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Editorial 

 

In July 2018 in Stockholm, ICML, AAMAS, 

ICCBR and SoCS joined with IJCAI and ECAI to 

establish the first major worldwide AI event. This 

paper is about the resulting IJCAI-ECCAI event [1]. 

The 27th International Joint Conference on 

Artificial Intelligence and the 23rd European 

Conference on Artificial Intelligence merged with 

the other events to form a single conference. 

Around 7000 participants divided their time 

between these conferences over 14 days as one fee 

covered the entrance to all the events. As a 

consequence, several researchers attended several 

conferences, which in itself was a major 

achievement. Namely, the conferences and even the 

individual sections of the conferences are becoming 

so specialized that AI researchers are becoming 

oblivious to the achievements being made in a 

related area, leading to specialization and small 

incremental improvements, thereby deterring major 

innovations. Fortunately, in 2018 there was a 

serious attempt to reintegrate the field. 

For the organizers, the super-event joint 

conferences represented a huge effort, but 

everything ran smoothly – albeit with a couple of 

small exceptions, as usual. One of them was the 

initial robot dance, where a Nao robot performed a 

predefined sequence of moves, which the human 

dancer enriched with dynamics and scope. The 

glitch was a loss of sound during the event 

(deliberate or by accident?). Added to this, the lack 

of any AI in the performance was a huge issue for 

many of the participants; in particular, the absence 

of true AI, one of the central themes of the 

conference. However, the artistic impression was 

there. Perhaps not surprisingly, as the small Nao 

robot was clearly physically and dynamically very 

much inferior to the flexible human dancer, a kind 

of reverse of David and Goliath seemed to be taking 

place. Also, the big 1000+ lecture rooms were 

organized in such a way that at no time was 

everybody sitting down, instead there seemed to be 

5-10 people in motion at any moment. That aside, 

Stockholm is a traditional, open, metropolitan city 

that has hosted conferences for up to several tens of 

thousands of participants before, and the AI 

organizers have extensive experience as well; so by 

any measure the event must be considered as an 

organizational success. 

The IJCAI-ECCAI joint event involved a record 

3470 submitted papers: 37 % more than in 2017, 

while the 2017 event was 11% up on the previous 

year, confirming the steady growth from 2007 on. 

AI continues to progress as a scientific field and as 

an area of human interest. 

The first major technical impression in 2018 

was that Chinese dominance has finally been 

established. Eclatantly! In 2017, 37% of the papers 

were Chinese, while a year later this figure was 

46%. Only 9% increase, one might say, but the 

2017 conference was in Australia, with strong 

Chinese ties, while Stockholm is in Europe, and it 

was a joint European and international IJCAI 

conference, meaning around half of the event was 

basically a European conference. Despite that, 

European and American papers constituted around 

20% each, while several authors, in particular from 

the USA, were also Chinese. Astonishment and 

admiration are the right words to describe this 

Chinese success. 

The more detailed numbers are as follows: from 

the 710 accepted papers (21% acceptance rate), 325 

came from China, 129 from EU (UK 37, France 22, 

Italy 18, Germany 15, Austria 12), USA 122, 

Singapore 26, Australia 23, Japan 17, Israel 13, etc. 

When asked if it is reasonable to limit non-

European papers at least for the ECCAI conference, 

say to 50%, several of the researchers expressed 

concern that it would mean that several of the best 

non-European papers would then end up being 

presented at other conferences. Several of the 

Chinese papers were indeed of high quality, 

demonstrating Chinese innovation, good education 

and the major support for AI in China. There were 

some concerns that the Chinese papers often follow 

a pattern with a specific idea, lots of complicated 

mathematics and an unverified empirical 

comparison. But that is true for many other papers 

as well. It should be noted, in addition, that due to 

several national European research policies, it is 

often nearly worthless for domestic evaluations to 

publish a paper at IJCAI or ECAI, since all that 

counts for these researchers are journal 

publications. The absence of more high-quality 
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European papers might therefore be partially 

attributed to the strange European scientific 

policies. Some of these issues were discussed at the 

panels, as presented in Figures 1 and 2.  

 

Figure 1: At a panel about European AI, the 

importance of the field for European progress was 

clearly established. 

In some presentation, e.g., the one shown in 

Figure 1, the European position and the self-

evaluation were not exactly in accordance with the 

percentage of conference papers. Some other 

positions even sounded a bit like a clip from a 

galaxy far, far away. But in reality, the panels were 

of high quality and several essential issues and 

initiatives were raised. Several panelists mentioned 

that there is no AI coordination in Europe, even 

though the EU is still the no. 1 world economy. In 

terms of AI funding, the USA prevails over China 

2:1, and China prevails over the EU, again by 2:1. 

Such estimates might be misleading since the 

nominal comparison took place – instead, real 

economy (how many kilograms of sugar or of steel) 

already puts China above USA in terms of scientific 

funding. 

There are two important differences between the 

USA and the EU: the USA executes bold 

international policies, whereas the EU finds its soft 

approach is sometimes hurting its economy and 

society. The EU used to be no.1 in computer 

science; now it is no. 3. Lots of this falling behind 

was not necessary at all; instead there are subjective 

leadership reasons for the decline, e.g., the EU 

patent system is enormously complicated and 

bureaucratic compared to the American one. 

Another problem: the UK has the best European AI 

based on many criteria, and so Brexit will make this 

situation worse for the EU. Whereas top EU 

projects like H2020 represent world-class research, 

and the EU is still leading in many areas of business 

and science, the strong scientific funding for key 

areas as well as policies to support them are lacking. 

 

Figure 2: EU strategy involves three elements: 

science/technology, socio-economic changes and 

the social framework. 

While the EU is as concerned with legal issues 

as it is with the research, China has significantly 

improved its AI efforts through governmental and 

private funding, and there is no major rift in the 

government. The democracies of several European 

countries and the USA are torn apart because of 

ideological and political antagonisms, instead of 

focusing on technical progress. For Chinese 

researchers, the road to success and obtaining a 

good position at home is to publish at major AI 

conferences, in major journals and join established 

researcher teams in the USA or Europe. For 

Europeans, it is possible to follow the Chinese path, 

but no European country offers a several-times-

higher salary for researchers returning home, like 

China does. While the presidents of superpowers 

from the USA to Russia declare the tremendous 

importance of AI in relation to world dominance, 

the percentage of papers best demonstrates who 

supports the field the most. This is not to say that all 

major countries are not increasing their AI funds 

significantly. For example, the EU has presented its 

plans at IJCAI (Figure 3): first, a 70% increase, 

followed by a 100% and then another 100%. The 

US Department of Defense (DoD) established the 

Joint AI Center (JAIC). It will host the DoD’s 600 

AI projects with an estimated $1.7 billion over 6 

years. As predicted, AI will likely change the nature 

of welfare, along with several other fields. 

However, without sufficient AI research, nobody 

can expect to maintain its leading position in the 

world. 
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Figure 3: The EU will significantly increase AI 

funding. Finally. Will national governments follow? 

A closer look at the EU plan reveals that there 

are several new ideas, as presented in Figure 4. 

Among others, the EU will fund the open AI 

platform, which is at least partially influenced by 

Elon Musk’s, which by the way won the first 5 vs 5 

Dota2 game with expert players (some small 

additional limitations). The EU plan was probably 

the major AI strategy presented at the conference. 

While China does it on its own and the USA 

allocates most funds to military applications, the EU 

is focused on a public, general, AI-boosting plan to 

benefit everybody. That is for sure great news, not 

only for AI in Europe, but for humanity as a whole.  

 

Figure 4: The EU strategy introduces several 

integrating EU components, including the AI 

toolbox and the Network of Digital Innovation 

Hubs. Unfortunately, many of the most advanced 

AI hubs are in the UK. 

Several new mechanisms like CLAIRE are 

already active (https://claire-ai.org/): “an initiative by 

the European AI community that seeks to 

strengthen European excellence in AI research and 

innovation.” 

“If Europe were to fall behind in AI technology, 

we would be likely to face challenging economic 

consequences, an academic brain drain, reduced 

transparency, and increasing dependency on foreign 

technologies, products and values. The CLAIRE 

initiative presents a proposal to avoid that.” 

“The CLAIRE initiative aims to establish a pan-

European network of Centres of Excellence in AI, 

strategically located throughout Europe, and a new, 

central facility with a state-of-the-art, “Google-

scale”, CERN-like infrastructure – the CLAIRE 

Hub – that will promote new and existing talent and 

provide a focal point for the exchange and 

interaction of researchers at all stages of their 

careers, across all areas of AI. The CLAIRE Hub 

will not be an elitist AI institute with a permanent 

scientific staff, but an environment where Europe’s 

brightest minds in AI meet and work for limited 

periods of time. This will increase the flow of 

knowledge among European researchers and back 

to their home institutions.” 

Maybe, we should also remember the times 

when science was not a business, when we 

researched not for the purpose of cash, but for 

reasons of fundamental curiosity, a desire to 

improve our knowledge. Some spirit of that kind is 

still observable at the conferences and was also 

demonstrated, for example, by the computer chess 

tournament. During the breaks many participants 

occasionally stopped by and observed the most 

interesting matches. Komodo won the World 

Computer Chess Championship 2018 after a play-

off with GridGinkgo. In third place was Jonny, due 

to a win over Leela Chess Zero. The latter was 

observed with much interest, due to having 

implemented AlphaZero for the PC. It was not a 

match for the best programs, instead it played out 

 

Figure 5: The EU expects that AI progress 

will bring several benefits, from the economic 

impacts to solutions to the societal challenges. 

There are several areas that will see major 

advances in the near future, such as 

healthcare. 

 

https://claire-ai.org/
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very differently – intuitively, lucidly and error-

prone. Obviously, it lacked the power of the Google 

computers to validate its fancy ideas, often in the 

form of sacrifices. Figure 6 shows the Komodo 

team, who received the Shannon Trophy (and 

replica) from the chairman of the ICGA David 

Levy. 

 

Figure 6: Komodo was again the computer chess 

champion on PCs. Leela Chess Zero, a PC version 

of the Alpha Zero, played lucidly, but had no 

chance against the hard logic of Komodo. 

In Stockholm 2018 the social meetings of 

societies were boosting the exchange of information 

and cooperation, be it inside the EU or international 

societies. For example, the EurAI meeting (Figure 

7), IJCAI AI societies meeting, IFIP meetings, etc. 

The IJCAI report should first of all be about 

scientific achievements. In 2018 there was distinct, 

albeit rather expected, progress. Indeed, there were 

plenty of reasonably novel improvements, and 

indeed the major theme was a challenging one: How 

to grow a mind, a true AI - but that was it. Quite 

enough for many, but a bit too classical for others. 

Furthermore, the AI influence on our everyday life 

has already achieved much greater impact than 

generally anticipated in the public opinion: every 

day AI makes around 100 trillion decisions, 

meaning it is thoroughly embedded into our society. 

Coupled with other ICT achievements, human 

society long ago developed into an information 

society – an integration of humans and ICT 

systems, and an integration of human society and 

technology. This is one of the reasons why nobody 

understands what is actually going on – social 

scientists understand society, while engineers and 

technical scientists understand technological 

systems, and finally nobody understand the two 

embedded and integrated into one unity – kind of 

Borg stuff, just that the unifying essence is the web 

and ICT and AI services. Another analogy is related 

to computer chess – when humans play based on 

their own brains, the inferiority and inability to 

understand complex relations are evident. Only 

coupled with powerful computers and advanced AI 

programs can we hope to decipher the societal 

changes and trends, and propose good solutions. 

With regards to the novel applications, Tambe’s 

group stood out from many – their security AI 

designing daily schedules for airports, harbors and 

other relevant facilities is employed at several 

locations worldwide. It has even been given to 60 

wildlife parks to cope better with poachers. That is 

one of the successful applications, accompanied by 

a huge mass of new research systems, e.g., a novel 

HW and SW embedded system connected to the 

patient’s spine that enables a paralyzed patient to 

stand up. 

New classes of applications are emerging, e.g., 

in visual tasks. DNNs can transform a human face 

into another, even create a new face never seen 

before. An animal, say a horse, can be camouflaged 

into zebra stripes and it can move freely around in a 

simulated video. Systems speak perfectly and listen 

better than humans; they can sharpen a picture or 

translate from voice online. Google search is using 

DNNs to capture the best answer to a question.  

On the other hand, there are seemingly bizarre 

simple problems that researchers have a hard time 

dealing with. While it is generally accepted that 

DNNs outperform humans in visual classification 

tasks, it is still a big problem to transfer one ML 

system based on examples from a specific hospital 

and specific scanning devices to another. The 

technical differences are small, causing human 

experts no problem, but for the DNNs these small 

details significantly impair the quality. Until 

recently, that is. At the conference, several solutions 

related to transfer learning, general AI and also real 

AI were presented and discussed. Why should AI 

systems not learn like children, gathering 

knowledge and learning from there on with a small 

number of examples, even a single one? 
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There is shallow, i.e., current AI, deep AI (also 

claimed as shallow AI), real AI, and fake AI. The 

last one refers to chatbots, i.e., virtual assistants, 

where human operators often jump in 

communications and leave users under the 

impression that it is AI on its own. The real AI was 

one of the major themes of the conference, which is 

quite a big difference from the previous 

conferences, where the primary goal was to 

complete the tasks better than expert humans, be it 

chess or detecting malignant tissue patterns. Now 

the task is different – perform at the level of 

children aged a couple of years. While supervised 

learning clearly achieves top performance, 

compared to humans it needs far too many 

examples, which is not acceptable, at least for the 

slow humans. Similarly, reinforcement learning 

needs way too many trials. Furthermore, machines 

do not have common sense compared even to young 

children. 

In terms of the ban on autonomous weapons, 

more and more societies and countries are joining 

the ban. EurAI, as the union of all AI European 

societies and the second largest AI society in the 

world, also supports the ban. 

 

Figure 7: More and more societies and countries are 

joining the ban on autonomous weapons. EurAI, as 

the union of all AI European societies, also joined 

the efforts. 

In 2018, the debate on banning autonomous 

weapons was held in the UN and in the European 

Parliament:  

https://www.stopkillerrobots.org/2018/07/parliamen

ts-2/. The list of institutions supporting the ban is 

here: https://www.stopkillerrobots.org/coalition/. 

 

Figure 8: Tegmark’s view of the AI field. 

Another interesting approach is to generate 

general AI, as was the case in the 2018 IJCAI 

conference. Currently, the majority opinion among 

AI researchers is that general AI is possibly 10 

years away. It is probably not that the AI 

community lacks computer power or finances; it is 

the novel ideas that we are striving for. There is also 

a reasonable consensus that AI can, could, should 

and will help humans solve major human societal 

problems. Scientists should avoid the politics, 

especially the discrepancies between different 

ideological or political tracks, and defer from 

attacking colleagues along these lines. Science 

should be kept as separate as possible from politics 

and ideology. With these words from Tegmark 

(Figure 8) we look into a bright EU AI, AI and 

human future. 
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Figure 7: Children learn in a very different way to 

AI. Why not copy them? 
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Special issue on “The Eighth International Symposium on 

Information and Communication Technology – SoICT 2017” 

Since 2010, the Symposium on Information and 

Communication Technology – SoICT has been organized 

annually. The symposium provides an academic forum 

for researchers to share their latest research findings and 

to identify future challenges in computer science. The 

best papers from SoICT 2015 and SoICT 2016 have been 

extended and published in the Special issue “SoICT 

2015” and “SoICT 2016” of the Informatica Journal, 

Vol.40, No.2 (2016) and Vol. 41, No. 2 (2017). In 2017, 

SoICT was held in Nha Trang, Vietnam, during 

December 7–8.  The symposium covered four major 

areas of research including Artificial Intelligence and Big 

Data, Information Networks and Communication 

Systems, Human-Computer Interaction, and Software 

Engineering and Applied Computing. 

Among 132 submissions from 22 countries, 64 

papers were accepted for presentation at SoICT 2017. 

Among them, the following six papers were carefully 

selected, after further extension and additional reviews, 

for inclusion in this special issue.  

The first paper, “Spectrum utilization efficiency of 

elastic optical networks utilizing coarse granular 

routing” by Hai-Chau Le and Ngoc T. Dang investigated 

an elastic optical network that uses coarse granular 

routing based on coarse granular node architecture. The 

network takes advantages of both elastic optical 

networking and coarse granular routing technologies to 

cope with the trade-off between the link cost and the 

node cost in order to build a spectrum-and-cost efficient 

solution for future Internet backbone networks. The 

authors have evaluated the hardware scale requirement 

and the spectrum utilization efficiency of the network 

with typical modulation formats under various network 

and traffic conditions. 

The second paper, “Time-stamp incremental 

checkpointing and its application for an optimization of 

execution model to improve performance of CAPE” by 

Van Long Tran, Eric Renault, Viet Ha Hai, and Xuan 

Huyen Do presents an improvement of Discontinuous 

Incremental Checkpointing, and a new execution model 

for CAPE using new techniques of checkpointing. It 

contributes to improve the performance and make CAPE 

even more flexible. 

The third paper, “SHIOT: A novel SDN-based 

framework for the heterogeneous Internet of Things” by 

Hai-Anh Tran, Duc Tran, Linh-Giang Nguyen, Quoc-

Trung Ha, Van Tong, and Abdelhamid Mellouk 

developed an SDN-based framework called SHIOT 

which relies on the ontology for examining the end-user 

requests and applies an SDN controller to classify flow 

scheduling over the task level.  

The fourth paper, “USL: A domain-specific language 

for precise specification of use cases and its 

transformations” by Chu Thi Minh Hue, Dang Duc 

Hanh, Nguyen Ngoc Binh, and Le Minh Duc introduces 

a domain-specific language named the “Use case 

Specification Language (USL)” to precisely specify use 

cases. The authors define the abstract syntax of USL 

using a metamodel together with OCL wellformedness 

rules and then provide a graphical concrete syntax for the 

usability goal. This paper also defines precise semantics 

for USL by mapping USL models to Labelled Transition 

Systems (LTSs). It opens a possibility to transform USL 

models to software artifacts such as test cases and design 

models. 

