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TELECOMMUNICATIONS SCIENCE 

Internet evolution, teletraffic and QoS: 
a survey of network traffic 

Seferin T. Mirtchev 
 

Over the last decade, there is tremendous growth of the Internet traffic. The new applications can 
easily overload inter-domain links, disrupting the performance of other applications using the same net-
work resources. This forces Internet Service Providers (ISPs) either to continuously invest in infra-
structure upgrades in order to support the Quality of Service (QoS) expected by customers or use special 
techniques when handling Internet traffic. In this article, it is presented a survey of network traffic. It is 
begun with the description of Internet evolution. Then it is described teletraffic engineering and QoS in 
IP networks. It is discussed the best practices and approaches developed so far to deal with management 
IP traffic, identifying those that may provide long-term benefits for both ISPs and users. With the emer-
gence of new network technologies, researchers have to decide how to implement them and to ensure 
that the internet network provide quality services. It is shown that in this area, there are many improve-
ments, but much remains to be done. The survey shows the great effort which has been undertaken by the 
research community in order to address the topic. There is an enormous pressure on ISPs to make avail-
able adequate services for the traffics like VoIP and Video on demand. Since the resources like compu-
ting power, bandwidth etc. are limited, the teletraffic engineering is needed to evaluate QoS. 

Развитие на Интернет, телетрафик и качество на обслужване: Обзор на мрежовия 
трафик (Сеферин Тодоров Мирчев). През последното десетилетие има огромен растеж на 
интернет трафика. Новите приложения могат лесно да претоварят линиите в опорните 
мрежи, нарушавайки работата на други приложения, като използват същите мрежови ре-
сурси. Това принуждава доставчиците на интернет услуги (ISP) или непрекъснато да инвестира 
в подобряване на инфраструктурата, за да се поддържа качеството на обслужване (QoS), 
което се очаква от абонатите, или да използват специални техники за управление на интернет 
трафика. В тази статия, се представя обзор на мрежовия трафик. Започва се с описание на 
развитието на интернет. След това се описва телетрафичното инженерство и QoS в IP 
мрежи. Обсъждат се най-добрите практики и подходи, разработени досега, за да се справят с 
управлението на IP трафика, идентифицирайки тези, които могат да доведе до дългосрочни 
ползи както за доставчиците на интернет услуги, така и за абонатите. С появата на нови 
мрежови технологии, изследователите трябва да решат как да ги внедрят и да гарантират, че 
в интернет мрежата се предоставят качествени услуги. Показва се, че в тази насока има 
доста подобрения, но остава още много да се направи. Проучването показва големите усилия, 
които са били предприети от научната общност, за да се акцентира на темата. Има огромен 
натиск върху ISP да предоставят адекватно обслужване на трафика като VoIP и видео по 
заявка. Тъй като ресурсите като изчислителна мощност, честотна лента и т.н. са ограничени, 
телетрафичното инженерство е необходимо, за да се оцени качеството на обслужване. 

Experts predict the Internet will become ‘like electricity’ — less visible, 
yet more deeply embedded in people’s lives for good and ill [7]. 

 

1. Introduction 
The world is moving rapidly towards ubiquitous 

connectivity that will further change how and where 
people associate, gather and share information, and 
consume media. Three major technology revolutions 

have occurred during development of the digital 
technology – broadband communication, mobile 
connectivity and social networking. The Internet has 
profoundly changed our perception of society and our 
approach to everyday life. Today with billions of 
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transactions streaming on the web, the Internet has 
certainly become the most powerful tool to share 
information.  

The history of the Internet is an incredible success 
in organically developing a self-adapting complex of 
network business relations. Now very important task 
is how to preserve the public “best-effort” Internet as 
an “open” platform for innovation and competition, 
and how to combine economic and societal value 
creation, and sustainable returns on investment. 
Serious efforts are needed to enable the Internet 
network to sustain an adequate quality of service for 
the end-user in the future. This ability may come 
under pressure by a spectacular boom in Internet 
traffic volumes in the coming years, resulting in 
unprecedented demand for reliable, ubiquitous 
Internet access and mass uptake of bandwidth-
intensive services and applications. To illustrate this 
point: by 2020, more than 50% of the world’s 
population will be online. This means an increase 
from 2.7 billion users in 2014 to 5.0 billion users by 
2020. By 2025, “The Internet of Things” will 
comprise around 50 billion connected devices. By 
2030, machine-to-machine (“M2M”) communication 
is expected to create more than 50% of IP traffic [14], 
[38]. 

In this survey, it is presented the evolution of 
Internet and described some technologies and 
solutions for improving the quality of service (QoS) of 
IP network. It is attempted to evaluate the issues that 
manage end-to-end Internet QoS. Highlighting all-
important factors then it is described means to 
maximize solutions towards better QoS from the 
Internet. It is identified some important design 
principles and open issues for Internet QoS. It is 
provided a short survey of the future internet 
architecture and discussed their approaches, major 
features, and potential impact. It is shown the key 
research topics and design goals for the future Internet 
architectures. It is intended to present the readers a 
clear overview of Internet QoS. Finally, it is 
concluded the survey with a summary. 

2. Internet is an open platform requiring quality 
delivery 

The Internet rapidly and dynamically evolved from 
an experimental network to a mass-market interaction 
platform. From its birth in 1969 to nowadays, the 
Internet has evolved and mutated in many different 
ways [38]:  

 - Internet usage achieved a global reach and 
became an open commercial platform; 

 - Traffic boomed and regional poles emerged, 
while the nature of Internet content progressively 

changed from static text and simple data to interactive 
media and entertainment;  

 - The way of accessing the Internet shifted from 
dialing in via fixed networks to an always-on mobile 
experience; 

 - New network requirements emerged, and quality 
of delivery – which, in the early stages was not that 
important – became mission critical.  

In the beginning, Internet access relied mainly on 
fixed-network infrastructure and end-users 
experienced the Internet through desktop computers. 
Over the years, a vast array of connected devices 
emerged, such as smartphones and tablets, through 
which end users could experience the Internet in 
mobility. These events significantly increased 
Internet’s accessibility and boosted its penetration in 
the global population.  

The amount of exchanged information in fixed-
Internet access accounts for about 70% of Global IP 
exchanged information and it has grown at a 
Compound Annual Growth Rate (CAGR) of 37%, 
reaching 39 EB/month (Fig.1).  

 

 
Source: ITU, Arthur D. Little analysis 

Fig.1. Global IP exchanged information by type. 

Global mobile exchanged information has grown at 
notable rates (CAGR of 117%), reaching 1.6 
EB/month in 2013, but it still accounts for only 3% of 
total IP traffic; however, Cisco expects it to rise to 11 
EB/month by 2017, accounting for more than 9% of 
total IP traffic [4]. Managed IP services such as IP 
Virtual Private Networks (IP VPN) have also grown 
significantly from 2007, at a CAGR of 49%. These 
have reached 15 EB/month in 2013, accounting for 
26% of total IP traffic. This growth of IP exchanged 
information – data consumption per user grew from 
12 gigabytes per user per month in 2008 to roughly 20 
gigabytes per user per month in 2013 – is not only 
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driven by the increase in the number of broadband 
subscribers, but is also linked to the change in nature 
of the Internet traffic itself [4].  

3. The nature of Internet traffic changed from 
static data and text to interactive media content 

The latest available measurements show that the 
bulk of total usage growth comes from real-time 
streaming devices. The Internet has transformed itself 
from a data- and file-transfer platform into a new-
media platform, and its usage has shifted to richer 
types of content, particularly video.  

Today more than 60% of fixed Internet traffic at 
busy hour in the US is media related and, seemingly, 
such share is expected to grow further in the coming 
years (Fig.2). 

 

 
* Downstream traffic  
COMMUNICATION: services provided by application (Skype, 

WhatsApp, iMessage, FaceTime,etc.);  
DATA: file sharing (Bit Torrent, eDonkey, etc), web browsing, 

social networking, email, etc.);  
MEDIA: streamed or buffered audio and video (Netflix, non-

linear TV services;  
Source: ITU, Sandvine; Arthur D. Little analysis  

Fig.2. Changing nature of the Internet. 

The consequences of such a shift materialized into 
increased demand for a higher bit rate and delivery 
quality. During the early ages of the Internet, 
communication interactions were established through 
sequential (asynchronous) applications, and on-time 
delivery was not important. Nowadays, higher 
throughput and reduced delivery time are essential for 
a good quality of experience (Fig.3).  

Furthermore, traffic kept doubling almost every 
two years, and traffic patterns changed because of 
real-time streaming becoming the predominant form 
of digital distribution. Access networks experienced 
significant imbalances (in the order of 5 to 1) on 
average between incoming and outgoing traffic just 

because the nature of traffic today is media related and 
streaming, and therefore mainly flows one way from 
content providers to end-users.  

Although Internet consumption changes during the 
day and peaks between 9 and 10 pm, streaming media 
and real-time applications account for the majority of 
the traffic at any time of the day (Fig.4).  

 

 
1. 2009-2012 CAGR; 2. Interviews.  
Source: ITU, Sandvine; Arthur D. Little analysis  

Fig.3. New requirements of the Internet. 

Average day fixed downstream access – North America, 2012 

 
 

Note: Storage & Back-up Services: PDBox, Netfolder, Rapidshare, etc..;  
Bulk Entertainment: iTunes, movie download services;  
P2P File sharing: BitTorrent, eDonkey, Gnutella, Ares, etc…;  
Web Browsing: HTTP, WAP browsing;  
Real-time Entertainment: streamed or buffered audio and video, 
peercasting, specific streaming sites service (Netflix, Hulu, 
YouTube, Spotify,..);  

Source: Sandvine, Arthur D. Little analysis  

Fig.4. Daily Internet traffic by content type. 

As High-Definition media becomes increasingly 
popular, reduction of delay and packet loss is 
becoming critical for the newer applications. But it 
becomes essential as a new class of applications may 
spread, such as live streaming (e.g. streaming sport 
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events across popular video platforms) or two-way 
live streaming videos (e.g. Skype video-calls and 
“Hangouts”).  

In [33] is presented a mix of high-level 
observations and analysis on fixed and mobile 
data networks around the world, identifying facts, 
fads, and the future trends that will shape the 
Internet’s future. 

Europe is a mix of mature and emerging 
markets, with cultural, economic, technological, 
and linguistic diversities that combine to create 
traffic patterns that can prove to be interesting to 
roll-up. European aggregate fixed access mean 
monthly subscriber usage is measured 28.2 GB 
and median monthly usage - 10.1 GB. The 
aggregate mean monthly usage for the mobile 
access in Europe is observed to be 449.5 MB, 
median monthly usage - 122.1 MB. 

The top traffic fixed access category is shown 
at fig.5 [33]. The Real-Time Entertainment is had 
a higher share. The traffic composition for the 
European mobile access has been similar. 

 

 
Source: Sandvine 

Fig.5. Peak period fixed access traffic composition – 
Europe. 

 
European networks have a consistent set of 

dominant applications and services that are 
available in each region, which account for 80-
85% of all traffic. A set of localized websites and 
region-restricted applications make up the 
remainder of traffic. This can be seen in the list of 
top 10 applications for the region, all of which 
have global availability (Table 1).  

 

Table 1  
Top 10-peak period fixed access applications – Europe. 

 
Source: Sandvine 

4. The IP Interconnection evolves and follows 
the evolution of the Internet 

The Internet is made up of so-called “IP 
Interconnections”, i.e. IP links that connect some tens 
of thousands of so-called “Autonomous Systems” 
(distinct IP networks: public, private, academic or 
other types) (Fig.6). This Internet suite (the Internet 
Protocol Suite - TCP/IP) provides many unique 
features.  

