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Abstract - An exact computational algorithm for the solution of a discrete time multiclass tandem network with a primary class and
cross-traffic at each queue is developed. A sequence of truncated Lindley recursions is defined at each queue relating the delays experienced
by the first packet from consecutive batches of a class at that queue. Using this sequence of recursions, a convolve-and-sweep algorithm is
developed to compute the stationary distributions of the delay and inter-departure processes of each class at a queue, delays experienced
by a typical packet from the primary class along its path as well as the mean end-to-end delay of such a packet. The proposed approach is
designed to handle the non-renewal arrival processes arising in the network. The algorithmic solution is implemented as an abstract class
which permits its easy adaptation to analyze different network configurations and sizes. The delays of a packet at different queues are shown
to be associated random variables from which it follows that the variance of total delay is lower bounded by the sum of variances of delays
at the queues along the path. The developed algorithm and the proposed lower bound on the variance of total delay are validated against

simulation for a tandem network of two queues with three classes under different batch size distributions.

Keywords: Delay, Tandem, Communication, Network, Discrete Time, Queueing, Algorithm, Lindley Recursion, End-to-end

1. INTRODUCTION

Communication networks carry packet traffic
through connections between multiple source-des-
tination pairs. Traffic from each connection passes
through a network path consisting of a sequence of
intermediate nodes and faces contention at each of
these nodes from other connections. Delays experi-
enced by the connection along the path are random,
and their characterization and estimation are crucial
measures of network performance. For this purpose,
the connection can be modelled as a tandem network
of queues [1-5].

In discrete time queues and their network models, the
time axis is divided into equal intervals, termed “slots”. In
each slot, a batch of packets from each of the sources is
generated and enters the queue or network and one or
more packets leave the queue or network [3-4].

In a network, the joint distribution of queue lengths
and delays as well as the end-to-end delay are useful
measures of network performance but have proved
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to be hard problems to solve [2]. Analogous to the
analysis of their continuous time counterparts, de-
composition of the stationary joint distribution of the
queue lengths at different queues in a discrete time
network into a product of marginal distributions is
shown for a large class of networks [6]. To employ this
for obtaining the delays, one needs to establish arrival
theorems which are known for only special models of
networks [7]. However, product-form decomposition is
employed as a heuristic approximation in general net-
works. This paper addresses the problem of computing
the delays in a discrete tandem network with batch ar-
rival processes and cross-traffic. An exact algorithm for
computing the distributions of delays at each queue as
well as the mean end-to-delay of a typical packet is de-
veloped, along with a lower bound for the variance of
the end-to-end delay.

Different models of tandem queueing networks with
and without arrivals and with and without departures
at the intermediate nodes are studied in the literature.
In [8], a tandem network of two queues in continuous
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time with Poisson arrivals only at the first queue and
identical and independent service times is studied.
Joint delays in a continuous time tandem network
without intermediate arrivals are analyzed in [9]. In
[10], an approximate analysis of the queue lengths and
busy periods at each node in a discrete time tandem
network with arrivals and departures at intermediate
nodes is carried out. The departures are modelled as
random packet drops after service. The authors of [11]
consider a model identical to the model analyzed in the
current paper and propose recursive algorithms for the
computation of delay distributions without presenting
any results. In the current paper, a sequence of trun-
cated Lindley processes is introduced for expressing
the delays in the queues of the tandem network, and
a convolve-and-sweep algorithm is devised for com-
puting the delay distributions. This approach has the
advantage that the algorithm does not require renewal
arrival processes and hence can be applied to all the
queues in the tandem network.

Discrete time tandem network with arrivals and de-
partures at intermediate nodes under Furthest-to-Go
service discipline is analyzed in [12] and expressions
for queue length distributions are obtained. The com-
ponents of end-to-end delay in a Software Defined
Network (SDN) are modelled and experimentally esti-
mated in [5].

Apart from computational approaches, simulation
and bounds are also employed in the analysis of tandem
networks. Simulation analysis of the performance of
high-speed networks is carried outin [13-14]. In[15], the
output process of a GI/GI/1 queue is approximated by a
renewal process and this is applied to a tandem network
of queues without interfering traffic. This approach is ap-
plied in [16] to analyze general discrete time networks.
Worst case bounds on the end-to-end delay under ac-
tive queue management scheduling algorithms are
derived in [17]. A general network calculus approach to
the end-to-end analysis of queueing networks when the
inputs are modelled as deterministic or stochastic affine
envelop processes is developed in [18-19] and the same
has been applied to SDN in [20-21].

Computation of the end-to-end delay in a network
is feasible for product-form networks wherein the sta-
tionary joint distribution of delays at various queues
factors into the product of the marginal distributions.
This follows if a stronger assumption that the delays in
the queues are independent random variables is made.
The product-form decomposition and independence
assumption are commonly employed as a heuristic for
end-to-end analysis. Lower bounds on the moments of
total delay are established by showing that the delays
in the individual queues are associated random vari-
ables [22]. This property is proved in [23] for a tandem
network wherein the service times at all but the last
server are all a constant. In [23] it is employed to derive
an upper bound on the mean total delay. In the current
paper, it is established for the tandem network model
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considered and is employed to obtain a lower bound
on the variance of the total delay. The exact mean total
delay is computed as the sum of computed marginal
distributions.

The rest of the paper is organized as follows: Section
2 describes the model, notation employed and analysis
of a first queue in the tandem network as a single dis-
crete queue highlighting the need for careful analysis
of the other queues. Section 3 begins by defining a
sequence of truncated Lindley processes to recursively
relate the delays experienced by the first packet from
two consecutive batches of Class 0 at each queue in the
tandem network. A computational algorithm is derived
from these recursions by adapting the convolve-and-
sweep algorithm to the truncated Lindley processes.
The delays of a typical packet in the queues are shown
to be associated random variables providing a lower
bound on the variance of the end-to-end delay. This
section also describes the details of implementation
and benchmark simulations. The results of computa-
tional and their validation via simulation are presented
in Section 4. Section 5 concludes the paper with some
directions for future work. Appendix 1 presents a proof
of Theorem 1 stated in Section 3.

2. MODEL, NOTATION AND PRELIMINARIES

This section presents the tandem discrete time
queueing network model, notation employed and ap-
proaches to the analysis of a single discrete queue. The
model consists of discrete time queues in series, each
with arrivals and departures. The tandem network
models the path of a packet stream of interest in a gen-
eral network.

2.1 TANDEM NETWORK MODEL

The discrete time model analyzed in this paper con-
sists of a tandem of one or more discrete time queues
and multiple streams of traffic. Each stream can tra-
verse multiple queues. Figure 1 depicts an instance of
such a tandem network with two queues Q1 and Q2,
and three streams of traffic that are designated as be-
longing to Classes 0, 1 and 2. Class 0 traffic enters the
first queue Q1 and passes through both the queues
before leaving the system. Traffic from Class i, i=1,2 en-
ters the ith queue and leaves the system after service at
that queue. Classes 1 and 2 can be considered as “cross-
traffic” at queues Q1 and Q2, respectively.

Packets from all the classes are assumed to be of
the same size and the servers at all the queues have
identical service rates. Thus, all the jobs need the same
amount of server time at the queues. This constant
amount of time is taken as a unit of time and time is
discretized into slots of this duration. The system works
in discrete time: all the arrivals to a queue arrive at the
beginning of the slot and the first job (after ordering for
service) will be served at the beginning of the earliest
slot that the server is free. The arrivals from each Class
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occur as a single batch with a general batch size distri-
bution and it is assumed that the batches are ordered
for service according to a stationary policy. One can in
principle remove this assumption at the cost of a cum-
bersome analysis.

The interval [k k + 1) is termed the k™ slot. The traffic
from each class is assumed to arrive as batches per slot
with the batch size following an iid distribution

Class |1 Class | 2
L’ L —>
: O Class 0
Class 0 Class 0 +

C lass 1 ClassZ

Fig. 1. ATandem Queueing Network
with Cross Traffic

2.2 NOTATION

The following notation is used throughout the paper:
Qi : The i Queue in the tandem

X @ : Number of Class i arrivals in the k™ slot

A, @ Arrival slot of the first job of Class i at Qj

A].,k("): Interval between the arrival of the k™ and (k+1)*
batch of Class 0 at Qj

W, : Workload of Qi at the beginning of k™ slot

D, ©: Delay of the first job of Class the k™
batch of Class 0 at Qj

2.3. PRELIMINARIES

The workload W, evolves as follows:

1k’

+
Wiesr = (Wi + X2+ x — 1) (1)

where, x*=max{x,0}. Indeed, the total arrivals in the k
slot are X, +X  and one packet gets served if there
are a non-zero number of packets, leaving W, . pack-
ets at the beginning of the (k+1)* slot. The Markov
Chain {W,,, k=0} has a unique stationary distribution
m under the stability condition E(X ¥+ X ®)<1 and can
be computed using Ramaswamy Algorithm [25]. By the
arrival theorem for geometric arrivals, D, O=W, ~m.
The delay distribution of a typical Class 0 packet i in the
k™ batch can then be obtained as

0 0
Q=09 +6 2)

where @ is the rank of the typical packet in its batch.

This analysis does not extend to the rest of the
queues in the tandem since the arrival stream from
Class 0 packets is non-renewal. Hence, a new approach
for developing a computational solution for the tan-
dem networks is needed, as developed in Section 3.
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3. COMPUTATIONAL SOLUTION
AND ALGORITHM DEVELOPMENT

Eqg. (1) is a Lindley Recursion [5, 24] of the form
Zn+1 = (Zn + Xn - 1)+ (3)

and the process {Z}is called a Lindley process. The
convolve-and-sweep algorithm for computing the dis-
tribution of the Lindley process is given by:

P(Zpyr =m)

P(Z, = 0)P(X, < 1)
+P(Z, =m)P(X, = 0), m=0 (4)

m+1
z P(Z,=DP(Xy =m+1—1),
=0
m>0

where it is assumed that Z,is independent of X1

In this paper, Lindley Recursion and the convolve-
and-sweep algorithm will be used to derive a sequence
of truncated Lindley processes defined by generalizing
Eq. (3) (Cf. Egs. (5)-(7) and (9)-(12)) and build a compu-
tational algorithm for obtaining the distributions of
delays of each class of packets using the convolve-and-
sweep algorithm expressed by Eq. (4).

The advantage of computing the stationary dis-
tributions of delays using the convolve-and-sweep
algorithm is that no independence assumptions on
the arrival processes are required. This is essential for
computing the distributions of delays at Q2 and oth-
er downstream nodes where the arrival process from
Class 0 is not a renewal process. The stationary distribu-
tions of delays are computed as limits of the transient
distributions.

3.1 TRUNCATED LINDLEY PROCESSES

From the Lindley process {WU(} of Eq. (1), a sequence
of truncated Lindley processes is defined:

Wik (0) = DR + X + X" 1 (5)
+
Wiesr (D = <W1 el —1) + X(zg) - 1) (6)

for I=1, 2,.., A, (-1, using the notation of Sec. 2. Then,
the delay of the first packet in the (k+1)*t batch of Class
0,D., © isgiven by:

1,k+1

p©

i1 = Wi k+l(A§0k 1) (7)

Egs. (5)-(7) can be used to compute the transient
distributions of the delays {DW(O); k=0,1,...} by extend-
ing the convolve-and-sweep algorithm for the stan-
dard Lindley Recursion to the sequence of truncated
Lindley processes, {W,, (D}. Since A, is random, the
computation is carrled out by condltlonlng onA, °=,
[=1,2,..., using the distribution of A, .
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3.2 INTER-DEPARTURE DISTRIBUTION
FROM Q1

For computing the delay distributions at Q2, the dis-
tribution of the inter-arrival time between the first jobs
of Class 0 from two successive batches of arrivals at Q1
that have at least one Class 0 job is needed. For this, the
following relation is used:

(42 + 0
(0) (0)
Dl,k + Al,k

0) _ 4(0) (0)
A2 A1 k1 T D1,k+1

(0)
= Dik+1

(8)

Eqg. (8) follows from the fact that the departure times
of the first packet from k" and (k+1)*t Class 0 batches
areA, ©+D ©®andA . ©@+D, O, respectively, and
A, (0) A (0) A 0, j= O 1 by deﬁnrtlon

3.3 DELAY AND INTER-DEPARTURE
DISTRIBUTIONS AT Q2

As observed above, the computation of delay dis-
tributions at Q1 using Egs. (5)-(7) can be applied even
when the arrival processes are non-renewal as is the
case for the Class 0 process at Q2. The corresponding
truncated Lindley processes at Q2 are now derived.

To simplify the notation, it is assumed that the Class 0
jobs are arranged to be at the beginning of all the arrivals
in a slot at Q2.1n Q2, the evolution is given by slight modi-
fications of Egs. (5)-(7) since now Class 0 packets from its
k™ batch form a train of XA(o; number arrivals at Q2 starting
fromslot 4, ©.The workload process evolution is charac-
terized by the Egs. (9)-(11) below (Cf. Egs. (5)-(7)):

Wy (0) = D + Z} + X =
2,k k (0) +X(0(2)) (9)

where

_ y(@® (1) 1
Zy=X A +X(o) Tt Xo, o

Az tX (0) -1 (1 0)
1k
and
+

Wopesr (D) = Wy (1 - 1) +X((0)+X(o) . =il (11)

NO)

1,k
for I=1,2,...,A, ©-1. Eq. (10) follows from the fact that,

in slots AZO,LA(O) qni e A(O) X(?g) — 1, thereis asingle

Class 0 packet arriving and berng served at Q2.Then, as
in Eq. (7), the delay is given by
D{D\s = Wa(45) - 1) (12)
It can be observed that Eq. (10) has a variable num-
ber, X A“’k’ of terms. In addltlon A, ©is positively corre-
lated with this number, X (o) Hence the computation
of D, ,,,(” needs to condrtlon on X (o) With this modi-
fication, the computational procedure developed for
computing the stationary distribution of delays D, .,
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as well as that of the inter-departure times Ag’k(‘)), atQ1,
carries over to Q2.

3.4 SOLUTION OF TANDEM NETWORK

The computational solutions developed for delays
and inter-departure distributions at Q2 can be em-
ployed at each of the downstream queues in the tan-
dem network with changes in the input processes. The
algorithm for computing the tandem network process-
es is listed as Algorithm 1.

Algorithm 1

Input: Batch size distributions for Classes with exter-
nal arrivals, X and initial queue lengths I/ ?

Output: Stationary distributions of delays D, " and
inter-departure times Aj,w‘” atQj

Initialization:
a) Set precision value EPSILON (typical: 1e-06)

b) Set the distributions {D,-,o“)} and{A, "}, for all Classes
i to degenerate distribution &,

c) Initialize the distribution of batch inter-arrival
time ALw(O) to Geom(p=P(X,*>0))

Iteration:

For each queue Qj,j=1,2,..., in the tandem do:

For k=1,2,...until convergence do:

Compute the distribution of Dj‘kﬂ“” using
Egs. (5)-(7) for Q1 or Eq. (9)-(12) for Q2, Q3, ...

End

Compute the distribution of Aj’w(”) using Eq. (8)

End

The iteration for the computation of the stationary
distributions{D}.;O)} in Algorithm 1 is repeated until a)
The CDF of the computed distribution is greater than
1.0-EPSILON, and b) The _ distance between the com-
puted successive distributions is less than EPSILON.

3.5 ASSOCIATION OF DELAYS IN THE TANDEM

The total delay in the tandem network is an important
performance measure in communication networks. To
compute it, the distribution of the sum of delays at in-
dividual queues in the tandem is needed. Algorithm 1
does not provide this since only the marginal distribu-
tions of delays are computed.

On the other hand, most network monitoring and
control applications employ the moments of the total
delay. The mean of the total delay is the sum of mean
delays in the individual queues; the latter quantities are
readily computed from the obtained marginal distribu-
tions of the delays. Regarding the variance of the total
delay, the following result is established to provide a
computable lower bound:

International Journal of Electrical and Computer Engineering Systems



Theorem 1. The random variables corresponding to
the delays experienced by an arbitrary Class 0 job at Q1
and Q2 are associated random variables [24]; i.e., using
Eq. (2), Cov(f(YLk(")), g (Yzlk(o))zo for all increasing func-
tions fand g.

The theorem is proved in the Appendix.

In particular, the theorem implies Cov(Y,,©®, Y2’k<0))20.
This is used to compute a lower bound on the variance
of the total delay ¥, @ + Y, ©:

(13)

Var(Yl(,i) + YZ(,(I)c)) > Var(Yl(’Z)) + Var(YZ(,?())

3.6 IMPLEMENTATION OF ALGORITHM 1

The computational Algorithm 1 for analysis at each
queue in a tandem network is implemented in Python
programming language. The iterative computation of
the distributions of the delays {D}.’k(o)} at Q1 using the
truncated Lindley recursions given by Eqgs. (5)-(7) is
implemented abstractly so that it can be employed
for both Q1 and downstream queues with suitable
parametrization. The abstraction is implemented in
an Object-Oriented fashion as a generic Q class with
methods tabulated in Table 1.

Q1,Q2,Qs3, ..., arerealized by sub-classing the generic
Q class. When instantiated as Q1, the given inter-batch
arrival time distribution of Class 0 (resp, Class 1) traffic
is returned by the method Deltal. The method Zn_Zn1
implements the Lindley Recursion Eq. (3) for computing
the distribution of Z | from that of Z ; it starts with a call
to method Z0_Z1 for incorporating a call to the method
Deltal. Using Zn_Zn1, the result of I-step convolve-and-
sweep D, [ (resp. D, V), starting from D, @ (resp. D, /@)
and condltloned on the stationary dlstrlbutlon of A 0
(resp. A, ) being I, is carried out by Dn_Dn1. Dn_ Dn1
is applled iteratively till convergence to compute the
stationary distribution of the delays D, @ (resp. D, /).
Finally, the inter-batch departure dlstrlbutlon A, (0) is
computed by Delta2 from Eq. (8).

For Q2, this inter-batch arrival distribution of Class 2
is computed by Delta1 and the Algorithm 1 is executed
with Class 0 and Class 2 as inputs. This procedure is re-
peated for the rest of the downstream nodes.

All the methods in Table 1 work with discrete prob-
ability distribution functions. To facilitate this, a Py-
thon library for definition and manipulation of discrete
probability distributions with finite or infinite integer
support (spanning positive and negative axis) is devel-
oped.The library consists of Dist Class and a set of func-
tions on Dist objects as listed in Table 2.

Specific probability distributions are defined by sub-
classing Dist. Two of them are used in the results pre-
sented in this paper. Geom(10, 0.29825) is the truncat-
ed version of the Geometric distribution with param-
eter 0.29825 with support restricted to {0,1,...,10} and
having a mean of 0.425007 and a variance of 0.605592.
The mean of about 0.425 for the arrival distributions
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is chosen so that the average load at a queue with a
stream of interest and a cross-traffic stream becomes
0.85 which makes the queue load typical of a commu-
nication network node.

Another distribution, termed Prob9by2, with the
same support, mean of 0.425002, close to that of
Gem(10,0.29825), but with a different variance of
1.31788, is also defined. The distributions are listed in Ta-
ble 3 and are plotted in Figure 2. Prob9by2 has a heavier
tail than Geom(10,0.29825) as can be inferred from Table
3 and Figure 2. The choice of these distributions allows
a comparative analysis of the effect of light and heavy-
tailed arrival distributions on the network delays.

Table 1. The Q Abstract Class

Method Purpose

For computing the Class 0

Dl batch inter-arrival distribution to Q

Basic Convolve-and-Sweep Recursion step for computing

2021 the distribution of Z, from that of Z;
7n Zn1 Basic Convolve-and-Sweep Recursion step for computing
the distribution of Z | from that of Z,
DO Dol For computing the distribution of I-fold convolution of D
- when ALk(O): lusing Z0_Z1 and Zn_Zn1 repeatedly
Dn Dni Recursion step for computing the distribution of D,
- from that of D (“using Zn Zn1 repeatedly
D stat For computing the stationary delay distribution D_©, by
- repeatedly applying the Dn_Dn1 iteration
Delta2 For computing the stationary

inter-departure distribution from Q

Table 2. Library for Working with Discrete
Distributions

o o

"name’, "min_val’, "max_val’, "prob_mass’, "variate’,

Dist "moment’, "var’, "std_dev’, "display_par_data’, "set_

"o

Methods  name’, "set_min_val’’set_max_val’, "set_prob_dist’,
"par_data’, "set_par_data’, "put_mass’, “linf_norm’, “cdf”
Functions "scale_mass’, "scale_dist”, "plot”, "add_dists’, “linf_
| istance_dists’, "convolve_dists’, "normalize’, "truncate_
on Dists dist. _dists”, " Ive_dists’, ” lize", "t t

normalize”

Table 3. Two Discrete Probability Distributions

Mass (Rounded to 4 decimals for display)

Point
Geom(10,0.29825) Prob9by2
0 0.7018 0.7827
1 0.2093 0.1267
2 0.0624 0.0517
3 0.0186 0.0142
4 0.0056 0.0067
5 0.0017 0.0042
6 0.0005 0.0042
7 0.0001 0.0030
8 4.394e-05 0.0022
9 1.310e-05 0.0020
10 5.569e-06 0.0022
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Fig. 2. Two Discrete Probability Distributions

Specific probability distributions are defined by sub-
classing Dist. Two of them are used in the results pre-
sented in this paper. Geom(10, 0.29825) is the truncat-
ed version of the Geometric distribution with param-
eter 0.29825 with support restricted to {0,1,...,10} and
having a mean of 0.425007 and a variance of 0.605592.
The mean of about 0.425 for the arrival distributions
is chosen so that the average load at a queue with a
stream of interest and a cross-traffic stream becomes
0.85 which makes the queue load typical of a commu-
nication network node.

Another distribution, termed Prob9by2, with the
same support, mean of 0.425002, close to that of
Gem(10,0.29825), but with a different variance of
1.31788, is also defined. The distributions are listed in Ta-
ble 3 and are plotted in Figure 2. Prob9by2 has a heavier
tail than Geom(10,0.29825) as can be inferred from Table
3 and Figure 2. The choice of these distributions allows
a comparative analysis of the effect of light and heavy-
tailed arrival distributions on the network delays.

3.7 SIMULATION FOR BENCHMARKING

The results obtained from the computational algo-
rithms are validated against those from simulation. An
event-driven simulation program is developed for this
purpose. The event-driven program generates colum-
nated output files recording the Queue Lengths and
Waiting Times of different classes of jobs at each of the
queues as well as the total waiting time in both the
queues. The simulations are repeated for multiple runs
and empirical quantities are computed using the time
and ensemble statistics. Statistical routines for analyz-
ing the data from individual runs as well as aggregated
statistics from multiple runs are developed. The statis-
tical quantities estimated include mean, variance and
distribution of queue lengths and waiting times.

4. RESULTS AND DISCUSSION

The developed computational algorithm is validated
using two instances of the tandem network shown
in Figure 1, each with batch sizes given by Geom(10,
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0.29825) and Prob9by?2 distributions from Table 3 and
Figure 2. The results are benchmarked against a simula-
tion-based analysis of the same as outlined in Sec. 3.7.

The computational routines developed (Sec. 3.6) are
executed with a precision of 10, Stationary distribu-
tions of waiting times of an arbitrary Class 0 job at Q1
and Q2 are computed. The computed results are used
to obtain a lower bound on the end-to-end delay. For
benchmarking, the simulation program is executed
with the same arrival distributions and repeated for
25 runs. Results from the numerical computation and
simulation are compared and discussed.

4.1 MARGINAL DELAY DISTRIBUTIONS

Figures 3-8 present the results of estimated delay dis-
tributions from simulation and computation; Figures
3-5 depict the results for the Geom(10,0.29825) batch
size distribution and Figures 6-8 show the results for
Prob9by?2 batch size distribution.

Simulated Stationary Delay Distributions: Geom(10,0.29825) Data
1.00000000

Class 0atQ1 —+—
£ Class 1at Q1 ——
0.10000000 % Class 0 at Q2

N Class 2 at Q2

Class 0 Total
0.01000000 §

0.00100000 ¢

0.00010000 ¢

Mass

0.00001000

0.00000100 {

0.00000010

0.00000001

0 10 20 30 40 50 60 70 80
Point

Fig. 3. Simulation Results: Geom(10, 0.29825) Data

Stationary Delay Distribution of an Arbitrary Class 0 Packet at Q1: Geom(10,0.29825) Data
1

Simulated ——
Computed ——

0.01 1

0.0001

1x10 %

Mass
X

1x108 | ; e E

1x10 10

“.,
X

1%10712

".,
.

0 1‘0 2‘0 3‘0 4‘0 5‘0 6‘0 70
Point
Fig. 4. Stationary Delay Distribution of Class 0 at Q1:
Geom(10,0.2985) Batch Sizes

Figures 3 and 6 present the baseline simulation-
based estimated distributions of delay experienced
by a typical packet from each of the three classes at
Q1 and Q2 as well as the total delay of a typical Class
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0 packet in the two queue tandem, respectively for
Geom(10,0.29825) and Prob9by?2 distributions.

Stationary Delay Distribution of an Arbitrary Class 0 Packet at Q2: Geom(10,0.29825) Data
1

Simulated —+—
Computed —¢—

0.01
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X
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X
X
1x10-10 | X
X
X
1x10-12 | A
0 10 20 30 40 50 60 70

Point

Fig. 5. Stationary Delay Distribution of Class 0
at Q2: Geom(10,0.2985) Batch Sizes

Simulated Stationary Delay Distributions: Prob9by2 Data
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Fig. 6. Simulation Results: Prob9by2) Data

Stationary Delay Distribution of an Arbitrary Class 0 Packet at Q1: Prob9by2 Data
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Fig. 7. Stationary Delay Distribution of Class 0 at Q1:
Prob9by2 Batch Sizes

Figures 4 and 5 present the comparison of the com-
puted and simulated delay distributions for a typical
Class 0 packet in Q1 and Q2, respectively. For values of
the delays whose probabilities are reliably estimated
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by the simulation, there is very good agreement be-
tween the simulated and computed quantities. Since
large delays are rare events, their estimation via simula-
tion is unreliable, as seen in the plots.