The fifth paper, “Effective deep multi-source multi-

task learning frameworks for smile detection, emotion 

recognition and gender classification” by Dinh Viet 

Sang and Tran Bao Cuong proposes effective multi-task 

deep learning frameworks which can jointly learn 

representations for three tasks: smile detection, emotion 

recognition, and gender classification. The frameworks 

can be learned from multiple sources of data with 

different kinds of task-specific class labels. 

The sixth paper, “Alignment-free sequence 

searching over whole genomes using 3D random plot of 

query DNA sequences” by Da-Young Lee, Hae-Sung 

Tak, Han-Ho Kim, and Hwan-Gue Cho proposes a new 

alignment-free sequence comparison and search method 

to overcome the limitations of the alignment-based 

model.  

We hope that readers interested in Information and 

Communication Technology will find this Special Issue a 

useful collection of papers.  

 

 

 

Huynh Thi Thanh Binh 

Ichiro Ide  
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In this paper, we have investigated an elastic optical network that uses coarse granular routing based 

on our recently developed coarse granular node architecture. The developed coarse granular optical 

cross-connect (OXC) architecture that enables routing bandwidth-flexible lightpaths coarse-granularly 

is based on coarser granular selective spectrum switches. The network takes the advantages of both 

elastic optical networking and coarse granular routing technologies to cope with the trade-off between 

the link cost and the node cost in order to build a spectrum-and-cost efficient solution for future Internet 

backbone networks. We have evaluated the hardware scale requirement and the spectrum utilization 

efficiency of the network with typical modulation formats under various network and traffic conditions. 

We also compared the spectrum utilization of our network to that of corresponding traditional WDM 

network and conventional elastic optical network. Numerical results verified that, similar to 

conventional elastic optical network, the proposed network offers a substantial spectrum saving 

comparing to traditional WDM network. 

Povzetek: Prispevek uvede izvirno elastično optično omrežje in analizira lastnosti kot učinkovitost. 

1 Introduction 
The ever-increasing Internet traffic growth has been 

continuously spurred by newly emerged high-

performance and bandwidth-killer applications such as 

4k/HD/ultra-HD video, e-Science and cloud/grid 

computing [1, 2]. To cope with the explosive traffic 

increment and to support further mobility, flexibility and 

bandwidth heterogeneity, the necessity of cost-efficient 

and bandwidth-abundant flexible optical transport 

networks has become more and more critical [3, 4]. To 

scale up to Terabit/s, current optical transport networks 

based on current WDM technology with a fixed ITU-T 

frequency grid will encounter serious issues due to the 

stranded bandwidth provisioning, inefficient spectral 

utilization, and high cost [3]. Recent research efforts on 

optical transmission and networking technologies that are 

oriented forward more efficient, flexible, and scalable 

optical network solutions [4] can be categorized into two 

different approaches that are: 1) improving the link 

resource utilization/flexibility and 2) minimizing the 

node system scale/cost. 

The first approach which aims to enhance the 

spectrum utilization and the network flexibility is 

currently dominated by the development of elastic optical 

networking technology [5-12]. Elastic optical networks 

(EON) realize spectrum- and energy-efficient optical 

transport infrastructure by exploiting bitrate-adaptive 

spectrum resource allocation with flexible 

spectrum/frequency grid and distance-adaptive 

modulation [8, 9]. They are also capable of providing 

dynamic spectrum-effective and bandwidth-flexible end-

to-end lightpath connections while offering Telcos 

(IT/communication service providers) the ability to scale 

their networks economically with the traffic growth and 

the heterogeneity of bandwidth requirement [10, 11]. 

However, EON is still facing challenges owing to the 

lack of architectures and technologies to efficiently 

support bursty traffic on flexible spectrum. It also 

requires more complicated switching systems and more 

sophisticated network planning and provisioning control 

schemes [12]. 

On the other hand, the second approach targets the 

development of cost-effective, scalable and large scale 

optical switching systems [13-18]. One of the most 

attractive direction is the use of coarse granular optical 

path (lightpath) switching [16-17] that can be realizable 

with optical/spectrum selective switching technologies 

[18]. Spectrum selective switches (SSSs) are available 

with multiple spectrum granularities which are defined as 

the number of switching spectrum bands. It is 

demonstrated that, with a common hardware technology 

(i.e. MEMS, PLC, LCoS, …), the hardware scale is 

increased dramatically as finer granular SSSs are applied. 

Coarser granular SSSs are simpler and more cost-

effective but, their routing flexibility is limited more 

severely. Unfortunately, this routing limitation may 

seriously affect the network performance, especially in 

case of dynamic wavelength path provision. In other 

words, node hardware scale/cost reduction only can be 

attained at a cost of certain routing flexibility restriction. 

Hence, it is desirable to enhance the node routing 

https://doi.org/10.31449/inf.v42i3.2248
mailto:ngocdt%7d@ptit.edu.vn
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flexibility while still keeping the hardware reduction as 

large as possible. 

Based on that, in order to exploit elastic optical 

networking and coarse granular switching for a realizing 

cost-efficient, spectrum effective and flexible optical 

transport network, we have recently developed a single-

layer optical cross-connect architecture based on coarse 

granular switching spectrum selective switches. Elastic 

optical network that employs the developed OXC 

architecture is still capable of exploiting elastic optical 

networking technology while attaining a substantial 

hardware reduction. We have also evaluated the network 

spectrum utilization in various network scenarios such as 

single modulation format (BPSK, QPSK, 8QAM and 

16QAM) and distance-adaptive scheme. Numerical 

evaluations verified that, like a conventional elastic 

optical network, the proposed network can obtain a 

significant spectrum saving comparing to the 

corresponding traditional WDM network. A preliminary 

version of this work with the proposal and limited basic 

numerical effectiveness evaluation of a bandwidth-

flexible and coarse granular optical cross-connect 

architecture was presented at the SoICT conference [19]. 

2 Elastic optical network utilizing 

coarse granular routing 

2.1 Developed coarse granular routing 

OXC architecture [19] 

Most existing optical cross-connect systems are realized 

by optical selective switch technology which is one of 

the most popular and mature optical switching 

technologies. For constructing a high-port count OXC, 

multiple spectrum selective switches can be cascaded to 

create a higher port count SSS to overcome the limitation 

of commercially available SSS port count which is 

currently 20+ and unlikely will be substantially enhanced 

cost-effectively in the near future [4, 18]. Therefore, 

larger scale optical cross-connect system requires more 

and/or higher port count SSSs. Moreover, spectrum 

selective switches are still costly and complicated 

devices. SSS cost/complexity strongly relies on the 

number of switching spectrum bands per fiber (also 

called the spectrum granularity). Finer granular SSSs are 

more complicated as well as have greater hardware scale 

and consequently, become more expensive. 

Based on that observation, in order to exploit elastic 

optical network technology while keeping the hardware 

scale reasonably small, we have recently developed a 

coarse granular routing elastic optical cross-connect 

architecture (denoted as GRE network) for realizing 

flexible bandwidth large scale optical transport networks 

[19]. Figure 1 shows the developed OXC system in 

which, instead of using fine granular SSSs in traditional 

bandwidth-variable OXC in elastic optical networks, 

coarse granular spectrum selective switches are 

implemented to build a cost-efficient high-port count 

OXC system. Unlike neither traditional WDM networks 

that divide the spectrum into individual channels with the 

fixed channel spacing of either 50 GHz or 100 GHz 

specified by ITU-T standards nor elastic optical networks 

that employ a flexible frequency grid with a fine 

granularity (i.e. 12.5 GHz), the developed coarse 

granular routing elastic optical network employs the 

same flexible frequency grid but it routes lightpaths at 

the spectrum band level, so called “coarse” granular 

routing entity – GRE, through coarse granular OXCs; all 

spectrum slots of a band must be routed together as a 

single entity. 

2.2 Hardware scale requirement 

Practically, the cost and the control complexity of 

WSS/SSS-based systems depend strongly on the switch 

scale. Hence, switch scale minimization plays a key role 

for creating cost-effective large-scale WSS/SSS-based 

OXCs. Among recently available commercial optical 

switch technologies for constructing wavelength 

selective switch and/or spectrum selective switch 

systems, MEMS-based system are known as one of the 

most popular and widely adopted technology. Hence, to 

estimate the effectiveness of our recently developed 

OXC architecture, for simplicity, we just consider 

MEMS-based spectrum selective switches whose 

hardware scale mainly depends on the number of 

necessary elemental MEMS mirrors. Furthermore, 

without the loss of generality, adding/ dropping portions 

which can be simple 1x2 SSSs or couplers are also 

neglected. The switch scale of OXC systems, 

consequently, is quantified by the total MEMS mirrors 

required by SSS components.  

We assume that the transmission bandwidth of a 

fiber is Cfiber, the channel spacing based on ITU-T 

frequency grid of traditional WDM network is GWDM 

(GWDM=100 GHz) and EON channel spacing is GEON 

(GEON << GWDM). The number of wavelengths per fiber, 

WWDM, in WDM network can be calculated as, 

𝑊𝑊𝐷𝑀 =
𝐶𝑓𝑖𝑏𝑒𝑟

𝐺𝑊𝐷𝑀
                                (1) 

 
Figure 1: Coarse granular routing OXC architecture 

[19]. 
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while the number of spectrum slots per fiber, S, of elastic 

optical network is given by, 

𝑆 =
𝐶𝑓𝑖𝑏𝑒𝑟

𝐺𝐸𝑂𝑁
                                  (2) 

Let W denote the size of coarse granular routing 

entity (i.e. GRE granularity), the number of spectrum 

slots per GRE, and let S be the total number of spectrum 

slots that can be accommodated in a fiber; 1≤W≤S and S 

is divisible by W and we have L=S/W (1≤L≤S) is the 

number of switching spectrum slots per fiber. Each 

mirror of a MEMS-based selective spectrum switch is 

dedicated to a spectrum slot (or spectrum band) and so, 

each SSS needs L MEMS mirrors. Note that all spectrum 

slots of a GRE are simultaneously switched by a mirror. 

Hence, total number of MEMS mirrors required in WDM 

OXC, elastic OXC and the proposed GRE architecture 

are calculated as following, 

 𝑀𝑊𝐷𝑀 = 𝑛𝑊𝑊𝐷𝑀 (1 + ⌈
𝑛−1

𝑀
⌉)                 (3) 

𝑀𝐸𝑂𝑁 = 𝑛𝑆 (1 + ⌈
𝑛−1

𝑀
⌉)                          (4) 

𝑀𝐺𝑅𝐸 = 𝑛𝐿 (1 + ⌈
𝑛−1

𝑀
⌉)                          (5) 

where n is the input/output fiber number (n>0), M is the 

maximal selective switch size (i.e. port count) and L is 

the GRE granularity. Table 1 summarizes the switch 

scale calculating formulas. The formulations also imply 

that the total number of necessary mirrors of an SSS is 

decreased as the applied GRE granularity becomes 

greater or it means that applying coarser granular SSSs 

(SSSs with greater W) will help to reduce the switch 

scale of OXC systems. 

 

OXC 

Architecture 

Switching component 
Switch scale 

(Total mirror number) Switch 

element 
Total number 

Conventional 
WDM 

WSS 

𝑛 (1 + ⌈
𝑛 − 1

𝑀
⌉) 

𝑛𝑊𝑊𝐷𝑀 (1 + ⌈
𝑛 − 1

𝑀
⌉) 

Developed OXC  
Coarser 

granular SSS 
𝑛
𝑆

𝑊
(1 + ⌈

𝑛 − 1

𝑀
⌉) 

Elastic OXC SSS 𝑛𝑆 (1 + ⌈
𝑛 − 1

𝑀
⌉) 

Table 1: Switch scale calculation. 

Figure 2 shows the switch scale requirement of the 

developed OXC architecture, in terms of MEMS mirrors, 

with respect to both the number of input/output fibers 

(the port count) and the number of switching spectrum 

bands per fiber. The graph demonstrates that the 

hardware scale increases as the number of input fibers 

becomes greater. The hardware scale increment becomes 

much more significant if more number of switching 

bands per fiber (finer GRE granularity) is applied. 

Hence, a great deal of hardware scale/cost reduction can 

be achieved if the GRE granularity is limited at a 

reasonable value. It implies that coarse granular routing 

elastic optical network (using coarse granular SSSs) can 

be considered as a promising solution for creating cost-

effective and bandwidth-abundant transport networks. 

Moreover, Figure 3 shows the hardware scale 

comparison of the three comparative OXC architectures 

that are traditional OXC, elastic OXC and coarse 

granular OXC when the WDM channel spacing is 100 

GHz and the spectrum slots of EON is 12.5 GHz. Due to 

the use of large channel spacing, i.e. 100 GHz or 50 

GHz, traditional OXC needs the smallest hardware scale. 

On the other hand, thanks to the reduction of the number 

of switching spectrum bands, coarse granular OXC needs 

fewer number of switching elements comparing to 

conventional elastic optical cross-connect. Obviously, the 

hardware scale reduction offered by coarse granular 

OXC is enhanced, especially when coarser granular 

routing is applied (greater GRE granularity). 

2.3 Network routing operation 

Unlike conventional OXCs in WDM or EON networks, 

the developed GRE node suffers from a intra-node 

routing limitation due to the use of coarser granular 

spectrum selective. Figure 4 illustrates the routing 

principle of the developed coarse granular routing optical 

cross-connect architecture. In elastic optical network 

which uses the developed coarse granular routing node 

architecture (so called coarse granular routing elastic 

optical network), lightpaths of a spectrum band can be 

added/dropped flexibly and dynamically by 1x2 

SSSs/optical coupler equipped for incoming and 

outgoing fibers and sliceable bandwidth variable 

transponders with the spectrum band capacity. Different 

from conventional elastic optical networks in which 

spectrum slots of each lightpath can be routed separately, 

in this network, whole spectrum slots of a spectrum band 

 

Figure 2: Hardware scale requirement of spectrum 

selective switch-based OXC. 

 

Figure 3: Hardware scale comparison. 
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from an incoming fiber must be switched together as one 

entity due to the coarse granular routing restriction of 

spectrum selective switches. It means that all lightpaths 

which are assigned to spectrum slots of the same 

spectrum band have to be routed to a common output 

fiber. This restriction imposed by the spectrum band 

granularity of SSSs limits the routing flexibility of the 

proposed OXC architecture. The node routing flexibility 

depends on the SSS spectrum granularity. In coarse 

granular routing elastic optical network, finer SSS 

granularity can be applied to improve the node routing 

flexibility, however, utilizing finer granular SSSs may 

cause a rapid increase in hardware-scale/cost. Hence, the 

SSS granularity must be carefully determined while 

considering the balance the node routing flexibility 

against the hardware scale/cost. 

 

 

Figure 4: Coarse granular routing principle. 

On the other hand, similar to conventional elastic 

optical networks, the coarse granular routing elastic 

optical network also can support single or multiple 

modulation formats flexibly and dynamically. Each 

lightpath can be assigned to a pre-determined modulation 

format (single modulation format scenario) or an 

appropriate modulation format according to its distance 

(called distance-adaptive scenario). In distance-adaptive 

scheme, for a given traffic capacity, modulating optical 

signal with a higher-order format offers higher capacity 

per spectrum slot and consequently, requires less number 

of spectrum slots. It means that applying higher-order 

modulation format obtains higher spectrum efficiency 

but its optical transparent reach is shortened and 

consequently, more frequent regeneration and/or more 

regeneration resources are required. Inversely, utilizing 

lower-order modulation formats might lower the 

spectrum slot capacity and hence, may cause an 

increment in the required spectrum slot number. Hence, 

impact of the modulation format assignment scenarios on 

the network spectrum utilization needs to be clarified. 

3 Spectrum usage evaluation 

3.1 Theoretical spectrum utilization 

analysis 

In this section, we evaluate the spectrum utilization of 

three comparative optical networks including WDM, 

traditional EON and coarse granular routing elastic 

optical networks. Without the loss of generality, we 

assumed the following parameters. The channel spacing 

based on ITU-T frequency grid of traditional WDM 

network is 100 GHz (GWDM=100 GHz, the most popular 

frequency grid) and the lowest order modulation format 

(i.e. BPSK) is applied. Elastic optical network is 

deployed with a typical channel spacing of 12.5 GHz 

(GEON=12.5 GHz) and five modulation format 

assignment scenarios including four single modulation 

format (BPSK, QPSK, 8QAM and 16QAM) and a 

distance-adaptive schemes. 

1) Point-to-point link 

In this part, we simply estimated the spectrum 

utilization of a single point-to-point link with 3 

comparative technologies including WDM, EON and our 

coarse granular routing EON (denoted as GRE). We 

assumed that the considered link includes Hs,d hops and 

has the total distance of Ds,d where (s, d) is the source and 

destination node pair of the link, and requested bitrate of 

the connection on the link is Rs,d (Gbps). 

Based on that, let CWDM be the channel capacity of 

BPSK WDM, the number of spectrum slots needed in the 

conventional WDM network, NSWDM(s, d), can be 

calculated as, 

𝑁𝑆𝑊𝐷𝑀(𝑠, 𝑑) = ⌈
𝑅𝑠,𝑑

𝐶𝑊𝐷𝑀
⌉𝐻𝑠,𝑑.                           (6) 

Hence, the total WDM spectrum is, 

 𝑆𝑊𝐷𝑀(𝑠, 𝑑) = 𝐺𝑊𝐷𝑀 ⌈
𝑅𝑠𝑑

𝐶𝑊𝐷𝑀
⌉𝐻𝑠,𝑑.                     (7) 

For conventional elastic optical network, the 

spectrum slot number required in a single modulation 

format scheme (which uses only one modulation format 

of optical signals) is given by, 

𝑁𝑆𝐸𝑂𝑁−𝑀𝑂𝐷(𝑠, 𝑑) = ⌈
𝑅𝑠,𝑑

𝐶𝐸𝑂𝑁−𝑀𝑂𝐷
⌉ 𝐻𝑠,𝑑                   (8) 

where, MOD denotes the selected modulation format (it 

will be replaced by BPSK, QPSK, 8QAM or 16QAM) 

and CEON-MOD is the corresponding slot capacity. From 

Equation (8), the necessary spectrum of single 

modulation format elastic optical link can be evaluated 

as, 

𝑆𝐸𝑂𝑁−𝑀𝑂𝐷(𝑠, 𝑑) = 𝐺𝐸𝑂𝑁 ⌈
𝑅𝑠,𝑑

𝐶𝐸𝑂𝑁−𝑀𝑂𝐷
⌉𝐻𝑠,𝑑.               (9) 

Let α be the spectrum grooming ratio (0 < 𝛼 ≤ 1); 

𝛼 =
𝑥

𝐺𝑅𝐸
  where GRE is the GRE granularity, the capacity 

of coarse granular routing entity, and x is the average 

number of spectrum slots which carry the traffic in a 

coarse granular routing entity. Consequently, the number 
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of spectrum slots and the corresponding total spectrum 

required for coarse granular routing EON link are 

respectively calculated as, 

  𝑁𝑆𝐺𝑅𝐸−𝑀𝑂𝐷(𝑠, 𝑑) =
1

𝛼
⌈

𝑅𝑠,𝑑

𝐺𝑅𝐸×𝐶𝐸𝑂𝑁−𝑀𝑂𝐷
⌉𝐻𝑠,𝑑,                 

(10) 

and, 

  𝑆𝐺𝑅𝐸−𝑀𝑂𝐷(𝑠, 𝑑) =
𝐺𝑅𝐸×𝐺𝐸𝑂𝑁

𝛼
⌈

𝑅𝑠,𝑑

𝐺𝑅𝐸×𝐶𝐸𝑂𝑁−𝑀𝑂𝐷
⌉𝐻𝑠,𝑑.       