 

 

 
Source: Sandvine 

Fig.6. Representation of the Global Internet in polar 
coordinates: January 2000 vs January 2013. 

 
The IP confines a best effort service nature to all 

traffic sent. Internet routers are programmed to do 
“their best” to deliver packets to the requested 
destination, thereby routing them to the “next (best) 
hop” [35]. The Internet Protocol offers no guarantees 
that packets will not be lost, delayed, corrupted or 
duplicated. With this Best-Effort mechanism, all users 
are served with an unspecified variable bit rate and 
delivery delay, solely depending on the current traffic 
load.  

The lack of central intelligence makes the Internet 
an easy-to-scale network: capacity can be added 
progressively as traffic reaches capacity thresholds at 
each individual node of the global interconnected 
networks. Furthermore, the Internet protocols provide 
robustness and self-healing capabilities: in fact, 
whenever a congestion issue is revealed, packet 
delivery is slowed down and/or packets are redirected 
and find alternative routes to reach their destinations. 
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For the benefit of reducing network complexity and 
keeping the core of the Internet as simple as possible, 
the error-correction intelligence is located in the end 
nodes (the last node before reaching the destination, 
i.e. routers or computers) of each data transmission.  

Another unique feature is that the Internet Protocol 
treats all packets independently of their content. They 
are individually addressed or routed according to the 
information carried by each unit, making it an 
application-agnostic transport layer. This feature is 
often considered the magic ingredient that enabled 
newer applications to easily emerge.  

5. New solutions and technologies on the 
horizon 

Several technologies and solutions are currently 
being investigated to improve the quality control of IP 
Interconnectivity and better support new requirements 
in IP networks [38]:  

- Transparent Caching: content delivery techniques 
extended to all web content. While Content Delivery 
Networks provide web content acceleration 
exclusively to those Content and Application 
Providers that have requested a managed service and 
subscribed to a commercial agreement, Transparent 
Caching extends web content acceleration to all 
generic content that is “frequently requested” by end-
users. Such popular content is transparently and 
automatically “captured” by caches installed within 
the ISP networks, and then retransmitted from a 
location in the network that is closer to end-users. 
According to initial estimates, Transparent Caching 
could provide web content acceleration to at least 50-
60% of the total Internet traffic. Next to the benefits to 
end-users, Terminating ISPs would save costs by 
avoiding redundant retransmissions of IP traffic.  

- Multiprotocol Label Switching (MPLS): 
differentiating IP flows dynamically inside the 
network. MPLS is a technology capable of “coloring” 
IP traffic flows within a network with certain “labels”, 
with the aim of routing them, for example, according 
to their priority levels. MPLS technology has long 
been used in core networks in order to manage 
indiscriminate traffic flows or Virtual Private 
Networks (VPNs), in particular for business 
customers. Still up to now, it remained confined to the 
Business-to-Business perimeter and the core network. 
A broader adoption of MPLS technology, i.e. to the 
very edge of the network and extended to consumer 
networks, would enable a complete new set of 
guaranteed delivery services [34]. This opportunity is 
expected to materialize in the context of a significant 
evolution of networking technologies that foresees the 
introduction of programmable and remotely 

controllable network elements. Such innovative 
concepts may come with Software Defined Network 
(SDN) and/or Network Function Virtualization (NFV) 
technologies.  

- IPX paradigms beyond mobile voice: managing 
IP quality while passing from network to network. IP 
Packet Exchange (IPX) is a technology that aims to 
interconnect IP-based networks by implementing a 
standard cascading mechanism for passing and 
enforcing QoS at the IP Interconnection interface [16]. 
The IPX concept has been around for years, and many 
believe that only now that mobile operators, deploying 
their LTE networks, are moving to full IP transition 
and IPX will at last really take off. Historically, IPX 
has been focused on voice applications, and up to 
now, it has not really addressed the general problem 
of IP Interconnection. Still, it is gradually moving to a 
multi-service platform and looking to simulate the 
way voice circuits worked on legacy networks for 
everything that will eventually pass over an IP 
network.  

6. Future Internet Architecture 
The Internet has evolved from an academic 

network to a broad commercial platform. It has 
become an integral and indispensable part of our daily 
life, economic operation, and society. However, many 
technical and non-technical challenges have emerged 
during this process, which call for potential new 
Internet architectures. Technically, the current Internet 
was designed over 40 years ago with certain design 
principles. Its continuing success has been hindered 
by more and more sophisticated network attacks due 
to the lack of security embedded in the original 
architecture. In addition, IP’s narrow waist means that 
the core architecture is hard to modify, and new 
functions have to be implemented through myopic and 
clumsy ad hoc patches on top of the existing 
architecture. Moreover, it has become extremely 
difficult to support the ever increasing demands for 
security, performance reliability, social content 
distribution, mobility, and so on through such 
incremental changes. As a result, a clean-slate 
architecture design paradigm has been suggested by 
the research community to build the future Internet. 
From a non-technical aspect, commercial usage 
requires fine-grained security enforcement as opposed 
to the current “perimeter-based” enforcement. The 
security needs to be an inherent feature and integral 
part of the architecture. In addition, there is a 
significant demand to transform the Internet from a 
simple “host-to-host” packet delivery paradigm into a 
more diverse paradigm built around the data, content, 
and users instead of the machines. All of the above 
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challenges have led to the research on future Internet 
architectures that is not a single improvement on a 
specific topic or goal [24,39]. A clean slate solution 
on a specific topic may assume the other parts of the 
architecture to be fixed and unchanged. Thus, 
assembling different clean-slate solutions targeting 
different aspects will not necessarily lead to a new 
Internet architecture. Instead, it has to be an overall 
redesign of the whole architecture, taking all the 
issues (security, mobility, performance, reliability, 
etc.) into consideration. It also needs to be evolvable 
and flexible to accommodate future changes. Most 
previous clean-slate projects were focused on 
individual topics. Through a collaborative and 
comprehensive approach, the lessons learned and 
research results obtained from these individual efforts 
can be used to build a holistic Internet architecture 
[23]. 

Another important aspect of future Internet 
architecture research is the experimentation testbeds 
for new architectures. The current Internet is owned 
and controlled by multiple stakeholders who may not 
be willing to expose their networks to the risk of 
experimentation. So the other goal of future Internet 
architecture research is to explore open virtual large-
scale testbeds without affecting existing services. New 
architectures can be tested, validated, and improved 
by running on such testbeds before they are deployed 
in the real world. 

7. Key Research Topics on Future Internet 
Architectures 

Some key research topics that are being addressed 
by different research projects are discussed in [23]. 

Content- or data-oriented paradigms: Today 
Internet builds around the “narrow waist” of IP, which 
brings the elegance of diverse design above and below 
IP, but also makes it hard to change the IP layer to 
adapt for future requirements. Since the primary usage 
of today’s Internet has changed from host-to-host 
communication to content distribution, it is desirable 
to change the architecture’s narrow waist from IP to 
the data or content distribution. Several research 
projects are based on this idea. This category of new 
paradigms introduces challenges in data and content 
security and privacy, scalability of naming and 
aggregation, compatibility and co-working with IP, 
and efficiency of the new paradigm. 

Mobility and ubiquitous access to networks: The 
Internet is experiencing a significant shift from PC-
based computing to mobile computing. Mobility has 
become the key driver for the future Internet. 
Convergence demands are increasing among 
heterogeneous networks such as cellular, IP, and 

wireless ad hoc or sensor networks that have different 
technical standards and business models. Putting 
mobility as the norm instead of an exception of the 
architecture potentially nurtures future Internet 
architecture with innovative scenarios and 
applications. Many research projects in academia and 
industry are pursuing such research topics with great 
interest. These projects also face challenges such as 
how to trade off mobility with scalability, security, 
and privacy protection of mobile users, mobile 
endpoint resource usage optimization, and so on. 

Cloud-computing-centric architectures: Migrating 
storage and computation into the “cloud” and creating 
a “computing utility” is a trend that demands new 
Internet services and applications. It creates new ways 
to provide global-scale resource provisioning in a 
“utility like” manner. Data centers are the key 
components of such new architectures. It is important 
to create secure, trustworthy, extensible, and robust 
architecture to interconnect data, control, and 
management planes of data centers. The cloud 
computing perspective has attracted considerable 
research effort and industry projects toward these 
goals. A major technical challenge is how to guarantee 
the trustworthiness of users while maintaining 
persistent service availability. 

Security: Security was added into the original 
Internet as an additional overlay instead of an inherent 
part of the Internet architecture. Now security has 
become an important design goal for the future 
Internet architecture. The research is related to both 
the technical context and the economic and public 
policy context. From the technical aspect, it has to 
provide multiple granularities (encryption, 
authentication, authorization, etc.) for any potential 
use case. In addition, it needs to be open and 
extensible to future new security related solutions. 
From the non-technical aspect, it should ensure a 
trustworthy interface among the participants (e.g., 
users, infrastructure providers, and content providers). 
There are many research projects and working groups 
related to security. The challenges on this topic are 
very diverse, and multiple participants make the issue 
complicated. 

Experimental testbeds: Developing new Internet 
architectures requires large-scale testbeds. Currently, 
testbed research includes multiple testbeds with 
different virtualization technologies, and the 
federation and coordination among these testbeds. 
Research organizations from the United States, 
European Union, and Asia have initiated several 
programs related to the research and implementation 
of large-scale testbeds. These programs explore 
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challenges related to large-scale hardware, software, 
distributed system test and maintenance, security and 
robustness, coordination, openness, and extensibility. 
Besides these typical research topics, there are several 
others, including but not limited to networked 
multimedia; Internet of things; and Internet services 
architecture.  

8. Essential Aspects for the Future Internet 
The European Research Cluster on the Internet of 

Things (IERC) is actively involved in ITU-T Study 
Group 13, which leads the work of the International 
Telecommunications Union (ITU) on standards for 
next generation networks (NGN) and future networks 
and has been part of the team which has formulated 
the following definition [18]. “Internet of things 
(IoT): A global infrastructure for the information 
society, enabling advanced services by 
interconnecting (physical and virtual) things based on 
existing and evolving interoperable information and 
communication technologies”. 

The four essential aspects for the Future of the 
Internet are [39]: 

First is the challenge of more powerful generations 
of networks and Internet infrastructures, which will 
give on-the-move high-speed access to users, with 
rapid growth of mobile broadband Internet. They will 
strengthen our networked society economy and allow 
access to future Internet services and applications 
from billions of mobile users.  

Second, there is the development of software and 
services architectures. The foundation of new software 
and services, of platforms and structures is directed to 
supporting the industry and endorsing its global 
competitiveness.  

Third, the debate concerning the Internet of 
Things, such as Radio Frequency Identification 
systems (RFID), moves centre stage. Large-scale 
implementations using RFID provoke critical debates 
regarding security and the protection of privacy.  

Finally, there is the increasing exploration of 3D 
technologies in relation to possible new applications. 
In the near future 3D Media Internet will guarantee 
users a more intuitive, higher and enhanced level of 
interaction thanks to the possibility of creating 
realistic virtual web environments.  

In line with this development, the majority of the 
governments consider now the IoT as an area of 
innovation and growth. Although larger players in 
some application areas still do not recognize the 
potential, many of them pay high attention or even 
accelerate the pace by coining new terms for the IoT 
and adding additional components to it. Moreover, 
end-users in the private and business domain have 

nowadays acquired a significant competence in 
dealing with smart devices and network applications. 