Figures 7 and 8 present the validation of computed
delay distributions for a typical Class 0 packet at Q1 and
Q2, against simulation for Prob9by?2 data. Again, it can
be observed that the computed results are validated by
their simulation-based estimations.

Since Geom(10,0.29825) has a lighter tail than Prob-
9by?2 (cf. Figure 2), the delay distributions of the former
case are lighter (stochastically less than) compared to
those of the latter case, as observed in Figures 4 and 7
as well asin Figures 5 and 8.

Stationary Delay Distribution of an Arbitrary Class 0 Packet at Q2: Prob9by2 Data
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Computed ——
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X
X
X
1x10-10 L H H i H H X |
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Fig. 8. Stationary Delay Distribution of Class 0 at Q2:
Prob9by?2 Batch Sizes

4.2 END-TO-END DELAYS

The associativity of the stationary delays at Q1 and
Q2 is verified for results of numerical computation as
well as simulation for Geom(10,0.29825) and Prob9by?2
batch size distributions. The results are summarized in
Tables 4 and 5.

In both cases, it is observed that the variance of the
stationary total delay (estimated by simulation) is lower
bounded by the sum of variances of these stationary
delays at individual queues (for both simulation and
numerical computation). This provides a validation of
the lower bound given by Eq. (13). The variance of de-
lays with Prob9by2 batch arrival distributions is larger
than those with Geom(10,0.29825) distributions since
the heavier tail of Prob9by?2 leads to larger variances.

Table 4. Stationary Delay Variances:
Geom(10,0.29825) Data

Simulated Computed
Var [Delay at Q 1] 21.0888 21.2862
Var [Delay at Q 2] 16.7995 18.6227
Sum of Variances 37.8883 39.9089
Var [Total Delay] 44.7317 NA
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Table 5. Stationary Delay Variances: Prob9by2 Data

Simulated Computed
Var [Delay at Q 1] 107.5180 111.9067
Var [Delay at Q 2] 84.4776 108.3647
Sum of Variances 191.9956 220.2714
Var [Total Delay] 226.5120 NA

5. CONCLUSION

A computational approach to the delay distributions
in multiclass discrete time tandem networks with gen-
eral batch size distributions and interfering traffic at
each node is developed. The delays of the first pack-
ets from consecutive batches of a class are related by
using a sequence of truncated Lindley recursions. A
convolve-and-sweep algorithm is developed to handle
the non-renewal arrival processes and solve these re-
cursions and compute the distributions of the delays
and inter-departure distributions.

The delays experienced by a typical packet at differ-
ent queues are shown to be associated random vari-
ables. This is used to compute a lower bound on the
variance of the end-to-end delay as the sum of varianc-
es of the individual delays experienced at the queues.

An object-oriented implementation of the devel-
oped algorithm is carried out facilitating the modelling
of different network configurations. A library of rou-
tines to compute with discrete probability distributions
is also developed to aid the computations.

The developed computational algorithm for the de-
lay distributions and the lower bound on the variance
of the total delay are validated using simulation for a
tandem network of two queues with cross-traffic at
each node under two different batch size distributions.

There are several directions for extending the work
presented in this paper. Algorithm 1 can be applied to
tandem networks with more than two classes at each
node and each stream traversing several nodes. It can
be extended to handle more general arrival processes
such as Markov modulated arrivals. The solution ap-
proach may be extended to compute the joint distribu-
tions of the delays in different queues which will allow
exact computation of the total end-to-end delays. A
non-trivial extension of the developed approach would
be to extend it to networks with routing and feedback.

6. APPENDIX

In this Appendix, Theorem 1 is proved using Math-
ematical Induction.

The delays experienced by an arbitrary Class 0 job
at Q1 and Q2 are, respectively, Y ) = D 0+6,j=1,2 (cf.
Eqg. (2)). Since 6 is mdependent of D, (0) it is enough
to prove that D, ©,j=1,2are assouated random vari-
ables.
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The idea of the proof from [23] is adapted for show-
ing that D, and D, are associated.

For any non-negative integers x, and X,

(o= DT+ (xy— DT =2 (x0— 2)* (14)
Applyingititeratively on Egs. (5)-(6), we obtain
DR = (D% ~453) as)
from Eq. (7). Similarly, from Egs. (9)-(12),
D = (0 +28 - 43) (16)
Inserting Eq. (8) into Eq.(16) gives,
D Dz A ST I O (17)

Hence, from Eq. (10), it follows that

(0)
Dyjesr 2

"
> (082-+x3 - 42+02-02.,) 19

Now, assume D, and D,,® are associated random
variables. From Eqs (1 )and( 8),D,,.,,Pand D,, |
are increasing functions of the random vector

©0) [(0) (0) (0)
(le'DZk'X(O)'_A ) (19)

Since X((g) and -A, (@ are independent random vari-

ables, they are assoaated [22]. Also, as a pair, they are
independent of pair of random variables {DLR(‘”, Dz,k(O)}
which are assumed to be associated. Hence, the vec-
torin Eq. (19) is a vector of associated random variables
[22]. Since D,, ,®and D,, . are increasing functions
of this random vector, they are associated [22]. This
proves the induction hypothesis.

For the system starting with zero packets, the same
argument as in the above paragraph shows that D ,©
and D, are associated random variables, establlsh-
ing the ba5|s case.

Hence, by Mathematical Induction, it follows that
D, @ and D, ,® are associated random variables, for all
k>0 completmg the proof.
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Abstract - Numerous wireless sensor networks (WSN) applications include monitoring and controlling various conditions in the
environment, industry, healthcare, medicine, military affairs, agriculture, etc. The life of sensor nodes largely depends on the power supply
type, communication ability, energy storage capacity and energy management mechanisms. The collection and transmission of sensor data
streams from sensor nodes lead to the depletion of their energy. At the same time, the storage and processing of this data require significant
hardware resources. Integration between clouds and sensor networks is an ideal solution to the limited computing power of sensor networks,
data storage and processing. One of the main challenges facing systems engineers is to choose the appropriate protocol for integrating
sensor data into the cloud structure, taking into account specific system requirements. This paper presents an experimental study on the
effectiveness of integration between sensor networks and the cloud, implemented through three protocols HTTR, MQTT and MQTT-SN. A
model for studying the integration of sensor network - Cloud with the communication models for integration - request-response and publish-
subscribe, implemented with HTTR, MQTT and MQTT-SN. The influence of the number of transmitted data packets from physical sensors to
the cloud on the transmitted data delay to the cloud, the CPU and memory load was studied. After evaluating the results of sensor network

and cloud integration experiments, the MQTT protocol is the most efficient in terms of data rate and power consumption.

Keywords: communication protocols, integration, sensor networks, cloud.

1. INTRODUCTION

Modern technological advances in sensor architec-
ture, device miniaturisation, and wireless networks
have facilitated wireless sensor networks' design, dis-
tribution, and application (WSN). The sensor networks
are self-organising and consist of many different types
of sensors, equipped with tools for monitoring, pro-
cessing and communication, which are located in a cer-
tain area for monitoring, controlling and transmitting
data to each other via wireless communication. The ap-
plications of WSN are numerous and include monitor-
ing and control of a wide variety of conditions in the
environment, everyday life, industry, healthcare, medi-
cine, military affairs, agriculture, etc. The life of sensor
units largely depends on the power supply types, their
ability to communicate, energy storage capacity and
energy management mechanisms. The collection and
transmission of sensor data from sensor nodes lead
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to the depletion of their energy. At the same time, the
storage and processing of this data require significant
hardware resources. Designing additional capability to
process the collected data can significantly increase
the cost of the sensor. Due to the lack of battery power
and bandwidth, the sensor nodes cannot store and
process extensive data [1]. Therefore, storing and pro-
cessing raw data is a challenging task.

On the other hand, cloud structures provide enor-
mous computing power and storage space. Integra-
tion between clouds and sensor networks is an ideal
solution to the limited computing power of sensor net-
works, data storage and processing. A new paradigm
called "Sensor Cloud Computing" has been formulated
to achieve this integration. Therefore, the sensor cloud
arises to perform many tasks that are not possible from
sensor networks [2]. The widespread use of WSN in
many processes poses more and more severe problems
related to the ability of people to share and analyse
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sensor data in real-time. This large volume of data is a
prerequisite for the trend for many companies to pre-
fer and switch to using cloud databases for data stor-
age and processing. Therefore, the collected sensory
data is not only stored and processed in the clouds but
can be accessed anywhere, anytime. Maintaining and
providing the resources to the end-users of the sensor
cloud is a challenging and important task. Researchers
from academia, industry and standards organisations
continue to work and offer potential solutions to this
challenge.

This paper presents the sensor cloud architecture,
focusing on the sensor network-cloud integration pro-
cess. Some of the most used integration protocols are
briefly analysed. The goal is to conduct an integration
efficiency implementation experiment with an actual
physically built sensor network. That network will send
data to the cloud and performs tests on the influence
of the different parameters that transmit data packets
via HTTP (Hypertext Transfer Protocol), MQTT (message
queue telemetry transport) and MQTT-SN (sensor net-
work) protocols.

The paper contains a representation of Communica-
tion protocols for sensor data integration, the impact of
the protocols on the integration effectiveness, Models
for studying the integration of sensor data into a cloud
structure, Communication models for sensor network
- cloud interaction, Experimental design, Experimental
study of the parameters influence of the transmitted
packets on the delay, Results and discussions, Conclu-
sion.

2. LITERATURE REVIEW

The conclusions that the authors give in [4, 5, 8, 13,
14, 15,16,17] can be systematised like this: MQTT is
more suitable over HTTP when the same connection is
reused as much as possible. If connections are created
and broken frequently to send individual messages, the
performance is not considerable compared to HTTP.

Except the protocols message format, another im-
portant feature, determining the integration efficiency,
is the protocols communication models.

MQTT uses Pub/Sub model with broker, which collect
all data and sends particular messages, only to clients,
that are subscribed for them. In this way the payload is
reduced, and so it is better for WSN than HTTP Request/
Response model [14,15,16,17,18,19,20].

The proposed methods [13,14,15,16,17,18,19,20,21]
cannot be easily applied in many loT applications due to
the limitations of loT devices. Depending on the func-
tional requirements of each model, a suitable solution
would be using gateway devices/software with higher
processing/memory capabilities. The data is transmit-
ted from end devices to the Gateway, where various
optimisation methods can be applied before further
transmissions to the cloud [14,15,16,17,18,19,20,21,22].
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3. COMMUNICATION PROTOCOLS FOR
INTEGRATION OF SENSOR DATA TO CLOUD

The biggest challenge in designing "sensor-cloud"
systems is establishing a communication channel be-
tween devices, gateways, servers and cloud platforms.
Therefore, this task requires the use of different proto-
cols. The complete communication stack contains the
protocols distributed in four different layers: applica-
tion, transport, Internet and the channel layer [3]. Some
characteristics of popular protocols for "sensor-cloud"
integration are shown in Table 1.

Table1. Protocols for integration of WSN
into the cloud

Characteristic

Protocols icati
Communication  Transport Qos Security
model layer
HTTP Request - TCP = TLS/SSL
response
QoS-0,
MQTT Publish-subscribe TCP QoS-1 TLS/SSL
QoS-2
QoS-0,
MQTT-SN  Publish-subscribe UDP QoS-1 TLS
QoS-2

As can be seen from Table 1. the communication
channel can be established by appropriate data trans-
mission protocols. By selecting a protocol in the appli-
cation layer, we can influence the settings in the trans-
port and Internet layers protocols to be predefined.
The channel layer is usually determined by the hard-
ware solutions, including IEEE 802.15.4, Z- wave, 802.11
WiFi, Bluetooth Low Energy (BLE), Zigbee, etc.

In sensor and loT (Internet of things) networks, many
small data blocks from different devices are transferred
across different networks. Although the Internet Proto-
col IP is accepted for most types of communication, it has
some problems when applied to loT sensor networks.
Internet access requires application protocols running
over TCP/IP (Transmission Control Protocol) or UDP/IP
(User Datagram Protocol). In addition, IP addressing de-
pends on the physical location, which causes the problem
of network control complexity. To address these issues,
various name-based architectures have been discussed,
such as Named Data Networking (NDN), Content-Centric
Networking (CCN), and Information-Centric Networking
(ICN) [4], [5], [6]. MQTT is one of the most commonly used
protocols in name-based architectures because it reduces
high data transmission costs and provides highly efficient
communication in loT systems. It also uses Name-based
routing, thus reducing the need for routing, compared to
IP addresses, for loT traffic flows.

3.1. HTTP FOR COMMUNICATION IN SENSOR
NETWORKS

HTTP determines how messages are transmitted and
formatted on the Internet and all websites. HTTP trans-
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fers many small packets when communicating with
sensor and loT devices and provides reliable communi-
cation over TCP/IP. Connections established by TCP are
released on each access, as the available data is trans-
ferred based on IP and URL address and their connec-
tion changes dynamically [7]. This communication fea-
ture in sensor and loT devices causes severe costs and
consumption of network resources, and long delays.

3.2. MQTT

MQTT is ideal for use in many situations, includ-
ing limited environments, such as communication in
M2M and loT, requiring low power consumption, mak-
ing it one of the most popular protocol solutions for
data transmission in the limited environments [8]. The
protocol works on TCP/IP, providing orderly, lossless
two-way connections. The MQTT Publish/Subscribe
paradigm is event-driven and allows messages to be
moved between a broker and two MQTT clients (pub-
lisher/subscriber). The broker receives and processes all
messages, separates the publisher from the subscriber
and acts as a router for the messages, deciding where
to send them [9]. The publisher, in turn, creates differ-
ent topics in the broker, as shown in Fig.1.

The MQTT has three different levels of Quality of Ser-
vice QoS 0, QoS 1 and QoS 2. The QoS level determines
the delivery guarantee of a specific message.

MQTT offers SSL/TLS protocols and a client SSL cer-
tificate for the security of the transferred content. The
MQTT protocol is not text-based, and without SSL/TLS,
communication is fully open, and the password is the

main concern.
Broker .
1 Topics

MQTT

Clients

- _
(Pub/Sub)

TCP/IP e —
8
TN
I—{TCP/IP

Fig.1. MQTT Architecture

TCP/IP

Depending on the desired level of security, the MQTT
protocol prescribes the following TCP channels:

+ 1883 = non-encrypted MQTT and the channel
should not be used for sensitive data.

« 8883 = encrypted MQTT, data is encrypted with
SSL/TLS, and customer support is required to es-
tablish the connection.
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« 8884 =encrypted MQTT + client certificate - this
is the highest level of security available for MQTT
communication. In addition to the encrypted
data using the SSL/TLS protocol, the client must
authenticate with a certificate issued by the bro-
ker. So far, however, this channel is maintained
by only a few public brokers (e.g. Mosquitto -
test.mosquitto.org server).

3.3. MQTT-SN

MQTT-SN is an adapted version of MQTT for WSN,
making it suitable for sensor devices due to its low
power, bandwidth limitation, and compact messag-
ing. MQTT-SN uses UDP/IP transport communication
protocol because it's lighter than TCP/IP. There are
three types of MQTT-SN components: MQTT-SN cli-
ents, MQTT-SN GW gateways, and MQTT-SN forward-
ers [10].

MQTT-SN clients connect to the MQTT broker/server via
the MQTT-SN GW using the MQTT-SN protocol. MQTT-SN
forwarders are responsible for transporting messages to
GW.The gateways used are of two types [11], [12]:

«  Transparent Gateway, where each MQTT-SN con-
nection has a corresponding MQTT connection.
This is the most accessible type to implement.

« The aggregating Gateway represents multiple
MQTT-SN connections that share a single MQTT
connection.

4. INVESTIGATION OF THE IMPACT OF THE
PROTOCOLS ON THE EFFECTIVENESS OF
INTEGRATION

WSN faces many limitations and challenges related
to the storage of large volumes of sensor data, their
processing, scalability, security, accessibility, etc. Con-
necting the sensor network to the cloud structure
solves the problem of storing, processing and trans-
mitting large volumes of data generated by the sen-
sor networks in real-time. This paradigm is known as
"Sensor-Cloud" and can be implemented with physi-
cal and virtual sensors. Several advantages of using a
"Sensor-Cloud" are described in [13]. The WSN - cloud
communication can be realised through Gateway de-
vices.

This study aims to assess the integration by examin-
ing the impact of the protocols type on the integra-
tion of sensor network data to Cloud - HTTP, MQTT
and MQTT-SN. The integration evaluation can be done
according to package number, topics per packet, and
bit value criteria. The general requirement is reliable
data transmission from sensor nodes to the database
in the cloud. As a parameter's efficiency for the inte-
gration, we accept the delay of the transmitted data,
the CPU (central processing unit) and RAM (random-
access memory) load, showing the consumed energy
degree.
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4.1 MODEL FOR STUDYING THE INTEGRATION
OF SENSOR DATA INTO A CLOUD
STRUCTURE

The model from fig. 2 is in accordance with the scheme
for data transmission between the sensor network and
the Cloud via Gateway, analysed in detail in [14].

¥ oR i
oy & G

O Vg
’ Platform
Physical Network manage App
layer layer layer layer

Fig. 2. Model for integrating sensor data to a cloud
structure

The physical layer-includes different intelligent sen-
sors that send data to the microcomputer.

The network layer includes a microcomputer that
acts as a gateway and forwards data to a base station.
The base station transports the received data to the
cloud platform, which contains data storage and pro-
cessing servers.

The platform management layer provides data stor-
age and device management features.

The application service layer is connected to the
cloud platform via the API (Application Programming
Interface) to implement the function for online data re-
quests and remote monitoring.

The advantage of the technology used is the possi-
bility of remote control via mobile phone or tablet and
the low cost.

4.2, COMMUNICATION MODELS FOR
INTERACTION BETWEEN THE SENSOR
NETWORK AND THE CLOUD STRUCTURE

The experiments were conducted with two commu-
nication models: "request-response" and "publish-sub-
scribe". The communication model request-response
is implemented with the HTTP protocol and publish/
subscribe via MQTT and MQTT-SN.

4.3. DESIGN EXPERIMENT

The Experimental design includes
+  An Xbee/Zigbee sensor network has been built.

- The sensor data is collected (via Routers in Mesh
topology) and aggregated in the Coordinator.

«  Then it's transmitted to the RPI4 microcom-
puter, which loads pre-developed code for the
experiment. RPI4 transmits the sensor data to
the ThingBoard Cloud [15] via MQTT, HTTP and
MQTT-SN, Fig.4.
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The ThingBoard Cloud is free code and supports vari-
ous integration protocols. As can be seen from the doc-
umentation [15], the ThingBoard Cloud is not designed

to access MQTT-SN data.
o

- :

THTTP 0

QT = = x¥ Sensor network
MQTT SN o) %, 2O/ Mesh topology

/e
ThingsBoard Cloud = &%,
= RPI4,Python code “

1)

1)

QY

Fig. 3. Experiment design

MQTT-SN requires MQTT-SN Gateway, which acts as
a protocol converter to convert MQTT-SN messages to
MQTT messages [12].

4.4. EXPERIMENTAL STUDY OF THE
INFLUENCE OF THE PARAMETERS FOR
THE TRANSMITTED PACKETS
ON THE DELAY.

The main focus of the proposed experiment is the
influence of different parameters, such as number of
packets, number of topics in packets and bits for each
topic, on the speed (delay) of data transmission to the
cloud via different protocols HTTP, MQTT and MQTT-
SN.The parameter values can be changed via code set-
tings. Many scenarios have been studied.

5. RESULTS AND DISCUSSIONS

Sended data influence on the delay, ns

Delay for HTTP,ns

Delay for MQTT,MQTT-SN,ns

=== Sended data influence on the delay in ns, HTTP
~  Sended data influence on the delay in ns, MQTT-SN
~  Sended data influence on the delay in ns, MQTT
Fig.4. The number of transmitted packets
Influences the delay

«  Astudy of the number of transmitted packets in-
fluences the delivered data delay, Figure 4.

The study shows that we have the highest level of
delay in HTTP due to the bigger header. Next in line is
MQTT-SN due to gateway usage. MQTT offers a minor
delay, a due smallest header of 2 bytes.

«  Astudy of the number of transmitted packets in-
fluences RAM in MB

With packages increasing, the difference in proto-
col's impact on RAM load increases, in a way that HTTP
shows the highest level of RAM stress, followed by
MQTT-SN and MQTT. The conclusions of the results are
based on the already discussed protocol's features.
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«  Number of transmitted packets Influence on
CPU, MHz, Fig. 6.

Sended data influence on the RAM load,MB

700
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m
S s00
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2
=
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0
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Numbers of packets
sHTTP=MQTT=MQTT-SN
Fig. 5. Number of transmitted packets
Influence on RAM
Sended data influence on Peak CPU,MHz
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Fig. 6. Influence of the number of transmitted
packets on the CPU

MQTT-SN shows the highest CPU load at the greatest
packet numbers, followed by HTTP and the lowest load
levels in MQTT. The results are based on the already dis-
cussed protocol's features.

«  Astudy of the complex parameters influence the
packets data delay

Complex influence of packet parameters on the delay of transmitted data

1%‘\‘1»‘..‘..

ns

Delay.

packetCount = packetCount =600, packetCount =200, packetCount =200,
1000, intCount = intCount = intCount =200,
dataPointCount = 600, dataPointSize = 1000, dataPointSize  dataPointSize =2500
100, dataPointSize = 800 =100
100,

mHTTP mMQTT = MQTT-SN

Fig. 7. The complex influence of packet parameters
on the delay of transmitted data

This study considers the simultaneous influence of
the three package parameters: number of packages,
number of topics in the packages and bit value for each
topic. Fig. 7 shows that in MQTT, the delay is almost un-
changed, and MQTT-SNis in second place with minimal
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delay impact. It can be summarised that the biggest
delay is in HTTP.

The limitations are on half of the ThingsBoard Cloud,
which allows us to upload only a certain amount of
data. Above that border, the cloud doesn't allow us to
send more data.

- Verification of the transmitted data

The Wireshark software research tool performs the
transmitted packets' destination and size verification
for each examined protocol. Fig.8, fig 9 and fig.10 show
the transmitted data via the HTTP, MQTT and MQTT-SN
protocols.

=[POST /api/v1/16250221010/telemetry HTTP/1.1Nr\n
Host: demo.thingsboard.io\r\n
<Host: demo.thingsboard.io\r\n>
User-Agent: python-requests/2.21.6\r\n
<User-Agent: python-requests/2.21.0\r\n>
Accept-Encoding: gzip, deflate\r\n
<Accept-Encoding: gzip, deflate\r\n>
Accept: */*\r\n
<Accept: */*\r\n>
Connection: keep-alive\r\n
<Connection: keep-alive\r\n>
@ Content-Length: 222\r\n
<Content-Length: 222\r\n>
\r\n
[Full request URI: http://demo.thingsboard.io/api/v1/10250221010/telemetry]
<Request: True>
[HTTP request 1/1]
[Response in frame: 1313
File Data: 222 bytes
@ Data (222 bytes)

Fig. 8. HTTP POST commands

= Header Flags: 0x30, Message Type: Publish Message, QoS Level: At most once delivery (Fire and Forget
Msg Len: 247
Topic Length: 23
Topic: vi/devices/me/telemetry
Message: {exampleDataPointe:765, exampleDataPoint1:765, exanpleDataPoint2:765, exampleDataPoint3: 765, ex:
@ MQ Telemetry Transport:Protocol; PublishMessage!
= Header Flags: 0x30, Message Type: Publish Message, QoS Level: At most once delivery (Fire and Forget
Msg Len: 247
Topic Length: 23
Topic: vi/devices/me/telemetry
Message: 0int0:765, aPoint1:765,
©MQ Telemetry Transport Protocol, Publish Message
@ Header Flags: 0x30, Message Type: Publish Message, QoS Level: At most once delivery (Fire and Forget
Msg Len: 247
Topic Length: 23
Topic: vi/devices/me/telemetry
Message: 0intO:765, aPoint1:765,
©/MQ Telemetry Transport Protocol, Disconnect Req
@ Header Flags: 0xed, Message Type: Disconnect Req
Msg Len: 0

0int2:765, aPoint3:765, ex:

aPoint2:765, aPoint3:765, ex:

Fig. 9. MQTT PUBLISH and DISCONNECT commands

No.  Time Source Destination Protocol Length Info

1. 27.361.. 192.168.1.58 dsldevice.lan DNS 81 Standard query ©x332b A demo.thingsboard.io
1. 27.361.. 192.168.1.58 dsldevice.lan DNS 81 Standard query ©x362b AAAA demo.thingsboard.:
1.. 27.369.. dsldevice.lan 192.168.1.58 DNS 97 Standard query response ©x332b A demo.thingsl|
1. 27.372.. dsldevice.lan 192.168.1.58 DNS 81 Standard query response ©x362b AAAA demo. thil
‘ 1. 33.161.. 192.168.1.58 225.1.1.1 uoP 49 16600 — 1883 Len=5 il

N
@
&
®
2
I~

.. 192.168.1.58 dsldevice.lan DNS 84 Standard query Oxc4cS PTR 1.1.1.225.in-addr.i

= Frame 1847: 49 bytes on wire (392 bits), 49 bytes captured (392 bits) on interface
@ Linux cooked capture
= Internet Protocol Version 4, Src: 192.168.1.58 (192.168.1.58), Dst: 225.1.1.1 (225.1.1.1)
o User Datagram Protocol, Src Port: 10000, Dst Port: 1883

Source Port: 10000

Destination Port: 1883

<Source or Destination Port: 10000>

<Source or Destination Port: 1883>

Length: 13

Checksum: 0xeb83 [unverified]

[Checksum Status: Unverified]

[Stream index: 17)
= Data (5 bytes)

Data: ©50001003c

[Length: 5]

Fig.10. Send data via UTP for MQTT-SN

The analysis of the results, obtained from the experi-
mental studies of the transmitted sensory data from
physical sensors, gives grounds to draw the following
conclusions:

MQTT provides the least delay in data transmission,
the least CPU and RAM load, respectively, and requires
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the least power consumption and the shortest time for
data transmission.

