FT can identify its hidden terminals over 2.4GHz,
whose packets can cause collisions against itself.

B. Basic Idea of Proposed Transmission Control

While receiving packets from P-FTs in the normal operation
mode, each NP-FT records the reception timing of each P-FT.
Based on this information and pre—knowledge of the period
of packet transmissions of each P-FT, each NP-FT predicts
the timing of periodic packet transmissions. Then, each NP—
FT suppresses its packet transmissions when the transmissions
of its hidden P-FTs are expected. This is achieved by our
proposed Transmission Control (TC), which executes queue
management to control timing to pass upper—layer packets to
MAC layer module.

The basic idea of the proposed TC is shown in Figure 2.
Here, the blue solid arrow shows the predicted transmission
timing of a hidden P-FT. With the proposed TC, a duration
called Suspending Duration (SD), which consists of Pre-SD
(before the predicted timing) and Post—SD (after the predicted
timing) is prepared. A NP-FT attempts to suspend its packet
transmission over SD, i.e., even if packets are generated at
upper layer, it stores them into its upper—layer queue, and
does not pass them to MAC layer module. In Figure 2, the
dashed green arrow represents the timing when packets are
generated at upper layer of NP-FT. Once SD is over, NP—
FT passes the stored packets to MAC layer module, which
are then transmitted by MAC layer module over the air. Note
that packets generated at non—SD duration can be immediately
passed to MAC layer module and transmitted as in the packet
P4 in Figure 2. The flowchart of these operations of the
proposed transmission control is shown in Figure 3. The
duration of Pre-SD and Post-SD are decided considering
trade—off between achievable Packet Delivery Ratio (PDR) of
P-FTs and throughput of NP-FTs as discussed in Section IV-B
in more detail.

With the above operation of TC, we can prevent NP—
FTs from passing their packets to MAC layer module at
the timing when hidden terminals are expected to transmit
their packets, thereby suppressing interference. However, the
queue management at upper layer has difficulty to precisely
control the timing when signals are actually transmitted at
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Figure 2. Basic idea of the proposed transmission control.
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Figure 3. A flowchart of basic operations of the proposed
transmission control.

PHY/MAC level. This problem is explained in an example
shown in Figure 4. Here, a NP-FT suspends passing packets
to MAC layer module during the first SD, and three packets
are stored in the upper—layer queue. These packets are passed
to MAC layer module after the first SD is over, which are then
stored in lower—layer PHY/MAC queue. The transmissions
of packets in PHY/MAC queue are managed by PHY/MAC
module, which are in general hard to control since it requires
the modification of firmware installed into WiFi module/chip.
The packets are transmitted if they win contentions against the
other terminals. In the example of Figure 4, it is supposed that
NP-FT succeeds in transmitting a packet P1 by winning the
contention. However, it fails to transmit packets P2 and P3 due
to the lost contentions with BackGround (BG) traffic. Then,
these 2 packets remain in PHY/MAC queue in the beginning
of the next SD. As mentioned above, it is impossible to control
the transmissions of these lower—layer packets, therefore, they
can be transmitted even during SD, which can cause a collision
with packets transmitted by hidden P-FTs.

A possible solution to the above—mentioned problem is to
control the number of packets to be passed to MAC layer
module based on the congestion level over the channel, i.e.,
each NP-FT controls the number of packets passed to MAC
layer module in the end of SD in such a way that these packets
can be transmitted in the following non—SD period at the
PHY/MAC level. This requires each NP-FT to continuously
monitor the congestion level over the operating channel. Note
that background traffic at 2.4GHz are not necessarily generated
by WiFi terminals, whose packets can be decoded by NP-FT,
but generated by the other radio equipment, e.g., Bluetooth or
Microwave oven. In this case, each NP-FT needs to monitor
the congestion level without decoding each background signal.
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Figure 4. An example of problem on controlling packet
transmissions with SD.

Therefore, in the following subsection, we first investigate
whether it is practically possible for a WiFi terminal to conduct
real-time monitoring of busy rate (i.e., fraction of time during
which the channel is occupied by radio signals) of a channel.