As the Internet of Things continues to develop, 
further potential is estimated by a combination with 
related technology approaches and concepts such as 
Cloud computing, Future Internet, Big Data, Robotics 
and Semantic technologies. The idea is of course not 
new as such but becomes now evident, as those 
related concepts have started to reveal synergies by 
combining them. 

9. Internet of Things is a new revolution of the 
Internet 

Internet of Things (IoT) is a concept and a 
paradigm that considers pervasive presence in the 
environment of a variety of things/objects that through 
wireless and wired connections and unique addressing 
schemes are able to interact with each other and 
cooperate with other things/objects to create new 
applications/services and reach common goals [15]. In 
this context, the research and development challenges 
to create a smart world are enormous. A world where 
the real, digital and the virtual are converging to 
create smart environments that make energy, 
transport, cities and many other areas more intelligent. 
As the IoT evolves, these networks, and many others, 
will be connected with added security and 
management capabilities and some of them will 
converge. This will allow the IoT to become even 
more powerful in what it can help people achieve. A 
presentation of IoT as a network of networks is given 
in Figure 7. 

 
(Source: Cisco IBSG, April 2011) 

Fig.7. IoT viewed as a network of networks. 

The Internet is not only a network of computers, 
but it has evolved into a network of devices of all 
types and sizes, vehicles, smartphones, home 
appliances, toys, cameras, medical instruments and 
industrial systems, all connected, all communicating 



“Е+Е”, 1-2/2015 9

and sharing information all the time as presented in 
Figure 8. 

 
(Source: Cisco) 

Fig.8. Internet of everything. 

The development of enabling technologies such as 
nanoelectronics, communications, sensors, smart 
phones, embedded systems, cloud networking, 
network virtualization and software will be essential 
to provide to things the capability to be connected all 
the time everywhere. This will also support important 
future IoT product innovations affecting many 
different industrial sectors. Some of these 
technologies such as embedded or cyber-physical 
systems form the edges of the “Internet of Things” 
bridging the gap between cyber space and the physical 
world of real “things”, and are crucial in enabling the 
“Internet of Things” to deliver on its vision and 
become part of bigger systems in a world of “systems 
of systems”. An example of technology convergence 
is presented in Figure 9. 

 

 
(Source: Towards the Future Internet. A European Research 
Perspective) 

Fig.9. Technology convergence. 

10. The future Internet is driven by the Internet 
of Things and the Internet of Humans 

The history of the Internet application landscape is 
rich in changes and disruptions. In the early 90s, the 
“File Transfer Protocol” (FTP) application accounted 
for more than 50% of the total traffic. A decade later, 
the share of FTP traffic was substantially reduced, 
being replaced by growing web browsing. Similarly, 
web browsing accounted for the lion’s share for 10 
years, before being supplanted by media content 
(particularly one-way video downloading and 
streaming), which cumulated in over 30% of total 
traffic in 2010. At the same time, peer-to-peer 
exchange of media content between end-users reached 
a similar share. Nowadays, one-way video traffic has 
grown to 60% of total Internet volumes and peer-to-
peer traffic is losing ground relative to this.  

For the next decade, most stakeholders agree with 
three likely outcomes by 2020 [38]:  

- More of the same: For the next decade, one-way 
video streaming traffic may remain the main source of 
traffic. Most of the content consumed would be 
generic, hence limiting the need for real-time 
connection – i.e. the content could easily be cached. 
Traffic volumes will continue to increase as the 
number of end-users grows, their individual usage 
increases and higher-definition standards are brought 
to the market;  

- The Future is the Internet of Things (IoT): 
Alternatively, we could experience a mass adoption of 
mission-critical machine-to-machine (M2M) 
applications, cumulating in up to 50% of traffic, such 
as remote health monitoring & care, driverless 
connected vehicles, smart grid and smart traffic 
control. Besides this, governments may seek to 
increase the efficiency of their administration and 
push for the development of secured e-Administration 
applications.  

- The Internet of Humans: We could also see the 
mass-adoption of two-way, real-time high-definition 
video applications, which would enable rich and 
remote human interactions. Such online human 
interactions would be driven by the emergence of 
advanced collaboration in the context of telemedicine, 
online crowd-working, etc.  

11. Today’s Internet is a Best-Effort and finite 
(yet-not-scarce) resource 

The Best-Effort feature is one of the magic 
ingredients that enabled the fast expansion of the IP 
technology and its intrinsic constraint. The best-effort 
servicing implies that after each aggregation node, the 
available capacity is shared among the different 
outgoing and incoming traffic flows – hence, among 
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the different end-users. Congestion can only be 
mitigated with abundant installed resources or 
undiscriminating traffic management. Though these 
mitigation techniques can assure an average 
throughput, they can only partially assure other 
delivery features such as the variance of packet arrival 
(jitter) which greatly affects video delivery.  

Jitter becomes even more critical when data 
packets (whether a file, email or video 
communication) must travel many hops from the 
Content & Application Providers (CAP) to the end-
user. In this journey, many resources are involved – 
from the originating server to the middle router of the 
terminating access network, until the processing CPU 
of the receiving device (PC, smartphone, tablet, etc.) – 
and their improper dimensioning or the instantaneous 
traffic load  

For example, contrary to wireless spectrum, the IP 
Interconnection capacity is not a scarce resource 
because it is possible to add capacity easily at each 
interconnection. However, it is finite, in the sense that 
each interconnection node can count on a finite 
amount of routing capacity before new investments 
are made. The fact that each interconnection node is 
shared among all traffic flows implies that each user 
benefits from just a small portion of the uncontended 
capacity. Given that all end-users do not use the 
Internet simultaneously, they do not request IP 
Interconnection capacity concurrently, and IP 
Interconnection nodes are therefore dimensioned 
according to statistical overbooking rules.  

The finite nature of shared resources at IP 
Interconnection level becomes even more obvious 
when comparing the current installed capacity with 
future demand scenarios in which hundreds of 
millions or even billions of end-users concurrently 
request access during primetime.  

Akamai estimates that 500Tbps are available at the 
IP Interconnection interfaces of the 100 major global 
networks. 500Tbps made available to the 2.7 billion 
global Internet end-users implies that there would be 
roughly 0.2Mbps of uncontended capacity available at 
the IP Interconnection level for each end-user. 

12. The Internet’s quality is hard to measure 
The physical distance between origination and 

termination substantially influences the final 
transmission throughput, latency and packet loss. 

The best-effort IP interconnected network delivers 
data according to the available resources, without any 
assurance of reliability, delay bounds or throughput 
requirements. As a result, the performance is highly 
variable, never guaranteed and always below its 
nominal capacity.  

It is often difficult, if not impossible, to identify 
the limiting bottleneck, which can be caused by 
congestion at an IP Interconnection or aggregation 
node, at the CAP’s server or even at the processing 
unit of the end-user’s devices. Other technical 
parameters such as link asymmetry, protocols tuning, 
front-end optimization, client elaboration time and 
policy management also play a role in the QoS of IP 
Interconnection services.  

The best-effort Internet network continuously 
achieved improvement in the average speed that end-
users enjoy. So far, the quality of delivery, based on 
an average throughput provided, was sufficient to 
allow the Internet to proliferate. As demand for 
Internet content and applications will rise, it is likely 
that more IP Interconnection capacity will be 
deployed, whether by adding resources or leveraging 
technological progress.  

However, even when substantially increasing the 
statistical overbooking ratios [1], the risk remains that, 
at a given instant, the overall number of end-users and 
the nature of their content and applications will 
generate traffic that exceeds the dimensioning of IP 
Interconnection nodes, thereby resulting in a degraded 
Quality of Experience. An overbooking factor is the 
ratio of the maximal admitted traffic of one class to the 
carried traffic from the resources assigned to that class. 

A large number of factors, in addition to 
bandwidth, affect the performance of applications on 
globally interconnected networks. At the network 
level, application performance is limited by high 
latency, jitter, packet loss and congestion. 

As a result of the non-discriminatory nature of the 
Internet Protocol, it is very likely that a substantial 
share of the traffic relates to content and applications 
that do not have the same quality requirements 
(latency, jitter, security, etc.) as the requested real-
time video, and is prevented from being more 
efficiently prioritized without degrading the end-
user’s Quality of Experience. For the above-
mentioned reasons, it is not surprising that pioneering 
applications, such as Cisco’s Telepresence and 
Telemedicine, have been rolled out via dedicated 
networks so far (i.e. static Virtual Private Networks, 
outside the open Internet) in which higher costs and 
operational complexity represent a barrier to the mass 
adoption of such applications.  

Eventually, the question is raised as to what extent 
the best- effort nature of the Internet can actually be a 
constraint to the take-up of next-generation 
applications and whether the industry should look for 
an alternative solution capable of providing on-
demand, guaranteed capacity.  
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13. New requirements beyond bandwidth 
Looking forward, we expect that next-generation 

applications will generate a demand for new IP 
Interconnection requirements going well beyond 
additional throughput capacity, expanding to delivery 
features such as latency reduction, availability, jitter 
control, packet-loss limitation and security.  

Sectors such as the Financial Services industry, 
high-security Governmental Bodies (including police, 
military, emergency services, etc.), the Electronic 
Payment sector, the Broadcast sector, etc. have all 
made ample requests for “advanced” services.  

Indeed, key data transmissions in the Business-to-
Business (B2B) segment rely on dedicated networks 
that require customized design and significant efforts 
to be developed. However, given the high price 
associated with such dedicated networks, it seems 
unfitting to promote the global mass adoption of next-
generation applications over an open-connectivity 
platform.  

Among all new requirements, security and data 
protection deserve special attention as they play a 
critical role in the safe use of next-generation 
applications, especially in scenarios foreseeing the 
Internet of Things. This highly heterogeneous network 
becomes increasingly connected and extremely 
vulnerable to cybercrime, turning security into the 
main priority.  

14. Internet traffic 
The Internet is unprecedented in its growth, 

unparalleled in its heterogeneity, and unpredictable or 
even chaotic in the behaviour of its traffic, "the 
Internet is its own revolution", as Anthony-Michael 
Rutkowski, former Executive Director of the Internet 
Society, likes to put it. 

The accurate characterization of network traffic is 
vital for efficient network engineering, design and 
management. That is the reason why in order to 
understand the characteristics of network traffic an 
enormous amount of work has begun from that day 
when long and high-precision traffic recordings was 
possible [22].  

Internet traffic is the result of interaction among 
millions of users, hundreds of heterogeneous 
applications, and dozens of sophisticated protocols. 
The technical components of the Internet are complex 
in themselves, and they are augmented by a general 
unpredictability and diversity of the human 
components. Both industry and the research 
community benefit from accurate knowledge of wide 
area Internet traffic. Their interests include 
optimization of network components, modification of 
protocols to enhance their performance, modeling the 

effects of emerging applications on the existing 
architecture, and facilitating future growth of the 
Internet. However, reliable and representative 
measurements of wide area Internet traffic are scarce. 
The study [10] aims to help fill this gap by presenting 
a longitudinal study of traffic behavior at a number of 
academic, research and commercial sites observed 
over four and a half years (1998-2003). 