MQTT-SN works with more significant delay and
higher energy consumption. One of the reasons, in
our opinion, is the additional processing that is imple-
mented in the serialisation process using the MQTT-
SN Gateway to convert data structures or objects to
a byte stream, which explains the more significant
delay.

Evaluating the results of integration experiments, the
most efficient data rate and the energy consumption
is MQTT.

The obtained results provide useful and practically
applicable information for the designers of such sys-
tems on the efficiency of the transmitted data through
the protocols for integrating sensor data HTTP, MQTT
and MQTT-SN to the cloud structure.

The main contributions are the developed Python
code for the experiments and the Gateway configu-
rations in both hardware and software. In the general
sense, Gateway converts different protocols at differ-
ent levels. We can connect different devices/programs
using gateways, working on different technologies, on
single personally designed model platforms.

We plan to include more protocols, such as CoAP, be-
cause it works on UDP but uses a "request-response"
model. Also, we plan to encrypt the protocols.

6. CONCLUSION

Integration between clouds and sensor networks is
ideal for the limited computing power of sensor net-
works, storage, processing and access to sensor data
anywhere and anytime. Designing, maintaining and
providing end-user resources from the sensor cloud is
a challenging and important task.

This paper is devoted to studying the integration be-
tween the sensor network and the cloud in transmit-
ting sensor data to the cloud.

Has been created a model for studying the integra-
tion of sensor network - Cloud with the communica-
tion models for integration - "request-response" and
"publish-subscribe”, implemented with HTTP, MQTT
and MQTT-SN.

An algorithm and Python code have been developed
to conduct the experiments, the operability of which
has been verified using the Wireshark tool.

The influence of the number of transmitted data
packets from physical sensors to the cloud on the
speed (delay) of the transmitted data to the Cloud, CPU
and memory load was studied.

From evaluating the results of the experiments for in-
tegration between the sensor network and the cloud,
the MQTT protocol is the most efficient in terms of data
transfer rate and energy consumption.
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Abstract - Underwater Wireless Sensor Networks (UWSNs) handle many underwater applications such as environment monitoring,
surveillance and navigation. These applications generate varied types of traffic such as continuous bit rate, sporadic and different
packet sizes, leading to additional QoS requirements that are traffic and application dependent. This paper presents the development
of a Quality of Service Aware Source Routing (QASR) protocol. QASR discovers multiple paths from the sources to the sinks and selects
the most QoS compatible route among them. QASR is distinctive because it incorporates multiple QoS parameters such as Signal
to Noise Ratio (SNR), latency and residual energy. Depending on which of these parameters are chosen, QASR has three variants,
namely, QASR-Latency (QASR-L), QASR-Residual Energy (QASR-RE) and QASR-Signal to Noise Ratio (QASR-SNR). The performance of
QASR protocol is compared against traditional source routing protocols, with simulations showing a reduction of about 10% to 20%
in latency and about 5% to 10% lesser energy consumption than source routing. QASR protocol exhibits comparable performance
to classic source routing protocols while simultaneously adhering to the QoS requirements of the application. It is also worth noting
that the performance profile of all the three variants of QASR do not have sudden and drastic variations, with the performance
profiles showing consistent trend-lines.

Keywords: Underwater Wireless Sensor Network (UWSN), Underwater Acoustic Communication (UAC), source routing protocol,
Quality of Service (QoS), application traffic, DESERT simulator

1. INTRODUCTION

Trafficin
UWSNs
|

Underwater Wireless Sensor Networks (UWSNs) are . . . . .
wireless sensor networks deployed in an underwater Belay Periodiaity:| | /PemBae | | Behebity) | | iMobiy
environment. UWSNs are used extensively in ocean = | — | e
sampling networks, environmental monitoring, under- Tolerare | Balanced |‘ e | Religbie |‘ Mobilty
sea exploration, disaster prevention, assisted naviga- | |
tion, distributed tactical surveillance and mine recon- e | Sporadic ||- High Jae | Non-relisble || static

naissance [1]. Depending on the application that US-

WNs are deployed for, there is a considerable variation
in the type of traffic in application layer that they have
to be modelled for. As shown in Fig. 1, the varied ap-
plications naturally imply that a UWSN generates dif-
ferent kinds of traffic.
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Fig. 1. Classification of traffic patterns in UWSNs
Application-based traffic patterns also demand an

awareness of different Quality of Service (QoS) pa-
rameters. For example, pollution monitoring may
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require the system to support sporadic data genera-
tion while allowing for slightly relaxed reliability. In
contrast, applications that sense underwater seismic
activity have more stringent reliability requirements
and generate continuous data. Furthermore, military
applications that transmit live audio/video streams
demand that the links support enhanced bandwidth
requirements.

The authors of this paper envision the research pre-
sented here as a first step toward a more generic and
versatile underwater communication architecture ca-
pable of addressing significant system performance
parameters such as node mobility and deployment
strategy, medium access, routing, modulation tech-
niques, energy efficiency and QoS requirements. A
recurring theme in MAC and routing protocols is that
they are usually designed for specific application only.
In addition, there is a distinct lack of research on uni-
fied communication architectures for UWSNs which
can handle the communication requirements of differ-
ent applications.

This paper presents a Quality of service Aware Source
Routing (QASR) protocol that can be configured to
choose QoS parameters on the fly. In particular, QASR
protocol is designed to incorporate three QoS pa-
rameters: residual energy, latency and Signal to Noise
Ratio (SNR). The principle of source routing is used to
discover multiple routes from the source node to the
sink node, and the most QoS appropriate route is cho-
sen from among them. QASR protocol achieves energy
efficiency by optimizing the route discovery process,
caching reusable routes and applying reactive routing.
In addition, QASR protocol is extensively simulated to
ensure that it conforms to the requirements of various
applications such as density of node deployment, traf-
fic characteristics, energy efficiency and data packet
size and frequency.

In the existing literature, QoS is viewed differently
by different researchers. For example, in some re-
search papers, the emphasis of QoS is mainly confined
to traditional output parameters of the system such
as throughput, latency, packet delivery and jitter. For
UWSNSs, another important QoS parameter of relevance
is the energy efficiency. With the UWSNs increasingly
catering to the more diverse and heterogeneous appli-
cations, the energy efficiency has moved from being a
best-effort attempt to an essential parameter in taking
decisions related to routing, clustering, medium access
and even deployment strategies. Among others, the
studies pertaining to energy efficient routing protocols
are presented in [2] and [3].

In the recent past, void-aware and void mitigation
routing has become a topic of considerable impor-
tance attracting significant interest from the research-
ers. Voids are black holes for data, resulting in overuse
of the nodes in routing. This potentially causes a link
outage because of the depletion of nodes in the net-
work. The authors of [4] present the variants of void
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aware routing protocols and the associated challenges
in their development.

The above referred research papers, and the litera-
ture reviewed in Section 2, clearly highlight an inter-
esting shortcoming in the design of routing protocols
for UWSNs. Designing a routing protocol for an accept-
able single parameter of QoS, such as latency, energy
efficiency, void avoidance or link quality, invariably re-
sults in an unresolved or unknown trade-off in other
QoS parameters. Protocols are generally designed for
specific traffic patterns, particular sensing environ-
ments and explicit QoS requirements. Therefore, it is a
desirable and prudent wish that the needs of the var-
ied applications of UWSNs and the traffic patterns they
generate will be better served by a more generic and
versatile routing protocol that supports multiple QoS
parameters after its deployment also.

The primary emphasis of this paper is to address the
following:

«  Enhance the concept of source routing so that
the source node is aware of all the available
routes to reach the sink node.

«  Use of this enhanced source routing and appro-
priate cross-layer information to track the QoS
parameters as mandated by the developed rout-
ing protocol.

- Develop a source routing based protocol that
can choose a path that supports the QoS re-
quirements mandated by the application. For
example, if the application changes the QoS pa-
rameter of interest, the protocol can handle that
also.

The rest of the paper is structured as follows: Sec-
tion 2 presents the related work, a brief description of
some of the other QoS based routing protocols used
in UWSNSs. Section 3 describes the design of the QASR
protocol, including the specifications and flowcharts
used. Section 4 details the deployment scenario, sub-
sequently covering the simulation results of QASR pro-
tocol and comparative analysis. Section 5 presents the
conclusions arrived at in the paper. It also proposes
some suggestions for future work in continuation of
the research presented in this paper.

2. RELATED WORK

The review of literature presented in this section on
the development of routing protocols for UWSNs looks
at some research studies where specific QoS param-
eters such as link quality, traffic priority, reliability and
channel awareness are considered.

In their study in [5], the authors enhance the Direc-
tional Flooding based Routing (DFR) and develop two
variants that focus on end-to-end reliability as the QoS
requirement. The two variants, namely, QoS-Aware DFR
with Angle Adaption (QA_DFR_AA) and QoS-Aware
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DFR with Threshold Adaption (QA_DFR_TA), are de-
signed to adapt to node mobility, resulting in dynamic
QoS requirements. The original DFR protocol does not
accommodate mobile sources and sinks.

These protocols function by tracking the delivery
ratio of each data flow and transmitting this informa-
tion to the source and intermediate nodes of this flow.
Since the sources are aware of link reliability using this
information, further routing can be calibrated accord-
ingly. Although this dynamic recalibration comes at
the cost of increased overhead, there is an improve-
ment in the delivery of packets, thereby satisfying the
QoS requirement of reliability.

The authors in [6] propose a Channel Aware Routing
Protocol (CARP) that considers the link quality as the
QoS parameter of interest. Cross-layer principles are
invoked to apply link quality to choose the next hop
along the path to the sink. CARP also uses ready infor-
mation, such as hop count, to route around voids while
simultaneously focusing on nodes' residual energy and
transmission power control to choose routes. CARP is
analyzed by both simulations using Sapienza Univer-
sity Networking framework for underwater Simulation
Emulation and real-life Testing (SUNSET) [7] and real-
life sea trials in the Mediterranean Sea. CARP is com-
pared with a focused routing-based protocol, Focused
Beam Routing (FBR) [8] and a flooding based protocol,
EFlood. CARP is found to be at least 40% more ener-
gy efficient than FBR and EFlood. It has a significantly
higher packet delivery ratio.

In [9], a QoS aware evolutionary routing protocol for
underwater wireless sensor networks called QERP is
presented. QERP is a greedy clustering-based routing
protocol that increases packet delivery, reduces energy
consumption, and decreases end to end delay. QERP
protocol is based on the assumptions about location
awareness, CSMA for medium access, power control
and mobility patterns. QERP is designed to be evolu-
tionary in nature, performing crossovers and muta-
tions. A fitness function that considers the clustering
cost and link quality cost is derived to perform route
selection.

QERP is simulated using MATLAB, and its perfor-
mance is compared with Depth Based Routing (DBR)
protocol [10] and Vector Based Forwarding (VBF) [11]
protocol. The delay was the least with QERP followed
by DBR and VBF exhibiting the maximum delay. The
clusters in QERP are smaller than other protocols that
use the same concept, resulting in a better profile of
energy consumption. The authors conclude that QERP
improves the delay and reliability of data transfer in
real-time scenarios.

QoSRP, proposed in [12], is a cross-layer QoS channel-
aware routing protocol for the Internet of underwater
acoustic sensor networks. This protocol is designed for
cross-layer, QoS aware, multichannel routing to ad-
dress time-critical marine monitoring applications. In
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addition, there are three mechanisms incorporated in
it to aid data gathering to find vacant channels that can
support high data rates while simultaneously avoiding
congestion and balancing traffic.

QOSRP is simulated using NS-2 and AquaSim 2.0. Its
performance is compared against Link quality-aware
queue-based spectral clustering Routing Protocol
(LRP) for underwater acoustic sensor networks [13],
QERP and an energy efficient Multi-objective Evolu-
tionary Routing Protocol (MERP) for reliable data gath-
ering in the Internet of underwater acoustic sensor net-
works proposed in [14]. QoSRP performs better than
the other protocols in conventional output parameters
such as throughput, error rate, packet delivery and load
balancing.

The research in [15] proposes a priority-based rout-
ing algorithm for underwater wireless sensor networks.
This algorithm improves the QoS by classifying the traf-
fic as high and low priority based on the delay toler-
ance. The network area is divided into logical cubes
by network barriers. Low priority data is allowed to
use only one side of the cube in its attempt to reach
the sink, while high priority data uses all the sides of
a cube. The nearest neighbor is chosen based on the
Euclidian distance.

The performance of this protocol is compared with
Geographic and opportunistic routing protocol with
depth adjustment for mobile underwater sensor net-
works (GEDAR) protocol [16] using the OPNET network
simulator. The simulations show that the high prior-
ity and low priority modes of both the protocols con-
sistently perform better than GEDAR with respect to
packet loss, latency, and residual energy.

A Delay-Intolerant Energy-Efficient Routing proto-
col with sink mobility in underwater wireless sensor
networks, DIEER, is presented in [17]. This protocol as-
sures data dissemination, even at the cost of energy
efficiency. The study uses a multi-prong optimization
approach to optimize sink mobility, data transmis-
sion and dissemination. This is applied to 3D mobile
sensor networks characterized by dense deployment
and mobile sinks. The authors claim that usage of
a mobile sink reduces delay and energy consump-
tion. Further, a mobile sink allows the optimization
of transmission distance to reduce the number of re-
transmissions of data.

The DIEER protocol aims to maximize network life-
time and minimize end to end delay. Performance
comparison is carried out with Mobicast [18]. The simu-
lation results show that DIEER protocol performs bet-
ter than Mobicast for dense deployments and achieves
lower delays.

A summary of the literature reviewed is tabulated in
Table 1. This summary highlights the QoS parameters
considered, basic operation and limitations of the pro-
tocols reviewed and referred in this paper.

437



Table 1. Summary of Literature Reviewed

Basic Principles

Enhancement of DFR that allows node mobility.
Routes are established using links that have
been proved reliable previously.

Link quality is used to choose the next hop
along the path to the sink.

A greedy approach is applied that increases
packet delivery, reduces energy consumption,
and decreases end to end delay.

Protocol uses channel detection, assignment
and forwarding mechanisms to find vacant
channels that can support high data rates while
avoiding congestion and balancing traffic.

Network area is divided into cubes and paths

are assigned based on priority of data.

Concept of source routing is used to select
routes based on the QoS parameter chosen.

Limitations of Protocol

Increased overhead possibly resulting
in higher latency.

Effect of node mobility on protocol
performance is not evaluated.

There is an assumption that the
protocol is aware of the locations of the
nodes and their mobility patterns.

Effect on node mobility on protocol
performance is not evaluated.

Only two levels of priority may not be
appropriate for real world scenarios.

The route discovery can be enhanced
to directly choose the QoS compliant
route instead of selecting one from

Sl. No. Name of Protocol QoS parameter/s
Node mobility and
! QoS Aware DFRIS] iy reliability
Channel Aware . .
2 Routing Protocol [6] Link quality
QAOS aware Clustering cost and
3 evolutionary routing link quality cost
protocol [9] quality
Cross-layer QoS Time-critical
4 channel-aware A
) communication
routing protocol [11]
Priority-based Traffic
5 routing algorithm classification
[15] based on Priority
Signal to Noise
6 QASR (Proposed in Ratio, Residual
this Paper) Energy and
Latency

3. DESIGN OF QASR PROTOCOL

The operation of the QASR protocol proposed in this
paper is divided into three phases:

Phase 1: Selection of data haul node and data
aggregation

Phase 2: Route establishment

Phase 3: Data transfer

These phases are detailed in this section after the in-
troduction of network architecture for QASR.

3.1. NETWORK ARCHITECTURE

To facilitate the implementation of QASR, it is as-
sumed that the nodes of UWSN are deployed in clus-
ters in a stretch of ocean. The nodes are classified as
sensing nodes, data haul nodes and sinks. Sensing
nodes are static nodes responsible for sensing infor-
mation and broadcasting it to the data haul nodes.
The data haul nodes are mobile nodes, analogous to
cluster heads, capable of movement and control of two
aspects of the communication: They receive data from

: Sensing-only Nodes

A : Data Haul Nodes

Fig. 2. A single cluster consisting of sensing nodes
and one data haul node
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multiple possibilities.

the sensing nodes in their cluster. This is done by mov-
ing within the cluster. The data haul nodes also create
a multi-hop ad-hoc network among themselves, send-
ing data collected from their clusters towards the sink.
A single cluster is shown in Fig. 2, and a representation
of the deployment of sensor nodes is depicted in Fig. 3.

Sensing and data-haul nodes are functionally in-
terchangeable; the sensing node with the highest
residual energy is chosen as the data haul node for a
particular data flow. The protocol dictates that the data
haul nodes be mobile while the sensing nodes are
static. There are multiple sinks in the network architec-
ture, and transmission is deemed successful if the data
reaches any one of the sinks.

The following are the assumptions to facilitate the
protocol design:

Assumption 1: The sensing nodes are aware of their
positions in the Cartesian coordinate system.

Assumption 2: The sensing nodes of each cluster are
fixed; by extension, the coverage area of each cluster
is fixed.

A : Data Haul Nodes

@ : Cluster

)

-
1

= =
ca PAEN

Fig. 3. Typical deployment scenario
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Sensing and data-haul nodes are functionally in-
terchangeable; the sensing node with the highest
residual energy is chosen as the data haul node for a
particular data flow. The protocol dictates that the data
haul nodes be mobile while the sensing nodes are
static. There are multiple sinks in the network architec-
ture, and transmission is deemed successful if the data
reaches any one of the sinks.

The following are the assumptions to facilitate the
protocol design:

Assumption 1: The sensing nodes are aware of their
positions in the Cartesian coordinate system.

Assumption 2: The sensing nodes of each cluster are
fixed; by extension, the coverage area of each cluster
is fixed.

3.2, SELECTION OF DATA HAUL NODE AND
DATA AGGREGATION

One of the main assumptions of QASR protocol is that
the area of interest covered by each cluster is fixed along
with the members of the cluster. Each cluster can be
viewed as an undirected, fully connected graph G (VE)
where V € set of nodes in that cluster and E represents
the links. The weight of each link is calculated as the Eu-
clidian distance between the pair of nodes it connects.
For example, if S, and S,are two sensing nodes with coor-
dlnatesS x,y,z )andS (x Y, z) then the weight of the
edge between them s glven by Equation (1).

Ej =0 — %)%+ (;

=¥+ (z; — 7)? (1)

The graph model of the cluster is illustrated in Fig.
4.This is a cluster with five sensing nodes, and each
node is connected to each other.

Fig. 4. A fully connected cluster showing the edges
between the sensing nodes

The data haul node for each cluster is chosen as the
node with the highest residual energy. The data haul
aggregates the data by visiting each of the sensor
nodes. Since one of the sensing nodes is designated as
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the data haul node, QASR protocol calculates the short-
est path of all-pairs for the graph so that each node is
aware of the shortest path to be taken to reach all the
nodes.

The all-pairs shortest path involves finding the shortest
path from all possible sources to destinations within the
cluster. Since this is an undirected graph with no negative
weights, the solution can be computed using Dijkstra's al-
gorithm or the Floyd-Warshall algorithm. However, since
Dijkstra's algorithm has a higher time complexity ((ElogV))
than the Floyd-Warshall algorithm (O(V?)), the latter is cho-
sen to find the all-pairs shortest path.

Floyd-Warshall algorithm uses dynamic program-
ming to check if a given path from vertex S, to S has a
lower total weight alternative if the path goes through
another vertex S,ie,5§-8 -5 isa lower weight alter-
native to S . The mathematical formulation of the
Floyd-Warshall algorithm is given in Equation (2).

0 ifS;=S
A[N] « Ds,s, = E(Si,Sj) if S; and S; are connected
o] if Sy and S; are not connected

(2)

In Equation (2), A[N] refers to the cost matrix with N
nodes, D, |nd|cates the total distance between nodes
S.and S; and E(S, S, ) is the edge between the nodes S,
and S

This paper uses the Floyd-Warshall algorithm to cre-
ate the array of routes R[N]. The algorithm is detailed in
Algorithm 1 as shown below:

Algorithm 1 Floyd-Warshall Algorithm
Require: All pair shortest paths P[N]

Ensure: Cost Matrix A[N]
1:  RIN] « path (S, S)=0 VS,S€EN
2 do k=1,N
3 do i=1,N
4: do j=1,N
5: if D(S, S, )+D_(S,, S)<D(S, S))
thenD(S, S)=D(S, S)+D(S,, S)
6: if path (S, S,)=0
then path (S, S)<k
7: else path (S, Sj.)(— path (SI., S,)
8: end if
9: end if
10: end do
11: end do
12: enddo
13: doi=1,N
14:  doj=1,N
15: if path (S, Sj)=0 then path (S, Sj)<—]
16: end if
17: end do
18: end do
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This algorithm ensures that all the nodes have the
cost matrix and know the shortest path to reach all the
other nodes. This information is helpful once a node is
designated as the data haul node.

To identify the data haul node, QASR protocol per-
forms an intra-cluster MAC-level broadcast of the re-
sidual energy of each node in the cluster. Every node in
the cluster broadcasts a ResEn frame that consists of its
node ID and residual energy. This ResEn frame is stored
by each node that receives it and subsequently for-
warded to the other sensing nodes in the cluster. Each
node continues to receive this frame from other nodes
until they have the residual energy of all the nodes in
the cluster.

The node with the highest residual energy is chosen
as the data haul node. Mobility patterns are set up so
that the data haul node moves to the vicinity of each
sensing node according to the cost matrix derived. The
cost matrix does not change based on energy or any
other parameter, and it continues to be applied as a
shortest path finder.

At the end of phase 1, the UWSN is ready to discover
routes to the sink and use them according to the appli-
cation requirements. Additionally, data haul nodes are
identified, and mobility patterns have also been set up.

3.3. ROUTE ESTABLISHMENT

Route establishment in wireless networks can be pri-
marily of two types. In reactive routing, a route is estab-
lished between node A and node B only when there is
data to be transmitted from node A to B. Conversely,
proactive routing involves all the nodes in discover-
ing a route to all other nodes at the initial start of the
network irrespective of whether they will be needed.
QASR protocol performs reactive routing by consider-
ing the mobile data haul nodes as a multi-hop ad-hoc
network. This reactive routing is based on the Source
routing for Underwater Networks (SUN) protocol [19].

A route request (RREQ) packet is broadcast from
the source data haul node with the destination as
the broadcast address of the sinks. This RREQ packet
is forwarded by the intermediate data haul nodes till
the RREQ reaches one of the sinks. Every intermediate
node that forwards the route discovery packet adds
its address to the header. When the sink receives the
RREQ, it completely knows the entire path followed.
The sink, as a destination, unicasts a route reply packet
(RREP) along the same path to the source data haul
node. Since the RREQ is broadcasted, the source re-
ceives multiple RREPs and can choose the 'best’ route
to transmit the data. If an intermediate node does not
receive an acknowledgement for forwarding the data
to the next hop, it initiates a route error (RERR) packet
and transmits it towards the source so that all the inter-
mediate hops can update their routing tables. Routes
that are used successfully are cached so that they can
be reused.
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The QASR protocol proposed in this paper consists of
two types of packets: Control packets and data packets.
Control packets are used for route discovery and main-
tenance, while data packets are used for aggregated
data at data haul nodes. The control packet format is
shown in Fig. 5.

Destination
Packet ID A Path

Source

Packet Mode
Blode Address

Type Value

Fig. 5. Control packet format of QASR

In Fig. 5, Packet Type indicates whether the packet is
RREQ, RREP or RERR. If the packet is an RREQ, the desti-
nation address is the broadcast group address of sinks,
while the RREP uses the destination address field in
unicast mode. The Path field is implemented as a struc-
ture to store a list of the nodes visited during route dis-
covery.

QASR protocol achieves QoS awareness by working
in three modes: SNR, residual energy and latency. In
the SNR and residual energy modes, the mode value
field stores the minimum SNR or residual energy en-
countered during propagation of RREQ. The same
information is unicast back to the source in the RREP
packet, enabling the source to choose the path based
on the QoS requirement of the application. The laten-
cy mode is similar, but it tracks the cumulative latency
in the entire path instead of hop to hop. This control
packet structure enables the source data haul node to
choose a path with minimum SNR, residual energy or
end-to-end delay. The caching of routes allows them
to be reused without going through route discovery
overhead.

Cross Layer Interactions

For QASR protocol to achieve the different modes
of operation and to identify the data haul node itself,
a significant amount of information is used that is not
conventionally available at the network layer. For ex-
ample, the requirements of the application based on
which the routes are chosen are available at the appli-
cation layer. The process of computing the minimum
SNR and residual energy requires information typically
available at the Physical layer. QASR protocol works
on the principle of cross-layer optimization, assimilat-
ing all this information at the network layer and taking
routing decisions based on them. Fig. 6 depicts the ex-
change of information in the QASR protocol.

Application

Layer
Required QoS Parameter Values for Transport
SNR, Latency and Residual Energy Layer
I—. Network
Layer
MAC
Layer ’Actual Measurements of SNR and
Physical Energy for

Layer

Fig. 6. Cross layer interactions of QASR
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Route Discovery

RREQ packets are used if the cache does not have a route from source to destination, or a RERR is encountered.
The flowchart for the generation of RREQ is shown in Fig. 7, and its propagation at the intermediate nodes is

shown in Fig. 8.