(11) 

On the other hand, for the distance-adaptive scheme 

of both conventional EON and our GRE networks, the 

modulation format of each lightpath is determined 

individually and assigned dynamically according to total 

distance of the lightpath. Therefore, if we assume that the 

simplest modulation format assignment strategy, which 

assigns the possible highest order of modulation format, 

is used, the total spectrum slot number required by the 

distance adaptive scheme of EON and coarse granular 

routing EON networks are, 
𝑁𝑆𝐸𝑂𝑁−𝑎𝑑𝑎𝑝(𝑠, 𝑑) =

        

{
 
 
 

 
 
 ⌈

𝑅𝑠,𝑑

𝐶𝐸𝑂𝑁−16𝑄𝐴𝑀
⌉𝐻𝑠,𝑑                  𝑖𝑓 𝐷𝑠,𝑑 ≤ 𝐿16𝑄𝐴𝑀

⌈
𝑅𝑠,𝑑

𝐶𝐸𝑂𝑁−8𝑄𝐴𝑀
⌉ 𝐻𝑠,𝑑  𝑖𝑓 𝐿16𝑄𝐴𝑀 < 𝐷𝑠,𝑑 ≤ 𝐿8𝑄𝐴𝑀

⌈
𝑅𝑠,𝑑

𝐶𝐸𝑂𝑁−𝑄𝑃𝑆𝐾
⌉ 𝐻𝑠,𝑑        𝑖𝑓 𝐿8𝑄𝐴𝑀 < 𝐷𝑠,𝑑 ≤ 𝐿𝑄𝑃𝑆𝐾

⌈
𝑅𝑠,𝑑

𝐶𝐸𝑂𝑁−𝐵𝑃𝑆𝐾
⌉ 𝐻𝑠,𝑑                         𝑜𝑡ℎ𝑒𝑟𝑤𝑖𝑠𝑒,         

          (12) 

and,  
𝑁𝑆𝐺𝑅𝐸−𝑎𝑑𝑎𝑝(𝑠, 𝑑) =

{
 
 
 

 
 
 
1

𝛼
⌈

𝑅𝑠,𝑑

𝐺𝑅𝐸×𝐶𝐸𝑂𝑁−16𝑄𝐴𝑀
⌉𝐻𝑠,𝑑                      𝑖𝑓 𝐷𝑠,𝑑 ≤ 𝐿16𝑄𝐴𝑀

1

𝛼
⌈

𝑅𝑠,𝑑

𝐺𝑅𝐸×𝐶𝐸𝑂𝑁−8𝑄𝐴𝑀
⌉𝐻𝑠,𝑑      𝑖𝑓 𝐿16𝑄𝐴𝑀 < 𝐷𝑠,𝑑 ≤ 𝐿8𝑄𝐴𝑀

1

𝛼
⌈

𝑅𝑠,𝑑

𝐺𝑅𝐸×𝐶𝐸𝑂𝑁−𝑄𝑃𝑆𝐾
⌉𝐻𝑠,𝑑        𝑖𝑓 𝐿8𝑄𝐴𝑀 < 𝐷𝑠,𝑑 ≤ 𝐿𝑄𝑃𝑆𝐾

1

𝛼
⌈

𝑅𝑠,𝑑

𝐺𝑅𝐸×𝐶𝐸𝑂𝑁−𝐵𝑃𝑆𝐾
⌉𝐻𝑠,𝑑                         𝑜𝑡ℎ𝑒𝑟𝑤𝑖𝑠𝑒.         

       

(13) 

From Equations (12) and (13), the required spectrum 

utilization of elastic optical link and that of coarse 

granular routing EON are estimated accordingly by, 

 𝑆𝐸𝑂𝑁−𝑎𝑑𝑎𝑝(𝑠, 𝑑) = 𝐺𝐸𝑂𝑁𝑁𝑆𝐸𝑂𝑁−𝑎𝑑𝑎𝑝(𝑠, 𝑑)          (14) 

and, 

  𝑆𝐺𝑅𝐸−𝑎𝑑𝑎𝑝(𝑠, 𝑑) = 𝐺𝑅𝐸 × 𝐺𝐸𝑂𝑁𝑁𝑆𝐺𝑅𝐸−𝑎𝑑𝑎𝑝(𝑠, 𝑑).  (15) 

2) Spectrum utilization of the network  

Given a network topology G={V, E} in which V is 

the set of nodes, |V|=n, and E is set of links. For each 

node pair (s, d) ((𝑠, 𝑑) ∈ 𝑉x𝑉), we assume that the traffic 

load requested from the source node, s, to the destination 

node, d, is Rs,d, the hop count and the distance of the 

route connecting s and d are Hs,d and Ds,d respectively. 

Based on the calculations given in Equations (7) and 

(9), total spectrum required in conventional WDM 

network is, 

  𝑆𝑊𝐷𝑀 = ∑ 𝐺𝑊𝐷𝑀 ⌈
𝑅𝑠,𝑑

𝐶𝑊𝐷𝑀
⌉ 𝐻𝑠,𝑑(𝑠,𝑑)∈𝑉x𝑉

𝑠≠𝑑

,                      (16) 

and the spectrum utilization of elastic optical networks 

for single modulation format scheme is given by, 

𝑆𝐸𝑂𝑁−𝑀𝑂𝐷 = ∑ 𝐺𝐸𝑂𝑁 ⌈
𝑅𝑠,𝑑

𝐶𝐸𝑂𝑁−𝑀𝑂𝐷
⌉𝐻𝑠,𝑑(𝑠,𝑑)∈𝑉x𝑉

𝑠≠𝑑

.            (17) 

Similarly, from Equation (11), we have the total 

spectrum utilization of coarse granular routing elastic 

optical network for single modulation format scheme as 

following, 

𝑆𝐺𝑅𝐸−𝑀𝑂𝐷 = ∑
𝐺𝑅𝐸×𝐺𝐸𝑂𝑁

𝛼
⌈

𝑅𝑠,𝑑

𝐺𝑅𝐸×𝐶𝐸𝑂𝑁−𝑀𝑂𝐷
⌉𝐻𝑠,𝑑(𝑠,𝑑)∈𝑉x𝑉

𝑠≠𝑑

.       

(18) 

Moreover, in distance-adaptive scheme, elastic 

optical networks including both conventional network 

and our developed network are able to assign modulation 

format dynamically. In fact, there are many different 

modulation assignment strategies, i.e. shortest path first 

(or least spectrum), least generating resource,… 

Depending on the applied strategy, the implementing 

portions of available modulation formats can be varied. If 

we assume that α, β, γ and δ are coefficients which 

determine the distribution of the selected modulation 

formats (BPSK, QPSK, 8QAM and 16QAM) in the 

network respectively, α≥0, β≥0, γ≥0, δ≥0 and 

α+β+γ+δ=1. Based on Equations (17) and (18), the 

required spectrum of distance-adaptive conventional 

elastic optical network and that of coarse granular 

routing EON network can be calculated as, 
𝑆𝐸𝑂𝑁−𝑎𝑑𝑎𝑝 = 𝛼𝑆𝐸𝑂𝑁−𝐵𝑃𝑆𝐾 + 𝛽𝑆𝐸𝑂𝑁−𝑄𝑃𝑆𝐾 

     +𝛾𝑆𝐸𝑂𝑁−8𝑄𝐴𝑀 + 𝛿𝑆𝐸𝑂𝑁−16𝑄𝐴𝑀            (19) 

𝑆𝐺𝑅𝐸−𝑎𝑑𝑎𝑝 = 𝛼𝑆𝐺𝑅𝐸−𝐵𝑃𝑆𝐾 + 𝛽𝑆𝐺𝑅𝐸−𝑄𝑃𝑆𝐾 

     +𝛾𝑆𝐺𝑅𝐸−8𝑄𝐴𝑀 + 𝛿𝑆𝐺𝑅𝐸−16𝑄𝐴𝑀            (20) 

This means that the performance of distance adaptive 

networks is in the middle comparing to other single 

modulation format elastic networks. 

From Equations (16)-(20), the length of lightpaths, in 

term of both hop count and distance, significantly affects 

the usage of spectrum; longer paths are, more spectrum is 

required. It should be minimized to optimize the resource 

usage in elastic optical networks. In other words, the 

shortest paths should be used for lightpaths. However, 

note that implementing the shortest paths simply may 

result in a substantial spectrum collision. 

3.2 Numerical results and discussion 

To estimate the performance efficiency of the developed 

coarse granular routing elastic optical network, we 

utilized the following parameters for numerical 

evaluations. The frequency grid of WDM network is 100 

GHz and the spectrum slot bandwidth of EON and GRE 

networks is 12.5 GHz. Two tested network topologies are 

pan-European optical transport network, COST266, and 

US backbone network, USNET (see Figure 5). Traffic 

load is represented by the total traffic demand requested 

between node pairs which is assigned randomly 

according to a uniform distribution in the range from 50 

Gbps to 500 Gbps (for each traffic load, 100 samples 

were tested and the average values were then plotted).  

In the numerical experiments, we have also assumed 

comparative elastic optical networks provide four typical 
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modulation formats that are BPSK, QPSK, 8QAM and 

16QAM. Consequently, there are five experimental 

network scenarios that are four single modulation format 

schemes (BPSK, QPSK, 8QAM, and 16QAM) and a 

distance-adaptive scheme. The coarse granular switching 

group capacity, GRE (the number of spectrum slots per 

group), is set as a variable. In fact, we tested the GRE 

granularity of 2, 4, and 8 (in case GRE=1, GRE network 

is equivalent to conventional EON). The obtained results 

of the corresponding WDM network are used as a 

benchmark (its graph is always 1); all obtained results for 

EON and GRE networks are compared to that of the 

corresponding WDM network and the relative data will 

be demonstrated. 

 

 

Figure 5: Tested network topologies. 

Firstly, the spectrum usage comparison in the case of 

distance-adaptive scheme for the three comparative 

networks in COST266 and USNET topologies is 

illustrated in Figure 6. The obtained results show that 

both the GRE network and conventional elastic optical 

network offer a significant spectrum saving comparing to 

the traditional WDM network; up to 65% (45%) 

spectrum reduction can be achieved for COST266 

(USNET) network topology with the traffic of 500 Gbps, 

thanks to the deployment of the flexible grid and 

dynamic modulation format assignment. It also 

demonstrates that the relative spectrum utilization of 

EON and GRE networks tends to decreased slightly as 

the traffic load becomes greater or finer granular routing 

is applied (smaller GRE granularity). That is because 

large traffic load can fill up huge channel spacing as used 

in conventional WDM networks and thus, using finer 

frequency grid does not help much to reduce the 

spectrum utilization. Note that, in this distance adaptive 

scheme, the spectrum utilization savings are less than 

those for 16QAM single modulation format scheme due 

to the possibility of implementing lower order 

modulation format to cope with the distance of required 

traffic without using any regenerating resource. 

 

a) COST266 

 

b) USNET 

Figure 7: Impact of modulation formats. 

 

a) COST266 

 

b) USNET 

Figure 6: Spectrum utilization comparison for 

distance-adaptive scheme. 
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Moreover, to verify the impact of the flexible 

modulation format assignment on the network 

performance, we compared five different network 

scenarios including four single modulation format 

schemes (BPSK, QPSK, 8QAM and 16QAM) and 

distance-adaptive scheme with the traffic load of 100 

Gbps. The comparative results are described in Figure 7. 

It is demonstrated that employing higher order 

modulation formats offers better spectrum saving. Even 

the developed GRE network can reduce the hardware 

scale, the spectrum utilization of our network (as 

GRE=4) is more than that of EON due to the routing 

flexibility limitation. This also implies the importance of 

flexible modulation format assignment in saving 

spectrum while dealing the trade-off between the node 

routing flexibility (node cost) and the link resource 

requirement. 

 

a) COST266 

 

b) USNET 

Figure 8: Dependence of the network spectrum usage on 

the GRE granularity. 

Finally, Figure 8 shows the dependence of spectrum 

utilization on the GRE granularity applied when the 

traffic load is fixed at 100 Gbps and 250 Gbps. Again, it 

is shown that finer granular routing (smaller GRE 

granularity) offers better network performance, in terms 

of spectrum utilization, especially for small traffic load. 

The reason is that small traffic load may not fill up whole 

the spectrum band switched in the GRE network. Finer 

granular routing is expected to reduce the spectrum 

utilization, however, it may result in an explosive 

increase in the hardware scale. Hence, in the network 

point of view, it is desirable to balance the spectrum 

usage and the hardware scale requirements. 

4 Conclusion 
We have introduced a coarse granular routing elastic 

optical network that employs the developed coarse 

granular spectrum selective switch-based optical cross-

connect architecture. By imposing coarse granular 

spectrum selective switching, the developed network is 

still able to exploit elastic optical networking technology 

while attaining a significant hardware reduction. To 

evaluate the performance of the coarse granular routing 

elastic optical network, we have clarified its spectrum 

utilization in various network scenarios, single 

modulation format (including BPSK, QPSK, 8QAM and 

16QAM) and distance adaptive schemes, under different 

traffic conditions. We also compared the spectrum 

utilization of the network to that of corresponding 

traditional WDM network and conventional elastic 

optical network. Numerical results verified that, similar 

to conventional elastic optical network, the proposed 

network offers a substantial spectrum saving, says up to 

65%, comparing to traditional WDM network. The 

developed network provides a promising solution to deal 

with the trade-off between node cost and link cost for 

creating cost-effective and spectrum-efficient future 

Internet backbone networks. 
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CAPE, which stands for Checkpointing-Aided Parallel Execution, is a checkpoint-based approach to au-
tomatically translate and execute OpenMP programs on distributed-memory architectures. This approach
demonstrates high-performance and complete compatibility with OpenMP on distributed-memory systems.
In CAPE, checkpointing is one of the main factors acted on the performance of the system. This is shown
over two versions of CAPE. The first version based on complete checkpoints is too slow as compared to the
second version based on Discontinuous Incremental Checkpointing. This paper presents an improvement
of Discontinuous Incremental Checkpointing, and a new execution model for CAPE using new techniques
of checkpointing. It contributes to improve the performance and make CAPE even more flexible.

Povzetek: Predstavljena je izboljšava CAPE - paralelno izvajanje, usmerjeno s podporo redundance.

1 Introduction

In order to minimize programmers’ difficulties when de-
veloping parallel applications, a parallel programming tool
at a higher level should be as easy-to-use as possible.
MPI [1], which stands for Message Passing Interface, and
OpenMP [2] are two widely-used tools that meet this re-
quirement. MPI is a tool for high-performance computing
on distributed-memory environments, while OpenMP has
been developed for shared-memory architectures. If MPI is
quite difficult to use for non programmers, OpenMP is very
easy to use, requesting the programmer to tag the pieces of
code to be executed in parallel.

Some efforts have been made to port OpenMP on
distributed-memory architectures. However, apart from our
solution, no solution successfully met the two following
requirements: 1) to be fully compliant with the OpenMP
standard and 2) high performance. Most prominent ap-
proaches include the use of an SSI [3], SCASH [4], the
use of the RC model [5], performing a source-to-source

translation to a tool like MPI [6, 7] or Global Array [8], or
Cluster OpenMP [9].

Among all these solutions, the use of a Single Sys-
tem Image (SSI) is the most straightforward approach.
An SSI includes a Distributed Shared Memory (DSM) to
provide an abstracted shared-memory view over a physi-
cal distributed-memory architecture. The main advantage
of this approach is its ability to easily provide a fully-
compliant version of OpenMP. Thanks to their shared-
memory nature, OpenMP programs can easily be com-
piled and run as processes on different computers in an
SSI. However, as the shared memory is accessed through
the network, the synchronization between the memories in-
volves an important overhead which makes this approach
hardly scalable. Some experiments [3] have shown that the
larger the number of threads, the lower the performance.
As a result, in order to reduce the execution time over-
head involved by the use of an SSI, other approaches have
been proposed. For example, SCASH only maps the shared
variables of the processes onto a shared-memory area at-
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tached to each process, the other variables being stored
in a private memory, and the RC model uses the relaxed
consistency memory model. However, these approaches
have difficulties to identify the shared variables automat-
ically. As a result, no fully-compliant implementation of
OpenMP based on these approaches has been released so
far. Some other approaches aim at performing a source-to-
source translation of the OpenMP code into a MPI code.
This approach allows the generation of high-performance
codes on distributed-memory architectures. However, not
all OpenMP directives and constructs can be implemented.
As yet another alternative, Cluster OpenMP, proposed by
Intel, also requires the use of additional directives of its
own (ie. not included in the OpenMP standard). Thus, this
one cannot be considered as a fully-compliant implemen-
tation of the OpenMP standard either.

Concerning to bypass these limitations, we developed
CAPE [10, 15] which stands for Checkpointing-Aided Par-
allel Execution. CAPE is a solution that provides a set
of prototypes and frameworks to automatically translate
OpenMP programs for distributed memory architectures
and make them ready for execution. The main idea of
this solution is using incremental checkpoint techniques
(ICKPT) [11, 12] to distribute the parallel jobs and their
data to other processes (the fork phase of OpenMP), and
collect the results after the execution of the jobs from all
processors (the join phase of OpenMP). ICKPT is also used
to deal with the exchange of shared data automatically.