Internet traffic exhibits multifaceted burstiness and 
correlation structure over a wide span of time scales. 
Many works analyzed this structure in terms of heavy-
tailed session characteristics, as well as TCP timeouts 
and congestion avoidance, in relatively long time 
scales [20,25]. In [19] is focused on shorter scales, 
typically less than 100-1000 milliseconds. Their 
objective is to identify the actual mechanisms that are 
responsible for creating bursty traffic in those scales. 
They are shown that TCP self-clocking, joint with 
queueing in the network, can shape the packet 
interarrivals of a TCP connection in a two-level ON-
OFF pattern. This structure creates strong correlations 
and burstiness in time scales that extend up to the 
Round Trip Time (RTT) of the connection. This effect 
is more important for bulk transfers that have a large 
bandwidth-delay product relative to their window size. 
In addition, the aggregation of many flows, without 
rescaling their packet interarrivals, does not converge 
to a Poisson stream, as one might expect from 
classical superposition results. Instead, the burstiness 
in those scales can be significantly reduced by TCP 
pacing. In particular, they are focused on the 
importance of the minimum pacing timer, and are 
shown that a 10-millisecond timer would be too 
coarse for removing short-scale traffic burstiness, 
while a 1-millisecond timer would be sufficient to 
make the traffic almost as smooth as a Poisson stream 
in sub-RTT scales. 

A fundamental step for any network design, 
dimensioning or management task is a deep 
understanding of the traffic that the network itself is 
expected to carry. Traffic, in its turn, is a combination 
of application mechanisms and users’ behavior, 
including attitude towards technology, life habits, and 
other intangible cultural phenomena. Such a mix of 
heterogeneous components is made even more 
difficult to understand by the fast evolution of 
technologies and the rapid raise and fall of new stars 
among applications [11]. 

In the recent years, the research community has 
increased its focus on network monitoring which is 
seen as a key tool to understand the Internet and the 
Internet users. Several studies have presented a deep 
characterization of a particular application, or a 
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particular network, considering the point of view of 
either the ISP, or the Internet user. Measurements 
often span over a limited amount of time without 
entering in the details about the presence of specific 
traffic patterns of long-term trends. 

Results depict an evolving scenario due to the 
consolidation of new services as Video Streaming and 
File Hosting and to the adoption of new P2P 
technologies [8]. Despite the heterogeneity of the 
users, some common tendencies emerge that can be 
leveraged by the ISPs to improve their service. 

Selecting the appropriate traffic model can lead to 
successful design of computer networks and accurate 
capacity planning. The more accurate the traffic 
model is the better the system quantified in terms of 
its performance. Successful design leads to 
enhancement the overall performance of the whole of 
network. In literature, there is innumerous traffic 
models proposed for understanding and analyzing the 
traffic characteristics of computer networks. 
Consequently, the study of traffic models to 
understand the features of the models and identify 
eventually the best traffic model, for a concerned 
environment has become a crucial and lucrative task. 
In [21] is provided an overview of some of the widely 
used network traffic models, highlighting the core 
features of these models and traffic characteristics. 
They have found that the ON/OFF models 
(N_BURST traffic model) can capture the traffic 
characteristics of most types of computer networks.  

The term "teletraffic theory" originally 
encompassed all mathematics applicable to the design, 
control and management of the public switched 
telephone networks (PSTN): statistical inference, 
mathematical modelling, optimization, queueing and 
performance analysis. Later, its practitioners would 
extend this to include data networks such as the 
Internet, too. Internet engineering, an activity that 
includes the design, management, control and 
operations of the global Internet, would thus become 
part of teletraffic theory, relying on the mathematical 
sciences for new insights into and a basic 
understanding of modern data communications [41]. 

Voice traffic has the property that it is relatively 
homogeneous and predictable, and, from a signalling 
perspective, spans long time scales. In contrast to 
voice traffic, data traffic is much more variable, with 
individual connections ranging from extremely short 
to extremely long and from extremely low-rate to 
extremely high-rate. These properties have led to a 
design for data networks in which each individual data 
„packet” or „datagram” transmitted over the network 
is forwarded through the network independently of 

previous packets that may have been transmitted by 
the same connection. 

However, as voice traffic turns out to differ 
drastically from data traffic, so too do the underlying 
mathematical ideas and concepts. The relevant 
mathematics for PSTN is one of limited variability in 
both times: traffic processes are either independent or 
have temporal correlations that decay exponentially 
fast and in space, i.e., the distributions of traffic-
related quantities have exponentially decaying tails. 
However, for data networks, the mathematics is one of 
high or extreme variability. Statistically, temporal 
high variability in traffic processes is captured by 
long-range dependence, i.e., autocorrelations that 
exhibit power-law decay. On the other hand, extreme 
forms of spatial variability can be described 
parsimoniously using heavy-tailed distributions with 
infinite variance. 

It turns out that power-law behaviour in time or 
space of some of their statistical descriptors often 
cause the corresponding traffic processes to exhibit 
fractal characteristics. 

15. End-to-End Internet QoS 
With the streaming multimedia applications, the 

need to provide better Internet QoS has gained 
significant importance. Internet of the future will be 
characterized by diverse traffic sources that heavily 
overburdened by real time traffic from voice to video 
and increasingly overwhelmed by the traffic generated 
through millions of e-commerce transactions [24]. 
QoS requirements of all such applications will 
introduce several new consequences along the way in 
which data is transmitted over the Internet.  

The case that can enable end-to-end Internet QoS 
represents a content server that streams real time data 
to remote players. The media data stored in some 
universal file format (e.g. Microsoft ASF, QuickTime 
etc.) is retrieved from the content server and directly 
streamed over the Internet [5]. The protocol used for 
controlling, accessing and retrieving media data from 
the content server is provided through an application 
level protocol like RTSP (Real Time Streaming 
Protocol). Using available controls, commands can be 
activated by the player to control the display of 
streams that are directly available from the server. The 
user can play, stop, pause, or record the stream. This 
also depends to the extent access restrictions exercised 
by the content server for a particular stream. For each 
of the streams, there can be a separate network 
connection used. Alternatively, multiple streams can 
be logically multiplexed over a given network 
channel. Data is delivered using simple RTP (Real 
Time Protocol) over UDP. The use of RTP is to 
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provide sequencing and timing information for the 
data, but this cannot ensure in-time data delivery by 
itself. Sequencing only helps to detect packet loss 
while timestamp is used during presentation of media 
data. Moreover, control protocols like RTCP (Real 
Time Control Protocol) can be used to provide QoS 
reports either to the sender or to the receiver. This 
information can be about packet loss, inter-arrival 
jitter etc. Using this report, the sender may shift to a 
lower bit rate encoding in case there is excess packet 
loss. RTCP is a duplex protocol; both sender and 
receiver can exchange control information. However, 
RTCP generates too many control messages that can 
act as an extra overhead to the network. This problem 
can be solved to some extent by decreasing the rate of 
transmission of these control messages with increase 
in the number of receivers. It will be nice to can 
implement IntServ in enterprise domains. In such a 
case, QoS support for the application at the network 
level will be provided by RSVP (Resource 
Reservation Protocol). Depending upon the 
application requirements, the required QoS service 
class will be introduced from the ISP providing the 
service. This session can then be mapped 
appropriately to the edge of the backbone 
implementing DiffServ. There may be one or more 
such QoS mappings for a given session before the 
application data is finally available to the receiver. 

IntServ [43] is a per-flow based QoS framework 
with dynamic resource reservation. Its fundamental 
philosophy is that routers need to reserve resources in 
order to provide quantifiable QoS for specific traffic 
flows. For real-time applications, before data are 
transmitted, the applications must first set up paths 
and reserve resources. RSVP is a signaling protocol 
for setting up paths and reserving resources. DiffServ 
is a per-aggregate-class based service framework 
using packet tagging. Packet tagging uses bits in the 
packet header to mark a packet to create several 
packet classes for preferential treatment. In IPv4, the 
type-of-service (TOS) byte is used to mark packets. 
The TOS byte consists of a 3-bits precedence field, a 
4-bits field indicating requests for minimum delay, 
maximum throughput, maximum reliability and 
minimum cost, and one unused bit. 

The basic data path operations in routers include 
packet classification, marking, metering, policing, and 
shaping. The two basic router mechanisms are queue 
management and scheduling. They are closely related, 
but they address rather different performance issues. 
Queue management controls the length of packet 
queues by dropping or marking packets when 
necessary or appropriate, while scheduling determines 

which packet to send next and is used primarily to 
manage the allocation of bandwidth among flows 
[36]. The basic control path mechanisms include 
admission control, policy control, and bandwidth 
brokers. 

Usually it is addressed Internet routing and QoS as 
two separate issues. Merging routing with QoS can 
result in better performance. The efforts in this area 
MPLS are constraint-based routing. 

MPLS is a forwarding scheme. Packets are 
assigned labels at the ingress of a MPLS-capable 
domain. Subsequent classification, forwarding, and 
services for the packets are based on the labels. 
Traffic Engineering is the process of arranging how 
traffic flows through the network. Constraint based 
routing is to find routes that are subject to some 
constraints such as bandwidth or delay requirement.  

The network QoS by itself is not sufficient to 
deliver end-to-end QoS. End host support for QoS, 
including server QoS and application adaptation, also 
play an important role. Although important technical 
progress has been made, much work needs to be done 
before QoS mechanisms will be widely deployed [12], 
[17]. 

In [37] is described the design, implementation, 
and experimental evaluation of OverQoS, an overlay-
based architecture for enhancing the best-effort 
service of today’s Internet. Using a controlled loss 
virtual link abstraction to bound the loss rate observed 
by a traffic aggregate, OverQoS can provide a variety 
of services including: (a) smoothing packet losses; (b) 
prioritizing packets within an aggregate; (c) statistical 
loss and bandwidth guarantees.  

In [42] a framework for the emerging Internet QoS 
is presented. All the important components of this 
framework, i.e., IntServ, RSVP, DiffServ, MPLS and 
Constraint Based Routing are covered. Two likely 
service architectures are presented, and the end-to-end 
service deliveries in these two architectures are 
illustrated.  

16. Overprovisioned best effort network 
Today’s Internet provides best effort service. 

Traffic is processed as quickly as possible, but there is 
no guarantee as to timeliness or actual delivery. With 
the rapid transformation of the Internet into a 
commercial infrastructure, demands for service 
quality have rapidly developed [42]. It is becoming 
apparent that several service classes will likely be 
demanded. One service class will provide predictable 
Internet services for companies that do business on the 
Web. Such companies will be willing to pay a certain 
price to make their services reliable and to give their 
users a fast feel of their Web sites. Another service 
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class will provide low delay and low jitter services to 
applications such as Internet Telephony and Video 
Conferencing. Companies will be willing to pay a 
premium price to run a high quality videoconference 
to save travel time and cost. Finally, the best effort 
service will remain for those customers who only need 
connectivity. 

Whether mechanisms to provide QoS are needed is 
a hotly debated issue. One opinion is that fibers and 
Wavelength Division Multiplexing (WDM) will make 
bandwidth so abundant and cheap that QoS will be 
automatically delivered. The other opinion is that no 
matter how much bandwidth the networks can 
provide, new applications will be invented to consume 
them. Therefore, mechanisms will still be needed to 
provide QoS. Even if bandwidth will eventually 
become abundant and cheap, it is not going to happen 
soon. For now, some simple mechanisms are 
definitely needed in order to provide QoS on the 
Internet. Our view is supported by the fact that all the 
major router/switch vendors now provide some QoS 
mechanisms in their high-end products. 

The Internet Engineering Task Force (IETF) has 
proposed many service models and mechanisms to 
meet the demand for QoS. Notably among them are 
the IntServ/RSVP model, the DiffServ model, MPLS, 
Traffic Engineering and Constraint Based Routing 
[27-31]. Although there are many papers on each of 
these models, they are not discussed together in a 
single paper. As a result, it is difficult for readers to 
understand the relationships among them and to grasp 
the big picture of the QoS framework. 