Generate Insert Mode Set Broadcast Wait for

RREQ value=0 MAX_TRIES RREQ RREP

RREP
Gato Insert Path Update RT \ee Recziisved

Send Pkt into Header P 5
Is .
Discovery Decrement Timer
Failed MAXL_TRI MAX_TRIES Expired? No

S=02

Fig. 7. Generation of RREQ

RREQ
Received
2

Wait for
RREQ

Update
Mode Value

Replace Mode
Value in RREQ

No

Broadcast
RREQ

Fig. 8. Propagation of RREQ

When the RREQ is generated initially, the mode value
is set to zero. When an intermediate node receives an
RREQ, it extracts the mode value from it. Then the inter-
mediate node calculates the SNR of the incoming pack-
et or the residual energy of itself from the physical lay-
er. If the calculated SNR/residual energy is lesser than
the mode value in the packet, the intermediate node
updates the mode value. This ensures that the mode
value indicates the minimum SNR or residual energy
at every hop until that point in the propagation. The
intermediate node also updates the timestamp field in
RREQ to reflect the time of receipt of the packet. Once
the RREQ reaches the sink, mode values and timestamp
information are transmitted back to the source data
haul node. The algorithm for updating the mode value
is shown below.

Algorithm 2 Mode Value Update

Require: Updated mode value in RREQ

Ensure: Existing mode information RREQ.mode,

Existing mode value RREQ.modeval, Existing time

RREQ.time, timestamp time, Signal to Noise Ratio

SNR and residual energy RE

1: do while RREQ.received is TRUE

2: if RREQ.mode=SNR then

3: if RREQ.modeval > PHY.SNR then
RREQ.modeval = PHY.SNR
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4. end if
5: if RREQ.mode = RE then
6: if RREQ.modeval > PHY.RE then
RREQ.modeval = PHY.RE
7: end if
8: RREQ.time = time
9: enddo
Route Reply

The transmitted RREQs reach the destination with infor-
mation about minimum SNR or residual energy and the
end-to-end delay in the route that was taken. The destina-
tion copies these values into the RREP packet and unicasts
it using the path information already present to transmit
this to the source. The algorithm for the generation and
propagation of RREP is presented in Fig. 9.

After the route establishment phase, QASR protocol
is aware of all possible routes from source to destina-
tion. The data is aggregated at the data haul nodes,
ready for transmission towards the sink.

Copy Path to
RT

Wait for
RREQ

Generate
RREP

Propagate
RREQ

Unicast RREP

Copy mode, mode
value and timestamp

Fig. 9. Generation and propagation of RREP

Once the route establishment is completed, the

source must choose the best route among the avail-
able options. This is carried out by considering the ap-
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plication requirements of either SNR, latency or residu-
al energy. Depending on the required mode of opera-
tion, QASR protocol initializes the respective path and
inserts it into the data packet header.

The packet is subsequently transmitted to the
next hop. The functioning of QASR protocol at
the source data haul node is illustrated in Fig. 10.

Get Data Set Choose path Insert Path Forward Pkt Wait for Pkt
Packet MAX_TRIES based on mode into Header to next Hop from next Hop
Sequence Yes Ac.k
Received
Number ++
RERR
Generate Yes .
RREQ Received
No
¥ Decrement Timer
MAX_TRI :
S=0? MAX_TRIES Expired? No
Yes

Fig. 10. QASR at source data haul node

4. SIMULATION ANALYSIS

To simulate QASR protocol, the DESERT Underwater
Framework is used, which is an NS-2 based framework
equipped with extensions to facilitate cross layer com-
munication and multiple radio interfaces and underwa-
ter acoustics. The performance of QASR protocol is com-
pared with Source routing for Underwater Networks
(SUN) [19] and Information Carrying based Routing Pro-
tocol (ICRP) [20]. The performance of these protocols is
evaluated in terms of their Packet Delivery Ratio (PDR),
latency and energy consumption. The variable param-
eters are node mobility, node density and data rate.
Subsequently, an analysis of the energy consumption is
presented with respect to the improvement noticed in
the energy efficiency of the QASR protocol.

4.1. DETAILS OF SCENARIO FOR
SIMULATION STUDIES

The coverage area is 3000m3. Every cluster is as-
sumed to have ten sensing nodes. A multi-sink archi-
tecture is considered, with 30 nodes acting as sinks.
Where used, the mobility model will be random way-
point. The simulation parameters are listed in Table 2.

Table 2. Simulation parameters

Parameter Default Minimum Maximum
Coverage Area (m) 3000*3000*3000

Data Haul Nodes 20 5 50
Traffic (kbps) 25 10 100
Mobility (ms-1) Static 0.3 3

Mobility Based on the data aggregation algorithm
MAC Protocol Carrier Sense Multiple Access
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4.2. PERFORMANCE WITH
VARIABLE MOBILITY

In this set of simulations, the mobility of the nodes is
varied. The performance graphs of the different routing
protocolsinterms of PDR, latency and energy consump-
tion are presented in Fig. 11 to Fig. 13 respectively. Even
though QASR protocol has been designed for mobility,
the performance is relatively poor when the mobility is
low. This means that the data haul nodes cannot reach
all the sensing nodes in time to aggregate the informa-
tion, leading to reduced performance initially. Once
data haul nodes are fast enough to reach the sensors,
there is a significant improvement in the performance
of QASR protocol. The fundamental behavior of the
QASR protocol is the same irrespective of whether it is
operating in the QASR-L, QASR-RE or QASR-SNR mode.
The only difference is in the value carried in the mode
field. Hence, it is noted that there is not much variation
in the performance of the three variants of QASR.

The results of Fig. 11 show that although SUN has a
higher packet delivery ratio than the variants of QASR pro-
tocol for static nodes, as mobility increases, PDR of QASR is
about 10% higher than SUN. The variation of latency with
change in mobility is shown in Fig. 12. ICRP has a higher
latency (about 10% to 15%) with increased mobility, while
the other protocols show comparable performance.

Fig. 13 shows the energy consumption of the proto-
cols being compared. Since SUN and ICRP are not de-
signed for mobile data haul nodes, their energy con-
sumption is higher for static nodes. This is attributed to
the fact that the network does not converge complete-
ly when the data haul nodes are static. On the other
hand, variants of QASR protocol show a predictable
linear increase in the energy consumed by the nodes
as the mobility of nodes increases.
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VARIATION OF PDR WITH NODE MOBILITY
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Fig. 11. Variation of PDR with mobility

VARIATION OF LATENCY WITH NODE MOBILITY
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Fig. 12. Variation of latency with mobility
VARIATION OF ENERGY CONSUMPTION WITH

NODE MOBILITY
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Fig. 13. Variation of energy consumption with
mobility

4.3. PERFORMANCE WITH
VARIABLE NODE DENSITY

This set of results is obtained by varying the den-
sity of the nodes by changing the number of clusters.
For the coverage area size considered, the number of
clusters is increased from 5 to 100, with each cluster
containing one data haul node. Fig. 14 shows that as
the number of clusters increases, the PDR of SUN and
ICRP reduces drastically. In addition, there is a reduc-
tion of about 25% in the number of packets delivered.
Since the data haul nodes of QASR protocol are mobile,
they can accommodate larger clusters, thereby reduc-
ing overheads and increasing PDR. The results shown
in Fig. 15 exhibit a similar trend, with the latency of
SUN and ICRP about 150% to 200% more than QASR
protocol. This increase is attributable to the increase in
the overhead communication in the network because
of increasing clusters. Fig. 16 shows a fairly linear in-
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crease in energy consumption of all the protocols. The
increase in node density affects all the protocols in a
similar fashion.

VARIATION OF PDR WITH NODE DENSITY
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Fig. 14. Variation of PDR with node density

VARIATION OF LATENCY WITH NODE DENSITY
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Fig. 15. Variation of latency with node density

VARIATION OF ENERGY CONSUMPTION WITH NODE
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Fig. 16. Variation of energy consumption with node
density

4.4. PERFORMANCE WITH
VARIABLE DATA RATE

In this set of simulations, the data rate of the traffic is
changed. The performance graphs of the different rout-
ing protocols in terms of PDR, latency and energy con-
sumption are presented in Fig. 17 to Fig. 19 respectively.

Fig. 17 illustrates the deterioration of PDR with increas-
ing data rate. While all the protocols show a comparable
decline, SUN and ICRP perform comparatively worse for
extremely high data rates of 90 kbps to 100 kbps. This
is because of the increasingly frequent route discovery
and maintenance carried out by SUN and ICRP when
the data rate increases. QASR protocols shows a similar
trend since it is also based on reactive routing, with the
routing overhead increasing with data rate.
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VARIATION OF PDR WITH DATA RATE
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Fig. 17. Variation of PDR with data rate

Fig. 18 shows the effect of increasing data rate on the
latency of the routing protocols. It is noted here that as
the data rate increases, the latency also shows a corre-
sponding increase of about 20%, with ICRP showing the
maximum latency among the protocols. The latency val-
ues of QASR protocol are comparable to the other proto-
cols. Fig. 19 shows the energy consumption, which is by
and large linear. In comparison with QASR protocol, SUN
and ICRP show an increase of about 10% to 40% of the
energy consumed, with an increasing data rate.

VARIATION OF LATENCY WITH DATA RATE
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Fig. 18. Variation of latency with data rate

VARIATION OF ENERGY CONSUMPTION WITH DATA
RATE
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Fig. 19. Variation of energy consumption
with data rate

5. CONCLUSION AND FUTURE DIRECTIONS

This paper presents the development and simulation
analysis of QASR protocol, a QoS aware source routing
protocol for UWSNs. QASR can choose the best routes
based on QoS requirements of SNR, latency or residual
energy. Depending upon the parameters based on
which the routes are chosen, QASR protocol works in
QASR-L, QASR-RE or QASR-SNR modes of operation.
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The intra-cluster data aggregation is handled by the
sensing nodes’ broadcasting information when the
data haul node visits them. Inter-cluster communica-
tion is achieved by building an ad-hoc multi-hop net-
work to reach the sinks.

QASR protocol is developed to be QoS aware, choos-
ing different QoS parameters. For example, it can select
between latency, residual energy and SNR. Such a pro-
vision for the choice in the selection of QoS parameters
allows QASR protocol to be reconfigured while execut-
ing to consider any one of these parameters. This is a
significant improvement over other QoS-based proto-
cols optimized for one QoS parameter only.

QASR performs particularly well pertaining to la-
tency, showing a reduction of about 10% to 20% for
varying mobility and data rate. For increasing node
density, the performance of SUN and ICRP deteriorate
drastically by a factor of 150% to 200% compared to
QASR protocol. The energy consumption of QASR pro-
tocol also deteriorates gradually, without any sudden
drops and sharp variations. In some cases of increasing
node density and data rate, the energy consumption of
QASR protocol is about 5% to 10% lesser than SUN and
ICRP. It is observed that QASR protocol exhibits perfor-
mance comparable to source routing in underwater
networks while simultaneously ensuring that the QoS
requirements of the application are met.

The performance of the QASR protocol shows that it
works fairly reliably for scenarios with varying mobility,
node density and data rate. The results show that the
protocol performs gracefully, without any kinks, sud-
den drops or unexpected behavior. Based on the vari-
ous simulation studies presented in this paper, it is rea-
sonable to infer and conclude that the QASR protocol
has performed well within the generally expected and
acceptable trends of performance metrics. This in turn
lends QASR protocol a desirable attribute of reliability.
The performance characteristics of QASR protocol are
adequate to accommodate different types of traffic
patterns and other application specific requirements.

It is typically observed that while designing energy
efficient communication architectures for UWSNs, oth-
er QoS parameters are relegated to lesser importance.
This is a valid decision since energy efficiency becomes
an overarching design requirement. Therefore, the au-
thors propose to use QASR protocol as a building block
of a more generic and versatile underwater commu-
nication architecture that can be applied to scenarios
requiring QoS and energy efficiency.

One of the proposed enhancements to the QASR pro-
tocol is to further optimize the process of route discov-
ery. Currently the QASR protocol chooses the route that
conforms to the QoS requirement specified during route
discovery. This step involves looking at all the routes
discovered and then selecting the best option among
them. The authors propose to enhance route discovery
such that the non-QoS compatible routes can be elimi-
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nated in this phase. This will subsequently ensure that
the best route that satisfies the required QoS parameter
is discovered in a straightforward manner.

6. REFERENCES

(1]

(2]

[31

(4]

(5]

(6]

(7]

[8]

[91

[10]

. Akyildiz, D. Pompili, T. Melodia, “Underwater Acous-
tic Sensor Networks: Research Challenges’, Ad Hoc
Networks, Vol. 3, No. 3, 2005, pp. 257-259.

S.Khisa, S. Moh, “Survey on Recent Advancements in
Energy-Efficient Routing Protocols for Underwater
Wireless Sensor Networks’, IEEE Access, Vol. 9, 2021,
pp. 55045-55062.

C. Nakas, D. Kandris, G. Visvardis, “Energy Efficient
Routing in Wireless Sensor Networks: A Comprehen-
sive Survey”, Algorithms, Vol. 13. No. 3, 2020, pp. 72-
137.

M. Khasawneh, L. Abualigah, M. Al Shinwan, “Void
Aware Routing Protocols in Underwater Wireless
Sensor Networks: Variants and challenges’, Journal
of physics: conference series, Vol. 1550, No. 3, 2020,
pp. 32145-32151.

J. Park, S. Lee, D. Kim, Y. Hong, “QoS-aware Direction-
al Flooding-based Routing for Underwater Wireless
Sensor Networks", Proceedings of the International
Conference on Underwater Networks & Systems,
Rome, Italy, 12-14 November 2014, pp. 1-2.

S. Basagni, C. Petrioli, R. Petroccia, D. Spaccini, “CARP:
A Channel-aware Routing Protocol for Underwater
Acoustic Wireless Networks’, Ad Hoc Networks, Vol.
34,2015, pp. 92-104.

C. Petrioli, R. Petroccia, J. Potter, D. Spaccini, “The
SUNSET Framework for Simulation, Emulation and
at-sea Testing of Underwater Wireless Sensor Net-
works’, Ad Hoc Networks, Vol. 34, 2015, pp. 224-238.

M. Jornet, J. Stojanovic, M. Zorzi, “Focused Beam
Routing Protocol for Underwater Acoustic Net-
works”, Proceedings of the Third ACM International
Workshop on Underwater Networks, San Francisco,
CA, USA, 15 September 2008, pp. 75-82.

M. Faheem, G. Tuna, V. Gungor, “QERP: Quality-of-
Service (QoS) Aware Evolutionary Routing Protocol
for Underwater Wireless Sensor Networks", IEEE Sys-
tems Journal, Vol. 12, No. 3, 2018, pp. 2066-2073.

H.Yan, Z. J. Shi, J. Cui, “DBR: Depth-Based Routing for
Underwater Sensor Networks’, Proceedings of the
7th International IFIP-TC6 Networking Conference,
Singapore, 5-9 May 2008, pp. 72-86.

Volume 13, Number 6, 2022

(11l

[12]

[13]

[14]

[15]

[16]

(7]

(18l

(191

[20]

P. Xie, J. Cui, L. Lao, “VBF: Vector-Based Forwarding
Protocol for Underwater Sensor Networks”, Proceed-
ings of the 5th International IFIP-TC6 Networking
Conference, Coimbra, Portugal, 15-19 May 2006, pp.
1216-1221.

M. Faheem, R. Butt, B. Raza, H. Alquhayz, M. Ashraf, S.
Shah, M. Ngadi, V. Gungor, “QoSRP: A Cross-layer QoS
Channel-Aware Routing Protocol for the Internet of
Underwater Acoustic Sensor Networks”, Sensors, Vol.
19.No. 21, 2019, pp. 4762-4796.

M. Faheem, G. Tuna, V. Gungor, “LRP: Link Quality-
aware Queue-based Spectral Clustering Routing
Protocol for Underwater Acoustic Sensor Networks’,
International Journal of Communication Systems,
Vol. 30, No. 12, 2016, p. 3257.

M. Faheem, M. Ngadi, V. Gungor, “Energy Efficient
Multi-objective Evolutionary Routing Scheme for
Reliable Data Gathering in Internet of Underwater
Acoustic Sensor Networks”, Ad Hoc Networks, Vol. 93.
No. 3,2019, p. 101912.

A. Ali Rezaee, M. H. Zahedi, “A Priority-based Routing
Algorithm for Underwater Wireless Sensor Networks
(UWSNs)", Journal of Communication Engineering,
Vol. 197, No. 2, 2018, pp. 61-79.

R. Coutinho, A. Boukerche, L. Vieira, A. Loureiro, “GE-
DAR: Geographic and Opportunistic Routing Proto-
col with Depth Adjustment for Mobile Underwater
Sensor Networks”, Proceedings of the IEEE Interna-
tional Conference on Communications, Sydney, Aus-
tralia, 10-14 June 2014, pp. 251-256.

K. Latif, N. Javaid, I. Ullah, Z. Kaleem, Z. A. Malik, L.
D. Nguyen, “DIEER: Delay-Intolerant Energy-Efficient
Routing with Sink Mobility in Underwater Wireless
Sensor Networks”, Sensors, Vol. 20, No. 13, 2020, pp.
1-21.

Y. Chen, Y. Lin, “Mobicast Routing Protocol for Under-
water Sensor Networks’, IEEE Sensors Journal, Vol.
13, No. 2, 2013, pp. 737-749.

G.Toso, R. Masiero, P. Casari, “Revisiting Source Rout-
ing for Underwater Networking: The SUN Protocol”,
IEEE Access, Vol. 6, 2017, pp. 1525-1541.

W. Liang, H. Yu, L. Liu, B. Li, C. Che, “Information-Car-
rying Based Routing Protocol for Underwater Acous-
tic Sensor Network’; Proceedings of the International
Conference on Mechatronics and Automation, Har-
bin, China, 5-8 August 2007, pp.729-734.

445






Facial expression recognition via a
jointly-learned dual-branch network

Original Scientific Paper

Yamina Bordjiba

University of Badji Mokhtar,
Faculty of Technology,
Department of Computer Science
BP 12, Annaba, Algeria
bordjiba.yamina@univ-guelma.dz

University of 8 mai 1945,

Faculty of Mathematics, computer science and sciences of matter,
Department of Computer Science, Labstic Laboratory

BP 401, Guelma, Algeria

Hayet Farida Merouani

University of Badji Mokhtar,

Faculty of Technology, Department of Computer Science, LRI Laboratory
BP 12, Annaba, Algeria

hayet.merouani@univ-annaba.org

Nabiha Azizi

University of Badji Mokhtar,

Faculty of Technology, Department of Computer Science, Labjed Laboratory
BP 12, Annaba, Algeria

azizi@labged.net

Abstract - Human emotion recognition depends on facial expressions, and essentially on the extraction of relevant features. Accurate
feature extraction is generally difficult due to the influence of external interference factors and the mislabelling of some datasets, such as the
Fer2013 dataset. Deep learning approaches permit an automatic and intelligent feature extraction based on the input database. But, in the
case of poor database distribution or insufficient diversity of database samples, extracted features will be negatively affected. Furthermore,
one of the main challenges for efficient facial feature extraction and accurate facial expression recognition is the facial expression datasets,
which are usually considerably small compared to other image datasets. To solve these problems, this paper proposes a new approach
based on a dual-branch convolutional neural network for facial expression recognition, which is formed by three modules: The two first ones
ensure features engineering stage by two branches, and features fusion and classification are performed by the third one. In the first branch,
an improved convolutional part of the VGG network is used to benefit from its known robustness, the transfer learning technique with the
EfficientNet network is applied in the second branch, to improve the quality of limited training samples in datasets. Finally, and in order to
improve the recognition performance, a classification decision will be made based on the fusion of both branches’ feature maps. Based
on the experimental results obtained on the Fer2013 and CK+ datasets, the proposed approach shows its superiority compared to several
state-of-the-art results as well as using one model at a time. Those results are very competitive, especially for the CK+ dataset, for which the
proposed dual branch model reaches an accuracy of 99.32, while for the FER-2013 dataset, the VGG-inspired CNN obtains an accuracy of
67.70, which is considered an acceptable accuracy, given the difficulty of the images of this dataset.

Keywords: facial expression recognition, deep learning, CNN, VGGnet, transfer learning, EfficientNet, dual branch network, features fusion.

1. INTRODUCTION

Based on a cross-cultural study, Ekman et al. [1] de-
fined six basic emotional expressions: disgust, anger,
fear, happiness, sadness, and surprise. Since these ex-
pressions are universal among human beings, they
demonstrate that certain basic emotions are perceived
in the same way among human beings, independently
of their culture. While recent advanced research in neu-
roscience and psychology has indicated that the six
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basic emotions model is not universal [2], but culture-
specific, most studies in the field of facial expression
recognition focus on this model.

During the last decades, facial expression recogni-
tion has emerged as an important and challenging
topic in several fields such as computer vision, artificial
intelligence, and human-computer interaction. Gener-
ally, traditional works on facial expression recognition
were conducted in two steps: first, expression features
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are extracted to represent the given image/video, and
then a classification stage is carried out to recognize
the different expressions from the extracted features.
Most conventional methods rely on handcrafted fea-
tures or shallow learning, such as Neural Network [3],
Bayesian Network (BN) [4], Support Vector Machine
(SVM) [5], Adaboost [6], and Random Forest [7].

For conventional facial expression recognition sys-
tems, the extraction of facial features is a very crucial
step, and it affects the later classification decision.
Generally, it should be noted that the employed meth-
ods to extract these handcrafted features use labeled
data in the context of supervised learning. In addition,
these handcrafted features such as the representation
of LBP and Gabor wavelets capture low-level informa-
tion on facial images, except the high-level represen-
tation of facial images [8]. In addition to that, conven-
tional approaches require relatively less computation-
al and memory power than approaches based on deep
learning. For these reasons, these approaches are still
under study for use in real-time embedded systems
because of their low computing complexity and high
accuracy [9]. By investigating several approaches for
facial expression recognition, deep neural networks
generally offer better classification performance and
achieve very good results in terms of accuracy in fa-
cial expression recognition compared to conventional
approaches; this is due to their automatic and intel-
ligent feature extraction. Researches show that facial
expression recognition is significantly and efficiently
influenced by extracted facial features. The challenge
in the process of training such networks is the limit of
available samples in the facial expression recognition
datasets. Focusing on performance enhancement of
facial expression recognition systems (FER), we pro-
pose a hybrid model combining CNN's-based extract-
ed features to ensure complementarity and diversity,
and transfer learning advantages in classification for
FER applications.

Preprocessing
m—h and data
augmentation

1

| Pretrained
p: effecientNet

1

1

Our contributions for this paper are as follows:

1. A dual-branch model based on a novel simple
and efficient CNN inspired by VGGnet architec-
ture and a pre-trained CNN, which is an efficient
network is proposed to compensate for the lack
of training samples, by merging their extracted
features and to enhance recognition accuracy.

2. Ajoint training strategy is designed for the pro-
posed dual-branch model.

3. Two datasets which are Fer-2013 and CK+ are
employed to validate the effectiveness of our
architectures. CK+ is a classic facial expression
dataset and FER2013 provides samples of faces
captured in the real world.

The rest of this document is organized as follows.
Section 2 details the proposed FER approach. Section
3 presents and discusses the obtained results of the ex-
periment. Finally, conclusions are presented in Section 4.

2. PROPOSED METHOD

This paper proposes a novel dual-branch system ar-
chitecture for leveraging both types of CNN learning,
namely learning from scratch and transfer learning, to
diversify the feature maps fed to the classifier. The pro-
posed FER system, as illustrated in Fig. 1, involves the
following steps: two convolutional branches, generat-
ing each one its own feature maps. Those outputs will
be combined to represent the responsible feature vec-
tor for classification step. The first branch extracts fea-
tures from the input image through the convolutional
layers of a VGG-inspired CNN; while the second branch
extracts features from the same image through a pre-
trained network. Finally, feature maps are merged us-
ing concatenation, and classification is performed us-
ing a fully connected layer with a Softmax activation
function to recognize expressions. These steps will be
presented in detail in the next sections.

IFully

iconnected

i _ iblock
Fusion

000000

Expression
prediction

Fig. 1. Proposed method overview

2.1. VGG INSPIRED BRANCH

In 2014, Simonyan and Zisserman [10] proposed a very
deep network called VGG16. In their work, they evalu-
ate networks, increasing the depth and with very small
convolution filters (3x3). This architecture won first and
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second place in the location and classification tracks,
respectively, at the ImageNet 2014 Challenge. Based on
this architecture, and after testing and experimentation
with several configurations, we propose two simple and
deep models, VGGinspiredCNN1 and VGGinspiredCNN2,
enriched by batch normalization to improve generaliza-
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tion and optimization and dropout layers. Their architec-
ture is composed of five convolutional blocks and a fully
connected block. Each convolution block is composed
of two convolution layers (all used filters are 3x3 size like
the VGGNet models) followed by batch normalization
and a max-pooling layer (with a kernel size of 2x2) and a
dropout layer. Each convolution layer is equipped with a
non-linear rectification (Relu). The fully connected block
of the first model is composed of two fully connected
layers with 512 and 7 outputs respectively. The fully con-
nected layer of the second model is only one layer with
seven outputs. The VGG-inspired CNN architectures are
described in Fig. 2 and Table 1.

Conv block
Conv2D, 3x3, Relu

Conv block

Conv2D, 3x3, Relu

X5 BatchNorm x5
MaxPool, 2x2

Fully connected Fully connected
block Dense, 512, Relu block
Dense, 7, Softmax

Dense, 7, Softmax

0000000

Fig. 2. The proposed VGGinspiredCNN architecture.