C. Feasibility to Monitor Congestion Level

We found a parameter called CCAcount in a device driver of
an off—the—shelf WiFi module (Buffalo WL-U3-866DS [12]).
The parameter seems to be related to busy rate of a channel,
however, there was no evidence that this parameter represents
our desired information on busy rate. Therefore, we conducted
experiments to check the relationship between CCAcount and
busy rate of a channel. In the experiments, we prepared 3
laptop PCs with USB dongles of WL-US-866DS. A laptop
PC (Tx PC) was configured to be a transmitter of packets,
which are directed to Rx laptop PC. A laptop PC to observe
CCAcount was located at a sufficiently close position to Tx
PC. The busy rate was varied by changing the number of
packets transmitted per a unit time, for which the output of
CCAcount was monitored at the observing PC. The PHY
rate, packet size, and ACK size of packet transmissions were
respectively set to be 54Mbps, 1496Bytes, and 46Bytes. The
busy rate for each traffic load can be calculated based on
these parameters. The measurements were conducted inside
a shielded room.

Figure 5 shows the output of CCAcount against traffic
load (packets/s). From this figure, we can see that CCAcount
increases as traffic load increases, which saturates over the
range of high traffic load. There is a maximum traffic load
that can be generated by a single WiFi terminal, which depends
on back—off parameters and Inter—Frame Space (IFS) of IEEE
802.11, where the saturation is observed. From this figure,
we can confirm that there is a direct relationship between
CCAcount and traffic load, i.e., busy rate of the channel, which
enables us to employ CCAcount as a measure of busy rate of
the channel.

D. Proposed Adaptive Transmission Control

In this work, we design an Adaptive TC (ATC), which
controls the number of packets to be passed to MAC layer
module based on the observed CCAcount. In ATC, each
NP-FT observes CCAcount during each non—-SD period. The
output of CCAcount is converted to the traffic load by using a

Copyright (c) IARIA, 2020. ISBN: 978-1-61208-768-9

3500

3000 T T
22500+ 1
z2
f=]
=3
520007 4
21500} 1
Q
<
3 1000 1

500 4

|
0 200 400 600 800 1000 1200 1400 1600 1800 2000

Traffic Load [packets/s]

Figure 5. Experimental results on CCAcount against traffic
load.

linear equation approximating the relationship between CCA-
count and traffic load over the load range of [0:1500] packets/s
in Figure 5, which is used to calculate the busy rate. Based
on the derived busy rate, the maximum number of packets
permitted to be passed to MAC layer module at the next non—
SD period, N,z is decided. N,y,q, is calculated as follows:

(]- - B(we)TNSD

Nmar =
; T -«

)]

Here, Tysp is the duration of next non—-SD period, Tp is

the duration required to transmit a single data frame including

SIFS and ACK duration, and « is a parameter to vary effective

number of N,,.., and B, is average busy rate calculated as
_ ZZ‘ZI B;

Bave - W ’ (2)
where B; is busy rate calculated for the i-th last non—-SD
period, and W is the window size (number of non—SDs) used
for calculating average busy rate. N,,,, calculated with (1)
represents the estimated (effective) number of packets that can
be transmitted by a single NP-FT during free period in the
following non—SD period. Note that « is introduced in order to
take the impact of back—off duration and number of contending
FTs into account. With smaller (larger) «, the estimation of
Npnao becomes more optimistic (pessimistic). The range of «
considered in this paper is set to [0.4, 6.0].

The proposed ATC is executed in the end of every SD
period. For instance, in the end of SD1 in Figure 4, N,,qx
is calculated by using busy rate over the last W non-SD
periods. Then, if the number of packets stored in the upper—
layer queue is equal to or more than N, 4., only N,,.. packets
out of stored packets are passed to MAC layer module, and
no more packets are passed to MAC layer module during the
following non-SD period. Otherwise if the number of packets
stored in the upper—layer queue is less than N,,., all stored
packets are passed to MAC layer module. Then, newly arriving
packets in the following non—SD period can be passed to MAC
layer module as long as the total number of packets passed
to MAC layer module does not exceed N,,q,. With these
operations, we can reduce the probability that packets remain
in PHY/MAC queue in the end of each non—-SD period.