Although CAPE is still under development, it has shown
its ability to provide a very efficient solution. For example,
a comparison with MPI showed that CAPE is able to reach
up to 90% of the MPI performance [13, 14]. This has to
be balanced with the fact that CAPE for OpenMP requires
the introduction of few pragma directives only in the se-
quential code, i.e. no complex code from the user point of
view, while writing a MPI code might require the user to
completely refactorise the code. Moreover, as compared to
other OpenMP for distributed-memory solutions, CAPE is
fully compatible with OpenMP [13, 15].

This paper presents an improvement of DICKPT – a
checkpoint technique for CAPE, and a new execution
model applied these new checkpoints, that improves the
performance and the flexibility of CAPE. A part of these
results were also presented and published at the SoICT’s
2017 conference [16]. The paper is organized as follows:
the next section describes CAPE mechanism, capabilities
and restrictions in details. Section 3 presents a develop-
ment of checkpointing that are used in CAPE. Then, Sec-
tion 4 presents the design and the implementation of the
new execution model based on the new checkpointing tech-
niques. The analysis and evaluation of both new check-
pointing and execution model are presented in Section 5.
Section 4 shows the result of the experimental analysis. Fi-
nally, Section 5 concludes the paper and presents our future
works.

2 CAPE principles
In order to execute an OpenMP program on distributed-
memory systems, CAPE uses a set of templates to translate
an OpenMP source code into a CAPE source code. Then,
the generated CAPE source code is compiled using a tra-
ditional C/C++ compiler. At last, the binary code can be
executed independently on any distributed-memory system
supporting the CAPE framework. The different steps of the
CAPE compilation process for C/C++ OpenMP programs
is shown in the Figure 1.

Figure 1: Translation of OpenMP programs with CAPE.

2.1 Execution model
The CAPE execution model is based on checkpoints that
implement the OpenMP fork-join model. This mecha-
nism is shown in Figure 2. To execute a CAPE code on a
distributed-memory architecture, the program first runs on
a set of nodes, each node being run as a process. Whenever
the program meets a parallel section, the master node dis-
tributes the jobs among the slave processes using the Dis-
continuous Incremental Checkpoints (DICKPT) [12, 13]
mechanism. Through this approach, the master node gen-
erates DICKPTs and sends them to the slave nodes, each
slave node receives a single checkpoint. After sending
checkpoints, the master node waits for the results to be re-
turned from the slaves. The next step is different depending
upon the nature of the node: the slave nodes receive their
checkpoint, inject it into their memory, execute their part
of the job, and sent back the result to the master node by
using DICKPT; the master node waits for the results and af-
ter receiving them all, merges them before injection into its
memory. At the end of the parallel region, the master sends
the resulting checkpoint to every slaves to synchronize the
memory space of the whole program.

2.2 Translation from OpenMP to CAPE
In the CAPE framework, a set of functions has been
defined and implemented to perform the tasks devoted
to DICKPT, typically, distributing checkpoints, send-
ing/receiving checkpoints, extracting/injecting a check-
point from/to the program’s memory, etc. Besides, a set
of templates has been defined in the CAPE compiler to
perform the translation of the OpenMP program into the
CAPE program automatically and make it executable in
the CAPE framework. So far, nested loops and shared-data
variable constructs are not supported yet. However, this is
not regarded as an issue as this can be solved at the level
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Figure 2: CAPE execution model.

of the source-to-source translation and does not require any
modifications in the CAPE philosophy. In this end, CAPE
can only be applied to OpenMP programs matching the
Bernstein’s conditions [17].

After the translations operated by the CAPE compiler,
the OpenMP source code is free of any OpenMP directives
and structures. Figure 3 presents an example of code sub-
stitution for the specific case of the parallel for con-
struct. This example is typical of those we implemented
for the other constructs [7]. The automatically generated
code is based on the following functions that are part of the
CAPE framework:

– start( ) sets up the environment for the genera-
tion of DICKPTs.

– stop( ) restores the environment used for the gen-
eration of DICKPT.

– create(file) generates a checkpoint with name
file.

– inject(file) injects a checkpoint into the mem-
ory of the current process.

– send(file, node) sends a checkpoint from the
current process to another.

– wait_for(file) waits for checkpoints and
merges them to create another one.

– merge(file1,file2) merges two checkpoints
together.

Figure 3: Template for the parallel for with incre-
mental checkpoints.

– broadcast(file) sends a checkpoint to all slave
nodes.

– receive(file) waits for and receives a check-
point.

2.3 Discontinuous incremental
checkpointing on CAPE

Checkpointing is the technique that saves the images of a
process at a point during its lifetime, and allows it to be
resumed at the saving’s time if necessary [11, 18]. Using
checkpointing, processes can resume their execution from a
checkpoint state when a failure occurs. So, no need to take
time to initialize and execute it from the begin. These tech-
niques are introduced since two decades ago. Nowadays,
they are researched and used widely on fault-tolerance, ap-
plications trace/debugging, roll-back/animated playback,
and process migration.

Basically, checkpointing techniques can be categorized



304 Informatica 42 (2018) 301–311 V.L. Tran et al.

into two groups: completed checkpoints and incremental
checkpoints. Completed checkpointing [18, 19, 20] saves
all information regarding the process at the points that it
generate checkpoints. The advantages of this technique is
reducing the time of generation and restoration. However,
the checkpoint’s size is too large. Incremental checkpoint-
ing [11, 21, 22, 23, 12, 24] only saves the modified infor-
mation as compared to the previous checkpoint. This tech-
nique reaches advantages of reducing checkpoint’s over-
head and checkpoint’s size, so it is in widely used in dis-
tributed computing. Besides, using data compression to re-
duce checkpoint’s size [11, 21, 24], it is also focus on the
techniques that detect modified data but reach the minimum
of size. Some typical techniques are using page-based pro-
tection to identify the pages in memory that have been mod-
ified [11, 22, 23], using word-level granularity [21, 12], us-
ing block encoding [22], using user-directed and memory
exclusion [11], using live variable analysis [24].

Figure 4: Principle of DICKPT in cases of checkpointing.

In CAPE, Discontinuous Incremental Checkpointing
(DICKPT) is a development based on incremental check-
pointing, that contains two kinds of data, register infor-
mation and modified data of the process. In which, the
first one is copied from all register data of the process, and
the second one is identified based on write-protection tech-
niques.

Figure 4 shows the steps to monitor and generate a

checkpoint of a process on CAPE. It is done by an other
process making use of the ptrace Unix system call. The
idea of these steps is that, at the beginning of the paral-
lel region, the monitor sets all page of monitor process at
write-protected. Whenever the monitored process wants to
write into any write-protected page, a SIGSEGV signal is
generated. Then, the monitor saves the data of this page, re-
moves the write-protection and lets the monitored process
write into the page. At the end of the region, the monitor
compares the saved data with the current data of monitored
process page. The difference are extracted and saved into
checkpoint file.

2.4 Remarks
The good performance of CAPE as compared to those of
MPI and the full compliance to the OpenMP specifica-
tions [13, 15, 14] have made CAPE a good alternative to
port OpenMP on distributed-memory architectures. So far,
the implementation of CAPE is not complete, some disad-
vantages can be listed:

1. DICKPT saves all modified data of process, including
temporary and private variables. This is an unneces-
sary synchronization inside an OpenMP program.

2. As shown in Figure 2, the master node might act as
a bottleneck while waiting for checkpoints from the
salves, merging checkpoints and/or sending back data
to slaves for memory synchronization.

3. To distribute jobs to slaves, the master node gener-
ates a number of checkpoints that depends upon the
number of slave nodes and so that each slave node re-
ceives a checkpoint (see Figure 7). This method can
reach a high-level of optimization. However, it might
not be enough flexible for some cases like 1) the num-
ber of slaves may not be identified at compile time,
2) the OpenMP source code should be modified to de-
tect when the master generates the checkpoint and 3)
the dynamic scheduling of OpenMP cannot be imple-
mented using this method.

4. After distributing the jobs, the slave nodes execute the
divided jobs while the master does nothing until the
reception of the resulting checkpoints from the slaves,
which clearly wastes resources.

5. For synchronization, the checkpoints should be sent
by order in order to resume exactly the last state of
process.

3 Time-stamp incremental
checkpointing (TICKPT)

Time-stamp Incremental Checkpointing (TICKPT) is an
improvement of DICKPT by adding new factor – time-
stamp – into incremental checkpoints and by removing un-
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necessary data based on data-sharing variable attributes of
OpenMP program.

Basically, TICKPT contains three mandatory elements
including register’s information, modified region in mem-
ory of the process, and their time-stamp. As well as
DICKPT, in TICKPT, the register’s information are ex-
tracted from all registers of the process in the system. How-
ever, the time-stamp is added to identify the order of the
checkpoints in the program. This contributes to reduce the
time for merging checkpoints and selecting the right ele-
ment if located at the same place in memory. In addition,
only the modified data of shared variables are detected and
saved into checkpoints. It makes checkpoint’s size signif-
icantly reduced depending on the size of private variables
of the OpenMP program.

To present the order of checkpoints in a program, time-
stamps have to represent the order of the instructions when
it is executed. For the general case, an activation tree [25]
can be used to identify the sequence of function call in a
program. For CAPE, checkpoints are always generated in
same level of functions, so that the program counter can
be used to ensure simplicity. However, if the instruction
is a loop, the program counter is combined with the loop
iteration to represent the order of the loop exactly.

To detect modified data, the write-protection mechanism
is used. However, only the shared variables are written
down in the checkpoint file. The matter in here is how to
detect private and shared variables.

Figure 5: Allocation of OpenMP program’s variables in
virtual process memory.

In an OpenMP program, data-sharing variable attributes
can be set up either, implicitly or explicitly [2]. All vari-
ables declared outside an #pragma omp parallel di-
rective are implicitly shared. This includes all global and

static local variables allocated in heap and data seg-
ments of the process’s memory, and local variables allo-
cated on the stack (see Figure 5). The variables in heap
and data segments can easily be identified by their ad-
dress. For the variables on the stack, we save the stack
pointer before entering the #pragma omp parallel
region. Variables declared before the stack pointer are
shared. The others, are private.

To explicitly, change the status of a variable, the pro-
grammer can use data-sharing attributes like OpenMP di-
rective #pragma omp threadprivate (list of
variables) and relative clauses. The OpenMP data-
sharing clauses are shown in Table 1.

Clauses Description
default(none|shared) Specifying the default behavior

of variables
shared(list) Specifying the list of shared

variables
private(list) Specifying the list of private

variables
firstprivate(list) Allowing to access value of the

list of private variables in the
first time

lastprivate(list) Allowing to share value of the
list of private variables at the
end of parallel region

copyin(list) Allowing to access value of
threadprivate variables

copyprivate(list) Specifying the list of private
variables that should be shared
among all threads.

reduction(list, ops) Specifying the list of variables
that are subject to a reduction
operation at the end of the par-
allel region.

Table 1: OpenMP data-sharing clauses.

4 A new execution model for CAPE
In order to improve the performance of CAPE and its flexi-
bility, we designed a new execution model that extends the
one presented in Section 2.1. In this new execution model,
DICKPT is replaced by TICKPT. Figure 6 illustrates the
model which can be described as follows:

1. At the beginning of the program, all nodes in the sys-
tem execute the same sequential code.

2. When a parallel region is reached, the master process
creates a set of incremental checkpoints. The number
of incremental checkpoints depends upon the num-
ber of tasks in the parallel region. Each incremen-
tal checkpoint contains the state of the program to be
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Figure 6: The new execution model for CAPE.

used to resume its execution in another process at the
saved time.

3. The master process scatters the set of incremental
checkpoints. Each node receives some of the check-
points generated by the master process. This step is
illustrated in the Figure 8.

4. The received incremental checkpoints are injected
into the slave processes’ memories.

5. The slave processes resume their execution.

6. Results on slave processes are extracted by identify-
ing the modified regions and saved as an incremental
checkpoint.

7. Incremental checkpoints of each process is sent back
to the master node. Incremental checkpoints are com-
bined altogether to generate a single checkpoint. This
step can be distributed among the processes if need be.

8. The final combined incremental checkpoint is injected
in the master process’ memory and the master process
can resume its execution.

Changing the execution model implies changing the
translation templates. Figure 9 presents the template for the
#pragma omp parallel for directive that adapts to
the new execution model. The other OpenMP directives
can be designed in a similar way. For this template, CAPE
operates as follows:

Figure 7: Scheduling method in CAPE-2.

Figure 8: Scheduling method with the new execution
model.

– generate_dickpt(beforei) (line 3): at each loop it-
eration, the master process generates an incremental
checkpoint.

– scatter(before, &recvn, master) (line 4): the mas-
ter process scatters the checkpoints to the available
processes, including itself. Each process receives
some of the checkpoints (recvn).

– inject(recvn) (line 5): each checkpoint is injected
into the target process’ memory.

– the execution is resumed on instruction D (line 6).

– generate_dickpt(aftern) (line 7): each process gen-
erates an incremental checkpoint that saves the result
of its execution.

– allreduce(aftern, &after, [< ops >]) (line 8): the
aftern checkpoint of process n is sent to the other
processes. Checkpoints are combined, calculated and
saved in a new after checkpoint. With TICKPT, the
order of checkpoints is presented in each of them, so
this is performed using the Recursive Doubling algo-
rithm [26] as illustrated in Figure 10.

– inject(after) (line 9): incremental checkpoint after
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Figure 9: Prototype for the parallel for with the new
execution model.

Figure 10: Recursive doubling for allreduce.

is injected into the application’s memory to synchro-
nize the state of the program on all nodes.

5 Analysis and evaluation

5.1 From DICKPT to TICKPT

As presented in Section 3, TICKPT is an evolution of
DICKPT. It creates and adds time-stamps into checkpoints
to make them more flexible and to reduce synchronization
time when applying on CAPE. In addition, it removes un-
necessary data to reduce checkpoint’s size. For the syn-
chronization time, we will analyse and evaluate the whole
performance of CAPE. For checkpoint’s size, we consider
the amount of the modified data generated by TICKPT and
DICKPT after having executed the piece of code in Fig-
ure 11 in each node, with various values for N .

Data contained in A, B and C variables are changed.
The DICKPT counts them all, while TICKPT only counts
data in variable C. Therefore, the amount of modified data
significantly reduced with TICKPT as shown in Figure 12.

5.2 Analysis of the new execution model

Moving from a scheduling of CAPE processes based on
the number of nodes (Figure 7) to a scheduling based on

#define N 1000
...
int A[N], B[N], C[N], i;
...
#pragma omp parallel for

private(A,B) shared(C)
for(i = 0; i <N; i++){

A[i] = i;
B[i] = N - i;
C = A[i] + B[i] ;

}

Figure 11: A piece of OpenMP code used to consider the
amount of modified data with the two checkpoint tech-
niques.

Figure 12: Amount of modified data (in bytes) generated
by both methods.

the number of jobs (Figure 8) makes CAPE more flexible
at least for the three following reasons:

1. The number of available processes can be identified at
runtime. The master node can distribute the jobs to all
available processes.

2. All OpenMP scheduling mechanisms such as
static and dynamic can be implemented on
CAPE. This is because the master node generates a
number of checkpoints depending on the number of
jobs. First step, one checkpoint can be sent to each
slave node to execute a divided job. When the slave
node finishes, it is sent the next checkpoint that has
not been executed yet.

3. There is no need to modify the OpenMP source code
to detect the location of the master process that gener-
ated the incremental checkpoints and sent them to the
slave nodes.

For performance analysis and evaluation, considering
that both initial and sequential codes of the program are ex-
ecuted in the same way in any processes of the system, only
the execution time of the parallel regions has been consid-
ered.

Let tf be the execution time of the fork phase, tc be the
computation time to execute the divided jobs and tj be the
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time for the join phase, ie. the time to synchronize data af-
ter executing the divided jobs at all nodes. For each parallel
region, the execution time can be computed using equa-
tion 1.

t = tf + tc + tj (1)

Note that tf is similar for both methods as both consider
the work-shared steps and the generation of incremental
checkpoints, and an incremental checkpoint only consist
of very few bytes, ie. the time for the fork phase is close to
zero.

In the previous execution model, the master process was
not involved in the computation phase, and resources ware
wasted. Let n be the number of jobs and p be the number of
processes. Assume that each process takes one unit of time
to execute a job, and the number of jobs is equally divided
equally among the processes. The value for tc becomes:

tc =

⌈
n

p− 1

⌉
(2)

With the new execution model, all processes are involved
in the computation phase so that tc is equal to:

tc =

⌈
n

p

⌉
(3)

tj is also impacted by the new execution model. In the
previous model, the value for tj is equal to the time for the
slave processes to send their results to the master node for
combination plus the time to receive the final checkpoint
and inject it into the process’ memory. This work is done
sequentially. Thus, the time to send or receive a checkpoint
is given by:

tj = 2(p− 1) (4)

With the new execution model, the Recursive Doubling
algorithm [26] is applied to communicate between all pro-
cesses, so that tj becomes:

tj = dlog2(p)e (5)

Computation time tc is the most important factor that
affects the execution time of a parallel region. From equa-
tions (2) and (3), it is easy to demonstrate that tc for the
previous execution model is always larger than tc for the
new execution model, ie. the execution time for CAPE is
reduced with this new execution model. And the resources
are used more efficiently.

Besides, the use of the Recursive Doubling algorithm
during the join phase with the new execution model allows
saving time when synchronizing data between processes.
This is highlighted by comparing equations (4) and (5) with
the previous execution model and the new execution model
respectively.

6 Experiments
In order to measure the impact of the new execution model
on the performance, as mathematically analyzed in Sec-
tion 5, some experiments were conducted. These exper-
iments were performed on 4-node and 16-node clusters.
Each node includes an Intel core i3-2100, a dual-core 4-
thread CPU running at 3.10 GHz and 2 GB of RAM. These
computers are connected using a 100 Mb/s Ethernet net-
work. To avoid external influence as much as possible, the
entire system was dedicated to the tests during all of the
performance of the measurement campaign.