Conv2D, 3x3
BatchNorm

MaxPool, 2x2

Dropout

ML=

0000000

Table 1. The convolutional layer structure of the two proposed models inspired by VGGnet.
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2.2 PRETRAINED BRANCH

To enable CNNs to learn and extract features and
achieve high accuracy, millions of samples must be used
in their training base, however, existing facial expression
data sets contain only just a few hundred or thousands
of samples. This insufficient size is one of the main prob-
lems in CNN-based FER. To overcome this limit, the use
of transfer learning will be a possible solution; it is a com-
mon practice where the network is first initialized with a
set of pre-formed weights (and biases) based on a large-
scale data set from one task and these parameters are
then recycled to another new target task.

In order to obtain better accuracy than traditional
CNNs, authors in [11] have proposed a family of mod-
els, EfficientNets, which can be systematically scaled
according to available resources. A balance between
network dimensions is obtained by simply scaling up
them with a constant ratio. EfficientNets models trans-
fer well to data sets such as CIFAR-100 [11], fruits [12],
etc. with fewer parameters. Eight models of Efficient-
NetBO-EfficientNetB7 were examined for their efficien-
cy and performance. In the transfer branch, preformed
weights from the ImageNet dataset are used because it
contains a large number of person images [13], about
952K images and this is very relevant for classifying the
Fer-2013 and Ck+ facial expression datasets used in the
evaluation. So, these pre-trained network parameters
are used for initialization. Then, the model is trained,
and fine-tuning will be performed to extract more spe-
cific features. Fig. 3 shows the architecture of the pre-
trained CNN network.
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Fig. 3. The pre-trained CNN network architecture.

The base model EfficientNet-BO consists of 18 con-
volution layers (with a kernel size of 3x3 or 5x5). Then,
a flatten layer follows the max pooling as described
in Table 2, its main building block is mobile inverted
bottleneck MBConv, to which they also add squeeze-
and-excitation optimization [11]. The other EfficientNet
configurations, i.e., B1 - B7, are scaled from the basic
configuration EfficientNet-B0 with different compound
coefficients. A new classification layer replaces the last
fully connected layers with seven classes (correspond-
ing to seven expressions).

Table 2. EFFICIENTNET-BO baseline network [11]

§ oPer.a tor Re:';f:ttion Cg::‘::ls § ]

& Fi Hi x Wi Gi 3

1 Conv3x3 224 x 224 32 1

2 MBConv1, k3x3 112x112 16 1

3 MBConvé, k3x3 112x112 24 2
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g‘ Oper‘a tor Re::flntion Cﬁ:;z:tls g
& Fi Hi x Wi Gi &
4 MBConve, k5x5 56 x 56 40 2
5 MBConvé, k3x3 28x 28 80 3
6 MBConve, k5x5 14x 14 112 3
7 MBConv6, k5x5 14x14 192 4
8 MBConve, k3x3 7x7 320 1
9 Conv1x1 & Pooling & FC 7x7 1280 1

2.3 FEATURE MAP FUSION MODULE

The feature vector concatenation is commonly used
to merge and integrate multiple channels or branches
in several architectures [14], [15]. The operation that
combines features extracted from the VGGinspired
branch and features extracted from the pre-trained
model is defined as the following formula:

L xy, DT @® O, xE, )T =, xy, . xb,xb, .. )T (1)

Where: ‘@' denotes vector concatenation operator,
(x1", XZV,...)T denotes features extracted from VGGin-
spired branch and (x1”, xz",...)T denotes features ex-
tracted from the pretrained model.

3. EXPERIMENTAL RESULTS AND DISCUSSION

3.1 USED DATASETS AND PREPROCESSING

To demonstrate the performance of the proposed
models in facial expression recognition, two widely
used facial expression recognition databases, i.e., the
Fer-2013 database [16] and the Cohn Kanade database
[17], are used.

The Facial Emotion Recognition 2013 (FER-2013) da-
taset was created by Pierre Luc Carrier and Aaron Cour-
ville and was introduced in the ICML 2013 workshop's
facial expression recognition challenge [16]. The data
set is composed of 35887 facial images, most of them
in wild environments. It consists of three parts: the
original training data (OTD), which consists of 28709
images, the public test data (PTD), which includes 3589
images, and the final test data (FTD), which includes
3589 images used to score the final models.

The extended Cohn Kanade database (CK+) [17] is the
most widely used laboratory-controlled database for
the evaluation of FER systems. It consists of 593 video
sequences obtained from 123 subjects. Among them,
327 sequences from 118 subjects are labeled as one
of seven expressions. For each sequence, only the last
frame is labeled. The last three frames are extracted from
each sequence in the CK+ dataset, which contains 981
facial expressions. The distribution of samples of the two
datasets used in experiments are shown in Table 3.
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Table 3. Number of images per each expression in
FER-2013 and CK+ datasets.

Images number

Expression
FER-2013 CK+
anger 4953 135
disgust 547 177
fear 5121 75
happiness 8989 207
sadness 6077 84
surprise 4002 249
neutral 6198 /
contempt / 54

All face images are resized to 48 x 48 pixels, then nor-
malized to have zero mean and unit variance. To make
the proposed model more robust to slight transforma-
tions and noise, data augmentation is applied using
different linear transformations which are: rotation,
horizontal flipping, zooming, and skewing of the cen-
tral area.

3.2. EXPERIMENT SETTINGS

In order to provide evidence of the performance of
the proposed dual-branch model, three different learn-
ing experiments are conducted: the classical CNN mod-
el based on the VGG architecture, transfer learning of
all EfficientNet models, and joint learning of the dual-
branch model.

For training, the images from the CK+ datasets are
randomly shuffled and are split as follows: 85% train-
ing, 15% test. For the FER-2013 dataset, the entire train-
ing set (28,709) and the public test set (3,589) are used
for training and validation, respectively.

The total loss function is optimized during the back-
propagation using the Adam optimizer, it should be
noted that different optimizers were tested, even sto-
chastic gradient descents, and Adam appeared to per-
form better.

The implementation is based on the Keras library
[18] with TensorFlow backend [19]. OpenCV [20] is
used for all image operations. All the experiments have
been executed with PyTorch and trained using Google
Colaboratory[21]. In light of the limitations of a free
Google Colab account, such as a maximum of 12 hours
per training session, the number and type of GPUs, or
VRAM capacity, the training phase has been carried out
using several parameters as shown in Table 4 for both
datasets Fer-2013 and Ck+.
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Table 4. Experimental configurations for FER-2013 and CK+datasets.

Fer-2013 CK+
Network
epochs Batch size Learning rate epochs Batch size Learning rate
Learning VGGinspiredCNN1 60 64 0,001 60 8 0,001
szrr:?c]h VGGinspiredCNN2 60 64 0,001 100 16 0,001
EfficientNet-BO 80 32 0.00001 80 16 0.0001
EfficientNet-B1 100 32 0.00001 80 16 0,0001
EfficientNet-B2 100 32 0.00001 80 8 0.0001
Transfer EfficientNet-B3 100 32 0.00001 80 8 0.0001
learning EfficientNet-B4 80 32 0.00001 80 8 0.0001
EfficientNet-B5 80 32 0.00001 80 16 0.0001
EfficientNet-B6 80 32 0.00001 80 16 0.0001
EfficientNet-B7 80 32 0.00001 80 16 0.0001
CNN-+EfficientNet-BO 60 64 0.001 120 8 0.001
CNN+EfficientNet-B1 60 64 0.001 100 8 0.0001
CNN-+EfficientNet-B2 50 64 0.001 80 8 0.0001
Dual CNN-+EfficientNet-B3 40 64 0.0002 100 8 0.0001
branch CNN-+EfficientNet-B4 40 128 0.0001 120 8 0.0001
CNN-+EfficientNet-B5 40 64 0.0001 120 16 0.0001
CNN+EfficientNet-B6 30 64 0.0001 120 8 0.0001
CNN+EfficientNet-B7 40 64 0.0002 120 16 0.0001

3.3 RESULTS AND DISCUSSION

In this section, details of the achieved results are
provided. As previously mentioned, experiments were
conducted to determine the effectiveness of the pro-
posed dual-branch CNN model compared to CNN by
training from scratch and EfficientNet models by trans-
fer learning. So, the two CNN models inspired by Vg-
gNet, the transfer learning of the EfficientNet with its
eight configurations, and the proposed dual branch
model are tested on two widely used FER datasets: CK
+ and FER-2013. The FER-2013 dataset includes the
expressions of seven labels: anger, disgust, fear, happi-
ness, sadness, surprise, and neutral, while the CK+ da-
taset includes the same expressions except the neutral
expression, and also includes the expression contempt.

1- Fer-2013dataset evaluation:

Experimental results of the CNN models trained from
scratch, the pre-trained EfficientNet models as well as
the proposed dual branch model on the FER-2013 da-
taset are given in Fig. 4 to Fig 6 and Table 5.

Accuracy of all proposed models compared to other
state-of-the-art models is listed in Table 5, and Fig. 4 to
Fig. 6 show the corresponding normalized confusion
matrices. For the Fer-2013 dataset, the VGG-inspired
CNN models give competitive performance compared
to the results of state-of-the-art models and surpass
human-level accuracy, based on the accuracy rates
achieved by the experimentation. As indicated by the
study conducted by [22] on deep learning-based facial
expression recognition, the most accurate tests on the
FER-2013 dataset using a single CNN network are in the
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range of 67-71% and the models that accomplish it are
very performant.

Table 5. Proposed models versus other models’
performance on the Fer-2013 dataset.

Network Accuracy rate
VGGinspiredCNN1 66.71
Learning from Scratch
VGGinspiredCNN2 67.70
EfficientNet-BO 56.23
EfficientNet-B1 57.48
EfficientNet-B2 57.43
EfficientNet-B3 58.32
Transfer learning
EfficientNet-B4 57.13
EfficientNet-B5 57.70
EfficientNet-B6 57.17
EfficientNet-B7 60.10
CNN-+EfficientNet-BO 63.36
CNN-+EfficientNet-B1 62.88
CNN-+EfficientNet-B2 62.77
CNN+EfficientNet-B3 63.80
Dual Branch

CNN-+EfficientNet-B4 62.25
CNN+EfficientNet-B5 62.09
CNN-+EfficientNet-B6 62.31
CNN+EfficientNet-B7 62.22

[23] 66.4 (Top-1)

[25] 66
State of art models
[26] 65.2
[24] 71.14
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It can be observed from the confusion matrices that
the expressions 'happy' and 'surprise' are easier to rec-
ognize, with an accuracy of more than 80%, while the
expression 'fear' and the expressions 'sad' and 'disgust'
are the most difficult to recognize with our best model
VGGinspiredCNN2, with an accuracy of 44%, 51%, and
52% respectively. It is important to be mentioned that
sometimes, as a human being, it is difficult to recognize
whether an expression of sadness or fear, this is due to
the fact that people do not all express their emotions
in the same manner, and the low accuracy rate of the
expression 'disgust' is due to the small number of sam-
ples of this expression in the Fer-2013 dataset.

On the other hand, the pre-trained EfficientNet mod-
els achieved acceptable accuracy rates for this dataset,
with the EfficientNet -B7 model achieving its highest ac-
curacy of 60.10%. Note that across all EfficientNet mod-
els, the expression 'happy' is always the most recognized
with the highest accuracy (more than 76%), while the
expression 'disgust' is always the less recognized by the
different EfficientNet models, with an accuracy between
21% and 35%, except for the EfficientNet-B7 model,
where this class reaches an accuracy of 53%

Table 5. Proposed models versus other models’
performance on the Fer-2013 dataset.

Network Accuracy rate
VGGinspiredCNN1 93.40
Learning from Scratch
VGGinspiredCNN2 98.48
EfficientNet-BO 99.32
EfficientNet-B1 97.30
EfficientNet-B2 97.97
EfficientNet-B3 97.97
Transfer learning
EfficientNet-B4 97.30
EfficientNet-B5 96.62
EfficientNet-B6 96.62
EfficientNet-B7 98.65
CNN-+EfficientNet-BO 99.32
CNN+EfficientNet-B1 93.92
CNN-+EfficientNet-B2 94.59
CNN-+EfficientNet-B3 95.94
Dual Branch

CNN-+EfficientNet-B4 95.94
CNN-+EfficientNet-B5 97.30
CNN+EfficientNet-B6 98.65
CNN-+EfficientNet-B7 95.94

[23] 93.2(Top-1)
[27] 721
State of art models [28] 96.8
[24] 95.29
[29] 93.24
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Fig. 4. Confusion matrices for VGGinspiredCNN
models on the Fer-2013 database.
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Fig. 5. Confusion matrices for EfficientNet models
on the Fer-2013 database.

While the proposed dual-branch model provides a sig-
nificant improvement for all EfficientNet configurations,
especially for the EfficientNet BO model, which gains
7.13% in accuracy, but the best performance is achieved
by the EfficientNet-B3 model, with an accuracy of 63.80%.
Confusion matrices of the dual-branch models show an
improvement in the recognition rate of the expression
'disgust, which ranges from 47% to 70%, achieved by the
best dual-branch model with EfficientNet-B3 for the Fer-
2013 dataset, while no improvement is recorded on the
recognition rate of the expression 'happy.
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Certainly, the proposed dual-branch model has im-
proved the results for this dataset, however, Table 5 re-
veals also that the achieved recognition accuracy is not
performing as well as the state-of-the-art models [43, 45]
which were designed specifically for unconstrained fa-
cial expression recognition. In the proposed dual branch
model, only one fully connected layer is utilized in order
to obtain an efficient network, thus limiting its perfor-
mance when handling the unconstrained FER task.
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Fig. 6. Confusion matrices for the proposed dual
branch model on Fer-2013 database.

2 - Ck+ dataset evaluation:

In the same way, as for the evaluation of the Fer-2013
dataset, confusion matrices for each expression and
each of the proposed models on the CK+ dataset are
presented in figures Fig. 7, Fig 8, and Fig.9, and the re-
sult of the comparison with other competing models
is given in Table 6. CNN models inspired by VGG obtain
very interesting and competitive results for the CK+ da-
taset, compared to the state-of-the-art models, espe-
cially, the VGGinspiredCNN2 model achieves a 98.48%
accuracy rate which is better than all the reference
works cited above.

Volume 13, Number 6, 2022

1 2 3 4 5 - ! 2 3 A 5
VGGinspiredCNN1 VGGinspiredCNN2
Fig. 7. Confusion matrices for VGGinspiredCNN
models on Ck+ database.

According to the normalized confusion matrix, 4 of
7 expressions (‘anger, 'fear, 'happy, 'sadness') are rec-
ognized at 100%, two other expressions ('disgust' and
'surprise') are recognized at 98%, and only 'contempt'
expression is recognized at 89%, which is confused
with the expression 'sad"
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EfficientNetB1

2 3 4 5 6

1
EfficientNetB2

EfficientNetB6

EfficientNetB7

Fig. 8. Confusion matrices for EfficientNet models
on CK+ database.
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Fig. 9. Confusion matrices for the proposed dual
branch model on the CK+ database

According to the tables, Table 5 and Table 6, compar-
ing the results obtained by the proposed models and
some reference models, the use of the dual-branch
approach improves the results for the CK+ dataset,
but not as much as for the Fer-2013 dataset. While the
accuracy for the seven expressions in the CK+ dataset
is high, the Fer2013 dataset has low classification ac-
curacy due to mislabelling in the test set, except for
the "happy" category. According to table 6, it can be
seen that all EfficientNet models achieve an accuracy
of more than 96%. EfficientNet-B5 and EfficientNet-B6
achieve the lowest accuracy of 96.62%, while Efficient-
Net-BO realizes the best performance with an accuracy
of 99.32%. The same accuracy rate is obtained in the
proposed dual branch model.

Nevertheless, the Fer-2013 dataset is the most com-
monly used dataset for facial expression recognition. It
should be noted that the human eye can hardly distin-
guish the appropriate emotion for some of them.
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4. CONCLUSION

In this paper, the proposed dual-branch model is de-
signed to take advantage of the commonly used learning
approaches like learning from scratch and transfer learn-
ing, to recognize human facial expressions in the wild and
under controlled laboratory conditions. Experiments and
evaluation of the models using two reference datasets,
Fer-2013 and CK+, showed very interesting and motivat-
ing results for both datasets. These results are competitive
and outperform existing works. The most important chal-
lenge with the FER datasets is the limit of its size, and the
unbalanced images of different classes, which do not fa-
vor deep learning. To overcome this limitation, two types
of learning in the same model are employed simultane-
ously. In this approach, the training of the EfficientNets
models is refined; in fact, those models are already trained
for the Imagenet dataset, on the FER-2013 and CK+ datas-
ets, and then the feature vector obtained is concatenated
to that obtained from a classical CNN based on a very
well-known and robust VGG architecture.

The proposed dual-branch model improved the ac-
curacy of all expressions except "disgust’, which is
a bit weak like other methods on CK+. In the case of
Fer-2013, the proposed dual branch model has a sig-
nificant improvement in "disgust”, which improves the
accuracy to 70%. This demonstrates the efficiency and
effectiveness of the proposed approach.

In future work, and to surmount some limitations of
the proposed system, an investigation based genera-
tive adversarial network for data augmentation will be
done; to improve the outcome of transfer learning, a
two-step fine-tuning approach will be studied.
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Abstract - A spoof detection algorithm supports the speaker verification system to examine the false claims by an imposter through
careful analysis of input test speech. The scores are employed to categorize the genuine and spoofed samples effectively. Under the mismatch
conditions, the false acceptance ratio increases and can be reduced by appropriate score normalization techniques. In this article, we are
using the normalized Discounted Cumulative Gain (nDCG) norm derived from ranking the speaker’s log-likelihood scores. The proposed
scoring technique smoothens the decaying process due to logarithm with an added advantage from the ranking. The baseline spoof
detection system employs Constant Q-Cepstral Co-efficient (CQCC) as the base features with a Gaussian Mixture Model (GMM) based
classifier. The scores are computed using the ASVspoof 2019 dataset for normalized and without normalization conditions. The baseline
techniques including the Zero normalization (Z-norm) and Test normalization (T-norm) are also considered. The proposed technique is
found to perform better in terms of improved Equal Error Rate (EER) of 0.35 as against 0.43 for baseline system (no normalization) wrt to
synthetic attacks using development data. Similarly, improvements are seen in the case of replay attack with EER of 7.83 for nDCG-norm and
9.87 with no normalization (no-norm). Furthermore, the tandem-Detection Cost Function (t-DCF) scores for synthetic attack are 0.015 for
no-norm and 0.010 for proposed normalization. Additionally, for the replay attack the t-DCF scores are 0.195 for no-norm and 0.17 proposed
normalization. The system performance is satisfactory when evaluated using evaluation data with EER of 8.96 for nDCG-norm as against
9.57 with no-norm for synthetic attacks while the EER of 9.79 for nDCG-norm as against 11.04 with no-norm for replay attacks. Supporting
the EER, the t-DCF for nDCG-norm is 0.1989 and for no-norm is 0.2636 for synthetic attacks; while in case of replay attacks, the t-DCF is 0.2284
for the nDCG-norm and 0.2454 for no-norm. The proposed scoring technique is found to increase spoof detection accuracy and overall
accuracy of speaker verification system.

Keywords: spoof detection, speaker verification, score normalization, replay attack, voice conversion, speech processing.

1. INTRODUCTION

The voice of a speaker is a unique way of identifying an
individual and signifies various traits of the speaker such
as his pitch, pauses, breathiness, and vocal tract length.
The authentication based on the voice has gained im-
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portance to secure our biometric systems such as phone
banking, person identification, voice command devices,
voice assistants, and many more [1]. These applications
require Automatic Speaker Verification (ASV) to detect
enrolled and unknown speakers [2]. The spoof detec-
tion algorithm intends to detect the imposter attacks
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on the ASV system. Hence, the aim of the spoof detec-
tion algorithm is to accurately classify the incoming
speech sample as spoofed or genuine speech. These
spoofing attacks may be categorized as Logical Access
(LA) and Physical Access (PA) [3]. The development of a
spoof detection algorithm includes feature representa-
tion, model training, and decision making as the major
steps. While ASV also implicates score normalization for
obtaining standardized scores which is indeed a crucial
step in decision making [4]. Hence, considering score
normalization for spoof detection is equally important
for improvising the detection scores similar to the ASV
framework [5]. In absence of score normalization, the
variations are seen in the distribution of genuine and
spoofed scores for more than one model. This happens
for every speaker enrolled during the training. This leads
to difficulty in choosing a unique threshold for all the
enrolled speaker models. Moreover, a single enrolled
speaker is likely to have variation in test utterance distri-
bution due to changed environmental conditions such
as acoustic variations, recording environment, language,
and gender variations. Thus, developing a scoring tech-
nique that overcomes the mismatched conditions ob-
served in the test speech is the essential for contributing
to accurate detection of unknown test speech.

The elementary speaker verification is shown in Fig.
1 with two major sub-tasks: training and testing phase.
During the training phase, the feature extraction repre-
sents the enrolled samples for various types of attacks
along with the genuine speech utterances. The com-
monly used renowned features for spoof detection in
ASV framework are Linear Prediction Residual [6], Glot-
tal Flow parameters (GFP) [7], CQCC [3], Line Frequency
Cepstral Coefficient (LFCC) [3], Phase based features like
Modified Group Delay (MGD) [8] and Deep features [9].
These features have shown significant improvement in
the EER. The speaker-specific features are then trained
using appropriate machine learning algorithms such as
GMM [3], Support Vector Machines (SVM) [10], and deep
learning models like Recurrent Neural Networks (RNN)
[11], Convolution Neural Network (CNN) [12], [13], Resid-
ual Networks [14] etc. During the testing, the unknown
utterances are classified as genuine or spoofed speech
using the target and imposter models.

2. RELATED WORK

The testing phase may include normalizing the
scores by comparing the claimant score to the trained
model score. The score distributions from the imposter
and genuine speakers are normalized to improve the
overall accuracy of the detection system under mis-
matched conditions [4]. The dissimilarities in scores are
observed due to intra-speaker and inter-speaker varia-
tions [15]. This work focuses on using a unique score
normalization technique for improving the EER and t-
DCF of a spoof detection system.

The score normalization process works on a similar prin-
ciple as that of the basis function in the wavelets, where
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we scale up or down and shift the score distributions
according to individual speaker models for tuning the
threshold to a single value. It is also widely used in other
speech applications such as speaker recognition [16], [17]
and outbreak classification [18]. The main work began in
speaker recognition where Z-norm was employed to se-
lect speech segments [19]. Since, Z-norm does not con-
sider handset variations, its variant, Handset normaliza-
tion (H-norm) was also proposed [4]. Following this, the
T-norm was used which was based on the test speech sig-
nals [20]. Other kinds of normalizations employed include
ZT-norm [21], [22], HT-Norm [20], Cellular normalization
(C-norm) [23], Symmetric normalization (S-norm) [16] and
Distance normalization (D-norm) [16]. In [16], adaptive
score normalization has also been proposed for speaker
recognition and is found to perform equally well as the S-
norm using NIST 2016 dataset. Although the importance
of score normalization has proven to be evident in im-
proving the accuracy of ASV, research in spoof detection
is scarce [5]. Table 1 shows the research done in score nor-
malization based on the dataset and area of application.

The study of these various normalization schemes
yields three important conclusions as highlighted below:

«  For score normalization, if prior knowledge about
the speech samples is available then it may prove
to be beneficial for that scoring technique. To
elaborate on this, consider handset, language, and
gender-related information to be available; then H-
norm and HT-norm may help in boosting the perfor-
mance of the speaker verification and recognition
system. But HT norm also requires high computa-
tional time [15]. On the contrary, the knowledge
about the handset, language and gender is less
likely to be known for an unknown test utterance.

« Some scoring techniques are based on speaker or
imposter-centric approaches where cohorts are
chosen either closer to the target speaker or im-
poster speaker. The selection of imposters plays a
vital role in such normalization schemes [16]. Still,
the prior knowledge about the imposter is rarely
known and the cohort selection is incomplete with-
out imposter information.

The normalization techniques are generally based
on the estimation of mean and variance for score
distributions which include Z-norm and T-norm [24].

So far, there is no specific set of rules for selecting a
score normalization technique and the dataset used for
scoring is not uniform due to its application in various
domains (as seen from Table 1). Based on the authors'
knowledge, there is no scoring technique based on cu-
mulative gain using the rank of the speaker and has not
been used for spoof detection task. Hence in this work,
the nDCG-norm is used to regulate the loglikelihood
scores which show promising results with a reduction
in EER and t-DCF scores. The nDCG-norm is based on
the goodness of ranking as well as the cumulative ac-
cumulation of relevance of the scores.
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Training Phase

Speech from CQCC-based

available speakers Feature Extraction

Unknown CQCC-based

GMM-based
classifier

Feature Extraction

test speech

Testing Phase

Trained Model

l

Decision making

i Accept/Reject

e

Fig. 1 Generic Speaker verification system.

Table 1. Research work in score normalization wrt datasets and various speech domains.

Speech Application Author Year Normalization Datasets
Auckenthaler et. al [20] 2000 T-norm NIST 1997
Castro et. al [25] 2006 Kullback-Leiber - T-norm NIST 2005
Kenny et. al [21] 2008 T-norm, Z-norm, ZT-norm NIST 2006
Villalba et. al [26] 2011 ZTnorm NIST SRE 2008
Kinnunen et. al [27] 2012 ZT norm NIST 2006
speaker Verification Kons et. al [22] 2013 ZT norm WF corpus
Alegre et. al [28] 2014 T-norm NIST 2005 and NIST 2006
Khemiri et. al [29] 2016 T-norm RSR 2015
Li and Wang [30] 2016 Cohort scores CSLT- DSDB
Tong et. al [31] 2020 Adaptive (A) scoring CH Data, Voxceleb2 and FFSV 2020
Sahidullah et. al [32] 2020 AS-norm SdSv challenge dataset
Zhao et. al [33] 2021 S-norm Voices 2019
Matejka et. al [16] 2017 S-norm NIST 2016
Speaker Recognition
Swart and Brummer [17] 2017 Generative scoring RSR 2015
Spoof detection - Replay Attack Shang, Stevenson [5] 2010 Mean, standard deviation Custom made

Thus, the objectives of this work are three-fold:

I.  Exploring nDCG-norm for computing normalized
scores for LA and PA attacks.

Il. Investigating the performance of nDCG-norm using
EER, t-DCF, and Detection Error Tradeoff (DET) curve
for the spoof detection task.

lll. Comparing the proposed score normalization tech-
nique with baseline no normalization, state-of-the-
art Z-norm, and T-norm-based scoring algorithms.