In [32] is discussed the appropriateness of 
commonly proposed QoS mechanisms, based on an 
analysis of the statistical nature of IP traffic and the 
way this influences the performance of voice, video 
and data services. It is also discussed pricing issues 
and proposed an alternative flow-aware networking 
architecture based on novel router design called 
Cross-protect. In this architecture, performance 
requirements are satisfied without explicit service 
differentiation creating a particularly simple platform 
for the converged network. 

A recognized goal in networking is to realize the 
convergence of all communications services, voice, 
video and data, on to a common IP platform. It is 
necessary that this converged network be able to meet 
the various performance requirements of the range of 
envisaged applications, implying enhancements to the 
current “best effort” Internet. An overprovisioned best 
effort network can meet most user requirements and 
has the advantage of relatively low capital and 
operational costs. However, several disadvantages 

make simple overprovisioning inadequate as a 
solution for the converged network. It is not possible 
to provide back up selectively, just for the customers 
who are prepared to pay for it so that redundant 
capacity tends to be provided for either all traffic or 
none. The network is not able to ensure low latency 
for packets of interactive real time services while 
maintaining sufficiently high throughput for data 
transfers. Quality of service depends on the 
cooperation of users in implementing end-to-end 
congestion control. The best effort Internet does not 
have a satisfactory business model and few network 
providers currently make a profit. 

The converged network should have a pricing 
scheme ensuring return on investment while 
remaining sufficiently simple and transparent to be 
acceptable to users. Prices thus need to reflect capital 
and operational costs and this need to be kept to a 
minimum. To this end, it is necessary to perform 
efficient capacity planning and to implement simple 
traffic management. Both planning and the design of 
traffic control mechanisms require a sound 
understanding of how perceived performance depends 
on demand and available capacity. The analysis of the 
effectiveness of standard QoS mechanisms turns out 
that network performance is typically very good as 
long as demand does not exceed capacity. It is 
sufficient to give priority to packets of real time flows 
to ensure their performance requirements. On the 
other hand, performance deteriorates rapidly 
whenever demand exceeds capacity, due to a traffic 
surge or an equipment failure, for instance. QoS 
mechanisms thus tend to play the role of overload 
controls: they preserve the quality of users of 
premium services in these exceptional situations. 

We argue that a better method for dealing with 
overload is to perform proactive admission control at 
the level of a user-defined flow. This is the basis of 
the proposal for a flow-aware networking architecture. 
A recent development, known as the Cross-protect 
router, allows this architecture to meet the distinct 
performance requirements of real time and data 
transfer services without the need to explicitly 
distinguish traffic classes [44]. 

17. Contention Ratios in Network Traffic 
Modeling 

Since the dawn of the telecom service industry, 
system architects have used contention ratios to 
determine the level of investment in backhauling 
infrastructure needed to provide all required services. 
For example, the contention ratio used for PSTN 
services was 1:8, whereas the contention ratio for 
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broadband access is factored more aggressively, 
ranging from 1:20 to 1:50 [13].  

The "contention ratio" is the maximum number of 
other people you will have to share the connection 
infrastructure [9]. Therefore, a contention ratio of 50:1 
would mean that the maximum number of people you 
could be sharing the connection with at anytime is 49 
other people. If all 50 people were downloading at the 
same time then your download speed could drop 
hugely, in reality though this does not happen and you 
can enjoy much faster download speeds. Therefore, 
from this you can see that a contention ratio of "20:1" 
should be more beneficial although for most home 
users you should not have any problems with a 
contention ratio of "50:1" now. 

Operators adjust these contention ratios 
periodically in order to reach quality of experience 
and revenue targets, while keeping an eye on 
expenses. It is important to note that worst-case 
scenario contention ratios, used primarily in defense 
and public safety networks, are rarely used in the 
telecom industry. Instead, operators design and 
implement their networks using more profitable, 
average-case scenarios.  

In a contended network, the speed a customer 
achieves is almost entirely dependent upon the 
demand that other customers are putting on the 
network at the same time. If there is no contention on 
a network, and all equipment is capable of process all 
data packets in a timely fashion, then a customer 
should be able to achieve the maximum speed of the 
connection at all times. 

18. Internet Network Oversubscription 
ISPs have long used network oversubscription. 

They recognize that users in a given area do not all 
access the Internet at the same time; therefore, ISPs 
only subscribe to a portion of their networks’ total 
potential demand. For example, an ISP that has 1,000 
subscribers with 10 Mbps service might contract for a 
100 Mbps connection rather than the maximum 10 
Gbps Internet connection its users might require. The 
ratio of a network’s maximum potential demand to its 
contracted rates is its oversubscription ratio. In this 
example, the oversubscription ratio is 100:1 [40]. 

While high oversubscription ratios can hamper the 
end user experience, low oversubscription rates may 
result in an under-utilization of resources. In [26] is 
investigated the impacts of oversubscription, both 
from a technical (OpEx, Energy footprint etc.) and 
from a value network point of view (Control and 
Value creation etc.). A multi-parameter sensitivity 
analysis of a power model is performed to establish 
that the choice of oversubscription ratio by an ISP can 

have a serious impact on their operational energy and 
capital expenditures. As a next step, a set of business 
model parameters are operationalized in order to 
evaluate and establish long-term and short-term 
impacts of network oversubscription on business 
stakeholders. Key findings include that there is a need 
to establish a fit between the technical and business 
gains of network oversubscription, and that is possible 
only when an ISP leverages its control and influence 
over its customer base to better understand and 
anticipate the network usage, thereby being able to 
promptly adapting the overall network 
oversubscription ratios. 

Oversubscription is a powerful technique to 
increase the network utilization by taking advantage 
of the fact that many customer facing links operate 
significantly below capacity most of the time. 
However, oversubscription requires careful planning 
and intelligent network design. If an oversubscribed 
link or service experiences an excess of traffic it can 
result in losses or delays that could potentially affect 
other services and links. In order to maximize profits 
and reduce waste, providers have started to explore 
the role of oversubscribing cloud resources [2]. 

Today’s networks carry a large variety of traffic of 
different types. While some of the services can be 
buffered or dropped with little or no side effects, 
many real-time services are sensitive to the smallest 
amount of delay or packet loss. Services such as voice 
can use a small amount of relative capacity, but are 
extremely sensitive to delay. Other services such as 
Internet access (fixed or mobile) are best effort and 
constitute a large majority of traffic that can be 
buffered or dropped with little or no problems. 

Besides the difference in needs among different 
services types, some services are more critical for a 
service provider than others due to the associated 
service-level agreement (SLA). This necessitates that 
certain services be given preferential treatment, 
delivering intelligence in oversubscription. This is the 
ability for operators to fine-tune configuration to 
ensure that the important services for a particular 
network and customer remain protected [3]. 

19. Summary 
In this article, it is surveyed related work in the 

literature on future telecommunication networks, 
focusing on teletraffic engineering in Internet. It is 
presented a state of the art survey about QoS over IP 
network. As we could see, the state of QoS have 
changed in the last years. There is a large research 
community working in this field in order to 
encompass QoS over IP network.  
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It is described the future Internet architectures. By 
doing this, we hope to draw an approximate overall 
picture of the up-to-date status in this area. 

It is surveyed various techniques proposed for load 
evaluation that are available on the Internet. It is 
evaluated the end-to-end Internet QoS, the 
overprovisioning of the best effort network, 
contention ratios in network traffic modeling and 
internet network oversubscription. We hope that 
present survey can give a new direction to the research 
in this field. 
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A general concept and implementation of a DSP-based  
QAM digital modulator 

Emil E. Vladkov  

 
The versatility of a Digital Signal Processor (DSP) can be used to implement easily various 

Quadrature Amplitude Modulation (QAM) tasks on a prototype board interconnected to the 
ADSP21061 EZ-KIT LITE DSP evaluation system extension ports. The article describes the 
allocation of the different subtasks associated with the digital modulation to the DSP hardware and 
to the extension board respectively. The prototype board consists of two high speed Digital-to-
Analog Converters for the I- and Q-components of the QAM signal, a dedicated QAM modulator 
chip working in the analog domain and a RF local oscillator chip to supply the carrier signal to the 
modulator. The different constellation diagrams the proposed modulator can carry out are 
synthesized by the DSP hardware through symbol remapping look-up tables. The complete hardware 
circuit diagram of the prototype board DM9753 is presented and discussed in the article and the 
future investigation and experimental measurement works to be performed on the digital modulator 
proposal are outlined. 

Обща концепция и реализация на базиран на цифров сигнален процесор квадратурно-
амплитуден (QAM) модулатор (Емил Е. Владков). Гъвкавостта на цифровите сигнални 
процесори (DSP) може да бъде използвана за лесно осъществяване на различни задачи, 
свързани с квадратурно-амплитудната модулация (QAM), посредством прототипна 
система, свързана към разширителните портове на ADSP21061 EZ-KIT LITE DSP 
развойната система. Статията описва разпределението на различните подзадачи, свързани 
с цифровата модулация, към апаратното осигуряване на цифровия сигнален процесор и към 
разширителната платка съответно. Прототипната система се състои от два 
високоскоростни цифрово-аналогови преобразувателя за I- и Q-компонентата на QAM 
сигнала, специализирана интегрална схема, соъществяваща QAM модулатицята в 
аналоговата област, и интегрална схема на радиочестотен локален осцилатор, осигуряващ 
носещия сигнал на модулатора. Различните констелационни диаграми, които предложеният 
модулатор може да осъществява, се синтезират от апаратното осигуряване на DSP 
посредством таблично представяне на координатите на отделните символи данни. 
Представена и дискутирана е пълната схемна реализация на прототипната система 
DM9753 и са очертани задачите на бъдещата изследователска и експериментална 
измервателна работа по предложения цифров модулатор. 

 

I. Introduction 
A state of the art versatile digital modulator is a 

piece of equipment, which not only serves various 
purposes at the test bench but is also indispensable for 
the in-depth understanding of this widespread new 
technology – digital modulation. For engineering 
students not familiar with high-speed digital 
modulation the proposed concept and design is an 
opportunity to draw the curtains in this field, of course 
in combination with the study of various excellent 
books on digital communications [1]. For engineers 

dealing with the various aspects of QAM, QPSK and 
the like in their everyday professional life the 
proposed concept will offer a new versatile (and this is 
perhaps the most important aspect in this context) 
device for generating digital sequences, which can be 
programmed by themselves to suit their individual 
needs. The presented idea is to be tested in a future 
work with a custom build evaluation board wired to 
the ADSP-21061 floating-point digital signal 
processor (DSP) evaluation system. The combined 
DSP-based digital modulator will also have the 
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capability to be interfaced to various sources of digital 
data for transmission on a RF-channel, provided the 
interface specifications of the board are met. 

II. Main principles and application areas of 
digital modulation 

The term “digital modulation” is usually used to 
describe the process of modulation of an analog 
carrier by digital data, where the bit combination 
directly determines some of the characteristics of an 
analog signal – the amplitude, the frequency, the 
phase or a combination of them. The simple forms of 
digital modulation are these which modify only one of 
the parameters of the analog signal – and these are the 
Amplitude-Shift-Keying (ASK), the Frequency-Shift-
Keying (FSK) and the Phase-Shift-Keying (PSK, 
QPSK). The more sophisticated techniques influence 
both amplitude and phase to transmit more bits in one 
state of the signal (or in one symbol, which is the 
other term for the “state” of the signal). Typical 
examples of such sophisticated modulation methods 
are the various kinds of Quadrature Amplitude 
Modulation (QAM) – QAM-16, QAM-32, QAM-64, 
QAM-256 and so on. The number after the QAM  
abbreviation represents the number of the separate 
states the signal can have. As each state is unique a 
unique bit pattern can be transmitted with this 
“symbol”. The more the symbols the more the bits in 
the bit pattern that can be transmitted. So in QAM-16 
there are 16 symbols, so only 4 bits can be 
transmitted, in QAM-64 the number of bits is 6 and in 
QAM-256 it is a whole byte (8 bits) that can be 
transmitted at once. It is obvious that these digital 
modulation techniques can be used to transmit high bit 
rates on narrowband channels (as the bandwidth 
required is determined by the symbol change rate and 
not the number of bits carried by each symbol). So 
QAM is widely used in digital microwave radios, 
where bit rates up to 155Mbps can be easily achieved 
(the STS-3 SONET hierarchy signal) on a channel 
with a bandwidth of only 19.4MHz (broadband – 
modulated carrier and not baseband) [2].  