The program used as the basis for these experiments is
the classic matrix-matrix multiplication. The sizes of the
matrices are increased from 1600×1600, 3200×3200 to
9600×9600. Each program is executed at least 10 times to
measure the total execution times and a confidence interval
of at least 98% has been always achieved for the measures.
Data reported here are the means of the 10 measures.

Figure 13: Total execution time (in seconds) for both mod-
els on 4-node clusters.

Figure 13 and 14 present the total execution time of
CAPE on 4-node and 16-node clusters respectively. As can
be seen from these figures, the execution time of both mod-
els are shown, the gray color (OLD) represents the previ-
ous execution model, and the blue one (NEW) represents
the new execution model. The horizontal axis shows the
size of the matrix and the vertical axis shows the execution
time in seconds.

For the 4-node cluster, as compared with the previous
model, the execution time of the new model is reduced sig-
nificantly and the reduction is inversely proportional to the
size of the matrix. The larger the size of the matrix, the
shorter in time. This is due to the fact that there are only
three nodes executing the divided jobs on the previous ex-
ecution model. The master just divides and distributes jobs
to slaves, and then waits for the results return. It does not
participate in the computational part. In contrast, with the
new execution model, master node receives and executes a
part of the divided jobs. Therefore the computation time
(tc) on this model is much lower than on previous model,
especially on the cluster with only 4 nodes.

For the 16-node cluster, the result in Figure 14 shows the
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Figure 14: Total execution time (in seconds) of two models
on 16-node clusters.

same trend, ie. the new execution model is better than the
previous one. However, the distance between the execution
time of both models is closer. It maintains a saving time
around 10%. This is due to the larger number of nodes that
leads to less time to compute the divided jobs. Therefore,
the total saving time of tc in this case is smaller.

Figure 15 presents the execution time of the fork (tf ),
computation (tc) and join (tj) phases for both previous and
new execution models on the master node with the 16-node
cluster. The matrix size 9600 × 9600 is selected in this
case.

Figure 15: Execution time (in seconds) fork, computation
and join phases for both previous and new execution mod-
els on the master node.

In the previous model, after the fork operation, the mas-
ter node waits for the results from the slave nodes. There-
fore, the value for tc is equal to zero. For the same phase
using the new execution model, the master node partici-
pates in the execution together with the slave nodes, so that
tc is much larger than zero. However, the new execution
model uses the free resources of the master node to com-
pute a part of the jobs of the whole program. This does
not increase the whole execution time, but also contributes
to improve the global efficiency of the system. The join
phase comes right after the computation phase in the pre-
vious execution model. At this time, the master node waits

for the results from the slave nodes and the synchronization
of data. With the new execution model, this time is dedi-
cated to the synchronization of data. Therefore, tj is much
smaller for the new execution model as compared with the
previous execution one.

Indeed, both the theoretical analysis and the practical ex-
periments on clusters composed of 4 nodes and 16 nodes
when comparing the previous execution model and the new
execution model show that the resources of the system are
used more efficiently and the execution time is significantly
reduced (decreased at least by 10%). This shows that the
new execution model is a good direction to pursue the de-
velopment of CAPE in the future.

7 Conclusion and future works
In this paper, we presented and analysed the disadvantages
of previous version of CAPE. We also proposed a new
method name TICKPT to improve the previous checkpoint-
ing technique. Then, TICKPT is applied to improve the
previous execution model. Both theoretical analysis and
experimentation showed that checkpoint’s size and risk of
bottlenecks in execution model are reduced significantly
while the performance and the flexibility of CAPE are im-
proved.

For the future, we will keep on developing CAPE using
this new execution model. We will also try to determine
how to combine checkpoints more efficiently to implement
OpenMP’s shared-data environment variables.
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A new measurable and quantifiable world is created by the Internet of Things. However, the variety of
IoT components, i.e., devices, access technologies and applications, which are deployed on the same core
infrastructure with a common network policy have led to an unexpected issue of heterogeneity. Such issue
directly dismisses the interoperability in the IoT, and hence, significantly decreasing the QoS of a given IoT
service. In this paper, we develop a SDN-based framework, called SHIOT to address the above challenge.
SHIOT relies on the ontology for examining the end-user requests and applies a SDN controller to classify
flow scheduling over the task level. We also utilize the Lagrange relaxation theory to optimize the routing
mechanism. Extensive experiments demonstrate that SHIOT is able to support stressed networks and offers
a significant advantage over the traditional framework that is integrated without SDN.

Povzetek: Zasnovana je izboljšava heterogenega interneta stvari na osnovi SDN okvira in ontologij.

1 Introduction

The practical involvement of the Internet of Things (IoT)
in our world is indisputable. The IoT contributes to the
world’s economy and improves the quality of life. There
are 9 billion networking devices and the number is ex-
pected to reach 24 billion by 2020 [11]. The devices can be
sensors, actuators, cameras, smartphones, which are placed
in different access networks using different access tech-
nologies (e.g., bluetooth, wifi, zigbee, cellular, MANET).
There are also a variety of IoT applications, implemented
on top of the access networks. However, all these vari-
ous elements, i.e., devices, access technologies, applica-
tions have to be built on a common network infrastructure
with traditional equipments and communication protocols.
The latter is not designed to support high-level of scala-
bility, high amount of traffic and mobility in different IoT
tasks. For this reason, it is required to develop diverse poli-
cies for the core network to adapt to the heterogeneous IoT.
This challenge can not be accomplished without the help of
a technology solution, namely Software Defined Network-
ing (SDN) [12, 27].

SDN is considered as a network architecture that is able
to enhance the flexibility of traditional core network. The
idea of programmable networks facilitates network evolu-
tion, in which the forwarding devices are decoupled from

the so-called control layer. This structure makes the be-
havior of the core network more adaptive to the quality of
service, required by different access technologies, applica-
tions and devices. In addition, the centralized architecture
in SDN gives the capability of collecting data and uses this
information to improve network policies instead of man-
ually transforming these high-level policies into low-level
configuration commands.

In this paper, we proposed a SDN-based frame-
work, named SHIOT (Sdn-based framework for the
Heterogeneous IoT) to tackle the heterogeneity issue in the
IoT. The goal is to provide a transparent bridge between
user-interface layer and other low-level layers in order to
enhance the user convenience, while reducing the low-level
complexity. To this end, we have developed an open on-
tology to analyze semantics of incoming requests. We also
introduce a global optimization for routing layer of the core
network by using a heuristic algorithm based on Lagrange
relaxation theory. The characteristics of SDN help us to the
above requirements without altering the untouchable core
Internet network.

The paper is structured as follows: Section 2 presents
the background and related works. Section 3 analyzes and
describes in detail the SHIOT framework. Section 4 shows
the experimental results. Finally, section 5 is dedicated to
conclusions and future works.
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Figure 1: A general SDN architecture

2 Background and related works

2.1 Software defined networking
Over the past decade, the need for services that span mul-
tiple IoT application domains is growing in order to real-
ize the efficiency gains, promised by the IoT. End-users,
however, have to face the heterogeneity issue, which arises
when a wide variety of devices, wireless communication
solutions, and access technologies are implemented in the
IoT. SDN is considered as a good solution to handle such
issue because of its centralized and programmable con-
troller that enables simple programmatic control of the net-
work data-path.

The main idea of SDN is to separate the control and data
planes. The control plane creates and modifies the forward-
ing rules, which are subsequently sent to network devices.
The network devices (e.g., switches and routers) in turn,
just forward packages based on the received rules. The con-
troller is therefore considered as control logic precept to
examine the overall network behavior. Using SDN-based
controller, network administrators can easily program, ma-
nipulate and configure network protocols in a centralized
way. Fig. 1 shows a general architecture of SDN, which
consists of three main layers: Application layer, Control
layer and Infrastructure layer.

In order to deploy a SDN architecture, it is essential to
have an interface that ensures the communication between
the data and control plane. Such interface is called South-
bound Interface (SBI) and should be standardized. SBI de-
fines a protocol to facilitate the diversity of network devices

and controller softwares. There are variety of SBI proto-
cols (e.g. ForCES [8]), but the most typical one seems
to be OpenFlow [19]. An OpenFlow-enabled networking
switch needs to maintain a forwarding flow table that has
three types of information: rules, actions associated with
each rule, and the statistics that count the number of pack-
ets and bytes for the flow. The OpenFlow-enabled switch
aslo creates a secure channel to communicate with the SDN
controller. We have chosen OpenFlow in the present work
because it is capable of reducing management complexity,
handling high bandwidth and implementing new policies
when required. A detailed description on the advantages of
OpenFlow can be found in [19].

2.2 SDN-enabled IoT: a review

The section gives a brief overview on the applicability of
SDN in the IoT to improve the system performance and
overcome the heterogeneity issue.

Huang et al. [13] developed an M2M based framework,
which involves M2M nodes, a gateway to handle the nodes
that does not support M2M protocol and a controller to
carry out network management. Once the routing table is
changed, the controller notifies such change and sends it
to the different nodes. Therefore, the durability of the IoT
network is improved. However, the authors only applied
the same routing policy for all types of flows and did not
consider their QoS.

Martinez-Julia and Skarmeta [18] utilized SDN that al-
lows different objects from different networks to commu-
nicate with each other using IPv6. The IoT controller is
also inserted to simplify the control operations of the var-
ious objects. After establising forwarding rules, such con-
troller sends these rules to the SDN controller and other
networking devices. Such mechanism enables the commu-
nication between the herotereous objects. Li et al. [17] and
Omnes et al. [21] exploited SDN to contruct a framework
that meets the requirement of the diversity and dynamics in
the IoT. Vilalta et al. [28] developed an end-to-end orches-
tration for IoT services using an SDN/NFV-enabled edge
node under SDN.

In [15], Jararweh et al. introduced an architecture model,
namely SDIoF based on the combination of SDStore [5]
and SDSec [2]. This architecture consists of three main
components: 1) The physical layer where all the assets
and hardware devices in the system reside. This layer is
classified into several clusters such as sensor network clus-
ter and database pool cluster; 2) The control layer acts as
a middleware. It involves IoT controller, SDN controller,
SDStore controller, and SDSec controller that are entirely
software-based controllers to abstract the management op-
erations from underling physical layer; 3) The application
layer combines many fine-grained user applications, which
simplify the end-user’s accessing to the stored data through
the Northbound APIs (N-APIs). Unfortunately, the authors
in [15, 17, 21, 28] only gave the general and theoretical
ideas. Their proposals have not been proven and assessed
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through experiments.
Wei et al. [25] introduced a hash-based distributed strat-

egy while integrating SDN into IoT in order to solve the
problem of storage limitation of forwarding nodes. In their
work, the multi-dimension selection method was utilized
for finding the suitable storage. The hash space was formed
by using the IoT data flow. However, the authors did not
consider the QoS requirements related to the different IoT
applications/services.

Chakrabarty et al. [3] developed the so-called Black
SDN with the focus on various security issues. Black SDN
was used to secure both the meta-data and payload within
each layer of an IoT communication packet. The authors
considered the SDN centralized controller as a trusted third
party to ensure secure routing and optimize the system per-
formance management. Olivier et al. [20] proposed a SDN-
based architecture for the IoT that consists of multiple do-
mains, where the SDN controllers are installed. The au-
thors agued that such architecture is able to guarantee the
security of the entire network. However,there is no simula-
tion or evaluation to justify their architecture and outcomes.
Sharma et al. [26] introduced DistBlockNet, a distributed
secure SDN for the IoT, where blockchain technology was
exploited to verify a version of the flow-rule table. How-
ever, in their experiments, they did not consider the aver-
age end-to-end delay, the most important QoS parameter
that has a significant impact on the user experience while
running an IoT service.

It is clear that SDN is an emerging architecture, which is
able to facilitate network management in order to improve
network performance and monitoring. However, there is
a lack of evaluation and testing to assess its use in the IoT.
This paper aims to address this question by developing SH-
IOT framework to bridge the gap between end-users and
the underlying layers. SHIOT will be discussed in detail in
the following section.

3 The proposed SHIOT

This section presents SHIOT framework, a layered SDN
controller that acts as a middleware to bring the trans-
parency to users from the top layer to the bottom ones.
The controller (Fig. 2) is developed using an open source
platform called Floodlight [1]. We decided to use the
Floodlight Open SDN Controller due to the fact that it
is an enterprise-class, Apache-licensed, Java-based Open-
Flow Controller. Floodlight is supported by a community
of developers including a number of engineers from Big
Switch Networks. Although the project is discontinued, its
latest version is sufficient for our development.

Since the IoT scenario is very dynamic, we create a
database, called State info DB to store on the fly the state
information of the network such as its topology, the link
state, the joining or leaving nodes, etc. The end-user’s com-
mands that determine what he/she needs are placed at the
highest layer of abstraction. We also construct a web ser-

Figure 2: The proposed SHIOT framework architecture.

vice that provides RESTful APIs, so that the end-user may
use such service with any platform and on any device. The
transparency, considered in this paper is defined as the level
of independence from applications, devices and networks,
which are used to accomplish the required tasks. For exam-
ple, the user’s command is to count the number of people
in Room01. The controller analyzes this command and in-
dentifies the relevant service. Such service can be either to
capture the video in Room01 and count the number of peo-
ple inside or to activate the counting sensor on the door of
the room. The devices can be either the camera or count-
ing sensors. In other words, the role of SDN controller is to
map the devices to a specific application in order to perform
the couting process. Lower layer then selects network and
path to route the data flows. Finally, all these decisions are
sent down to Communication layer, and installed on the se-
lected devices. The operation of Communication layer has
been processed by a network emulator, known as mininet
[6] in our testbed.

3.1 Request analysis layer

As mentioned above, there is always a challenge in the IoT
due to the diversity in access networks and devices. Hence,
the Request Analysis layer is used to provide an abstract
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layer to end-users, so that the IoT may work independently
from the underlying layers. In other words, the Request
Analysis layer bridges the gap between user requests and
underlying networking devices. The present work con-
structs an ontology and utilizes semantic technologies to
describe the IoT context as well as the devices and their
characteristics. We set our focus in the IoT that is deployed
in E-healthcare system. Fig. 3 shows the constructed on-
tology, which involves three main classes as follows.

1. Applications: We considers five different healthcare
applications:

– Monitoring: This is used to capture and record
the various healthcare indicators including the
physiological (i.e., ECG, EMG, EEG), chemical
(sweat, glucose, saliva), and optical (oximetry,
the properties of tissues) metrics.

– Therapeutic: The goal is to monitor the treat-
ment of a given disease. This consists of
medication (drug delivery patches), stimulation
(chronic pain relief) and emergency (defibrilla-
tor).

– Fitness and Wellness: The application aims to
observe the motion and location indicators such
as physical activity, calorie count, GPS informa-
tion and indoor localization.

– Behavioral: This application is used to main-
tain regular surveillance over the patient’s ac-
tivities (fall, sleep, exercise), emotions (anxiety,
stress, depression) and diet (calorie intake, eat-
ing habits).

– Rehabilitation: This application is used to moni-
tor the rehabilitation of patients like speech (lan-
guage development) and camera (technology for
blinds).

2. Devices: There are two main types of devices, i.e., on-
body contact sensors and peripheral non-contact sen-
sors.

3. Positions: The positions where the devices locate in-
clude the laboratory, operating rooms, casualty rooms,
consulting rooms, day rooms, emergency rooms,
pharmacy, high dependency unit, maternity ward.

Based on the above classes in the ontology, the Positions
and Devices are used to determine the sender and receiver
nodes. We also assign a predefined maximum latency to
each requested application in Applications class. This as-
signment is based on [14, 23, 22]. In order to validate the
scalability of SHIOT, the current ontology includes 250 de-
vices, deployed in 60 different rooms. However, such on-
tology can be extended and customized to be suitable for
the use of any other organizations.

The delta delay ∆delay, that was selected as the QoS
metrics in this work, will be one of the three outputs, ex-
tracted from this layer. The two remaining outputs will be

the sender and receiver nodes. Specifically, we construct
two modules in the Request Analysis layer. As illustrated
in Fig. 4, the User expression analysis module simply
scans the expression text, sent from the various applications
and detects keywords that are related to the constructed on-
tology. The Ontology analysis module in turn uses these
keywords as input and relies on the Ontology data to deter-
mine the appropriate applications and the forwarding IoT
devices. Finally, the outputs, i.e., ∆delay, the sender node
and receiver node will be sent to the Routing layer.

3.2 Routing layer
Based on the results, computed in the Request Analysis
layer, the role of the Routing layer is to find an optimal
path to route the data from the selected source to destina-
tion nodes. This is to ensure that the latency time is not
larger than a predefined threshold ∆delay and thus, opti-
mizing the cost function.

To this end, we implemented a routing algorithm that is
based on the concept of aggregate cost. The optimal cost
is found using the Lagrange relaxation theory. Such algo-
rithm offers a significant advantage because it can give a
lower bound on the theoretically optimal solution. The ex-
perimental results showed that the difference between the
obtained cost and the lower bound is naturally quite nar-
row. In addition, the proposed routing algorithm takes into
account the trade-off between the end-to-end (E2E) delay
and quality of the found path. Gary et al. [10] proved that a
routing problem is NP-complete in the case where the num-
ber of QoS metrics that should be minimized is more than
or equal to 2. Therefore, the paper tries to define a simpler
problem instead of tackling the more complex problem.
Particularly, the delay along the path should be acceptable,
and the cost of the path should be as low as possible. The
intuitive motivation of the routing task is to find a path that
is minimal in terms of cost, provided that the delay is under
a given bound. The delay bound is determined in the Re-
quest Analysis layer and the routing problem is formulated
as a Delay Constrained Least Cost path problem (DCLC)
[24].