This article is structured as follows: Section 3 de-
scribes the Baseline Techniques and Section 4 includes
Proposed Score Normalizing technique respectively.
Section 5 discusses the Experimental setup and results
of this work. Lastly, the conclusion of this work can be
found in Section 6.

3. BASELINE TECHNIQUES

The effect of score normalization is visible on the
decision accuracy. Although the literature in score
normalization is two decades old, its progress is slug-
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gish with lack of work done in spoof detection domain.
Hence, there is a vivid need to explore score normaliza-
tion for spoof detection task as well. The objective of
the score normalizing technique is to decrease intra-
speaker variations which leads to better accuracy, score
calibration, and improved threshold selection. This sec-
tion elaborates the baseline CQCC -GMM detection
along with baseline score normalization techniques
including Z-norm and T-norm as shown in Fig. 2.

Without

Normalization
> Z-norm

| L

T-norm
\io/
—>

Scores

Normalized
Scores

EER and t-DCF

N

Proposed
> nDCG-norm

R

Fig. 2. Score Normalization Process — no
normalization, Z-norm, T-norm and Proposed nDCG
norm algorithm.
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3.1 CQCC-GMM SPOOF DETECTION

The CQCC features were introduced after the AS-
Vspoof 2015 challenge to detect the S10 attack (an at-
tack found to be difficult to detect in the ASVsp002015
challenge) and were also the state-of-the-art features
for the ASVspoof 2019 challenge [34]. These features
are based on CQT rather than discrete Fourier Trans-
form as they promote temporal content present at
higher frequencies. This is an important criterion for
distinguishing genuine speech from spoofed speech.

The state-of-the-art GMM classifier is commonly
used in spoof detection scheme due to its ability to
perform well and capture generality in the data [35].
The task of a GMM classifier or detector is to categorize
the input unknown test sample as genuine or spoofed.
This is done by computing log-likelihood scores from
the individual trained model - genuine speech (0 )

gen

and spoofed speech model (@Spoof). Hence, while test-

ing the unknown test speech (s), the difference in log-
likelihood (I) can be computed using equation (1).

Score (s) = {)(Ggen(s)) - 1/D(G)spoof(s)) (1)

3.2 SCORE NORMALIZATION

The general scores are resultant of enrolled (r) and test
speech which is denoted as score(r;s). The likelihood of
a speaker model O (speaker model consists of mixture
weights) with the extracted feature set Y={y,,y,,Y,}
where m is the number of utterances, is given in equa-
tion (2).

M
score = L(Y]0) = z log p (¥, |©) (2)

m=1

3.2.1 Zero Normalization (Z-norm)

The most reliable and simplest form of normaliza-
tion that is based on the estimation of mean and vari-
ance for the genuine or target speaker distribution is
Z-norm [29]. The important highlight of the Z-norm is
that it doesn't need to perform online permutations
during the training process. The trained speaker model
is compared to the subset of enrolled samples follow-
ing which mean u_and variance 6, are estimated. The
Z-norm score C normalized can be computed as

Z-norm

shown in equation (3)

logp(Y]0) — p,
Comnorm = 5— (3)
r

3.2.2 Test-Normalization (T-norm)

The T-norm is based on a similar principle to Z-norm
except for the imposter score distribution [16]. This ar-
rangement boosts the accurate distribution of cohort
samples because of the variance and can be computed
as shown in equation (4)

logp(Y[0) — ug

Ct~norm - F) (4)
s

Where, u_and §_are mean and variance of imposter co-
hort score distribution.

Samples | Rank B
LA_0001 1
LA_0002 2
 —
——> nDCG score
‘—) Binary Gain for LA
LA _xxxx n ) ) logarithm Calculation — 3 nDCG score
for PA
Samples | Rank B
PA_0001 1
PA_0002 2
 —
PA _xxxx n _J

Fig. 3 Steps to compute proposed nDCG normalization.

4. PROPOSED SCORE NORMALIZING TECHNIQUES

The experiments conducted in the score normaliza-
tion have revealed the difficulty of various parameters
that need to be considered before selecting an appro-
priate scoring technique. Some of these parameters
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are the number of speakers, the number of utterances,
language dependency, handset reliability, challenges of
pseudo imposters, speaker dependency, gender varia-
tions, and test data dependency which influence the
performance of the scoring technique. Hence, there is a
need for a more reliable scoring technique that consid-
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ers variations between the training and testing phase for
both known as well as unknown speakers. In this work,
we propose an nDCG-norm that works on a similar prin-
ciple to reduce false acceptance ratios and cumulate the
score relevance through the ranking of the speaker sam-
ples. To elaborate further, Fig. 3 depicts the computation
steps for the proposed scoring technique.

The scores for LA and PA attacks are normalized sepa-
rately. The scores are ranked based on their degree of
score value and then scaled using the binary logarithm.
The nDCG-norm can be calculated as shown in equa-
tions (5) and (6) [36].

K
N;
bee = Z log,(i + 1) ()
peG = 266 (6)
Y =TDcG

Where K is the number of test samples, N, is the rank
of ith sample and inverse DCG is the reverse order
rank DCG of the score distribution. The nDCG-norm
does not require cohort score and hence, the difficulty
of choosing the cohort data is averted in contrast to
state-of-the-art Z-norm and T-norm. Furthermore, the
nDCG-norm when used as a part of spoof detection
framework may reduce EER subsequently. So to evalu-
ate its performance, the t-DCF score and DET are also
employed.

5. EXPERIMENTAL SETUP AND RESULTS

The baseline ASV for developing a spoof detection
system is the CQCC-GMM algorithm whose log-likeli-
hood scores are considered for normalization. The 30
coefficient CQCC includes the delta and double delta

coefficients and GMM is used as a two-class classifier
with 512 components [37]. To evaluate the proposed
and baseline normalization techniques, we used the
ASV spoof 2019 dataset [3] which includes all three at-
tacks including voice converted speech, text-to-speech
(TTS) [36], and replay speech. For objective evaluation,
the EER [39] and t-DCF are used to measure the per-
formance of the score normalization techniques along
with the DET curve [15] on the test dataset. The corpus
and results are elaborated below in sub-sections.

5.2 ASV SPOOF 2019 CORPUS

The ASV spoof 2019 [3] corpus is adapted from the
VCTK dataset [40] [41] which comprises of a separate
data for LA and PA attacks. The LA dataset has synthetic
speech while the PA dataset includes the replay speech.
The corpus is split into three parts: training subset with
20 speakers (12 Female, 8 Male), development subset
with 10 speakers (6 Female, 4 Male), and unknown
speaker-based test data with nearly 48 speakers (27
Female, 21 Male). In this work, the baseline spoof de-
tection system is trained using a training and develop-
ment subset of the data and evaluated using unknown
test data.

5.3 EXPERIMENTAL RESULTS

The spoof detection algorithm needs to be evalu-
ated for measuring its performance and susceptibility
to various attacks. This is possible through objective
measures including EER and t-DCF functions. The EER
measures the ratio of false positives to the false nega-
tives and its value must be as low as possible. The t-DCF
is the most important metric that calculates the error
between the speaker verification system and its coun-
ter-measure or spoof detection system.

Table 2. EER and t-DCF for LA and PA attack for Baseline and Proposed normalization schemes.

Type of 5 Development Dataset Evaluation Dataset
Type of Scoring

Attack EER t-DCF EER t-DCF
Baseline with no normalization 04311 0.01564 9.57 0.2366
Baseline Z-norm 0.4302 0.01298 9.32 0.2298
A Baseline T-norm 0.4299 0.01267 9.15 0.2207
Proposed nDCG-norm 0.3571 0.01037 8.96 0.1989
Baseline with no normalization 9.87 0.1953 11.04 0.2454
Baseline Z-norm 9.51 0.1921 10.87 0.2395
e Baseline T-norm 8.76 0.1865 10.66 0.239
Proposed nDCG-norm 7.83 0.1782 9.79 0.2284

Its value must lie between 0 and 1 where 0 implies
error-free between verification and counter-measure
while T means no further improvement can be seen in
spoof detection [38].

Table 2 shows EER and t-DCF scores for LA and PA
attacks using development and evaluation dataset.
The baseline scores include non-normalized scores,
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Z-norm, and T-norm scores as against the proposed
nDCG-based scoring technique.

The Z-norm and T-norm scores show negligible im-
provements in the decision accuracy of the spoofing
algorithm. This might be due to the lower number
of speakers in the training data. On the contrary, the
nDCG-norm does not dependent on the number of
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speakers. During the development stage for LA attacks,
the EER for nDCG-norm is 0.35 in contrast to 0.43 with
no normalization while t-DCF is 0.0103 for nDCG-norm
and 0.015 for no-norm. Similarly, during the evaluation
stage for LA attacks, the EER for nDCG-norm is 8.96 as
against 9.57 with no-norm while t-DCF is 0.1989 for
nDCG-norm and 0.2366 with no-norm. Furthermore,
during development stage for PA attacks, the EER for
nDCG-norm is 7.83 in contrast to 9.87 with no-norm
while the t-DCF scores are 0.1782 for nDCG-norm and
0.1953 for no-norm. Similarly, during the evaluation
stage for PA attacks, the EER for nDCG-norm is 9.79 as
against 11.04 with no-norm while t-DCF is 0.2284 for
nDCG-norm and 0.2454 with no-norm.

The nDCG-norm performs better than the system
with no normalization and the baseline scoring tech-
niques. The main reason for improvements is due to
no involvement of cohort in nDCG computation; sim-
ply, the speaker-based ranking and gain computations
are carried out. The selection of cohort is laborious and
involves no ground rule but surely depends on the
number of spoofed speakers that sound more like the
genuine speakers individually. To support the above
objective measures, the DET plots are used to show
the relation between False-Acceptance Ratio (FAR) and
False Rejection Ratio (FRR) as shown in Fig. 4 and Fig. 5
for LA and PA attacks using development and evalua-
tion dataset respectively.

D ion error trade-off plot of CM Detection error trade-off plot of CM
=== Baseline no-norm (EER = 9.57) w— Baseline no-norm (EER = 11.04)
30 F === Baseline Z-norm (EER = 9.32) === Baseline Z-norm (EER = 10.87)
= Baseline T-norm (EER = 9.15) == Baseline T-norm (EER = 10.66)
=== Proposed nDCG norm (EER = 8.96) 1 sewsProposed nDCG norm (EER = 9.79)
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Fig. 4. DET plot for Baseline no norm, Z-norm, T-norm and Proposed nDCG norm spoof detection system
using evaluation data based on - (a) LA attacks (b) PA attacks.
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Fig. 5. DET plot for Baseline no norm, Z-norm, T-norm and Proposed nDCG norm spoof detection system
using development data based on — (a) LA attacks (b) PA attacks.
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In case of LA attack (Fig. 4(a) and Fig. 5(a)), the DET
curves for no normalization, Z-norm and T-norm show
slight variation in slope and operating point of the
system i.e. the EER. The nDCG-norm shows significant
improvement in lowering the false positives as com-
pared to the other three baseline techniques. While
on the other hand, for PA attack (Fig. 4(b) and Fig. 5(b)
), the slope for no-norm and Z-norm are similar, with
minute variation in slope is observed for T-norm. The
nDCG-norm has an improved slope implying reduced
false positives ad increased in true values. Overall EER
and t-DCG scores are reduced for proposed normaliza-
tion as against Z-norm and T-norm score. Moreover,
the normalization of scores is proven to influence the
accuracy of the spoof detection system than with no
normalization. It is also rightful to state that the overall
ASV performance is thus improved.

6. CONCLUSION

The task of spoof detection is challenging yet cru-
cial for stimulating secure environments for imposter-
resistant networks including the ASV framework. The
score normalization is not a compulsory but necessary
step in improving the decision accuracy of the ASV. In
this work, a unique score normalization technique is
proposed for the spoof detection task. The proposed
nDCG-norm is found to perform equally well in contrast
to state-of-the-art normalization schemes. Moreover,
the EER and t-DCF for all the baseline techniques are
higher than the proposed scoring technique including
LA and PA attacks. In the case of LA attacks, the nDCG-
norm achieved an EER of 0.35 and t-DCF of 0.01 which
is superior to the EER of 0.43 and t-DCF of 0.015 for the
baseline technique with no normalization during the
development stage. Further nDCG-norm achieved an
EER of 8.96 and t-DCF of 0.198 which is superior to the
EER of 9.57 and t-DCF of 0.236 for the baseline tech-
nique with no normalization during the evaluation
stage. Additionally, considering PA attacks, the EER
is 9.87 and t-DCF is 0.19 for no-norm in the develop-
ment stage, with no major variations observed for Z-
norm and T-norm; while a significant reduction in EER
of 7.83 and t-DCF of 0.17 are observed for nDCG-norm.
Similarly, during the evaluation stage, the EER is 11.04
and t-DCF is 0.245 for no-norm, whereas improved EER
of 9.79 and t-DCF of 0.228 are obtained for proposed
nDCG-norm.

The overall objective of improving accuracy by re-
ducing the false positives is achieved by the proposed
score normalization technique. Moreover, the simplic-
ity of extraction of nDCG-norm and lower computation
complexity makes it potentially viable in the post-pro-
cessing stage of the spoof detection algorithm. In the
future, this work can be extended for feature normal-
ization and investigating an alternative for rank selec-
tion.
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Abstract - A quasi-Z-source inverter (qZSI) belongs to the group of single-stage boost inverters. The input dc voltage is boosted by utilizing
an impedance network and so called shoot-through (ST) states. In pulse-width modulations utilized for the qZSI, the dead-time is commonly
omitted. However, unintended ST states inevitably occur as a result of this action, due to the non-ideality of the switching devices, causing
the unintended voltage boost of the inverter and an increase in the switching losses. Hence, the implementation of the dead-time is desirable
with regard to both the controllability and efficiency of the gZSI. This paper deals with the calculation of semiconductor losses of the three-
phase gZSI with implemented dead time. An algorithm available in the literature was utilized for that purpose. The algorithm in question was
originally proposed and applied for the gZSI with omitted dead-time, where the occurrence of unintended, undetected ST states combined
with the errors in the switching energy characteristics of the insulated gate bipolar transistor (IGBT) provided by a manufacturer led to errors
in the obtained results. However, these errors were unjustifiably ascribed solely to the errors in the switching energy characteristics of the IGBT.
In this paper, a new, corrected multiplication factor is experimentally determined and applied to the manufacturer-provided IGBT switching
energies. The newly-determined multiplication factor is expectedly lower than the one obtained in the case of omitted dead time. The loss-
calculation algorithm with the new multiplication factor was experimentally evaluated for different values of the gZSl input voltage, the duty
cycle, and the switching frequency.

Keywords: dead-time, loss-calculation algorithm, quasi-Z-source inverter, semiconductor losses, switching energies

NOMENCLATURE
Symbol Description . turn-on energy of the transistor
C output filter capacitors f, frequency of the load voltage
G G impedance network capacitors i, collector current
A shoot-through state duty cycle oy current of the impedance network diode
D, impedance network diode i, current of the impedance network inductor
C conduction energy and the reverse recovery energy of i instantaneous value and the RMS value of the phase
e, the free-wheeling diode, respectively ph*“ph current, respectively
€0rcond” conduction energy and the reverse recovery energy of k., multiplication factor
e the impedance network diode, respectivel . .
b P P Y coefficient representing voltage dependence of
. . k, . g
@ conduction energy of the transistor transistor switching losses
[ turn-off energy of the transistor Lol output filter inductors
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L,L, impedance network inductors
m, amplitude modulation index
p non-ST state switching pulses of the transistor
Ppons  conduction losses of the free-wheeling diode
Py cond conduction losses of the impedance network diode
P p reverse recovery losses of the free-wheeling diode and
o’ =01 the impedance network diode, respectively
' input inverter power
P, losses of the impedance network inductors
 easred M€AsUred semiconductor losses
P output inverter power
Prond transistor conduction losses
P turn-off losses of the transistor
on turn-on losses of the transistor
R, output load resistance
R. forward resistance of the IGBT
R R forward resistance of the free-wheeling diode and the
oo impedance network diode, respectively
R, damping resistance
R, gate resistance
R. R, parasitic resistances of the impedance network inductors
[ shoot-through state signal
Tj junction temperature
T, switching period
t, energy accumulation time window
T, shoot-through state period
|7 output voltage RMS value
v, collector-emitter voltage
Vieo threshold voltage of the transistor
Vs voltage across free-wheeling diode
Voo threshold voltage of the free-wheeling diode
Vi, voltage across impedance network diode
Voio threshold voltage of the impedance network diode
vV _Instantapeous value and the mean value of the
@ "o inverter input voltage, respectively
Vpn peak value of inverter bridge input voltage
Vo reference voltage
Vomc reference phase voltages
Viyian carrier triangular signal
T, dead-time of the pulse-width modulation

1. INTRODUCTION

The quasi-Z-source inverter (qZSl), proposed in 2008
[1], is a single-stage inverter with boost capability. It
represents a modification of an originally proposed
Z-source inverter topology, ensuring continuous input
current and lower voltage rating of one of the imped-
ance-network capacitors [2]. The impedance network of
the gZSI combined with the additional shoot-through
(ST) switching state enables boost of the inverter input
voltage. During the ST state, the inverter bridge of the
gZSl is short circuited, which is forbidden in convention-
al voltage-source inverters. Therefore, in order to apply
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conventional pulse-width modulations (PWM:s) for the
gZSl, the injection of the ST states has to be additionally
enabled.

The control of the gZSl is usually achieved by utilizing
the sinusoidal PWM (SPWM) or the space-vector PWM
(SVPWM), both with the injected ST states. The most
common qZSl-compatible SVPWMs, presented in [3],
differ by a number of the inverter legs simultaneously
utilized for the ST state injection and by a number of the
ST state occurrences within a single switching period.
The SVPWM with regard to SPWM achieves higher ac
voltage at the inverter bridge output for a given input dc
voltage. However, this disadvantage of the SPWM may
be overcome by injecting 1/6 of the 34 harmonic com-
ponent into the respective modulation signals. The qZ-
Sl-compatible SPWMs may be divided into two groups.
The first comprises SPWMs in which the ST state duty
cycle (D)) is determined by the amplitude modulation
index (m ). The commonly utilized SPWMs in this group
are the simple boost control [4], the maximum boost
control [4], and the maximum constant boost control [5].
The second group [6-8] comprises SPWMs which allow
the D, value to vary regardless of the m_value as long as
the D, value is lower than the maximum allowed, which
is, in turn, defined by the applied m_value [5]. In [6], the
ST state signal is generated based on the comparison of
two dc reference signals (positive and negative) with the
carrier signal. In this way, the start of the ST state is un-
synchronized with the start of the zero-switching PWM
state. This results in the additional zero-switching state
occurring between the ST state and the preceding active
PWM state, which causes additional switching losses. To
overcome this problem, a so-called zero-sync SPWM
was proposed in [7], where the start of the ST state is
synchronized with the start of the zero-switching state.
In the same study, an additional unintended voltage
boost was noted in the case of the SPWM with omitted
dead-time, which is a consequence of the unintended ST
states caused by the non-ideality of the utilized transis-
tors. Consequently, it was in [7] proposed to implement
the dead-time within the SPWM so as to eliminate the
unintended ST states, resulting in the new dead-time
zero-sync (DTZS) SPWM.

The power losses of the qZSI consist of the semi-
conductor losses and passive component losses. The
latter include the inductors’ losses, which may be de-
termined as in [9, 10], and the capacitors’ losses which
are generally considered negligible. The calculation
of the semiconductor losses represents a challenging
task and many methods have been proposed with this
regard [11-17]. In [11], the semiconductor losses were
calculated based on the measured voltage and current
waveforms of the utilized transistors and diodes. This
required sensors with high frequency bandwidth due
to the fast transients in the current and voltage of the
semiconductor devices. On the other hand, in [12-17],
the semiconductor losses were calculated based on the
characteristics provided by the semiconductor device
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manufacturer. In [12], the switching losses were cal-
culated based on the switching energies determined
according to the corresponding switching times and
the semiconductor device current and voltage. This ap-
proach implies linear change of the current and volt-
age of the semiconductor device during the switch-
ing transition. Another possible approach is to utilize
the switching energies characteristics [13-17]. These
characteristics are defined as a function of the semi-
conductor current and are typically approximated by
utilizing the linear fitting, whereas more accurate ap-
proximation is achieved by utilizing the cubic fitting as
in [15]. The losses caused by the unintended ST states
were not considered in [12-17], but it was observed in
[15] that the loss-calculation error increases with the
switching frequency, with the transistor switching loss-
es taking up more than 90% of the total semiconduc-
tor losses. This was ascribed to the differences between
the actual transistor switching energies and those pro-
vided by the manufacturer - determined based on the
double-pulse test — which may have been caused by
the differences between the test circuitry and the uti-
lized laboratory setup, including parasitic capacitance
and additional loop resistance/inductance [18]. Conse-
quently, a multiplication factor (k) was introduced for
the transistor switching energies to minimize the errors
between the measured and calculated losses. Howev-
er, in this way, the losses caused by the unintended ST
states were also ascribed to the errors in the switching
energy characteristics, resulting in a presumably over-
estimated value of k= 1.530.

This paper deals with the calculation of the semi-
conductor losses of the qZSI with the DTZS SPWM. The
loss-calculation algorithm (LCA), originally proposed
and denoted LCA2 in [15], is utilized for that purpose. A
new experimentally determined k_ value is utilized for
the transistor switching energies, following the same
procedure as described in [15]. Finally, the semicon-
ductor losses provided by the LCA with the newly-de-
termined k_ are compared with the experimentally ob-
tained values as well as with the values obtained by an-
other, competing algorithm available in the literature.

2. POWER LOSSES OF THE QZslI

The stand-alone qZSl-based control system is shown
in Fig. 1. A symmetrical impedance network is consid-
ered in this study, i.e. L=L=LC=C=CR,=R,=R.
The three-phase inverter bridge is composed of six in-
sulated-gate bipolar transistors (IGBTs) with integrated
free-wheeling diodes (FWDs). The LCL filter, composed
of the inductors (L, L), capacitors (C), and damping
resistances (Rd), is connected to the inverter output.
The gZSI supplies the three-phase resistive load (R_),
whereas the control system maintains the required
RMS value of the fundamental load phase voltage
through the adjustment of m . The peak value of the in-
verter bridge input voltage is defined according to the
qZSlinput voltage (V, ) as follows [1]:
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V- Vin Vi
Ph1-2D, Ty (1)

sw

1-2

where T and T represent the ST state period and the
switching period, respectively, whereas D, represents
the ST duty cycle.

qZSI i
In ipy 2 . I Va L fph Lp Vac Rac
RLZ L2 * LQ Rac
sz Rac
RMS
Vic L V;c

Fig. 1. Stand-alone qZSI-based control system [15]

Fig. 2 shows the waveforms of the reference voltages
(Vs Vit Voot the carrier triangular signal (Vi) the ST
state signal (ST;ignal)’ and the pulses for all the IGBTs (S,.s
Syt Spu S S S in the case of the DTZS SPWM. The
letter in the subscript of “S” denotes the correspond-
ing phase, whereas + and - denote the upper and the
lower IGBT, respectively. The ST state occurs right at the
beginning of each zero-switching state (denoted by the
dashed lines). During the ST state, the pulses of all the IG-
BTs are set to 1. The dead-time (yellow segments) is intro-
duced to postpone the IGBT turn-on pulse (t,= 0.7 psin
this study). The considered PWM implied the utilization

of the corresponding circuitry, details available in [7].

Zero switching state v,
A A A
L\

V;
Vet ) VrefC ) Virian

Saelllzg U U UL T
A [ | T
Se+ BN/ U | U A | I O I
Sg-i L i [ W [
Se.fU YL Lo e [
Se- LU S I
STegrar L L L L0 L0 i n

Zero switchihb/ state detection

Fig. 2. Waveforms of the dead-time zero-sync
SPWM [7]

The power losses of the gZSI represent the differ-
ence between the inverter input P, and output ()
powers. These losses include the semiconductor losses
and losses of the impedance network inductors and ca-
pacitors. The semiconductor power losses are divided
into the losses of the IGBTs, the FWDs, and the imped-
ance network diode. As for the IGBTs, the conduction,
the switching, and the blocking losses exist, whereas
for the diodes the conduction, the reverse recovery,
the turn-on, and the reverse losses exist. Generally, the
blocking losses of the IGBTs along with the turn-on and
reverse losses of the diodes may be considered negligi-
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ble. In this study, the semiconductor losses were calcu-
lated by utilizing the LCA described in the next section.

3. CALCULATION OF SEMICONDUCTOR LOSSES

The considered LCA was originally applied in [15],
where it was denoted LCA2. It enables the calculation
of the IGBT and FWD losses in the three-phase inverter
bridge and the losses of the impedance network diode.
The inverter bridge losses are determined as the losses
of a single upper IGBT-FWD pair multiplied by six, based
on the assumption of symmetry that holds in the case
of the symmetrical output load as is the one utilized in
this study. The losses are calculated based on the cor-

responding energies accumulated in the time window
(t,) as shown in the flow chart in Fig. 3. These energies
are obtained from the I-V characteristics and switch-
ing energy characteristics of the IGBTs and diodes
provided by the semiconductor device manufacturer.
The flow chart shown in Fig. 3 may be divided into two
parts. The blue-colored part is utilized for the calcula-
tion of the IGBT conduction energy accumulated dur-
ing the ST states and the switching energies of the IGBT
and diodes accumulated during the switching transi-
tions between the ST state and the non-ST states. The
yellow-colored part of the flow chart shown in Fig. 3 is
utilized for the calculation of the energies accumulated
during the non-ST states.