Other application areas of QAM are the 
widespread WiFi 802.11 a,g,n wireless networking 
standards [3] and the current generation digital cable 
systems [4]. The digital TV downstream signal for 
example makes use of QAM-64 and QAM-256 to 
carry MPEG packets to the cable subscriber. There are 
different standards for digital cable TV in the different 
countries – they differ mainly in the error-correction 
techniques employed. In North America the digital 
cable standard is the ITU-T/J.83B, Annex B, in 

Europe it is the DVB-C, Annex A, in Japan it is the 
ITU-T/J.83B, Annex C. A simplified illustration of 
the various stages of a QAM digital modulator for 
cable TV is represented in Fig. 1. It is obvious that 
there are many other functions besides the bits-to-
QAM-symbols mapping, which should be performed 
by the commercial DVB-C modulator. The versatile 
modulator proposal described in this article performs 
some of the depicted functions too (shown in gray in 
the Figure), and because the device is programmable 
many other functions can be easily added by the user. 
The design proposed not only remaps data according 
to the constellation diagrams used, but also shall 
perform Trellis Coded Modulation (TCM) to provide 
a better error performance for a given channel signal-
to-noise ratio. A Root Raised Cosine Filtering for 
better Inter-Symbol-Interference (ISI) will be included 
in the design too. The modulation of a carrier with the 
QAM-modulated baseband signal can be performed 
through a dedicated RF-up-converter hardware (IC). 
The processing of the serial video ASI interface and 
the MPEG-2 framing are not dealt with as in the case 
of a versatile evaluation board the information source 
for the data to be transmitted can not be restricted to 
video data only. Some of the data processing in the 
design proposed is performed somewhat differently 
compared to the block diagram in Fig. 1 – the main 
differences arising from the migration of some of the 
functions from the analog to the digital domain and 
vice versa – the general principle remains the same. 

 

 
Fig.1. QAM modulator for a cable TV system. 

ASI processor 
and MPEG-2 

scrambler 

ITU-T J.83 
FEC 

Encoder 

Data delimiting 
on QAM-

boundaries 

Trellis Coded 
Modulation 

Encoder 

QAM mapping to Constellation Diagram 

Root Raised Cosine Filter Root Raised Cosine Filter

I-Component Q-Component

Sin/Cos Look-Up 
table X X

+ 

Sinc Scale Function 

Digital-to-Analog 
Converter 

Filter 

Oscillator/PLL Filter 

X 

RF-Upconverter 

RF-Signal

QAM-signal 



“Е+Е”, 1-2/2015 20

III. Digital Modulation with a DSP 
The general block diagram of the proposed DSP-

based digital modulator is shown in Fig. 2. The most 
manifest difference to the cable system modulator 
presented in Fig. 1 is that the downright quadrature 
modulation of both component signals (I and Q) on 
both carriers, one in phase and one in quadrature, is 
performed in hardware by a dedicated QAM-
modulator chip AD8345 and not by the digital signal 
processor [5]. The DSP resides on the ADSP21061 
EZ-KIT LITE evaluation board, provided by Analog 
Devices [6]. For communication and downloading the 
firmware programs to the DSP-board to accomplish 
debugging and measurement tasks the evaluation copy 
of the Integrated Design Environment (IDE) 
VisualDSP++, which comes bundled with the EZ-KIT 
LITE, is used. VisualDSP++ allows the user to write 
assembly or C-language programs, specify the 
architecture of the target system in a Linker 
Description File (LDF), compile and link the 
programs, simulate their behaviour and plot expected 
and real world result and finally download the 
programs to the target hardware (the EZ-KIT LITE) 
[7]. Complete control over the running program on the 
DSP through the integrated debugging features is 
provided. The firmware code of the QAM modulator 
in assembly language for the ADSP-21xxx family of 
signal processors will be prepared and compiled in 
this way. The J1 and J6 2x20 and 2x25 header 
connectors on the EZ-KIT LITE board are used to 
interface the evaluation board to the daughter 
modulator board through ribbon cables as shown in 
Fig. 2. They carry all necessary data port and clock 

signals to supply the modulator with the digital I- and 
Q-signals. As the EZ-KIT LITE board comes with 
unpopulated header extension connectors they have to 
be soldered in place. The data bus is 48-bit wide and 
is divided in 4x12-bit parallel words. Two 12-bit 
Digital-to-Analog Converters (DACs - AD9753 [8]) 
on the modulator board  perform the conversion from 
the digital to the analogue domain. As with every 
DAC the outputs of the converters are low-pass 
filtered with dedicated 51MHz filters. The smoothed 
I- and Q-components are fed to the AD8345 
modulator, which is supplied with a local oscillator 
RF-signal generated by the RF MAX2620 oscillator 
[9]. The output of the board is a QAM-modulated RF 
carrier with the frequency of 433MHz, but a 900MHz 
version should work equally well on the same 
hardware. Actually every frequency between 250MHz 
and 1GHz can be used for the RF-carrier signal [5]. A 
more detailed discussion on the hardware schematics 
will follow in the hardware implementation section. 

IV. QAM Constellation Diagrams 
The Quadrature Amplitude Modulation (QAM) 

manipulates both amplitude and phase, so the usual 
approach to deal with it is to represent every state by a 
rotating vector in the so-called I-Q plane. This 
representation can be achieved by combining two 
carriers as stated earlier – one in-phase (the I-carrier) 
and one in-quadrature (the Q-carrier). So the 
constellation diagram is actually a representation of 
two amplitude modulation processes performed on the 
two carriers and this amplitude modulation can have 
only discrete values. The typical QAM display 
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Fig.2 Block diagram of the DSP-based Digital Modulator concept. 
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consists of equally (or not equally) spaced points, 
every point representing one symbol transmitted at 
any given time [10]. The neighbour states usually 
differ in only one bit – this is the so-called Gray-
coding. The main goal of implementing Gray-coding 
is better error performance – due to phase noise or bad 
signal-to-noise ratio on the channel one state can be 
interpreted in error as another (near the original one) 
state at the receiver. Messing up neighbouring states 
leads to only one-bit errors in this coding case, which 
can be easily corrected through other methods. Three 

of the constellation diagrams implemented in the 
proposed concept for QAM-16, QAM-64 and QAM-
256 respectively are represented in Fig. 3 and Fig. 4 
[11]. In these examples the points are equally spaced, 
so the implementation of a grid on the axes will help 
for the correct positioning of the states. The more 
points in the constellation they are, the smaller the 
grid size Δ becomes. For the same dynamic range for 
the different QAMs (same maximum depth of the 
amplitude modulation on both axes) the axes are 
divided in one Δ-steps from -3Δ to +3Δ for QAM-16, 
from -7Δ to +7Δ for QAM-64 and from -15Δ to +15Δ 
for QAM-256. Above the points of the constellations 
the bit combinations they represent are given. In the 
case of the QAM-256 constellation diagram the bit 
patterns corresponding to the symbols are given in 
their decimal notation due to space constrains. It 
should be mentioned that there is an easy way to 
obtain the states for the three other quadrants from the 
first one quadrant symbols. This simple method 
involves the change of the two most significant bits 
from 00 to 10 to 11 to 01 rotating the diagram 
counterclockwise – the other least significant bits 
associated with the corresponding symbols remain the 
same. The remapping process will use a look-up table 
in the PM (Program Memory) of the DSP consisting 
of coordinate pairs (for the I- and Q-axes), evaluated 
for every data point in every implemented 
constellation diagram. After look-up of the data to be 
send both I- and Q-values in 12-bit representation (the 
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111010 111011 111111 111110 

111000 111001 111101 111100 

Fig.3. Constellation Diagrams for QAM-16 and QAM-64. 
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227 235 251 243 211 219 203 195 

228 236 252 244 212 220 204 196 

226 234 250 242 210 218 202 194 

225 233 249 241 209 217 201 193 

I

Q 

QAM-256

Fig.4. Constellation Diagram for QAM-256. 
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DACs resolution) are supplied via the interface to the 
modulator digital-to-analog converters. 

V. Hardware implementation of the Digital 
Modulator – the DM9753 evaluation board  

The detailed schematic diagram of the digital 
modulator board is given in Fig. 5. The two header 
ports for interconnecting the board with the digital 
signal processor evaluation system are JP1 (connected 
to SHARC EZ-KIT LITE connector J6) and JP2 
(connected to SHARC EZ-KIT LITE connector J1). 
The pinout of the ports is the same as on the EZ-KIT 
LITE board, so a normal straight through ribbon cable 
(two of them) are the easiest way to connect the two 
boards. As will be shown later in the device prototype 
section photos there is a tendency to arrange the two 
boards in a way that two of the ports are near face to 
face and a very short length ribbon cable could be 
used to connect them, the other two being connected 
by a much longer cable. The use of equal length 
ribbon cables although not providing a compact look 
of the design is advisable, as one of the connectors 
carries the clock signal for the DACs (EXP_CLK) and 
part of the data bus signals (DATA42 – DATA47), 
while the other one carries the rest of the data bus 
signals (DATA0 – DATA41). Therefore if no displace 
and skew of clock to data should occur (resulting in 
word errors at the high transfer rates involved), then 
the transmission paths for the both port signals should 
be equal length.  

As the converters U1 and U2 (AD9753) are 3.3V 
parts the manufacturer specification suggests a voltage 
translation when supplying them with 5V logic data. 
The inclusion of dedicated voltage translation 
integrated circuits for 48 data lines seems to be 
unnecessary and costly in terms of PCB space, 
therefore 48 voltage divider circuits are provided, 
consisting of resistors R24-R47, R48-R71, R72-R95 
and R96-R119. The high data transfer rates (40MHz 
clocking for the 48-bit words) lead to degraded 
voltage slopes due to parasitic capacitances with 
standard suggested divider values of 1k and 1k8. 
Therefore this precaution measure is left to the cases 
where slower data update rates (lower MSymbol/sec 
rates) are involved and resistors R24-R47 and R72-
R95 are omitted. For the same reason the serial 
resistors R48-R71 and R96-R119 are replaced with 
100Ω values. This has done no harm to the DACs 
despite the different logic voltage levels used, so it 
proves to be a good solution. 