The DCLC problem can be described as follows: A
communication network is modeled as a directed and con-
nected graph G = (V,E), where E denotes a set of di-
rected links and V represents a set of nodes (e.g., switches,
routers), connected by directed links. Any node is reach-
able from any other node in this graph. Every directed link
e = (u, v) ∈ E has a delay D(e) and a cost C(e) associ-
ated with it. The link delay, i.e., D(e) is measured when a
packet is passing through link e. The link cost, i.e., C(e)
represents some other metrics, required to optimize such as
the loss-rate, bandwidth, jitter, etc. The link cost is com-
puted using Eq. 1 as

C(e) = w1 ∗ le + w2 ∗ be (1)

where w1 and w2 are weights corresponding to the loss-
rate (le) and bandwidth (be) metrics of link e, respectively.
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Figure 3: Ontology of the E-healthcare system

Figure 4: Request analysis module

The constrained minimization problem is represented as
follow:

min
r∈R′(x,y)

∑
e∈r

C(e) (2)

whereR′(x, y) is the set of routing paths r from source x
to destination y for which the end-to-end delay is bounded
by ∆delay. ∆delay is determined by the Resquest Analysis
layer. We also have R′(x, y) ⊆ R(x, y). A r ∈ R(x, y) is
in R′(x, y) if and only if∑

e∈r
D(e) ≤ ∆delay

In order to solve the DCLC problem, we utilize a heuris-
tic algorithm based on the Lagrange relaxation theory. This
is considered as a common technique for determining lower
bounds and finding solutions for this problem. The idea is

based on the minimization of the modified cost function,
where the cost and delay in terms of a parameter γ are com-
bined to form an aggregate weight for each link as follows.

Cγ = Cold + γ.d (3)

where d is the delay, Cold is the cost that is calculated
using Eq. 1. For a given γ, the optimal path, denoted as
rγ , can be found by using Dijkstra’s algorithm w.r.t. the
cost cγ , obtained in Eq. 3. If the total delay of the path
rγ , denoted as D(rγ), is equal or less than ∆delay, it is
the optimal solution. Otherwise, if D(rγ) > ∆delay, the
value of γ is increased in order to increase the influence
of the delay factor in the cost function (see Eq. 3). The
relationship between parameter γ, the cost and the delay of
a given path can be illustrated by the following lemmas.

Lemma 1. If 0 ≤ γ1 ≤ γ2 then D(rγ1) ≤ D(rγ2) and
C(rγ1) ≥ C(rγ2).

Proof. See [9].

Lemma 1 shows that a larger γ will lead to a larger cost
and a smaller delay. This implies that as long as the re-
sulting shortest path does not violate the predefined delta
delay, a smaller γ will definitely result to a better solution.
The next lemma is used to find the smallest γ value (i.e., γ
related to the shortest path that does not violate ∆delay).

Lemma 2. If γ1 < γ2, D(rγ1) 6= D(rγ2), γ′ =
C(rγ1)−C(rγ2)
D(rγ2)−D(rγ1) , then C(rγ1) ≥ C(rγ′) ≥ C(rγ2),
D(rγ1) ≤ D(rγ′) ≤ D(rγ2).
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Proof. See [9].

Lemma 2 shows that with γ′ =
C(rγ1)−C(rγ2)
D(rγ2)−D(rγ1) , the short-

est path rγ′ must have a delay between the delays of rγ1

and rγ2, and the cost is also between the costs of these two
paths. The above two lemmas imply that the least cost path
rc has to be first computed using Dijkstra’s algorithm w.r.t.
the cost. If its delay is not greater than ∆delay, then it must
be the optimal solution. Otherwise, the least delay path rd,
i.e., the path, found by using Dijkstra’s algorithm w.r.t. the
delay should be obtained. If its delay is greater than the
∆delay, no optimal solution can be achieved. If none of the
above conditions are true, the algorithm begins an iterative
procedure. In each iteration, rd is updated with a better so-
lution having a lower delay and rc is updated with a better
solution having lower cost.

Algorithm 1 Lagrange relaxation-based routing algorithm
Require: source, dest, C, D, ∆delay

Ensure: Optimal path
1: rc ← Dijkstra(source, dest, C)
2: if D(rc) ≤ ∆delay then return rc
3: end if
4: rd ← Dijkstra(source, dest,D)
5: if D(rd) > ∆delay then return "No solution"
6: end if
7: while true do
8: γ := C(rc)−C(rd)

D(rd)−D(rc)

9: P ← Dijkstra(source, dest, Cγ)
10: if Cγ(P) = Cγ(rc) then return rd
11: else if D(P) ≤ ∆delay then
12: rd ← P
13: else
14: rc ← P
15: end if
16: end while

The heuristic algorithm (see Algorithm 1) is described in
detail as follows: First, we utilize the original cost function
(Eq. 1) and find the least cost path using Dijkstra’s algo-
rithm. If the delay of this path meets the delay requirement
∆delay, it is the optimal path. Otherwise, we find the least
delay path and examine whether the delay of this path is
greater than ∆delay. We may then decide to start the loop
or to stop the algorithm as there is no optimal solution that
can be found. The γ parameter is computed as

γ :=
C(rc)− C(rd)

D(rd)−D(rc)

Such parameter is updated after each iteration. The Di-
jkstra’s algorithm is used w.r.t the new value of cost Cγ . If
the cost value of the new path is found to be equal to the
cost value of the least cost path, the optimal path should
be the least delay path. If not, if the delay of the new path
is found to be smaller than ∆delay, the least delay path is
updated as the new path. Otherwise, the least cost path is

considered as the new path. The loop is repeated until the
optimal path is found.

4 Experiments

4.1 Experimental setup

In order to conduct the experiments, we implemented a
testbed, which is illustrated in the Fig. 5. The user is able
to send requests to the E-healthcare system using Restful
APIs from any platforms and devices. In the present work,
we developed an Android application that automatically
creates and sends the RESTful requests. A load balanc-
ing mechanism with PC coordinator is also implemented
to support high rate of requests. Concretely, the coordina-
tor applies the Round Robin algorithm to distribute the re-
quests to three Request Analysis PCs (RA1-3). These three
RA PCs analyze the incoming requests and search for the
appropriate outputs in the Ontology DB database. In the
SDN controller, these outputs are then fed to the routing
algorithm that determines the appropriate way to control
the simulated network. In this paper, we utilize mininet [6]
to emulate the network topology, which involves a num-
ber of different nodes representing the Openflow-enabled
switches and IoT devices.

Figure 5: The testbed, implemented with load balancing
mechanism

4.2 Analyzing the request analysis layer

First, we assess the scalability of the Request Analysis
layer by varying the number of sending requests per sec-
ond and evaluating the round trip time (RTT). In Fig. 6,
it is obvious that the load balancing mechanism is able to
support high request rate. It achieves a RTT of 2.2 seconds
when the rate reaches 500 requests per second, while the
RTT without load balancing mechanism is 26.8 seconds.
This in turn, proves the scalability of the Request Analysis
layer.

In order to evaluate the accuracy of the Request Analysis
layer, we execute 10000 requests, and send them to five
applications (2000 requests per application).
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Figure 6: RTT corresponding to the Request Analysis
layer, which is deployed with and without load balancing
mechanism.

Applications Number of Number of Prop.
user requests well-classified requests

Monitoring 2000 1928 96.4 %
Therapeutic 2000 1987 99.3 %

Fitness and Wellness 2000 1979 98.9 %
Behavioral 2000 1893 94.6 %

Rehabilitation 2000 1912 95.6 %

Table 1: Accuracy related to the classification of user re-
quests in the five applications

Table 1 shows that majority of user requests have been
classified exactly for all five applications. The faults mostly
come from the Behavioral application. This is due to the
fact that the Request Analysis layer is based on the pro-
cessing of text strings. The Behavioral application on the
other hand, includes a variety of activity and emotion de-
scriptions such as fall, sleep, exercise, anxiety, stress, de-
pression, etc. Hence, it is more difficult to classify the user
tasks. However, an accuracy of 94.6% is still acceptable
for this kind of application.

4.3 Analyzing the routing layer
Concerning the performance of the routing layer, we imple-
mented several other methods that also focus on the DCLC
problem. These methods are as follows.

– The Constrained Bellman-Ford (CBF) routing algo-
rithm [29], which is based on a breadth-first search
that is able to update the lowest cost path in each vis-
ited node. CBF runs until either the highest constraint
is exceeded or it cannot improve the paths anymore.

– The Multi-Criteria Routing algorithm (MCR) devel-
oped by Lee et al. in [16]: This routing algorithm is
based on heuristics of ranked metrics in the network.
A loop is repeated to determine the shortest path for
each metric until the best path is found, or it fails for
all metrics.

– The routing algorithm proposed by Cheng et al. [4]
that combines the problems of finding the least cost
and least delay paths by modifying the cost function.

Such algorithm is abbreviated as MCF in the present
work. It aims to compute a simple metric from mul-
tiple requirements using the weighted combination of
the various QoS metrics.

The above mentioned algorithms are compared with the
proposed algorithm (abbreviated as LARE in this paper)
using the following measures:

– Number of fails, which is the average number of un-
reachable nodes, which occurs when the path cannot
be found at a given delta delay ∆delay. This measure
aims at assessing the efficiency of a given algorithm
in finding the destination nodes.

– Delay, which is the average delay time of the path
from a source node to a reachable destination node.

– Cost, which is considered as the average cost of the
paths from a source node to all reachable destination
nodes.

Concerning the network topology, we first validate the
routing algorithms and their functionality with a simple
network including 17 nodes. We then carried out the ex-
periments with NTT, a 37 node network topology [7] that
is modeled using the exact characteristics of a real-world
network. Finally, we construct by hand a huge network
with 150 nodes (abbreviated as 150N topology) to evaluate
the scalability of the proposed framework.

To obtain the performance related to the various rout-
ing algorithms, this work varies the value of delta delay
(∆delay) from 100 ms to 1000 ms in both the NTT and
150N topologies. As it can be seen from Figs. 7 and 8,
when ∆delay is smaller than 200 ms, the number of un-
reachable nodes is considerably high. This number de-
creases as the delay constraint is increased. All the paths
are only found after 400 ms.
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Figure 7: Average number of unreachable nodes in NTT
topology

Figs. 9 and 10 show the average delay curves of the vari-
ous algorithms in NTT and 150N topologies. As illustrated,
with the low values of delta delay (ranging from 100 ms to
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Figure 8: Average number of unreachable nodes in 150N
topology

300 ms), the number of reachable nodes is small. The des-
tination nodes are close to the source nodes, keeping the
delay values at very low level. After 400 ms delta delay,
when all the paths are found, the average delay becomes
stable.
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Figure 9: Average delay of the various routing algorithms
in NTT topology

It is clear that the LARE algorithm provides the best re-
sult in terms of average delay in both the network topolo-
gies. The scalability of LARE has been proven in 150N
(see Fig. 10), a large network having extremely high node
density, where the performance gap between the proposed
algorithm and other methods become more significant. At
1000 ms delta delay, LARE gives an average delay of 456
ms, while those of other methods are more than 660 ms.
The MCF algorithm provides the highest average delay in
both cases due to its difficulty to select an appropriate ag-
gregate weights when combining the QoS metrics.

Figs. 11 and 12 shows the average cost of the paths
found by the various algorithms in two network topologies.
As explained above, at the beginning (∆delay < 300ms) it
is impossible to find paths to all destination nodes. Since
the obtained paths are very short, the costs become rela-
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Figure 10: Average delay of the various routing algorithms
in 150N topology

tively small. The algorithms find more paths as we in-
crease the delta delay. When all destination nodes are
found (∆delay ≥ 300ms), a higher delta delay would re-
sult in a lower cost. It is obvious that LARE algorithm
gives almost similar outcomes to MCF in both the network
topologies. This is exactly what we expected because MCF
focuses on optimizing the cost value. MCR is the worst
performer, since it only finds the best path for one met-
ric, while ignoring the cost value. Especially, in the 150N
topology (Fig. 12), LARE achieves an average cost of 19.5
at the delta delay of 1000 ms, while the MCR produces an
average cost of 30.1.
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Figure 11: Average cost of the various routing algorithms
in NTT topology

4.4 Analyzing the overall SHIOT
framework

This section aims to validate the capability of supporting
stressed network of the proposed framework and compared
it with the traditional system, which relies on the sim-
ple best-effort policy and is implemented without SDN.
Specifically, we try to stress the system by gradually in-
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Figure 12: Average cost of the various routing algorithms
in 150N topology

creasing the rate of sending requests from 100 to 2000 re-
quests per second.

Figure 13: Capability of supporting stressed network of
SHIOT and the traditional system in terms of delay.

We set the delta delay to the value of 1000 ms to en-
sure that the paths to all the destination nodes are found.
As shown in Figs. 13 and 14, SHIOT is obviously better
than the traditional couterpart in terms of delay and cost.
Even in the most stressed state (i.e., 2000 requests per sec-
ond), SHIOT is able to provide an average delay of 694 ms
and a cost of 33, while those, achieved by the traditional
system are 935ms and 69, respectively. The performance
difference may be due to the simple policy (the best-effort
policy) that is implemented in the core network of the tra-
ditional system. SHIOT, on the other hand, possess a lay-
ered architecture that is able to deal with the high rate of
requests, sent from the various applications.

Finally, we evaluate the system performance while run-
ning the video application. Specifically, video flows are
generated (video streaming) using an open source software,
named VLC. Such flows are sent from one node to another
in the simulated network. The experiment lasts five min-
utes. The delay and jitter are computed for each chosen
path. In Table 2, we can see that SHIOT outperforms the
conventional system. Its average end-to-end delay is about

Figure 14: Capability of supporting stressed network of
SHIOT and the traditional system in terms of cost.

3.5 s while that of the traditional system is 7.3 s. Simi-
lar observation can be obtained in terms of jitter. This is
exactly what we expected because SHIOT has the ability
to differentiate the different types of data flow (e.g. video,
audio, information data).

5 Conclusions
In this paper, we have proposed a layered SDN framework,
named SHIOT, to address the heterogeneity issue in the
IoT. SHIOT is based on an open ontology to classify the
incoming user requests. This framework also utilizes the
Lagrange relaxation theory to find the optimal path in order
to forward these requests to the destination nodes. In gen-
eral, SHIOT can be considered as a remedy to bridge the
gap between abstract high-level tasks and other low-level
networks/devices. Experimental results showed that SH-
IOT yielded better performance when compared with the
traditional system, that is deployed without SDN. It is also
proved to be efficient and effective in handling tasks re-
quired by the various applications. Concerning the future
works, we are in the process of evaluating SHIOT, which
is implemented in the real devices (e.g. Openflow-enabled
switches).
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A use case model is often represented by a UML use case diagram and loosely structured textual de-
scriptions. The use case model expressed in such a form contains ambiguous and imprecise parts. This
prevents integrating it into model-driven approaches, where use case models are often taken as the source
of transformations. In this paper, we introduce a domain-specific language named the Use case Speci-
fication Language (USL) to precisely specify use cases. We define the abstract syntax of USL using a
metamodel together with OCL wellformedness rules and then provide a graphical concrete syntax for the
usability goal. We also define a precise semantics for USL by mapping USL models to Labelled Transition
Systems (LTSs). It opens a possibility to transform USL models to software artifacts such as test cases and
design models. We focus on a transformation from a USL model to a template-based use case description
in order to illustrate our method. A language evaluation of USL is also performed in this paper.

Povzetek: Zasnovan je domensko specifični jezik USL za natančno specifikacijo primerov in transformacij.

1 Introduction
Use case is a software artifact that is commonly used for
capturing and structuring the functional requirements. A
use case is defined as “the specification of sequences of ac-
tions, including variant sequences and error sequences, that
a system, subsystem, or class can perform by interacting
with outside objects to provide a service of value” [1]. As
a requirements artifact, the use case model is commonly
specified by a UML use case diagram and loosely struc-
tured textual descriptions [2]. A key benefit of this use
case specification is that it is easy for non-technical stake-
holders to learn and use. However, the use case models ex-
pressed in this form often contain ambiguous and imprecise
parts. This prevents the models from being used directly
in model-driven approaches, as a transformation source to
produce other analysis and design models. An important
challenge here is how to achieve a balance between two
seemingly conflicting goals: to specify use case sufficiently
precise for model transformation purposes, while achieving
the ease-of-use required by non-technical stakeholders.

To this end, a considerable number of works, including
[3, 4, 5, 6, 7] and those discussed in [8], have attempted to
introduce rigor into use case description. More specifically,
T. Yue et al. [3] proposed adding keywords and restriction
rules into use case descriptions and then using natural lan-
guage processing techniques in order to analyze them. Un-

like [3, 4, 9, 5, 6, 7], which used natural language descrip-
tion, the works in [10, 11] proposed a formal semantics for
use case. On the other hand, UML activity and sequence di-
agrams are proposed in [12, 13, 14, 15] to model the control
flows in use case. A number of other works [4, 16, 17] pro-
posed using a domain specific language (DSL) to specify
use case. DSL [18] is a language that is designed specif-
ically for a certain domain to ease the task of describing
concepts in the domain.

However, the main limitation of the existing work is that
they do not focus on precisely capturing the relevant use
case information. These include control flows, steps, sys-
tem actions, actor actions, and constraints on the use case
and its flows. In this paper, we propose a DSL named Use
Case Specification Language (USL) to overcome this lim-
itation. The goal of USL is to precisely specify use cases
and its model transformation abilities. The USL’s domain
consists in the task of specifying use cases that capture the
system behavior.

Our approach is to define the abstract syntax of USL
by extending the metamodels of the UML use case and
activity diagrams [2]. Our extension consists in a set of
meta-concepts needed for the following purposes: (1) to
describe the elements of a typical use case description tem-
plate; (2) to represent the basic and alternate flows of a use
case in the form of sequential, branched, repeating steps, or
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concurrent steps; (3) to categorize steps and actions based
on the interaction subjects, which include the system, ac-
tors and included/extending use cases; and (4) to represent
constraints on the use case, actions, and flows.

Our precise specification of USL makes it possible to
automatically transform USL models into other software
artifacts using model transformation techniques. In brief,
the main contributions of our work are as follows:

– A DSL named USL to precisely specify use cases. We
define the abstract syntax of USL using a metamodel
constrained by OCL wellformedness rules [19]. For
usability, we define a graphical concrete syntax for
USL.

– A formal semantics specification for USL using La-
belled Transition System [20]. This semantics en-
ables the automatic transformation of USL models
into other software artifacts, such as test cases and
class models.

– A support tool that includes a visual editor for con-
structing USL models. We use this tool and two
commonly-used case studies to illustrate our method.
We also evaluate USL by comparing it to other related
languages.