Start — :
4 tor ky=tw! Ts, k=1, ’ph(o)v P(0), STsr'gnaI(O)

Set t,,to achieve integer number of iterations according

Read ipn(K), ipn(k = 1),

Yes No

STignai(k) = 1

12
P(K), p(k = 1), STsr‘gnal(k)v STs:gnsl(k -1)

Increm
€Tcond

Increment Yes

eYon,

'S
Tsignai(k = 1) =

€rcond, | | Increment Increment
ot €roff, €7cond,
Increment 5 €D1comd
Increment Decond con
€0, €7on, €picond
€1cond,€pirr €rcona,

€pirr ‘

No

crement
€Torr,
€D1cond

oS Tty < N0

Iph

€pcond,

€D1cond

Increment
€picond

Increment
€roff,

Increment
eTcond, eTon,

€D1cond

Increment Increment
Increment Increment €prr, e
b Toff,
€pcond, €7off, €Dcond, €p1cond €p1 :ond
©Dicond €p1cond

€p1cond €Dp1cond

Increment
Increment
eTan, eTcomi,
©Tcond, €D1cond
eDn', ©picond

k=k+1
Ye;k<k,,:N°

Conduction losses
Preond= €rcond (Kn) / tw
PDcond = €pcond (kn) / tw

PD1cond= €p1cond (kn) / tw

Switching losses
Pron= €ron(Kn) / tw
Protr= €rorr (Kn) / tw
Porr= epr (Kp) / tw
Poi1rr= €pirr (Kn) | b

~—{ Stop

Fig. 3. Flow chart of the LCA [15]

That comprises the conduction and switching ener-
gies of the IGBT along with the conduction and reverse
recovery energies of the FWD and impedance network
diode. The LCA determines which energies should be
increased by considering the instantaneous values of
the following variables in k™ and (k - 1)* instants: the
non-ST state switching pulses of the IGBT (p), the ST
state signal (STﬂgml) and the phase current (iph). The
IGBT conduction energy (e, ) is calculated based on
the collector current (i) and the collector-emitter volt-
age (v_), as follows:

€roond (K) =Croona (k= 1)+ Voe(K ice(k)[t(k) — t(k — )]
Vce(k ) = Vce,O + Rce‘i ce(k X
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In (2), V_,and R _ represent the IGBT threshold volt-
age and the IGBT forward resistance, respectively (val-
ues given in Appendix). During the ST state (STS,gm, =1),
i, = 1/2iph + 2/3i, where i, represents the impedance

network inductor current, whereas otherwise i = iph.

The conduction energy of the FWD is defined based
on the diode forward voltage (v,) and phase current,
as follows:

€pcond (K) = Encong (K—1)-+Vp(KYion(K)t(k) -tk ~1)]
Vp (k) =V +Rofipn(k)
where V, and R represent the FWD threshold voltage

and the FWD forward resistance, respectively (values
given in Appendix).

3)
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The conduction energy (emmd) of the impedance
network diode is calculated based on the correspond-
ing threshold voltage (Vm,o) and the forward resistance
(R,,) (values given in Appendix), as

€D1cond (k)= €D1cond (k=1)+
+ Vi (K)ipn (K)|[t(k) — t(k = 1)] @)
Vpi(K) = V1o + Rpalipi (k)

where v and i, represent the impedance network di-
ode forward voltage and the diode current, respectively.

The IGBT switching losses are calculated based on
the corresponding switching energy characteristics.
The datasheet of the IGBT-FWD pair utilized in this pa-
per contains the turn-on and turn-off switching ener-
gies of the IGBT vs. i . These energies are provided for
two junction temperatures (T = 25 ‘Cand T,=150 °Q)
and for a specific reference value of the inverter bridge
input voltage (V , = 600 V) and the gate resistance
(R,=100). Fig. 4 shows the extraction of the character-
istics that describe the IGBT turn-on energy (e, ) vs. i
by utilizing the cubic fitting. Four coefficients a,, a,, a,,
a, (values given in Appendix) were obtained by averag-
ing the coefficients obtained for the two provided tem-
peratures. In this study, R, =10 Q was utilized, which
corresponds to the value for which the datasheet char-
acteristics were determined.

ES
= Characteristicat 7.= 150 °C
J
o6
(0] : - _~1
qc,4 eTon(Ic.e)_a _________
5 Tion'lee Y Boon N\l
g A g
N Characteristic at 7. = 25°C
= J
o o0 10 40 50

20 30
Collector current (A)

Fig. 4. Turn-on characteristics of the utilized IGBT [15]

The utilized inverter bridge input voltage (V ) dif-
fers from V_in the datasheet. Therefore, the calculated
IGBT turn-on energy was scaled by the ratio (vp,,/v,e,)kf,
according to the recommendations in [19], where kT is
the exponent representing the voltage dependance of
the IGBT switching losses ranging from 1 to 1.4. Note
that the Vpn value is determined based on the V, val-
ue, as per (1). Finally, by considering all the facts men-
tioned above, e_ is obtained as follows:

! “Ton

k
eTon (Ice) = ksw [Vﬂ] (a3lce + a2Ice + a1Ice + aO) (5)

ref

In (5), ksw represents a multiplication factor, initially
set to 1, introduced to correct the IGBT switching ener-

gies, as described in Introduction.

The IGBT turn-off characteristics were extracted in
the same way as the turn-on characteristics. The cor-
responding polynomial is defined as follows:
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k
. Von V(.. . .
€7off (’ce ) = ksw[vpn J (b3lge + bzlge + b1’ce + bO) (6)

ref

where values of bo, b,b

by b3 are given in Appendix.

The cumulative values of e, ,ande ., obtained based
on the flow chart shown in Fig. 3, are calculated as fol-

lows:
eTon/off(k) :eTon/off(k_‘I)"'eTon/offqice(k» (7)

The reverse recovery energies of the FWD (ep,) and
the impedance network diode (e are calculated as
follows:

D1 rr)

eprr (K)=epy (kK —1)+ep, (liph (kX) (8)

eptrr (K) = ptrr (K =1) + €pyyr (]im (k)) ©)

Note that, €y, and € utilized in (8) and (9), respec-
tively, are given in Appendix.

4. EXPERIMENTAL INVESTIGATION

Fig. 5 shows the laboratory setup of the stand-alone
gZSl-based system. The same measurement equip-
ment and the same sampling procedure as in [15] were
utilized for the LCA implementation. Other details
about the utilized experimental setup are given in [15].

The measured semiconductor losses (P__ ) were
obtained as P —-P . —P. The input inverter (P,) power
was obtained as the mean value of v, - i, whereas the
output inverter power (P_ ) was measured by means of
the power analyzer Norma 4000 (Fluke). The losses of
the inductors (P)) were calculated as in [9], whereas the
losses of the utilized polypropylene capacitors were

neglected due to the low ESR value of 7.8 mQ

Norma 4000 = D
=
(Fluke) &=

MDO 3014 ) g -
(Tektronix) pis

62050H-600S
(Chroma)

Three-phase
resistive load

AN |~

Impedance network diode
FWD of IRG8P25N120KD
(International rectifier)

Inverter bridge
IRG8P60N120KD
(International rectifier)

Fig. 5. Laboratory setup of the stand-alone gZSI-
based system

4.1 DETERMINATION OF THE
MULTIPLICATION FACTOR

The first part of the investigation was carried out to
determine the new k_, value applicable for the qZSI
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with the DTZS SPWM. For that purpose, the same pro-
cedure as in [15] was utilized. The following Ly values
were considered: 1.33 A, 1.72A,2.12 A,and 2.61 A. Dur-
ing the measurements, fsw and D, were set to 5 kHz and
0.22, respectively, whereas V. was set to 450V, resulting
in the constant Vpn/\/,ef ratio with Vpn =~ 800 V. The refer-
ence RMS value (V') and frequency (f) of the funda-
mental load phase voltage were set to 230V and 50 Hz,
respectively.

The IGBT switching energies were multiplied by k_,
to annul the LCA error with respectto P for each
of the considered / , values. In this way, the k values in
the range 1.09 — 1.34 were obtained. The final average
value of k_ was calculated as 1.197. As expected, due
to the elimination of the unintended ST states and thus
the corresponding losses, the new k_ value is about
22% lower than the value previously obtained in [15].
The fact that the new k_ value is still higher than zero
speaks in support of the hypothesis that the datasheet
values of e and e, . may differ from the actual ones,
as stated in [15]. Note that during the experimental in-
vestigation, k_in (5) and (6) was set to 1.4, which is the
highest recommended value [19]. The lower k, value
would result in the higher k_ value.

The comparison between the LCA prior and after
the correction of the IGBT switching energies and the
measured semiconductor losses is shown in Fig. 6 (left
column).

LCA (kSW =1.197)

g 120 mP gy (K, =) =P reond™ P pcond ®Ppir
T ::88 -PLCA (ksw =1.197) PTon -PDrr
é g 90 =P measured PToff EPD1¢:ond
% o 80
2 a 70 i
S4a 50 |
S T 40 |

< 30
g 20 ;

10 |

» 0 ,

133 1.72 212 261
Phase current RMS (A)

133 172 212 261
Phase current RMS (A)

Fig. 6. Measured and calculated semiconductor
losses with respect to RMS phase current

In comparison to the results given in [15], the abso-
lute error of the LCA with ksw =1 (i.e., before the cor-
rection) is reduced by approximately 30% solely due to
the dead-time implementation. After the application of
the corrected factor ksw = 1.197, the highest absolute
error was further reduced from 22 W (21%) to 6 W (6%).
Note that the error remaining after the correction is
probably not related to the conduction losses calcula-
tion error, which depends on the chosen LCA sampling
period. In this study, the sampling period is set to 2 us
since it has been shown in [15] that the additional re-
duction of the LCA sampling period does not enhance
the LCA’s accuracy. The introduced dead-time does not
interfere with the LCA's operation because the LCA in-
put variable p represents the actual switching pulses
with implemented dead-time.
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The right column in Fig. 6 shows the semiconductor
losses distribution of the LCA with the applied k_, value
of 1.197. The turn-on (P, ) and turn-off (P, ) losses of
the IGBTs are dominant with the share higher than 90%
in the total semiconductor losses. These losses are fol-
lowed by the conduction losses of the IGBTs (PTmnd) and
the conduction losses of the impedance network diode
(men d) and FWDs (PDwn d). The reverse recovery losses
of FWDs (P,,) and the impedance network diode (PDM)
have the lowest share in the total semiconductor losses.

4.2 EXPERIMENTAL EVALUATION OF THE LCA

The second part of the investigation was carried out to
evaluate the LCAwith the applied k_ in operation ranges
that result in different distribution of the semiconductor
losses. The semiconductor losses were also calculated by
means of another algorithm proposed in [15], where it
was denoted LCA1. The corresponding IGBT switching
energies were also multiplied by k= 1.197.

Fig. 7 shows the corrected calculated and measured
semiconductor losses with respect to the switching fre-
quency (f D the gZSI input voltage (V. i and the duty

cycle (DO).
] ] LCA
I 138 ‘mP(LCA1 from [15]) wP, P, . wP,
= |
i A11o"'PLCA =P, =P,
§ s 80 :Pmeasured I;IF,Tc:ﬂ mF’Dwond
888
« > 70
£ > 60
S22 50 l
2 e 40
8% 30 I
o
€ 20
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(%] 0 B | |- H o]
3 4 5 6 7 8 3 4 5 6 7 8
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(a)
LCA
100 ‘:ﬁ(LC/M from [15]) '-PTcond-PDcond -PDH/
90 LOA -PTan PD"

mP,
80 mepsured TaII =P D1cond

'l

440 460 480 500 520 440 460 480 500 520
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(b)
___LCA
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Fig. 7. Corrected calculated (ksw = 1.197) and
measured semiconductor losses with respect to:
switching frequency (a), input voltage (b),

and duty cycle (c)
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The measurements carried out for this purpose cor-
responded to the measurements carried out in [15].
The only difference was the utilization of the DTZS
SPWM instead of the zero-sync SPWM with omitted
dead-time. V. _and f, were set to 230 V and 50 Hz, re-
spectively. During the variation of the switching fre-
quency, other parameters were set to the constant
values: D,=0.22, Iph =172A,V, =450V. Similarly, the
switching frequency was set to 5 kHz when the values
of V,_ and D were varied. The variation of V, was carried
out with D, =0.18 and l,=172A, whereas the varia-
tion of D, was carried out with Iph =172A,V, =470V.
Note that during the variation of V , the utilization of
D,=0.18 ensured the highest tolerable Vpn value (in-
cluding transients), which is lower than the maximum
allowed value of 1200 V. For the same reason, V. was
set to 470V during the variation of D,

The left columns in Fig. 7 indicate that the accuracy of
the LCA1 from [15] is lower for all the considered mea-
surement points, with the highest noted error amount-
ing to 25 W (23%), compared to only 9 W (12%) by the
LCA. The semiconductor losses distribution of the LCA
with the applied k = 1.197 is shown in Fig. 7 (right col-
umns). This distribution corresponds to the distribution
shown in Fig. 6, with dominant P., and P

The second part of the investigation was carried out
in order to evaluate the LCA over wide ranges of V_
and D,. The main aim was to consider qZSI applications
where V, and V vary significantly, such as in the case
of a photovoltaic-fed gZSlI. In this part of the investi-
gation, the m_ value was set to 0.8, meaning that the
output voltage was not controlled, whereas the output
load resistance (R ) was adjusted to maintain 1 kW out-
put power (P_ ).

out

Fig. 8 shows the measured and calculated semicon-
ductor losses with respect to V, for the D values of 0.1,
0.15, 0.2, and 0.25.

The results shown in the left columns in Fig. 8 indi-
cate that the semiconductor losses obtained by the
LCA (P,) closely correspond to the measured losses
(P oures With the highest noted error amounting to
11 W (12%). The accuracy of the LCAT from [15] is lower
for all the measurement points, with the highest noted
error amounting to 27 W (30%). These results confirm
the superior accuracy of the LCA, as previously ob-

served in [15].

The semiconductor losses distribution of the LCA de-
pends on the V_value. In the case of V= 200V, the
conduction losses amount to approximately 60% of the
total semiconductor losses for D, = 0.1. The increase in
V. or D, causes the increase in Vpn, as per (1), and thus
the increase in the load voltage due to the constant
m_. Since P_ is controlled, higher load voltage implies
lower load current and thus lower current through the
semiconductors. Therefore, the share of the conduc-
tion losses in the total semiconductor losses decreases
with the increase in V. orD,.On the other hand, the
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share of the switching losses, especially P, and P, , no
tably increases with V. and D, due to the increase in Vpn,
as per (1). For example, in the case of applied V_ =470V
and D, = 0.25 the IGBT switching losses amount to 87%
of the total semiconductor losses.

7 ] LCA

g 80 ’-’PD(LC'M from [15]) -PTcond-PDcond -PD1rr
o:‘ 70 ,-PLCA -PTon -PDW

~
§ 2 60| measued Prot =P picons
8 850
5 240
£z |
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§ ®20 |
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Fig. 8. Corrected calculated (k= 1.197) and
measured semiconductor losses with respect to
input voltage for duty cycles of: 0.1 (a), 0.15 (b),

0.2 (c), 0.25 (d)
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5. CONCLUSION

In this study, the LCA available in the literature has
been successfully applied for the qZSI with the DTZS
SPWM. The implementation of the dead-time did not
interfere with the LCA’'s operation, whereas it caused
the decrease of the actual inverter losses. As a result, the
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corrective multiplication factor for the IGBT switching
energies was reduced from 1.530 (omitted dead-time)
to 1.197 (implemented dead-time). However, the fact
that the new multiplication factor is still different from
1 supports the hypothesis that, in some cases, the man-
ufacturer-provided IGBT switching energies need to be
adjusted. Also note that the highest recommended val-
ue was utilized for the scaling factor that describes the
voltage dependence of the IGBT switching losses. Any
reduction of this factor would require higher multipli-
cation factor. Finally, the LCA was experimentally evalu-
ated and compared to another algorithm available in
the literature, with the same multiplication factor ap-
plied for both the considered algorithms. It turned out
that the LCA is overall more accurate with the relative
error not exceeding 12%, as opposed to the 30% ob-
tained for the considered competing algorithm.

6. APPENDIX

Parameters and coefficients in (2)-(6)

R, =0.066105Q,V_  =0.6823V,R, =0.0862Q
V,o=0.774V,R
a,=0.18,a,=0.074,a,=-7.2-1 04, a,=2531 (0
b,=0.258,b,=0.081,b,=-1.41-10%,b,=0

=0.1225Q,V

D1 77 D1,0

=0.999V

Reverse recovery energies in (8), (9)

_ Voo 1 0(9.9-107i3, —3.76 107472, +
eDrr(’ph) i .
+0.04i,, +0.036

600

Vo JO'S[S.34-106:'§,1 ~0.0012i2, +J

epir(ip1) =
pir (Io1) [600 +0.052ip, +0.0145
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Abstract - An adaptive sliding mode control (SMC) based on fuzzy logic and low pass filter is designed in this research. The SMC is one of
the most widely accepted robust control techniques. However, the main disadvantage of the SMC is chattering phenomena, which inhibits
its usage in many practical applications. Fuzzy logic control has supplanted conventional techniques in many applications. A major feature
of fuzzy logic is the ability to express the amount of ambiguity in individual perception and human thinking. In this study, a fuzzy inference
system is applied to approximate the function in the SMC law. A low pass filter is used to reduce chattering phenomena around the sliding
surface. The stability of the control system is proved by the Lyapunov theory. The proposed controller is tested to position tracking control for
two-tank interacting system. This system has been applied in process industries like petroleum refineries, chemical, paper industries, water
treatment industries. Simulation results in MATLAB/Simulink show that the proposed algorithm is more effective than the sliding mode
control, sliding mode control using conditional integrators and fuzzy control without steady-state error, the overshoot is 0 (%), the rising time

achieves 2.187 (s) and the settling time is about 3.9133(s).

Keywords: sliding mode control, adaptive, fuzzy logic, low pass filter, two-tank interacting

1. INTRODUCTION

A sliding mode control (SMC) methodologies emerged
as an effective tool to tackle uncertainty and disturbances,
which are inevitable in most of the practical systems
[1]. The most significant advantage of the SMC method
is the ability to eliminate the effects of uncertainties
caused by model errors and unwanted disturbances
that affect the system response. Therefore, different and
hybrid structures of the SMC method, which is known as
robust control technique [2]. It is evident that real-time
implementation of SMCis comparatively easier in contrast
to other types of nonlinear controllers [3-5] and is applied
to both linear and nonlinear systems [6, 7]. However,
for the amplitude of the sliding mode control law, if not
selected properly, it will cause chattering phenomenon
[8, 9]. Chattering can be described as the phenomenon of
finite-frequency, finite-amplitude oscillations appearing
in systems with sliding mode control [8]. Chattering
phenomenon due to imperfections and time delays in
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switching, due to small time constant actuators, power
circuits are prone to overheating leading to damage [10,
11]. Many research have provided solutions to overcome
chattering phenomenon in the SMC, such as a signum
function of the SMC is replaced by saturation function
and a Recurrent Elman Neural Network was developed
for optimal determination of the switching gain of the
Smoothed Sliding Mode Control was given in [8], the
feed forward neural network was used [12], an adaptive
terminal sliding mode control was given [13], a Smooth
Hyperbolic Tangent Function was utilized to replace
the discontinuous signum function [14, 15] was used a
nearly optimal sliding mode controller, a robust multi-
channel control system based on SMC was given [16],
and an adaptive finite time robust control methods were
employed [17] based on SMC method.

Liquid level control of the two-tank interacting
system is widely used in the chemical industry [18,
19], paper chemical, mixing treatment industries,
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pharmaceutical and food processing industries [19],
nuclear power plants, and automatic liquid dispensing
and replenishment devices [20]. Several researchers
have investigated the problem of liquid level control
for this system, such as the Fuzzy-PID Controller [18,
20, 21] was used the SMC using conditional integrators,
[22] was used an intelligent self-tuning fuzzy-PID
controller, the PID controller was given [23], the PID
Controller and SMC were given [24] and [25] was used
the Fuzzy-Optimized model reference adaptive control
based on MIT and Lyapunov rules.

This study proposes to use fuzzy logic combined with
a low pass filter to reduce chattering phenomenon
of the control signal around the sliding surface. The
aim of reducing chattering is not to lead to problems
such as saturation, high energy consumption and
heat for mechanical parts and also, high wear and tear
of moving mechanical parts and high heat losses in
electrical power circuits. The proposed controller is test
to control the liquid level of the two-tank interacting
system with the effects of external disturbance and
changes the time constant of the filter.

The paper contribution is 1 - the SMC controller is
designed to ensure that the actual liquid level position
follows the desired position; 2 - the fuzzy system is
used to approximate the function f(x) in the SMC law;
3 - the low pass filter is used to reduce chattering
phenomenon around the sliding surface. Simulation
results in MATLAB of the proposed controller are
compared with the SMC, the SMC using conditional
integrators and the fuzzy controller.

This paper is organized in 5 sections: section 2
presents the mathematical model of the two-tank
interacting system, the adaptive sliding mode control
based on fuzzy logic and low pass filter is presented in
section 3, the results and discussion are presented in
the section 4 and section 5 is the conclusion.

2. MATHEMATICAL MODEL OF THE TWO-TANK
INTERACTING SYSTEM

The model of the two-tank interacting system [25]
shows in Fig. 1. Where the height of the liquid level is h,
(cm)intank 1 and h2 (cm) is tank 2. Volumetric flow into
tank 1is q, (cm? /min), the volumetric flow rate from q,
(cm? /min), and the volumetric flow rate from tank 2 is
q, (cm? /min). Cross sectional area of tank 1 is A, (cm?)
and area of tank 2 is A, (cm?).

Ry R2
hy T h:

a |
Ay A>
Tank 1 Tank 2

Fig. 1. The model of the two-tank interacting system

q2
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The state space representation of the system [25] as (1):

=X,
%, =f(x)+%q, +d(t) M

b
where:
1 c
f(x):—gx1—gx2 (2)

a=R,;;b=TT,;c=T +T,+AR,; T,=AR, and T, =AR,
are the time constant of tank 1 and 2, respectively.
x, =h, is the actual liquid level, x, = X, =h, is the ve-
locity of the liquid level and x =[x, x,]  is the state
vector of the system; d(t) is the unknown disturbance,
ld(t) <D

The control reality shows that the f(x) component in
(2) is not easily measured. Therefore, this study is aimed
at approximating f(x) by a fuzzy system.

3. DESIGN OF ADAPTIVE SLIDING MODE
CONTROLLER BASED ON FUZZY LOGIC AND
LOW PASS FILTER

3.1. DESIGN OF SLIDING MODE CONTROLLER

The structure of the SMC controller is presented in
Fig. 2.

hch > € u hz

g > SMC » Two-tank system >

Fig. 2. The structure of the SMC controller

The sliding surface [10, 11]is described as (3):
s=ce+ée (3)

Where ¢ must satisfy Hurwitz condition,

The tracking error and its derivative value as (4) and (5):

e= h2d - hz 4)
é=h,, —h, (5)

Where h,_ is the reference liquid level, h, is the reality
position.

Taking the derivative of (3), we have (6):
§=cé+é=cé+h,, —h, (6)
Substituting (1) into (6), we get (7):

. a

s$=cé+h,, —h, :cé+HZd-f(x)—qu—d(t) (7)

The reaching law with constant rate [10] as (8):

§=-nsign(s) (8)
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We get the SMC law for the two-tank interacting
system as (9):

Uge =0, :S[cé+52d —f(x)+775ign(s)] 9)
Now, (7) becomes (10):

s=cé+h,—h =cé+h, —f(x)—%
=—nsign(s)—d(t)

If n =D, we have (11):

_d(t
i ()“0)

ss':—77|5|—sd(t)£0 (11)

In this paper, the fuzzy system will be use to approxi-
mate the function f(x) in (9).

3.2 APPROXIMATION USING
AFUZZY SYSTEM

Using the universal approximation theorem, we

will replace f{x) with the fuzzy system f(x) to realize
feedback control. Three steps [10] are designed as follows:

Step 1. For x, and x,, define five fuzzy sets for Al
and Aé" respectively,/, =1,2,...,5;

Step 2. Design HP; =P XPy =25 fuzzy rules to con-
struct fuzzy systen; f(x|0) as (12):
RY:if x, is A and...and x, is A, then f is B'
(12)
R®):if x, is A’ and...and x, is A then fis B
Where I, =1,2,3,4,5;i=1,2;p,=p, =5

Step 3. Using fuzzy inference, the output of fuzzy
system as (13)

335 ([ (x)

f(x|0) _ h= k=

ii[ﬁfw (% )J

h=1 h=1\i=1

(13)

Where 4, (x;) is membership function of X,

Let y= to be freedom parameter and be put in the

set <R . Column vector £(x) is introduced and
(13) can be written as (14):

f(x|6)=6"¢(x) (14)
Where

x=[x, x| (15)

f(x) is 1,,__1[’9" =pixp, =25 dimensional column

vector,and /,,/, elements are, respectively,
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i, ()= lj[“A:' (x)
W, ii{ﬁ wy (% )J

=1 L=1\i=1

(16)

The membership functions are needed to be select-
ed according to experiences. Moreover, all the states
must be known.

3.3 ANALYSIS AND DESIGN OF ADAPTIVE
SLIDING MODE CONTROLLER BASED ON
FUZZY LOGIC

Suppose the optimal parameter [10] as (17):
f(x ng) —f(x)}

Where Qis the setof 6, i.e., 0 € Q.