The Digital-to-Analog Converters used (AD9753 
[8]) are 12-bit fast (300MSPS) devices, so updating 
them with a 40MHz clock frequency (which leads to 

80MSPS update rate) fits perfectly into their usable 
range leaving space for even faster modulators 
implementing more powerful signal processors. The 
DACs are designed for differential clock drive, but a 
single-ended clock interface is also possible as the 
implemented in the proposed design. It is achieved 
through the threshold setting divider networks R16-
R17 and R18-R19 with the capacitors C16 and C17 
providing filtering of the threshold voltage. The 
40MHz clock signal, which is actually a buffered 
version of the EZ-KIT LITE system clock, is supplied 
to both converters through the serial resistors R20 and 
R21, which should limit overshot and ringing 
problems. A possible (but not implemented) voltage 
translation of the clock signal can be achieved through 
the R120-R121 divider. On the prototype board the 
R120 has been replaced with a 100Ω value and R121 
is left unpopulated. There is an option to supply the 
clock to the DACs not from the EXP_CLK input but 
from the external memory write signal (WR\) through 
the R125 resistor. If this option is not used (as in the 
design proposed) R125 should be left unpopulated. 
The AD9753 employs an interesting architecture, 
where two consecutive samples data is supplied on 
two ports (every x 12-bit) of the converter (P1B11-
P1B0 and P2B11-P2B0) and this 2x data is clocked 
into the DAC with a single clock source on a single 
clock cycle. This special feature is possible through 
the use of an internal PLL, doubling the external clock 
frequency. For the design proposed  this means that 
clocking the converter with 40MHz actually leads to 
80MHz conversion rate. The drawback is that 48-bit 
data is needed for supplying 4 12-bit values for 2 
QAM symbols every cycle. This is a heavy 
computational burden for the DSP, so Direct Memory 
Access (DMA) will be implemented to transfer data. 
To accommodate different input clock rates the PLL 
range controller is set-up through the DIV1 and DIV0 
logic levels (in the proposed design it is set to the 
range 25MHz – 100MHz). The PLL uses external 
loop filters (R22-C20 and R23-C21). The external 
PLL Reset input (RESET pin on U1 and U2) is 
implemented only in the PLL disabled mode to ensure 
proper synchronization, so in the 2x-clock-case it is 
tied to ground. The converter outputs are differential 
current type, so the full-scale current output is set 
through the resistors R14 and R15 connected to the 
FSADJ-pins. This maximum current is determined by 
the internal voltage reference (1.2V), divided by the 
current-setting resistor (1.9k) and amplified 32-times 
to give 20mA of driving capability. The internal 
reference needs to be carefully filtered, which is 
accomplished with the C18 and C19 capacitors. The 
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two outputs IOUTA and IOUTB both swing between 
0mA and 20mA. The composite load seen by them 
due to the filtering network and the I-to-V translating 
resistors R1, R2, R3, R5, R6 and R7 is 48Ω. Actually 
the full-scale differential voltage swing at the output 
should be 2Vp-p, but it is limited to 1Vp-p at the inputs 
of the U3 modulator because the output resistors are 
not ground referenced but interconnected through the 
filtering network. The filter consisting of C1, L1, L2, 
R4 and C2 for the Q-channel and C3, L3, L4, R8 and 
C4 for the I-channel is a 51MHz low-pass filter. The 
separate analog and digital supply voltages of the 
digital-to-analog converters are carefully filtered by 
means of the C32-C41 and L7, L8 components. As 
monitoring the outputs of the DACs is the easiest way 
to observe the constellation diagrams of different  
digital modulations on a conventional oscilloscope, set 
in X-Y mode of operation, the monitoring points J3 
and J4 with matching resistors R123 and R124 are 
provided. In an experimental setup the Y-input of the 
scope is connected to the J3 connector and the X-input 
is connected to the J4 connector. 

The modulation of the QAM-data on a carrier is 
performed by the U3 AD8345 quadrature modulator 
[5]. This circuit has differential baseband inputs for 
the two component signals (I and Q), which should be 
biased to 0.7V and driven to a maximum 1.2Vp-p 
differential voltage. With such an arrangement (which 
is exactly followed by the proposed circuit) an output 

power of approximately -1dBm should be obtainable 
from the RF-output of the modulator (available at the 
J2 RF_OUT connector with AC decoupling 
accomplished by C31). The modulator is supplied 
with a differential LO (local oscillator) signal on its 
LOIP and LOIN-inputs, which should be AC-coupled 
to the external oscillator. This has been done with the 
C7 and C8 serial capacitors. The AD8345 internally 
generates its in-phase and quadrature LO-signals 
through a special phase splitter. This is the internal 
component which limits the usable frequency range of 
the carrier to 250MHz ÷ 1000MHz. Again the two 
power supplies of the modulator – one for the bias cell 
and the LO-buffers (VPS1) and one for the baseband 
voltage-to-current converters and the mixer core 
(VPS2), should be properly filtered, which is 
accomplished with the C22-C25 components. The 
AD8345 has an enable-pin, which can be used to put 
the device in power-saving sleep mode. This option is 
not used so the ENBL-pin is tied to the VCC-supply 
voltage. 

The RF local oscillator signal at 433.92MHz is 
generated by the MAX2620 (U4) integrated oscillator 
with buffered outputs [9]. The part is perfectly suited 
to interface with the AD8345 as it has differential 
outputs. As these outputs are open-collector type they 
need external pull-ups. These pull-ups can be simple 
resistive matching networks (typically 50Ω), but 
optimal output power transfer is achieved when using 
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Fig.5. Complete schematics of the DM9753 digital modulator board (DSP-board not included). 
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inductors as pull-ups and matching impedances 
simultaneously. This is the intention of including the 
L5 and L6 parts with additional power supply filtering 
components C5 and C6. The main building block of 
the MAX2620 is a common-collector negative 
resistance type oscillator, which employs parasitic 
elements in the IC to create the negative resistance at 
the base-emitter ports. The oscillation frequency is 
determined by an external resonant circuit, which can 
be both inductor and ceramic resonator. In the 
proposed design CER1 is the resonant tank, which is 
capacitively coupled to the oscillator, as it is internally 
biased to an optimal operating point. The coupling is 
accomplished through the C13 capacitor and both C11 
and C12 components are used to fine-tune the 
negative resistance of the circuit for the desired 
frequency range. Depending on the type of the 
resonator tank circuit varying the C14 capacitor from 
1.5pF to nearly 100pF in combination with long 
inductive leads will ease start of the oscillation. It is 
possible to fine-tune the frequency of the oscillation 
through the capacitively coupled (via C15) D5 
varactor diode and the tuning components R11-R13.  
To increase the tuning range the tuning voltage is 
derived from the +5V supply and not from the down-
regulated 3V3 needed for the integrated circuits. The 
MAX2620 can be shutdown through the SHDN\-pin, 
a feature that although not employed by this design 
(the SHDN\ is hardwired to the supply via R10 thus 
the part is always on) can be very useful in preventing 
EMC pollution and problems. As with the other 
integrated circuits on board proper filtering of the 
supply voltages is essential especially for achieving 
low noise and spurious performance of the oscillator. 
The R9, C9 and C10 components aid to achieve this 
design goal. 

All integrated circuits in the design are powered by 
a 3.3V regulated power supply produced by the U6 
ADP3339-3.3V integrated regulator [12]. Associated 
with this regulator are the filtering components C28-
C30. There are two ways of obtaining the input 
voltage for the 3.3V regulator. The more conservative 
one is to use another +5V voltage regulator (U5 – 
LM7805) with its associated filtering components C26 
and C27. The power for this on-board 5V regulator is 
obtained from a wall-cube adapter through the J1 
power jack and the voltage reversal protecting diode 
bridge D1-D4. The other more compact solution is to 
derive the power for the DM9753 on-board regulator 
from the SHARC EZ-KIT LITE board. The advantage 
of this solution is its compactness as the external +5V 
is carried through the board interconnecting ribbon 
cables – the 5V line (+5V _EXT) and the ground 

(GND) are severely duplicated on the connectors JP1 
and JP2. The selection between external wall-cube 
supply and SHARC derived power is done through a 
jumper setting at JP3 connector. 

 

 
Fig.6. Component side of the DM9753 prototype board. 

 
Fig.7. Solder side of the DM9753 prototype board. 

VI. Device Prototype 
The proposed DM9753 digital modulator board is 

a substantiation of the general concept of using a DSP 
to accomplish digital modulation. It was build as a 
daughter board to interface to the SHARC DSP EZ-
KIT LITE evaluation board. Almost all parts on the 
PCB, which is a double-sided plated through holes 
type, are surface mounted devices. Photos of the 
prototype board are shown in Fig. 6 – Fig. 9. The top 
side of the board is presented in Fig. 6 and the bottom 
side in Fig. 7. The bottom side is very sparsely 
populated with components. The DSP-board with the 
ADSP-21061 SHARC processor is shown on the 
photo in Fig. 8 (the FLAG1 and IRQ1-buttons, which 
will be used to control the modulator, are visible) [6]. 
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The complete assembly representing the digital 
modulator is shown on the photo in Fig. 9. The 
interconnecting ribbon cables of equal length, 
mentioned in the hardware implementation section, 
and the two scope probes connected at the QAM_X 
and QAM_Y outputs of the DM9753 used to display 
the QAM constellation diagrams on a conventional 
oscilloscope shall be noted. 

 

 
Fig.8. The EZ-KIT LITE DSP evaluation board. 

 
Fig.9. The complete digital modulator combining the DSP 

and DM9753 prototype boards. 

VII. Conclusion 
The proposed concept of a digital QAM modulator 

based on DSP-techniques and the practical 
implementation as the DM9753 evaluation prototype 
board presented in this article will be used in a future 
work to test various DSP-algorithms for performing 
different concomitant to the modulation tasks – 
symbol remapping, TCM-encoding, RRC-encoding to 
combat ISI, adding noise to random test sequences. 
The DSP-algorithms shall be tested on the prototype 

hardware implementation to prove the efficiency of 
the underlying concept. 
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Narrow beamwidth antenna for  
DTH satellite television 

Peter Z. Petkov, Boncho G. Bonev 
 

The exponential growth of channel number and services transmitted lead to exhaustion of 
existing satellite orbital positions, and traced the path for new regulations in an industry last 
regulated in the mid of 20-th century. Recent developments in DTH satellite television, particularly 
HDTV and SHDTV put a high requirements to the whole receive subsystem. One of the most 
problematic issues is the adjacent satellite interference in DTH receive systems. Due to fact that user 
terminals are relatively small in size, the antenna receives signals along with the primary satellite, at 
least from one or two neighbors in addition, which leads to decreased Eb/No and may totally disrupt 
the service in adverse weather conditions. In this paper a new, shaped, narrow beamwidth offset 
antenna for DTH satellite television is developed and proposed. Radiation pattern and antenna gain 
for three different frequencies are simulated, experimentally estimated, and compared with these of 
conventional offset antenna with the approximately same size. 

Антена със стеснена диаграма на насочено действие за спътникова телевизия 
(Петър Ж. Петков, Бончо Г. Бонев). Експоненциалният ръст на каналите и услугите 
предлагани от сателит (спътник) доведе до изчерпване на наличните орбитални позиции и 
стана причина за началото на нови регулации в индустрия, в която не бяха правени промени 
през последните 40 години. Последните нововъведения в сателитната телевизия за домашно 
ползване - висока и свръхвисока разрешаваща способност поставят високи изисквания към 
цялата приемна подсистема. Един от най-големите проблеми са смущенията по съседен 
сателит в приемната част. Заради относително малкият размер на приемната антена, 
едновременно се приемат сигналите от основния и съседни сателити, което води до 
понижаване на отношението Eb/No и може напълно да преустанови услугата в случаи на 
влошаване на времето. За потискане на тези смущения,  в настоящата статия е предложена 
модифицирана  антена с елиптична апертура. Симулирани и измерени са ДНД и сравнени с 
такива на обикновена, серийно произвеждана антена с идентичен геометричен размер.     