This work makes four significant improvements from
our earlier conference paper [21]. First, regarding to USL
specification, we make the abstract syntax precise with the
OCL wellformedness rules [19] and define a graphical con-
crete syntax. Second, we develop an additional case study
in order to illustrate how to apply USL in practice. Third,
we define a numqber of typical model transformation sce-
narios for USL model and explain, in more detail, the trans-
formation into template-based use case description. Fourth,
we provide an evaluation for USL.

The rest of this paper is organized as follows. Section 2
presents the background and an example for our work. Sec-
tion 3 overviews our approach. Section 4 presents the USL
abstract syntax and explains its formal semantics. Section 5
explains how USL models are transformed into other soft-
ware artifacts. Section 6 introduces our support tool and
illustrates how to apply USL to the ATM system case study.
This section also presents an evaluation of USL. Section 7
comments on the related works. The paper is closed with
the conclusions and future work.

2 Background and motivation
Figure 1 shows a simplified requirement model of a
Library system including a UML use case model de-
picted in the part (a) and a UML class diagram capturing
corresponding domain concepts of the system which is pre-
sented in the part (b). Our paper uses the use case Lend
Book in the part (a) as a motivating example. This use case
is invoked when the librarian executes the book lending

Figure 1: The simplified use case and the conceptual do-
main model of the Library system.

Table 1: A typical use case description template

Use case name: Lend Book
Brief description: The Librarian processes a book loan.
Actors: Librarian.
Precondition: The librarian has logged into the system successful.
Postcondition: If the use case successfully ends, the book loan is saved and a
complete message is shown. In the other case, the system displays an error mes-
sage.
Trigger: The Librarian requests a book-loan process.
Special requirement: There is no special requirement.
Basic flow
1. The Librarian selects the Lend Book function.
2. The system shows the Lend-book window, gets the current date and assigns it
to the book-loan date.
3. The Librarian enters a book copy id.
4. The system checks the book copy id. If it is invalid, it goes to step 4a.1
5. The Librarian enters a borrower id.
6. The system validates the borrower id. If it is invalid, it goes to step 6a.1
7. The Librarian clicks the save-book-loan button.
8. The system validates the conditions to lend book. If it is invalid, the system
goes to step 8a.1
9. The system saves the book loan record, then executing two steps 10 and 11
concurrently.
10. The system shows a complete message.
11. The system prints the borrowing bill.
Alternate flows
E1. request searched book
1. The Librarian selects the search function after step 4a.1.
2. The system executes the extending use case Search book.

4a. The book copy id is invalid
1. The system shows an error message, then going to step 3.

6a. The Borrower id is invalid
1. The system shows an error message, then going to step 5.

8a. The lending condition is invalid
1. The system shows an error message.
2. The system ends the use case.

transaction. The use case is represented in a typical tem-
plate as shown in Table 1.

A typical use case description template [22] often in-
cludes two parts, the overview information elements and
the detailed description of flows. The first part consists of
the following elements: the use case name, the use case’s
brief description, the actors participating in the use case,
the use case’s precondition and postcondition, the trigger
that initiates the use case and the special requirement that
describes the non-functional requirements of the use case.
The second part contains two types of flows, the basic flow
and alternative flows. The basic flow covers what nor-
mally happens when the use case is performed. Each use
case description has only one basic flow. The alternative
flows cover optional or exceptional behaviour as well as
the variations of the normal behaviour. Both the basic and
alternative flows are often further structured into steps or
subflows [23, 1]. Moreover, one can smooth use case flows
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to contain only a basic flow and some alternate flows.
Each step in flows consists of actions performed either

by the system or actors. We refer to actors, the system, and
other relation use cases as interactive subjects.
For example, Step 1 in the basic flow is carried out by
the Librarian actor, while Step 2 is performed by the sys-
tem. A step may also contain the information to decide the
next moving is another step or another flow or the start-
ing or finishing of concurrent actions. As illustrated in Ta-
ble 1, Step 2 includes three system actions, “The system
shows the Lend-book window”, “The system gets the cur-
rent date” and “The system assigns the current time to the
book-loan date”. Step 5 contains a branching decision, “If
it is invalid, the system goes to step 6a”. Step 9 contains
the starting point of two concurrent actions: “The system
executes two steps 10 and 11 concurrently”.

In our work, we consider sentences describing execution
of an extending or an included use case as the system’s
actions. Our previous work [21] divides use case’s actions
into nine types as follows:

Actor-Input is an actor action to enter data into the sys-
tem, e.g., the action “The Librarian enters a book copy id”
at Step 3 in Table 1 is an Actor-Input.

Actor-Request is an actor action to send requests
into the system, e.g., the action “The Librarian clicks
the save-book-loan button” at Step 7 in Table 1 is an
Actor-Request.

System-Display is a system action that the system per-
forms operations with the user interface, e.g., the action
“The system shows the lend-book window” at Step 2 in Ta-
ble 1 is a System-Display.

System-Operation is a system action to validate a re-
quest and data, or process and calculate data, e.g., the ac-
tion “The system gets the current date” at Step 2 in Table 1
is a System-Operation.

System-State is a system action to query or update its
internal states, e.g., the action “The system saves the book
loan record” at Step 9 in Table 1 is a System-State.

System-Output is a system action to send outputs to the
actors, e.g., the action “The system shows an error mes-
sage” at Step 1 of the alternate flow 4a in Table 1 is a
System-Output.

System-Request is a system action to send requests
to a secondary actor, e.g., the action “The system prints
the borrowing bill” at Step 11 shown in Table 1 is a
System-Request.

System-Include is a system action to include another
use case.

System-Extend is a system action to extend another use
case, e.g., the action “The system executes the extending
use case Search book” within Step 2 of the alternate flow
E1 in Table 1 is a System-Extend.

A use case is successfully executed only if the pre- and
postcondition of the use case as well as of the actions of the
current flow are satisfied.

Within the context of model-driven development, a use
case model, as illustrated in Fig. 1 tends to be taken as a

source model of transformations in order to obtain other
software artifacts such as analysis models, design mod-
els, and test cases. However, the ambiguous and imprecise
parts within use case descriptions prevents us from achiev-
ing such transformations. In order to integrate use cases
into model-driven approaches, we aim to tackle the follow-
ing challenges:
Capturing the overview structure. The use case model
needs to preserve the overview structure of use case de-
scriptions so that a template-based representation of use
cases might be generated for non-technical stakeholders.
Specifying precisely control follows. A use case includes
a set of scenarios, each of which corresponds to a control
flow of the use case. Therefore, the use case model needs
to preserve the information of control flows of use cases.
This allows us to automatically generate artifacts like test
scenarios and behaviour models.
Specifying precisely actions. The use case model needs
to precisely represent actions within use case scenarios.
A precise specification of actions allows us to capture use
case relationships and to generate other artifacts from use
cases such as class diagrams, test scenarios, and test ob-
jects.
Specifying use case constraints. For the aim to automat-
ically generate test data, the use case model needs to pre-
serve the constraints within use case descriptions, including
the pre- and postcondition of use cases, the pre- and post-
condition of use case actions, and their guard conditions.

3 Overview of the approach
Figure 2 illustrates our approach. First, we take as input
a use case diagram, the textual descriptions of use cases,
and a class diagram capturing the conceptual model of the
system. Then, we aim to represent each use case specifi-
cation as a model element of a so-called use-case domain.
In order to define the use-case domain, we define meta-
concepts w.r.t. the structural elements of the typical use-
case-description template and the use case concepts as ex-
plained in Sect. 2. The meta-concepts allow us (1) to rep-
resent the basic and alternate flows of a use case in form of
sequential, branched, or repeating steps, (2) to categorize
use case steps and actions based on the interactive subjects
including the system and actors, and (3) to represent con-
straints on the use case and its flows.

Figure 2: Overview of the USL Approach.

In order to represent textual descriptions of actions or



328 Informatica 42 (2018) 325–343 C.T.M. Hue et al.

constraints within a use case specification, we consider
them as operations on an object-oriented model w.r.t. the
input conceptual model of the system. In that way, we
could employ pairs of pre- and postcondition as contracts
on actions in order to obtain a more precise specification
of the use case. The constraints are often expressed using
constraint languages such as the OCL [24], JML [25], and
natural language as mentioned in [17]. In this research, we
employ the OCL to represent the constraints.

Specifically, our approach is realized as follows. We
propose a domain specific language named USL in order
to represent use cases within the use-case domain. Fur-
ther, we define a formal semantics of USL so that we could
transform USL models in to other artifacts such as test
cases and analysis class models. To illustrate this point, a
transformation from a USL model to a template-based use
case description will be explained in details in SubSect. 5.3.

4 The USL language
This section first explains the abstract syntax and the graph-
ical concrete syntax of USL. Here, we utilize the meta-
modeling approach as mentioned in [26] to define USL.
Then, we focus on defining a precise semantics for USL
by mapping a USL model to a Labelled Transition Sys-
tem (LTS) [20].

4.1 The USL abstract syntax
We define the USL metamodel w.r.t. the use-case domain
based on (1) UML use case specification (Chapt. 18 of [2]),
(2) the Use Case Descriptions (UCDs) [1], [23], [22], and
(3) the UML activity specification (Chapt.s 15, 16 of [2]).
We will refer to these as the domain sources (1), (2),
and (3), respectively.

Figure 3 shows the metamodel of USL. For brevity, we
divide the metamodel into four blocks: (a), (b), (c), and
(d). Figure 3-a (i.e., block (a)) presents the top-level con-
cepts. Figure 3-b presents the FlowStep hierarchy. Fig-
ure 3-c presents the ControlNode hierarchy. Figure 3-
d presents the Action hierarchy and how it is related to
the FlowStep hierarchy. Figure 3-e presents the con-
cept Constraint and how it is used to specify Action,
InitialNode, FinalNode, and FlowEdge.

To conserve space, we will not repeat here the definitions
of all of the USL concepts that are described in the three
domain sources. We will instead focus on a key sub-set of
the concepts – those that will be used later to define the
transformation of USL models. Figure 4 presents the USL
model of the Lend Book use case as shown in Table 1. We
will use this example USL model in order to illustrate our
definitions.

Action (domain sources (1, 3)) represents a action that is
performed either by an actor or by the system. An Action
is characterised by the following attributes: actionName
and parameters. The parameters are represented by
concept Parameter inherited the concept Parameter

of UML (as presented in Sect. 19.9.13 of [2]). Action is
specialized into two main types (as illustrated in Fig. 3-d):
ActorAction and SystemAction. ActorAction
is further specialized into ActorRequest and
ActorInput. SystemAction is special-
ized into SystemOperation, SystemOutput,
SystemDisplay, SystemState, SystemInclude
and SystemExtend that were explained in Sect. 2.

FlowStep (domain source (2)) is a sequence of Actions
that represents a step in a basic flow or an alternate flow of
the use case. It is characterised by the following attributes:
number (the order number of step), description (the
content of the step) and maxloop (the maximum itera-
tion of the step if existing). FlowStep is specialized
into two types (as shown in Fig. 3-b): ActorStep and
SystemStep, as mentioned in Sect. 2. We define three
utility functions as shown in Table 2.
Example 4.1.1. The USL model shown in Fig. 4 con-
sists of the FlowSteps s1, . . . , s16. Among these,
s1 is an ActorStep and s2 is a SystemStep.
Step s3 contains the ActorInput a5. Step s1
contains the ActorRequest a1. Step s2 con-
tains SystemOperation a3. Step s10 con-
tains the SystemOutput a12. Step s4 con-
tains the SystemState a6. Step s11 contains
the SystemRequest a13. Step s14 contains the
SystemExtend a16. The Action a5 has Parameter
“bcid”.

Control Node (domain source (3)) represents a control
action that regulates the flows across other USLNodes. A
ControlNode, as illustrated in Fig. 3-c, is specialized
into InitialNode, FinalNode, DecisionNode,
ForkNode and JoinNode. These respectively represent
the starting and ending points of use case, the branching
points of steps, and the starting and ending points of con-
current actions in steps. To ease notation, we define two
overloading functions w.r.t. ControlNode and a func-
tion w.r.t. DecisionNode as shown in Table 2.
Example 4.1.2. The USL model as shown in Fig. 4
contains nine ControlNodes c0, . . . , c8. In partic-
ular, c0 is an InitialNode, c7 and c8 are different
FinalNodes, c1, . . . , c3 and c6 are DecisionNodes,
c4 is a ForkNode, and c5 is a JoinNode.

USLNode represents all the nodes FlowStep or
ControlNode that make up a USL model.

FlowEdge (domain source (3)) is a binary directed edge
between two USLNodes. If both steps are a part of a basic
flow, we call the transition a BasicFlowEdge. On the
other hand, if both steps are a part of an alternate flow, we
call the transition an AlternateFlowEdge. As shown
in Table 2, we define two utility functions source and
target, two overloading functions guardE and a func-
tion isCompleted w.r.t. the concept FlowEdge.
Example 4.1.3. The USL model as shown in Fig.
4 contains b1, . . . , b18 as BasicFlowEdges and
al_1, . . . , al_10 as AlternateFlowEdges.

Variable (domain source (3)) represents variables that
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Figure 3: The USL metamodel.

Table 2: List of utility functions w.r.t. USL concepts

Utility function Description
firstAct: FlowStep→ Action Returning the first Actions of a FlowStep.
lastAct: FlowStep→ Action Returning the last Actions of a FlowStep.
actions: FlowStep→ Actions Returning a set of Actions of a FlowStep.
firstAct: ControlNode→ ControlNode Returning the ControlNode itself.
lastAct: ControlNode→ ControlNode Returning the ControlNode itself.
source: FlowEdge→ USLNode Returning the source USLNodes of a FlowEdge.
target: FlowEdge→ USLNode Returning the target USLNodes of a FlowEdge.
guardE: FlowEdge→ Constraint Returning the guard condition.
guardE: USLNode→ USLNode→ Constraint Taking the source and target USLNodes as input and returning the guard

condition.
isCompleted: FlowEdge→ Boolean Determining whether or not lastAct(source(e)) has completed its exe-

cution.
preA: Action→ Constraint Returning the precondition of an Action.
preA: ControlNode→ Constraint If the ControlNode is not a InitialNode, returning true, else return-

ing the Constraint of the InitialNode
postA: Action→ Constraint Returning the postcondition of an Action.
postA: ControlNode→ Constraint If the ControlNode is not a FinalNode, returning true, else returning

the Contraint of the FinalNode.
preC: USLModel→ Constraint Returning the precondition of a USLModel.
postC: USLModel→ Constraint Returning the postcondition of a USLModel.
postC: USLModel→ FinalNode→ Constraint Returning the postcondition of a particular FinalNode of a USLModel.

hold data values during the execution of a use case sce-
nario. It is inherited the concept Variable of UML pre-
sented Sect. 15.7.25 of [2].

DescriptionInfor (domain source (2)) maintains the
other textual description of use case.

Constraint (domain source (1,3)) represents constraints
that are formed by use case variables: (1) the precondi-
tion of use case associated with InitialNode; (2) the
postcondition of use case associated with FinalNodes;
(3) guard conditions of a transition; and (4) the pre- and
postcondition of an Action. This concept is inherited the
concept Constraint in UML, shown in Sect. 7.6 of [2].
As depicted in Table 2, we define utility functions w.r.t.
Constraints to get the pre- and postcondition of ac-
tions and use case.

Example 4.1.4. The USL model as shown in Fig. 4 con-
tains g1, . . . , g6 as guard conditions and p1, . . . , p6 as post-
conditions of Actions.

We define a set of OCL wellformedness rules as restric-
tions on the USL metamodel. These rules are defined in the
context of the UseCase concept and listed as follows.
Rule 1. A USL model has one InitialNode:

1 self.uslnode->selectByType(InitialNode)
2 ->size()=1

Rule 2. A USL model has at least one FinalNode:
1 self.uslnode->selectByType(FinalNode)
2 ->size() >= 1

Rule 3. A USL model has at least one FlowStep:
1 self.uslnode->selectByKind(FlowStep)
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Figure 4: Representing the Lend Book use case as a USL model.

2 ->size()>=1

Rule 4. An InitialNode has one out-going
BasicFlowEdge and does not have any in-coming
FlowEdges:

1 (self.flowedge->select(t:FlowEdge|t.source.
oclIsTypeOf (InitialNode))->size()=1)and(
self.flowedge ->select (b:FlowEdge|(b.
source.oclIsTypeOf(InitialNode)) and (b.
oclIsTypeOf(BasicFlowEdge)))->size()=1)
and (self.flowedge->select(t:FlowEdge| t

.target.oclIsTypeOf(InitialNode))->size()
=0)

Rule 5. A FinalNode has one in-coming FlowEdge
and does not have any out-going FlowEdge:

1 self.uslnode->selectByType(FinalNode)->
forAll (f:FinalNode|(self.flowedge->
select(e:FlowEdge|e.target=f) ->size()
=1) and (self.flowedge->select (e:
FlowEdge|e.source=f)->size()=0))
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Rule 6. A DecisionNode has one in-coming
FlowEdge and at least two out-going FlowEdges:

1 (d:DecisionNode|(self.flowedge->select(e:
FlowEdge|e.target=d)->size()=1)and (
self.flowedge->select(e:FlowEdge|e.
source=d)->size()>=2) )

Rule 7. A ForkNode has at least one in-coming
FlowEdge and at least two out-going FlowEdges:

1 self.uslnode->selectByType(ForkNode)->forAll(
f:ForkNode|(self.flowedge->select(e:
FlowEdge|e.target=f)->size()>=1) and (
self.flowedge->select(e:FlowEdge|e.source
=f)->size()>=2) )

Rule 8. A JoinNode has at least two in-coming
FlowEdges and one out-going FlowEdge.

1 self.uslnode->selectByType(JoinNode)->forAll
(j:JoinNode|(self.flowedge->select(e:
FlowEdge|e.target=j)->size()>=2)and(self.
flowedge->select (e:FlowEdge|e.source=j)
->size()=1)).