(17)

0 =argry£{sup

The term f(x) [10] can be expressed as (18):

f(x)=07&(x)+e, (18)

where x is the input signal of the fuzzy system, where
is the fuzzy vector, §(X) is approximation error of
fuzzy system, and esg,.

The fuzzy system is used to approximate f()T(). The
fuzzy system input is selected as X =[x, x,| , and
the output [10] of the fuzzy system as (19):

F(x|6)=8"¢(x)

We get the adaptive fuzzy SMC (AFSMC) law for the
two-tank interacting system as (20):

(19)

br . . » .
Unromc =g[ce+h2d —f(x)+77519n(s)] (20)
Substituting (20) into (10), we get (21):
s':ce'+l;}2d—f(x)—%qm—d(t)
=—f(x)+?(x)—77$ign(s)—d(t) (21)
:_f(x)—nsign(s)—d(t)
Since
F(x)=f(x)~f(x)
T AT AT (22)
=0"(x)+e-0"E(x)=0"E(x)+e
where 0=6"-6 (23)
Lyapunov function [10] is defined as (24):
1 1 =
V==5"+—90"6,7>0
25 27 V> (29)
With a derivative V, and from (21), we have (25):
V=sit+16'4
=s(—f(x)—d(t)—nsign(s))—;/é’é
. (25)

= 5(—5T§(x)—g —d(t) —nsign(s)) 100

=0 (sf(x)+ ;/6?) —s(&+d(t)+nsign(s))
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Let the adaptive law [10] as (26):

i
0=—-75&(x
st (x) 26

Then,
V=—s(e+d(t)+nsign(s))=-s(e+d(t))-n|s| (27)

Due to the approximation error € is sufficiently small,
if we design n2¢,, we can obtain approximately V <0.

Using LaSalle’s invariance principle, if t—=00, then s—0,
i.e., e»0ande—0.

3.4 ADAPTIVE SLIDING MODE CONTROL
BASED ON FUZZY LOGIC AND
LOW PASS FILTER

The adaptive fuzzy sliding mode control (AFSMC) in
(19) still exhibits the chattering phenomenon around
the sliding surface because of high level switching
frequency in control input signal. To overcome this
phenomenon, the study proposes to combine the
adaptive fuzzy sliding mode control with the low pass
filter (LPF). The proposed controller is aimed to drive
the sliding variable ’s' to zero in the presence of system
uncertainties. The structure of the AFSMC system with
LPF (AFSMC_LPF) is shown in Fig. 3.

ha . e T u hz

e O > AFSMC > Qs » Two-tank system >

Fig. 3. Structure of the AFSMC_LPF

Where tis the AFSMC output and uis the actual control
input. The LPF transfer function [11] is given as (28):
A

Q(s)=——
() s+ A (28)
Where A is the time constant of the filter.

We get the AFSMC_LPF for two-tank interacting as (29):

b T .
Unsuce 1pr = (;[—ce +hyy—f(x)- ns:gn(s)DQ(s) (29)

Equation (29) provides the necessary control input for
a system with filter function Q(s) along with the AFSMC.

4. RESULTS AND DISCUSSION

The structure of the AFSMC _ LPF in MATLAB/Simulink
is presented as Fig. 4 with d(t)=5sin(t).

ASMC_FUZZY Two_Tanks

lamda
s + lamda

Fig. 4. Structure of the AFSMC _ LPF for two-tank
interacting in MATLAB/Simulink
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The parameters of the two-tank interacting system are
presented in Table 1. The fuzzy logic rules are shown in
Table 2 with NM - Negative Medium, NS - Negative Small,
Z - zero, PS - Positive Small and PM - Positive Medium.

Table 1. The parameters of
the two-tank interacting system

Parameters A1 A2 R1 R2
Value 0.0145 0.0145 1478.57 642.86
Unit m2 m2 sec/m2 sec/m2

Table 2. Fuzzy rule based table

x1

f(x) NM NS z PS PM
NM NM NM NM NS z
NS NM NM NS z PS
x2 z NM NS z PS PM
PS NS z PS PM PM
PM z PS PM PM PM

The membership functions are given as Fig. 5. The
approximation result of the function f(x) with the fuzzy
system is shown as Fig. 6. The response in Fig. 6 shows
that the fuzzy system has effectively approximated the
function f(x) with the approximation error approaches 0.

0.9

°
o

ion degree
e ©°
o N

o
»n

Membership funct
o ©
w &

°
N

e

LO
(2]

-1 05 0 05 1 1.5
X

Fig. 5. Membership functions of xi

The approximation result of the function f(x)

05
- -f
04 o

03

02

Amplitude (m)
o
= [T

Time (s)

Fig. 6. Approximation result of the function f(x)
with fuzzy system
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The step response (0.055m) and error of the system
with the AFSMC _ LPF are shown as Fig. 7.

Table 3. The achieved quality criteria of the AFSMC
_ LPF controller

Quality criteria Rising ) T st:::ae‘::,or
time (s) time (s) (%)
(m)
AFSMC _LPF 2.187 3.9133 0 0
Fuzzy control 33 472 145 0
[19]
Sliding mode
control using 87.18 330 : 16
conditional
integrators [21]
Sliding mode
control [24] 76 0 )
Gice Step response of the AFSMC-LPF controller
E
5 0.04 .
°
2
2
£0.02f —
<
- myd
6 | ‘ ! | ‘ | | y-AFSMC-LPF
0 1 2 3 4 5 6 7 8 9 10
0.06 Step error of the AFSMC-LPF controller
Eoo4f 1
[0}
o
2
é—o.oz - .
<
0 L 1 L 1 1 i 1 1 1 1
0 1 2 3 4 5 6 7 8 9 10

Time(s)

Fig. 7. Step response and error of the system with
the AFSMC_LPF
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Fig. 8. Control signal of the AFSMC _ LPF before and
after the LPF with Step

The actual liquid level (denoted as y-AFSMC-LPF) of
the system tracks to the reference input (denoted as
yd) in a finite time without the overshoot, the rising
time achieves 2.187(s), the settling time is about
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3.9133(s) and the steady state error converges to 0.
These criteria are presented in Table 3 and compared
with fuzzy control [19], SMC using conditional
integrators [21] and SMC controller [24]. The
amplitude of the control signal after passing the low
pass filter is reduced about 5 times and significantly
reduces the oscillation compared to before the low
pass filter when the system response is at steady state.
This signal is presented as Fig. 8.

The sine response and error of the AFSMC _ LPF with
initial state is [0.1, 0], are shown as Fig. 9. The actual
position of the system still tracks the desired input in
a finite time with the steady state error converges to 0
and to reduces the chattering phenomenon in control
signal as Fig. 10.

The step and sine response of the AFSMC _ LPF with
Band Limited White Noise (0.0001w) is used to simulate
sensor noise acting at the output of the system are
shown in Fig. 11 and 12, respectively. The actual
responses of the system still converge to the reference
signal in the finite time. This proves that the AFSMC _
LPF controller is suitable to control the system.

Sine response of the AFSMC-LPF controller
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Fig. 9. Sine response and error of the AFSMC_LPF
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Step response of the system with noise
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5. CONCLUSIONS

This paper presents the design of the adaptive sliding
mode control based on the fuzzy logic and the low pass
filter for the two-tank interacting system. The sliding
mode controller is designed to ensure the actual liquid
level of the system converges to the reference in a finite
time. The fuzzy logic is used to approximate the function
fix) in the SMC law and the LPF reduces the effect of
chattering to a great extent. Responses and control input
for AFSMC _ LPF with and without filter are presented.
Simulation results with MATLAB/Simulink shown that the
AFSMC _ LPF efficient, robust and suitable in liquid level
control of the two-tank interacting system. The actual
liquid level of the system tracks to the desired inputin a
finite time (Fig. 7) without the overshoot, the rising time
achieves 2.187(s), the settling time is about 3.9133(s)
and the steady state error converges to 0. These criteria
(Table 3) of the proposed controller are better than the
SMC controller, SMC using conditional integrators and
fuzzy control. The amplitude of the control signal with
yd=0.055m and yd=sine (£0.055m) after passing the low
pass filter is reduced about 5 times (Fig. 8, 10). The step
and sine response of the AFSMC _ LPF with Band Limited
White Noise still converge to the reference signal in the
finite time (Fig. 11, 12). In the future, this research will use
the intelligent algorithms to optimize the fuzzy system
and experiment with real models.
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Abstract - This paper demonstrates an experimental attempt to prototype electric vehicle charging station’s (EVCS) decision-making
unit, using artificial neural network (ANN) algorithm. The algorithm acts to minimize the queuing delay in the station, with respect to the
vehicle state of charge (SOC), and the expected arrival time. A simplified circuit model has been used to prototype the proposed algorithm, to
minimize the overall queuing delay. Herein, the worst-case scenario is considered by having number of electric vehicles arriving to the station
at the same time greater than the charging points available in the station side. Accordingly, the optimization technique was applied to
reduce the mean charging time of the vehicles and minimize queuing delay. Results showed that this model can help in reducing the queuing
delay by around 20% of the mean charging time of the station, while referring to a bare model without ANN algorithm as a reference.

Keywords: Real-time algorithms, Physical realization, Electric vehicles stations, Queuing delay optimization, Artificial neural network
(ANN) algorithm.

1. INTRODUCTION ing schemes, integrating renewable energy sources, or
utilizing decentralized in-door charging [6-10]. The cur-
rent study focuses more on the other problem, queuing
delay. One of the solutions to minimize queuing delay
is by increasing charging points with respect to electric
vehicles demand in each zone [11]. Reducing electric
vehicle charging time and queuing delay will enhance
the usage of electric vehicles globally. As the increases

in electric vehicle usage may lead to congestion in the

Is the Electric Vehicles (EVs) market a booming mar-
ket? Various studies have demonstrated such a question
[1-4]. The electric vehicles deployment rate has recently
risen worldwide and has become the conventional
transportation for the cities as it reduces air pollution
and fuel dependency [5]. Accordingly, queuing delay
and charging cost problems appear, and many research-

ers tried to solve them using different optimization tech-
nigues. Previous works were investigated to reduce the
charging cost for EVs, either by introducing new charg-
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electric vehicle charging stations (EVCS). Accordingly,
optimization of high priority vehicles needs to be es-
tablished, which will lead to rearrangement of vehicles
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entering the station simultaneously [12, 13]. Fast charg-
ing modes like constant current constant voltage (CCCV)
and multistage constant current (MSCC) may lead to a
decrease in charging time, but also as the charging dura-
tion is longer than fueling time so that congestion may
happen, and queuing delay will occur [14].

Another factor affecting the queuing delay is the
state of charge (SOC) upon arriving at the station.
The lower the SOC, the higher the charging priority.
The battery management system is the primary key in
controlling the SOC, as it contains many accurate algo-
rithms that control the functional status of the battery
[15]. Previous literature demonstrates various attempts
to provide intelligent battery management systems
in vehicles, seeking optimum charging, either time or
cost. The work in [16] provided an attempt to utilize
fuzzy logic to control a vehicle's battery management
system. Another trial based on vehicle-to-vehicle tech-
nology was conducted in [17]. Moreover, the charging
swapping methodology was utilized as in [18]. Alterna-
tively, the integration of self-controlling and renewable
resources were investigated [19].

Integrating machine learning models in optimization
problems has attracted various researchers' attention.
A study of mathematical optimization methods and
machine learning to estimate optimized solutions by
being trained on previously optimized solutions shows
that the machine learning model is more accurate and
efficient in obtaining the value of the optimized in-
stances [20]. In [21], global solar radiation is required
to design a proper energy conversion system due to
the high cost of measurement several mathematical
models are used linear and nonlinear in parallel with a
machine learning model; result conducts that machine
learning accuracy compared by actual reading shows
more accurate results as error percentage at some time
reaches less than 2%. In [22], scientists used artificial
neural network (ANN) for medical purposes, and they
faced some problems regarding feeding the network
with data from a real-world, determination of the best
structure as it needs many trials, eccentric network
behavior as ANN has some limitations regarding pro-
viding clue how results are obtained when it provides

a probe solution to specific problem and duration of
the network is un-expectable beside to is an unknown
clue. Overall, it can be concluded from previous work
that ANN is more practicable, applicable, and accurate
than conventional mathematical optimization models.

On the other hand, ANN has limitations regarding
time, unknown behavior, feeding data translation, and
hardware dependency. ANN's advantages outweigh
its disadvantages as ANN are developing rapidly, and
scientists are eliminating its disadvantage one by one,
which shows a great perspective in the future. Provided
all these attempts to effectively optimize the charging
process of vehicles, in both dimensions cost and time,
the physical realization and prototyping of such an in-
telligent system are still missing in the literature.

This paper proposes an accurate prototyped model
implemented using an embedded system controller to
emulate electric vehicles that communicate with electric
vehicle stations. 12 EVs nodes (Figure 1) were fabricated
with scaling down the EV battery by two 3-V batteries,
the controlling unit is implemented using an Arduino
controller, and the data is demonstrated using an LCD
screen (cf. Figure 2). The intelligent point is considered in
the Arduino kit with the ANN model running to minimize
the queuing delay on the EV station side. Again, LCDs are
mounted in the EV stations to demonstrate the predict-
ed queuing delay for each arriving vehicle. A real-time
energy management model is deployed on the Arduino
kit for estimating the SOC and the expected charging
time, with the aid of the Al model. The model pretends
to estimate the queuing delay using the developed ANN
model. A series of experimental measurements were re-
corded and compared with theoretical expectations.

2. PROTOTYPE DESIGN METHODOLOGY

As a prototype, 12 electric vehicles are assumed to
arrive per two stations, with three charging points in
each station (c.f. Figure 1). For the sake of decision-
making on the station side, estimating the battery's
state of charge (SOC) is an essential task. Our proposed
prototype is a scaled-down model with two 3-V batter-
ies connected in series for each EV, while Arduino is act-
ing as a control unit [23, 24].

EV_1
5 D12 Dy EV_8
11 D
121 o EV_3 D, Dg; Ds
EVS#1 D104 D102 Diz  gvsw2
Port1.1 Port 2.1
Port 1.2 ()9 3 EV_9 D Port 2.2
Port1.3 : 9,2 Port2.3 . . .
D, et Fig. 1. Schematic diagram for
' & the EVs scenario with two avail-
B" Dyys AL able EV stations. The distance
D,, e D7, between EV and EV station is
denoted as Dm,n, where m is
) Dzs ALY the EV number and n is the EV

DG,Z
EV_6
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The Arduino is deployed with an Al model capable of
estimating the SOC as well as charging time, assuming
CCCV charging scheme, by:

CCry1 x SOC

CCstation = CCfull - 100

(1

T i CCstation
charging —

DCpmaxX 0.8905

x 60 (2)

where CC,, . is the charging capacity of the battery
upon reaching the station, CC, , is the full charging
capacity, T arging is the charging time and DC__ is the
maximum acceptable DC charging power in KW. Each
EV is provided with LCD display to show the current
SOC (see Figure 2-a). Alternatively, EV stations are pro-
totyped as a receiving node with Arduino controller,
see Figure 2-b. EV nodes and EVCS nodes are commu-

nicating via 433 MHz RF transceiver [23, 24].

For estimating the queuing delay, a real-time artifi-
cial intelligent energy management model is utilized
as described in the flowchart demonstrated in Figure 3.

Cigeying

(b)

Fig. 2. (a) EV node showing the current SOC, and (b)
EVS node showing the expected queuing delay.

Select dynamic time series app, Select
problem series

Y

Select input and L

outputdata /™

Y

Select artificial neural network model,
Number of hidden layers,Number of
neurons in hidden layer and learning
algorithm
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testing of
network
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Select network
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Staticaly
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Change network
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error rate
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error

Fig. 3. Flow-chart for a real-time ANN model to simultaneously predict queuing delay in EV station with EVs
arriving station.
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Levenberg-Marquardt has been chosen in this work
as it showed the highest validation among other algo-
rithms, including Bayesian regularization and scaled
conjugate gradient, as reported in [25].

A generated dataset of 12,234 point was developed,
while utilizing our database of EVs, published in [12]
(cf. table 1). To ensure the suitability of the chosen ANN
model with respect to the optimization problem under
test, the generated dataset was tested. The dataset has
been divided into three subsets: training, validation,
and testing [25, 26]. A 70 % of the dataset was included
as a training data, where the model learning process
is conducted. Another 15% of the dataset are used for
validating the data in terms of the data range under test.
Finally, the remaining 15% are seeded as new input to
the system to examine the prediction capabilities of the
learning process implemented with the first 70% of the
dataset. The accuracy of the validation process showed
around 93%, while 91% and 71% were observed for the
validation and testing process, respectively. As an overall
accuracy performance indication, 89% accuracy was re-
corded for the suggested ANN model. We consider this
output as an acceptable accuracy for the model to be
used in the current study, with the possibility for further
improvement in the future work by limiting the relative-
ly high variation in accuracy (71% to 93%).

As time-series app helps in utilizing the inputs and
outputs to continuously predict the minimum ex-
pected EVs queuing delay, a real-time autoregressive
nonlinear optimization algorithm [26] is used to rank
EVs according to the SOC at the station, as well as the
expected arrival time as a function in the distance to
the station D . The model is considering a possibility
for a queuing'delay whenever the number of arriving
vehicles is more than the available charging points at
the station side, assumed to be three points per station.

As mentioned earlier, the illustrated model was de-
ployed on the Arduino kit for physical realization. The
Arduino kit supplies the circuit by 5 volts, the LCD is
supplied by 10 volts total, and the data wires are con-
nected to (8,9,10,11,12,13) digital pins with (RS, E, D4,
D5, D6, D7). LEDA is connected to the positive side to
provide better vision, and the batteries are connected
to a potentiometer to vary the output voltage control-
ling the SOC, as shown in Figure 4.

Fig. 4. Wiring diagram for the EV node
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Consequently, the actual circuit realization is shown
in Figures 5-a and b.

(b)

Fig. 5. (a) and (b) demonstrates the actual circuit
model for the EV node.

3. RESULTS AND DISCUSSIONS

The hardware system described in section two is
then utilized in capturing actual data concerning the
change of the queuing delay with the SOC variation fol-
lowing the ANN model prediction. The model depends
upon scaling down the vehicle battery, Fiat 500 Model
2018, with a battery capacity of 42 KW.hr, to a small bat-
tery used with a small capacity, as described in section
two. This model helped show the SOC's effect on the
charging time and queuing delay.

As mentioned in Figure 1, 12 EVs were prototyped to
communicate with two EVs. The EV decides which EVCS
to access based on the SOC recorded at the EV node,
the distance between the EV node and EVCS node, and
the queuing delay expected at EVCS based on the traf-
fic. The conducted experiment is implemented by fix-
ing all EVs in terms of distance to stations, as (Dm,n),
while one EV is kept with variable SOC. Accordingly, the
SOC variation can influence the decision taken and re-
flect the expected queuing delay.

Figure 6 shows that the queuing delay is directly pro-
portional to the SOC, while the charging time is inversely
proportional. The experiment is conducted so that a
group of vehicles enters the charging stations when all
vehicles' SOC remains static while one vehicle SOC varies
in our prototype to show how the change in SOC affects
the charging time and queuing delay problem.
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It was observed that the queuing delay could be pre-
dicted only if the number of EVs arriving at the station
exceeds the number of available charging points at the
station. Herein, all vehicles were charged based on the DC
constant current constant voltage (DC-CCCV) charging
mode, despite any congestion in stations that may occur.

40

——Queuing delay ( Mins)
—e—Charging time ( Mins)

35

30

25

20

15

10

S

0
0.00% 40.00%

20.00% ‘GOAOO% 80.00% 100.00%
Fig. 6. Charging time and queuing delay variation
against SOC for the worst-case scenario, including

12 arriving EVs, to two EV stations.

Conceptually, the optimization technique used in this
paper is driven by arranging the vehicles with the high-
est charging time in descending order, as this technique
will minimize the total mean charging time, which will
decrease the mean charging time along the way day.

1[b)
Soc 12% |
CC: 42KW.hr ‘

Charging Time |
SOmins ‘

Queuing Delay
Bmins ‘

SO
CC: 42KW. hr

Charging Time |
min \

Queuing Delay
27mins

Screenshots for the recorded SOC and queuing delay are
demonstrated in Figure 7, all data are listed in Table 1.
The figure illustrates three randomly selected EVs, show-
ing the EV node side with the SOC, and the EV station
side with charging time and queuing delay. The same
12 EVs scenario was run without performing the ANNN
decision model on the EVs side to test the model's util-
ity. The average queuing delay was calculated with and
without the ANN model in both cases. It was shown that
the average queuing delay with applying the ANN mod-
el is reduced by 20%, with respect to the bare case (24.5
mins to 29.2 mins, respectively).

The model shows that the queuing delay is directly
proportional to the SOC as when the SOC increases, the
queuing delay increases. This means that the optimiza-
tion algorithm identifies the high-priority vehicles with
the lowest SOC to minimize the queuing delay for those
vehicles as it reaches zero. In contrast, vehicles with
high SOC will have the longest queuing delay time even
though they have the shortest charging time. Overall,
the average mean charging time, including the queuing
delay with applying optimization technique for those
vehicles, will be less than the average mean charging
time without applying this technique as calculated ear-
lier. Based on the above, the proposed prototype vali-
dates the utility of the selected ANN model to minimize
the queuing delay at rush hours. The model can be ex-
tended to include more EVs as well as EVCS. We consid-
ered such extension as a part of the future work.

c  S1% SOC  65%
CC: 42KU.hr

Charging Time '
1imins

b

'l Queuing Delay
: 37mins

Fig. 7. Recorded SOC, charging time, and queuing delay for three samples out of the 12 EV prototyped (a)
EV#1,(b)EV#5,and EV # 8.

EV # Initi(:/:' )SOC Estimsattaetciloioc at Predicted( ;I;::;]ing Time Dm, 1 (m) Dm,2 (m) Que::\ig sc::elay
EV_1 12 9.57545117 29.13756525 0.618588 142121 0
EV_2 30 33.56969084 21.50423098 4.98713 5.19231 11.59742
EV_3 40 28.32280701 36.57449544 4.17398 2.78219 18.55471
EV_4 50 37.58541729 16.86148293 2.90895 4.98562 0
EV_5 51 36.38462651 16.33263482 3.84365 4.25879 27.58459
EV_6 60 43.85077205 16.42789885 4.77989 3.51666 0
EV_7 70 74.27270927 21.07815914 1.001587 1.875104 9.54214
EV_8 65 27.53896209 11.536542497 4.14293 4.35069 37.65812
EV_9 80 78.63664373 3.808792758 1.316519 1.989016 0
EV_10 25 21.94191819 24.03313005 0.877803 2.09306 0
EV_11 35 26.22420666 38.30491932 1.64114 3.37592 7.11244
EV_12 45 45.82565932 11.6138407 0.786987 1.854612 0

Table. 1. Recorded SOC, charging time, distance to stations and queuing delay for three samples out of the
12 EV prototyped. Selected station is underlined per EV
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More towards assessing the utility of the proposed
ANN model, the model is evaluated against our pre-
vious developed model in [12]. The work in [12] dem-
onstrated meta-heuristic/ nonlinear programming
optimization models that can estimate the EV queuing
delay as well as the entrance to the station sequence.
Applying the same boundaries defined in Figure 1, in
terms of number of EVs and stations, the two models
were compared. It is a fact that the ANN model adds
some complexity to the system. However, the observed
accuracy in capturing the global minimum and esti-
mating the queuing delay was enhanced through the
ANN with respect to the water cycle optimization tech-
nique (WCQOT) in [12] by around 12.48%. In a detailed
manner, the superiority of our proposed ANN model
over the previous work in [12] can be observed in both
minimizing queuing delay as well as maximizing EV
charging capacity. The work in [12] acted to minimize
the queuing delay through limiting the EV charging
capacity by introducing the partial charging factor
(0). As a result, the queuing delay is minimized, while
the charging capacity of the served EVs is not at maxi-
mum level. The suggested ANN model reached a global
minimum point for the queuing delay, with all served
EVs were charged up to 100%. Another added value is
considered in building an accumulative learning curve
through updating the ANN database per EV arrival.
Herein, the ANN can make use of all previous history of
both EV and station in making the decision, while the
WCOT still rely only on the instantaneous data received
from the EVs arriving at the same time.

4. CONCLUSIONS

Electric mobility is considered a vital model that plays
a critical role in nations' development and directly im-
pacts the environment and the economy. Green and
sustainable electrification for the automation industry
is considered a proactive model to minimize global pol-
lution. However, providing optimum charging time in
the centralized stations is still missing. Based on that,
centralized electric vehicle stations glow up readily
these days, seeking a green and clean transportation
alternative. Long-charging time obstacle such mar-
ket. This long charging time is attributed to charging
technologies and queuing delay, especially for under-
estimated electric vehicles stations or overflow in rush
hours.

With the aid of intelligent artificial intelligent deci-
sion-making systems, we provide an actual prototype
for an electric vehicle station decision-making unit,
that communicate with emulated vehicles. The model
can estimate the expected queuing delay and arrange
the vehicles in an optimized order in case of overflow.
The current study demonstrated an actual physical
realization of the model through prototyping 12 EVs
communicating with two electric vehicles stations.
The decision is taken, per each EV, based on the SOC,
the distance to the station, and the available ports at
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the EVCS side. A bare model without running the ANN
model on the EVCS side was also considered a refer-
ence. An overall 20% reduction in total charging time
was estimated. Additionally, the model showed capa-
bilities better than both meta-heuristic as well as hybrid
nonlinear programming and meta-heuristic algorithms
in capturing the minimum expected queuing delay. As
future work, the current model can be enlarged either
in terms of the prototyped elements or level of intelli-
gence by utilizing other machine learning models and
more reliable processing units. Additionally, assessing
the current ANN model with respect to conventional
scheduling algorithms can be part of the future work.
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