10
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TABLE I: Simulation Parameters

NP-FT P-FT
PHY rate 54Mbps 1Mbps
Communication range 75m 100m
Carrier-Sense Range 100m 100m
Packet generation Poisson (mean \) | period = 1s
Data size 2000Bytes 200Bytes
ACK size 30Bytes
DIFS 28 us
SIFS 1048
Slot time 20us
Max. Num. of Retransmissions 3
Min. Contention Window 31
Simulation Duration 20s

IV. SIMULATION MODEL AND RESULTS

In this section, we provide numerical results obtained by
our computer simulations, and discuss the benefit brought by
the proposed transmission control in detail.

A. Simulation Model

The simulation model is shown in Figure 6. The layout
given in Figure 6 is selected since it can increase the number
of hidden terminals, which allows us to consider a worst—
case scenario. In the simulations, communication performance
after P-FTs change their operating frequency band to 2.4GHz
is evaluated. The main parameters used in simulations are
shown in Table I. Most of the parameters are taken from the
IEEE 802.11g standard [13]. The P-FTs generate packets with
period of 1s, and their generation timing are scheduled so
that they do not overlap with each other. In the evaluation,
since there are 32 P-FTs, a period of 1s is divided into
32 sections, and the beginning of each section is randomly
assigned to each P-FT as its generation timing. Each NP-FT
applies the proposed TC/ATC to its hidden P-FTs. We use
the application—level PDR of P-FT and throughput of NP-
FT as performance measures. A packet is decided to be lost
and discarded once the number of retransmissions reaches the
maximum value. For simplicity, packet errors are assumed
to occur only due to collisions. The throughput is defined
as the amount of data successfully delivered by NP-FTs to
FG. The simulation is conducted by a custom—made simulator
developed with Matlab software.
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B. Simulation Results

Below, we show simulation results averaged over 5 simula-
tion trials. Figure 7 shows PDR of P-FTs against the parameter
of o in (1) when the proposed ATC is employed with Pre-SD
= 2ms, Post-SD = 6ms, W = 10, and A = 400 [packets/s].
From Figure 7, we can see that PDR of P-FT is degraded
with smaller «. With smaller «, each NP-FT passes a larger
number of packets to MAC layer module in the end of SD
as calculated by (1), which exceeds the number of packets
that can be transmitted at PHY/MAC layer during the next
non—SD period. In this case, packets remained in PHY/MAC
queue can be transmitted simultaneously with hidden P-FTs,
which causes collisions with high probability. This problem is
alleviated by increasing the value of o where the number of
packets passed to MAC layer module is reduced. Therefore,
PDR of P-FT is improved with larger value of o. However,
larger values of « force each NP-FT to keep more packets in
its upper—layer queue, and degrade its throughput performance.
This is confirmed in Figure 8, where throughput of NP-FTs
against « is shown. The throughput of NP-FTs is largely
degraded with too large «, i.e., the range of o exceeding 3.6.
From these results, we can see that there is an appropriate
value of « to be employed to achieve both high PDR of P-FTs
and high throughput of NP-FTs. In the following evaluations,
we employ a = 3.6 based on the above results.

Next, we investigate the impact of SD length on the
achievable performance of the proposed ATC. Figures 9 and
10 respectively show PDR of P-FTs and throughput of NP—
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FTs against the length of Post-SD, where Pre-SD is fixed
to be 2ms, W = 10, a = 3.6, and A = 400 [packets/s].
First, from Figure 9, we can see that a sufficiently large
value of Post—-SD is required to achieve high PDR of P-FTs.
Each packet generated at P-FT is transmitted with CSMA/CA
protocol, where its actual transmission timing at PHY/MAC
level can be delayed due to contentions with the other NP—
FTs and P-FTs within its carrier—sense range. Therefore, if
NP-FT employs too small Post—SD, it can transmit packets
with hidden P-FTs whose transmissions are delayed due to
CSMA/CA operations. The increase of Post—SD also offers
the improvement on throughput as shown in Figure 10 thanks
to higher probability to avoid mutual collisions, however, too
large Post—SD leads to the reduction of throughput of NP—
FTs since it can reduce the duration for NP-FTs to be able
to transmit their packets. From these figures, we can see that
Post—SD of 6ms is an appropriate choice in our considered
settings.