Rule 9. A SystemStep or ActorStep has at least one
in-coming FlowEdge and one out-going FlowEdge:

1 self.uslnode->selectByKind(FlowStep)->forAll(
f:FlowStep|(self.flowedge->select(e:
FlowEdge|e.target=f)->size()>=1)and(self.
flowedge->select(e:FlowEdge|e.source=f)->
size()=1))

Rule 10. A USL model is valid if the FlowEdges that
connect the USLNodes of the model are valid, i.e., the type
and label are correctly defined:

1 self.uslnode->forAll(n:USLNode|
2 if (n.oclIsTypeOf(InitialNode))then
3 self.flowedge->select(b:FlowEdge|
4 (b.source.oclIsTypeOf(USL::InitialNode)) and

(b.oclIsTypeOf(USL::BasicFlowEdge)))->
size()=1

5 else
6 if (self.flowedge->selectByType(

BasicFlowEdge)->select(b:BasicFlowEdge|b
.target=n))->size()>=1 then

7 if (n.oclIsTypeOf(DecisionNode))then
8 self.flowedge->selectByType(BasicFlowEdge)

->select (b:BasicFlowEdge|b.source=n)
->size()=1

9 else
10 if (n.oclIsTypeOf(ForkNode)) then
11 self.flowedge->select(f:FlowEdge|f.source

=n)->forAll(b:FlowEdge|b.oclIsTypeOf(
BasicFlowEdge))

12 else
13 if (n.oclIsTypeOf(JoinNode)) then
14 (self.flowedge->select(f:FlowEdge|f.

source=n)->forAll(b:FlowEdge|b.
oclIsTypeOf(BasicFlowEdge)))and(self
.flowedge->select(f:FlowEdge|f.
target=n)->forAll (b:FlowEdge|b.
oclIsTypeOf(BasicFlowEdge)))

15 else
16 if(n.oclIsKindOf(FlowStep)) then
17 self.flowedge->select(f:FlowEdge|(f.

source=n) and (f.oclIsTypeOf(
BasicFlowEdge)))-> size() = 1

18 else true
19 endif

20 endif
21 endif
22 endif
23 else ((self.flowedge->selectByType(

BasicFlowEdge)->select(b:BasicFlowEdge|b.
source=n))->size()=0) and if(n.
oclIsTypeOf(FinalNode))then

24 true else self.flowedge ->selectByType (
AlternateFlowEdge) ->exists (f:
AlternateFlowEdge|f.label=self.
flowedge->selectByType(
AlternateFlowEdge)->select(a:
AlternateFlowEdge|a.target=n)->first()
.label)endif)

25 endif
26 endif)

Rule 11. The number property of each FlowStep in a
Basic flow is unique:

1 self.uslnode->selectByKind(FlowStep)->select(
n:FlowStep|self.flowedge->selectByType(
BasicFlowEdge)->exists(t:BasicFlowEdge|(t
.source=n)or(t.target=n)))->forAll(n1:
FlowStep, n2:FlowStep|n1.number=n2.number
implies n1=n2).

Rule 12. The number property of each FlowStep in an
Alternate flow is unique:

1 self.uslnode->selectByKind(FlowStep)->select
(n:FlowStep|self.flowedge->selectByType(
AlternateFlowEdge)->exists(t:
AlternateFlowEdge|(t.source=n)or(t.target
=n)))->forAll(n1:FlowStep,n2:FlowStep|(n1
.number=n2.number)and(self.flowedge->
selectByType(AlternateFlowEdge)->select(
t1:AlternateFlowEdge|t1.target=n1)->first
().label=self.flowedge->selectByType(
AlternateFlowEdge)->select(t2:
AlternateFlowEdge|t2.target=n2)->first().
label) implies n1=n2).

Example 4.1.5. Let us focus on the USL model as shown
in Fig. 4:

– If we remove c0 from or add a new InitialNode
to this model then it will violate Rule 1.

– If we remove both c7, c8 from the model then it will
violate Rule 2.

– If the model only has ControlNodes then it will
violate Rule 3.

– If FlowEdge b1 is not a BasicFlowEdge but an
AlternateFlowEdge then the model will violate
Rule 4.

– If we connect b17 to c8 and remove c7 then the model
will violate Rule 5.

– If we add an AlternateFlowEdge to connect s4
to c6 then the model will violate Rules 6 and 9.

– If we remove b14, s11, b16, p3 then the model will
violate Rules 7 and 8.
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– If either FlowEdge b6 is not a BasicFlowEdge
but an AlternateFlowEdge or the value of the
label property of AlternateFlowEdge al_1 is
not “4a” then the model will violate Rule 10.

– If the value of the number property of s2 is not 2 but
1 then the model will violate Rule 11.

– If the value of the number property of s14 is not 2
but 1 then the model will violate Rule 12.

4.2 The USL concrete syntax
In order to help the user to easily create USL models, we
propose a concrete syntax for USL with the graphical no-
tations as shown in Table 3. We have implemented this
syntax in a visual editor for USL modelling. A detailed
explanation of this tool will be presented in Sect. 6.

4.3 Formal semantics of USL
We formally define a USL model as follows. Here, we
consider a USL model as a graph consisting of nodes and
edges. A node represents either a step or a control action
performed by the system. Further, we will take into account
the fact that the underlying use case references the domain
concepts captured in a UML class diagram.
Definition 1. A USL Model of a use case is the tuple
D = 〈DC , A,E,C〉 such that:

– DC is a class diagram to represent the underlying do-
main;

– A is the set of USLNodes;

– E is the set of FlowEdges;

– C = G∪CpreUC ∪CpostUC ∪CpreA ∪CpostA is the
set of Constraints,

where:

– A = AcNode ∪Af ;

– AcNode = NI ∪NF ∪Nd ∪Nj ∪Nf , where
NI = {a | a ∈ A, InitialNode(a)}
NF = {a | a ∈ A,FinalNode(a)},
Nd = {a | a ∈ A,DecisionNode(a)},
Nj = {a | a ∈ A, JoinNode(a)}, Nf = {a | a ∈
A,ForkNode(a)};

– |NI | = 1; |NF | ≥ 1;

– Af = Aa ∪As, where
Af = {a | a ∈ A,FlowStep(a)}, Aa = {a | a ∈
A,ActorStep(a)},
As = {a | a ∈ A,SystemStep(a)};

– |As| ≥ 1; ∀s ∈ Af .|actions(s)| ≥ 1;

– E = Eb ∪ Ea and Eb ∩ Ea = ∅, where
Eb = {e | e ∈ E,BasicFlowEdge(e)},
Ea = {e | e ∈ E,AlternateFlowEdge(e)}.

Table 3: The graphical notations of USL

Concepts Presentation Notation

DescriptionInfor A borderless text box that properties
are listed in the text box

InitialNode An unfilled circle

FinalNode A circle with a crosshairs symbol

DecisionNode
A filled diamond with one in-coming
arrowed line and at least two
out-going arrowed lines

ForkNode
A solid line segment with one
in-coming arrowed line and at least
two out-going arrowed lines

JoinNode
A solid line segment with at least two
in-coming arrowed lines and one
out-going arrowed line

BasicEdge A thick arrowed line

AlternateEdge A labelled, thin arrowed line (the label
is the name of the flow)

ActorStep

A labeled, 2-part rectangle. The first
part contains the label <Actor> and
two properties numberStep and
description of the ActorStep.
The second part contains the
ActorActions of the ActorStep

SystemStep

A labelled, 2-part rectangle. The first
part contains the label <System> and
two properties numberStep and
description of the
SystemStep. The second part
contains the SystemActions of the
SystemStep

Action
Information of a Action are
presented by textual form in the
second part of FlowSteps

Example 4.1.5. The USL model as shown in
Fig. 4 contains the following elements: NI = {c0};
NF = {c7, c8}; AcNode = {c0, . . . , c8};
Aa = {s1, s3, s5, s7, s13}; As = {s2, s4, s6, s8,
. . . , s12, s14, s15, s16}; Eb = {b1, . . . , b17};
Ea = {al_1, . . . , al_10}; G = {g1, . . . , g6}; CpreUC = ∅;
CpostUC = ∅; CpreA = ∅; and CpostA = {p1, . . . , p6}. DC

corresponds to the conceptual model shown in the part (b)
of Fig. 1. There are sixteen constraints for guard conditions
and pre- and postconditions, e.g., the postcondition p1 of
Action a11 is expressed by the following OCL contraint:
BookLoan.allInstances()->exists(b:BookLoan|

(b.bcid = bcid) and (b.bid = bid) and

(b.payed=0)).

We use LTS [20] to formally define the operational se-
mantics of USL. Conceptually, the execution of a USL
model is modelled by an LTS, whose transitions are caused
by the execution of use case actions, and whose states are
defined by variable assignments during the execution. We
define the LTS of a USL model recursively from the basic
USL concepts. The semantics of these concepts are defined
as summarized in Table 4. Definition 2 formalizes the no-
tion of the LTS of the USL model.

Definition 2. Given a USL model D = 〈DC , A,E,C〉,
an LTS that results from the execution of D is the tuple
〈Σ(V),P(G ×A× P), T , αinit,F〉 such that:
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Table 4: LTS-based semantics of the basic USL concepts

USL
concepts

Notation LTS-based semantics

Step a1 ... an
α α1 ... αn

g1|a1|r1 gn|an|rn
where gi = preA(ai), ri = postA(ai) (∀i = 2, . . . , n).

Flow
edge

n1 n2
α α1 α2

g1|a1|r1 g2|a2|r2
where a2 = firstAct(n2), g2 = guardE(n1, n2) ∧ preA(a2)
r2 = postA(a2).

Decision
node

c

nd

n1

...

nm

α αd αc α′

gd|ad|rd gc|c|true ga|a|ra
where ad = lastAct(nd); gc = guardE(nd, c), a =
firstAct(n),
ga = guardE(c, n) ∧ preA(a) s.t n ∈ {n1, . . . , nm}.

Fork node nf

n1

...

nmc

α αf αc

α′1

...

α′m

gf |af |rf gc|c|true
g1|a1|r1

gm|am|rm

where af = lastAct(nf ); gc = guardE(nf , c), ai =
firstAct(ni),
gi = preA(ai), ri = postA(ai) (∀i = 1, . . . ,m).

Join node

n1

...

nm

nj

c

α1

...

αm

αc αj α

g1|a1|r1

gm|am|rm

gw|c|true gj |aj |rj where ai = lastAct(ni), (∀i = 1, . . . ,m);
gw =(∧

(e∈D.E,target(e)=c)isCompleted(e)∧guardE(e)
)

;

aj = firstAct(nj),
gj = guardE(c, nj) ∧ preA(aj),
rj = postA(aj).

Initial
node

c n
α αi α′

ru|c|true g|a|r
where α = αinit, ru = preC(D);
a = firstAct(n), g = guardE(c, n) ∧ preA(a), r = postA(a).

Flow final
node

n c
α αf α′

g|a|r gc|c|rf
where α′ ∈ F , rf = postC(D, c), gc = guardE(n, c); a =
lastAct(n),

USL
model
with

include
action

n1 n n2

DI

≡
n1

nI1 ... nIm

n2
where n ∈ As, |actions(n)| = 1,
SystemInclude(a) (a ∈ actions(n)), t =
(α, (ga|a|ra), α′);
nI1 , . . . , nIm ∈ DI .A, ga = guardE(n1, n) ∧
preA(a) ∧ preC(DI),
ra = postC(DI)

USL
model
with

extend
action

n1 n n2

DX

≡
n1

nX1 ... nXm

n2 where n ∈ As, |actions(n)| = 1,
SystemExtend(a) (a ∈ actions(n)), t =
(α, (ga|a|ra), α′);
nX1

, . . . , nXm ∈ DX .A, ga = preA(a) ∧
preC(DX),
ga = guardE(n1, n) ∧ preA(a) ∧ preC(DX),
ra = postC(DX)

Legend
a

a action in a step;
s

a step;
Du

use case;
α

a state

– V is a finite set of variables whose types include the
basic types and the classes of the DC ;

– Σ(V) is the set of states (α), each of which is a set of
value assignments to a subset of variables in V;

– P ⊆ CpostA ∪CpostUC is the set of constraints as the
postconditions of D;

– A = AcNode ∪Aact is the set of actions;

– G ⊆ G∪CpreUC∪CpreA is the set of guard conditions
of the transitions;

– T ⊆ Σ(V) × P(G × A × P) × Σ(V) is the tran-
sition relation defined as follows: A transition t =

(α, (g, a, d), α′) ∈ T , written as α
g|a|r−→ α′, where

a ∈ A is the action that causes t, g = defGuard(a) ∈
G is the guard condition to execute a, r ∈ P is the
postcondition of a, and α, α′ ∈ Σ(V) are the pre- and
post-states of t (resp.) such that α′ satisfies r;

– αinit ∈ Σ(V) is the initial state;

– F ⊂ Σ(V) is the set of final states,

where:

– Aact =
⋃
s∈Af actions(s);

– defGuard is defined as follows (summarized from Ta-
ble 4).
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preC(D), ifInitialNode(a)

guardE(e)(e ∈ D.E, target(e) = a), ifDecisionNode(a)

∨ ForkNode(a) ∨ FinalNode(a)∧
(e∈D.E,target(e)=a) isCompleted(e) ∧ guardE(e),

if JoinNode(a)

preC(DI) ∧ preA(a) ∧ guardE(e)(e ∈ D.E, target(e) = a),

if SystemInclude(a)

preC(DX) ∧ preA(a) ∧ guardE(e)(e ∈ D.E, target(e) = a),

if SystemExtend(a)

preA(a) ∧ guardE(e)(s ∈ Af , target(e) = s),

if((a ∈ Aact) ∧ (a = firstAct(s))

preA(a)(s ∈ Af , a ∈ actions(s)), ifotherwise

Figure 5: A snapshot of the Lend Book use case.

Example 4.3.1. We assume that the snapshot shown
in Fig. 5 is captured when the USL model as shown
in Fig. 4 is executed at Step a8. We have the follow-
ing value assignments: (bcid, “001”) ≡ bcid = “001”,
(lid, “110”) ≡ lId = “100”, (ldate, “25/8/17”) ≡ ldate =

“25/8/17”, (bid, “1234”) ≡ bcid = “1234”. The objects of the
snapshot are as follow: BookCopy:“001”, BookCopy:“002”,
Borrower:“123”, Borrower:“124”, Librarian:“100”,
Librarian:“111”, BookLoan:“1”. Then, we have
αa8 = {(bcid, “001”), (ldate, “001”), (lid, “110”),
(bid, “124”), (bLoan, (“2”, “001”, “124”, “110”, “25/8/17”, 0)),
BookCopy:“001”, BookCopy:“002”, Borrower:“123”,
Borrower:“124”, Librarian:“100”, Librarian:“111”,
BookLoan:“1”}.

Certain use case actions are concurrent actions, whose
executions cause concurrent transitions between
states. The next two definitions define precisely what this
means.
Definition 3. Given a current state α of an LTS L of a USL
model D and a transition t = α

g|a|r−→ α′ ∈ L.T , we define
the following terms:

– preT(t) = α, postT(t) = α′, guard(t) = g,
postC(t) = r, and act(t) = a.

– eval(g) is the evaluation of Constraint g.

– reachable(α) = {t | preT(t) = α} is the set of
transitions that start from α.

– firable(α) = {t ∈ reachable(α),
eval(guard(t)) = true} is the set of transitions that
can be fired from α.

Example 4.3.2. When the USL model as shown in Fig. 4
executes at action a11, we have αa11 = {(bcid, “001”),
(lDate, “001”), (lid, “110”), (bid, “124”), (bLoan, (“2”,
“001”, “124”, “110”, “25/8/17”,0)), BookCopy:“001”,
BookCopy:“002”,Borrower:“123”, Borrower:“124”,

Librarian:“100”, Librarian:“111”, BookLoan:“1”,
BookLoan:“2”}.

Transition ta11,c4 = αa11
true|c4|true−→ αc4.

reachable(αa11) = {ta11,c4} and firable(αa11)=
{ta11,c4}.
Definition 4. Given a current state α of an LTS L of a USL
model D, a concurrent transition τ ∈ L.T is a
set of transitions t1, t2, . . . , tn ∈ firable(α).
Example 4.3.3. When the USL model as shown
in Fig. 4 executes at Step c4, we have two transi-

tions tc4,a12 = αc4
true|a12|p2−→ αa12 and tc4,a13 =

αc4
true|a13|p3−→ αa13, reachable(αc4) = {tc4,a12, tc4,a13}

and firable(αc4) = {tc4,a12, tc4,a13}. Hence, {tc4,12,
tc4,13} is a concurrent transition and αa12, αa13 satisfy p2,
p3, respectively.

Within our approach the LTS of a USL model may con-
tain both concurrent and non-concurrent transitions. We
next define the semantics of a use case scenario.
Definition 5. Given a use case scenario of a USL
model D that consists of the following sequence of actions
(a0, . . . , an−1). The execution of this scenario is realized

as a path in the LTS L of D: p = α0
t0→ α1

t1→ · · · tn−1→ αn,

where ti = αi
gi|ai|ri−→ αi+1 (∀i = 0, . . ., n − 1), α0 =

L.αinit, αn ∈ L.F , and ti ∈ L.T .
Example 4.3.4. When the USL model as shown in Fig.4
executes at Step αa11 as mentioned above and eval(g1),
eval(g3), and eval(g5) are true, then the use case sce-
nario is as follows:
p = αinit

true|a1|true−→ αa1
true|a2|true−→ αa2

true|a3|true−→
αa3

true|a4|true−→ αa4
true|a5|true−→ αa5

true|a6|true−→
αa6

true|c1|true−→ αc1
g1|a7|true−→ αa7

true|a8|true−→
αa8

true|c2|true−→ αc2
g3|a9|true−→ αa9

true|a10|true−→
αa10

g5|a11|true−→ αa11
true|c4|true−→ αc4

{true|a12|p2,true|a13|p3}−→
αa12−a13

true|c5|true−→ αc5
true|c7|true−→ αc7 (αc7 ∈ F ).

5 Transforming USL models to
other software artifacts

This section explains how USL models can be transformed
to software artifacts including test cases, structural and be-
havioral models, and textual template-based use case de-
scriptions (TUCDs). We particularly focus on the last
transformation (to obtain TUCDs) and show how the trans-
formation could be realized.

5.1 Generating test cases
A test scenario is used to create a set of test cases [27]. A
test case results from combining a test scenario with some
test data. According to the use case-driven testing approach
[27], a use case scenario identifies one test scenario (a use
case description consists of one or more use case scenar-
ios). The constraints of a use case scenario help identifying
the test data of the corresponding test scenario.
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