Finally, we respectively show PDR of P-FTs and through-
put of NP-FTs against traffic load of NP-FTs for different
schemes in Figures 11 and 12. Here, we set Pre-SD = 2ms,
Post-SD = 6ms, W = 10, and o = 3.6. In these figures,
we also show upper—bounds, which are obtained if we can
ideally stop/start the transmission of packets at PHY/MAC
level according to the schedule of SD and non—SD. Note that
the performance of these upper—bounds can be obtained only
if we can modify PHY/MAC module so that we can arbitrarily
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control transmission timing at PHY/MAC level. On the other
hand, our proposed ATC only requires the modification of
a device driver of WiFi module. The results of W/O TC in
these figures represent achievable performance of an existing
scheme, which follows conventional IEEE 802.11 MAC pro-
tocol without employing our proposed TC. From Figure 11,
we can first see that PDR of P-FTs is largely degraded
if we do not employ TC. This is due to packet collisions
between NP-FTs and their hidden P-FTs. By introducing
TC with SD, PDR of P-FTs can be improved, however, we
can obtain gain only over the range of small traffic load
of NP-FTs. As the traffic load of NP-FTs increases, more
packets are stored in the upper—layer queue in the end of
each SD, which can exceed the number of packets that can
be handled at PHY/MAC level during the following non-SD
period. Therefore, more collisions occur for larger traffic of
NP-FTs, which degrades PDR of P-FTs. On the other hand,
it can be seen that the proposed ATC achieves high PDR
of P-FTs even for larger traffic load of NP-FTs thanks to
the adjustment of number of packets passed to PHY/MAC
queue, which is adapted to the observed traffic load. We can
see that the proposed ATC achieves PDR close to the upper—
bound. Next, from Figure 12, we can see that the proposed
ATC does not degrade throughput of NP-FTs even with the
introduction of SD. The avoidance of collisions eventually
leads to throughput improvement in comparison to the other
schemes. With the proposed ATC, packets are stored in the
upper—layer queue according to the estimated traffic load. If
the actual traffic load is smaller than the estimated value,
all packets passed to PHY/MAC queue can be transmitted at
early timing within a non—-SD period, after which no packet
is transmitted since there is no packet in PHY/MAC queue.
This problem does not occur with upper-bound, therefore,
throughput of the proposed ATC does not reach close to the
upper-bound. However, from these results, we can confirm
that the proposed ATC can significantly improve PDR of P—
FTs while achieving slightly better throughput of NP-FTs in
comparison to the other schemes.

V. CONCLUSIONS

In this paper, focusing on a wireless coexistence scenario
where multi—radio platforms are employed to support het-
erogenous traffic, we proposed an Adaptive Transmission
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Control (ATC), which suppresses mutual interference between
hidden terminals generating periodic and non—periodic traffic.
The proposed ATC exploits interface heterogeneity, traffic
periodicity, and queue management adapting to the observed
congestion level. We first confirmed with experiments the
practicality for WiFi device to monitor congestion level in a
real-time manner. Then, we evaluated the gain of the proposed
ATC in terms of packet delivery ratio and throughput by
computer simulations. Our numerical results showed that the
proposed ATC significantly improves PDR of periodic traffic
while slightly improving throughput of non—periodic traffic in
comparison to reference schemes.

Our future work includes experimental evaluations of the
proposed ATC with actual multi-radio platforms. More ex-
tensive verifications of simulation results, e.g., with a larger
number of simulation trials and comparison with theoretical
results, are also our future work. Furthermore, in this paper,
it is assumed that the transmission timing of P-FTs can
be ideally estimated by NP-FTs. However, in practice, this
estimation can be incomplete, which can shift SD from the
desired duration. This causes degradation of PDR of P-FTs
and throughput of NP-FTs, therefore, we need to evaluate the
impact of estimation error on the achievable performance of
the proposed transmission control.
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