 

Introduction  
The rapid development of information technolo-

gies and in particular satellite communications re-
quires the transmission of increasing amounts of in-
formation. This poses a number of challenges for sat-
ellite communications technologies, using geostation-
ary orbit. Decision may be sought on the one hand 
with the use of higher frequency bands and on the 
other by reducing the distance between satellites in 
geostationary orbit and increasing their number. The 
latter approach, however, is also connected to another 
problem - interference from adjacent satellites. The 
downlink protection criteria in the Plan for GSO BSS 
systems with national coverage based on a completely 
digital technology for television programs transmis-
sions for Regions 1 and 3 countries (Europe, Africa, 
Asia and Australia) adopted by the World Radiocom-
munication Conference 2000 (WRC-2000) are based 

on the 60 cm reference antenna radiation pattern for 
the BSS receiving earth stations. It is taken from ITU-
R Recommendation BO.1213 with a half power 
beamwidth of 2.86° and included in Annex 5 of RR 
Appendix 30 [1]. One of possible ways to avoid this 
interference is to use antennas with a narrow main 
beam in the azimuthal plane, while maintaining their 
size in the same range, and retention of their relatively 
low cost. 

In this article are proposed such an antenna with 
elliptical aperture equivalent to about 60 cm circular 
aperture. The experimental researches of its gain and 
co-polar and cross-polar radiation patterns in the open 
range are presented. The results are analyzed and 
compared with these of the standard 60 cm offset an-
tenna for DTH television. It is of highest importance 
the fact that both antennas has identical area (therefore 
identical windload and mass), which highlights the 
efficiency of the proposed model. 
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Antenna design 
The proposed antenna design is based on paraboloid 
shape main reflector, cut out with an oval rim. The 
rim shape is selected in a manner to introduce 
reduction in the main lobe of the antenna, with edge 
illumination kept in control for low sidelobes, while 
the antenna gain still see a minimal reduction, 
predicted by PO technique [6]. To achieve a proper 
edge illumination level for oval (not circularly 
symmetric rim) a special dual mode feed horn (Fig. 2) 
was developed. In general, a single mode horn 
combined with elliptical aperture will be sufficient to 
provide edge illumination good enough for the low 
first side lobes (Fig. 6), however the induced currents 
on the reflector will have a component, degrading the 
cross-polar pattern of the antenna. In order to suppress 
the cross-polar component and improve the cross-
polar pattern and antenna performance over the 
frequency band of operation (10.7-12.75 GHz), a 
second order circular mode (TM11) is excited in the 
horn [3]. The phase relation between the modes is 
controlled with the proper selection of the horn length 
after the mode launcher and aperture flaring. The 
flaring causes excitation of additional high-order 
modes, however it was determined that their 
amplitudes are low enough to impair the horn pattern 
and particularly cross-polarization component level. 
This problem is addressed by application of MMT 
technique [2]. Since the proposed antenna has an 
offset geometry it still has a rise of the cross-polar 
component levels in the Azimuth plane, the proposed 
technique helps these levels to be kept within 
predefined maximum limits. For further reduction of 
the spillovers and improvement of the horn (primary) 
pattern a quarter-wave choke is introduced around the 
horn aperture. The experimental antenna horn was 
precisely machined out of aluminum block on a CNC 
machine. All these measures led to bore-sight cross-
polar levels of -40 dB across the band for the 
secondary pattern. Additional measurements were 
conducted on casted aluminum samples, and they 
show a slight degradation of the cross-polar 
performance to -35dB, which is still a satisfactory 
result for receive-only antenna, and will completely 
exclude the chance of cross-polar interference on the 
received channel. The prototype of the main reflector 
is milled out of large single piece aluminum block 
which lead to surface deviation of 0.05mm (~2thou) 
RMS against the ideal shape. Such deviation will 
introduce 0.02dB gain reduction [4], [5] - an 
insignificant value, comparable with the error of the 
measurement instrument.  

 

 
Fig. 1.  Common view of Narrow-beam antenna. 

Additional loss may occur due to imperfect surface 
roughness, however estimations are for another 0.02-
0.05dB (antenna surface was brushed). 

The experimental antenna will not count for the 
large surface deviations which occur in stamped 
regular production antennas, due to material spring-
back and tooling imperfections and will lead to pattern 
and side-lobe deviations. Such analysis should be 
performed on regularly produced samples only. 

Experimental results 
The measurements of the radiation patterns of the 

standard and proposed antennas were implemented in 
open range on the setup given in Fig. 3. For the source 
was used standard 60 cm parabolic antenna powered 
by the tracking generator -synthesizer (TG) with max 
power -10 dBm, and amplifier with gain of 20 dB. In 
distance of approximately 90 m the antenna under test 
was situated on a turn table with angle resolver. The 
received power level was measured with spectrum 
analyzer (SA) connected to a PC, where the data was 
automatically collected. 

The optical encoder FRP-6C (ZGPU, Gabrovo, 
Bulgaria) provides 2500 counts per turn, therefore the 
angular resolution achieved (0.1 deg after internal 
interpolation) is sufficient enough to provide 
reasonable number of points in order to recreate 
antenna pattern for the frequency bands and 
geometrical dimensions specified before. The distance 
is selected (Fig. 3) for far field for the source and 
antenna under test [7]. There is a minimal phase 
discrepancy of 0.15 deg and amplitude distortion of 
0.2dB over the AUT aperture, which will lead to no 
pattern distortion during pattern measurement and 
accurate interpretation of measurement results.     
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Fig. 2.  Antenna feedhorn 

The measured results are depicted on Fig. 4 – Fig. 
6, for low, mid and high end of the TV Receive band. 
It is clearly evident that the main beam of the AUT is 
narrower than the beam width of a standard antenna in 
the region 2 to 3 deg, where usually interferers are 
located. This provides additional 5-10 dB adjacent 
satellite interference protection in favor of the 
proposed design. 

The side lobes of the optimized antenna are also on 
par or lower compared to the standard antenna. For 
the source was used standard 60 cm parabolic antenna 
powered by the tracking generator (TG) with max 
power -10 dBm, and amplifier with gain of 20 dB. 

 

 
Fig. 3.  Experimental setup for radiation pattern 

measurement. 

 In distance of approximately 90 m was situated 
the tested antenna on the turn table with angle 
resolver.  

The received power level was measured with 
spectrum analyzer (SA) connected to the PC, where 
the data were automatically collected.The optical 
encoder FRP-6C (ZGPU, Gabrovo, Bulgaria) provides 
10 000 counts per turn, therefore the angular 
resolution achieved (0.1 deg after internal 
interpolation) is sufficient enough to provide 
reasonable number of points in order to recreate 

antenna pattern for the frequency bands and 
geometrical dimensions specified before. 

 
Fig. 4.  Measured Antenna Radiation Patterns  

at 10.7GHz. 

 
Fig. 5.  Measured Antenna Radiation Patterns  

at 11.725GHz. 

The distance is selected (Fig. 3) for far field for the 
source and antenna under test [7]. There is a minimal 
phase discrepancy of 0.15 deg and amplitude 
distortion of 0.2dB over the AUT aperture, which will 
lead to no pattern distortion during pattern 
measurement and accurate interpretation of 
measurement results. 

The measured results are depicted on Fig. 4 – Fig. 
6, for low, mid and high end of the TV Receive band. 
It is clearly evident that the main beam of the AUT is 
narrower than the beam width of a standard antenna in 
the region 2 to 3 deg, where usually interferers are 
located. This provides additional 5-10 dB adjacent 
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satellite interference protection in favor of the 
proposed design. The side lobes of the optimized 
antenna are also on par or lower compared to the 
standard antenna designs. 

 

Fig. 6. Measured Antenna Radiation Patterns  
at 12.75GHz 

The dual mode horn provides very low cross-polar 
component level for the center of the band and the 
levels are comparable in the band edges. This is a 
typical performance of a Potter horn, which despite its 
simplicity is still a narrowband solution. The newly 
developed  horn patterns (co-polar only) are depicted 
on Fig. 7. Over the subtended angle (around 50 deg) 
the new design shows significant difference (10dB) in 
the levels of edge illumination. 

 
Fig. 7.  Optimized feedhorn pattern. 

This power flux distribution leads to lower side 
lobes in the H-plane and improves overall antenna 
efficiency to about 65%, which is almost impossible 

to achieve with rotationally symmetric horns and 
asymmetric shape of the reflector.  

Table 1 
Measured gain of Standard and Optimized antenna 

Antenna 10.7GHz 11.725GHz 12.75GHz 
Standard 36.0dB 36.2dB 36.6dB 
Optimized 36.2dB 36.4dB 36.8dB 

The dual mode horn provides very low cross-polar 
component level for the center of the band and the 
levels are comparable in the band edges. This is a 
typical performance of a Potter horn, which despite its 
simplicity is still a narrowband solution. 

The gain of both antennas is compared in Table 1. 
It is clearly seen that proposed design has certain 
advantage in the performance.  
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Recent trends and future developments of SCP-RPSC  
high altitude platform systems 

 
Veselin B. Demirev 

 
 

A new technology for broadband wireless access to the fixed networks, named High Altitude 
Platform Systems (HAPS) is under development now as an effective solution of the “Last mile” 
communication problems. The application of the proposed by the author SCP-RPSC approach in 
broadband HAPS communications was reported in several previous reports. It is based on a new 
principle for virtual electronic beam steering of high gain antennas with sufficient isolation among the 
space distributed radio sources. A retrospective review of the step by step approach, used by the 
author for development of SCP-RPSC technology in HAPS, is given in this report. Applications, 
dealing with Line of Sight, Non-Line of Sight and Feeder Lines are considered too. The traffic 
capacity of such systems is compared with the conventional HAPS system, based on multiple “spot 
beams” approach.   

Последни тенденции и бъдещото развитие на SCP-RPSC системи на високи 
платформи (Веселин Демирев). Една нова технология за широколентов радиодостъп до 
фиксираните мрежи, наречена Системи на високи платформи (HAPS) навлиза в борбата за 
евтина и ефективна “Последна миля – Last mile” на широколентовия пренос. Приложението 
на разработения от автора принцип SCP-RPSC в широколентовите HAPS комуникации е 
изложено в няколко предишни публикации. При технологията  SCP-RPSC се осъществява 
виртуално електронно сканиране на един или няколко антенни лъча с голям коефициент на 
усилване и с висока пространствена избирателност. В настоящата работа са представени 
различните етапи от развитието на предлагания подход за условия на директна 
радиовидимост, многолъчево разпространение и за фидерни HAPS линии. Резултатите от 
анализа на трафичния капацитет на една SCP-HAPS система са сравнени с тези на 
конвенционална HAPS система, използваща технологията “spot beams”. 

 

Introduction 

The HAPS (High Altitude Platform System) 
denomination was defined in the World Radio 
communications Conference (WRC-97) as a station 
located on an object at an altitude of 20 to 50 km and 
at a specified, nominal, fixed point relative to the 
earth. The systems based on HAPS represent a 
technological alternative that has been under 
development for the last few years [1, 2], although the 
investigation of unmanned aerial vehicles had started 
around the world about 40 years ago. 

These systems could have many advantages 
compared with both terrestrial and satellite systems. 
Various applications and services are planned to be 
provided by HAPS, which could be classified as 
narrowband or broadband, depending on the 
bandwidth required, as well as fixed or mobile. 
Subscribers will transmit their information directly to 

the platform, where on-board switching devices will 
route traffic directly to other subscribers within the 
same platform coverage area or through 
heterogeneous networks. A system based on HAPS 
will allow a better signal quality to be obtained in the 
receiver, owing to the fact that during most of the 
transmission time, the system is under a Line-Of-Sight 
(LOS) condition. This reduces shadowing effects in 
comparison with terrestrial systems. HAPS also 
experiences less propagation delay with regards to 
satellite systems. On the other hand, HAPS and 
satellite systems suffer less from shadowing and 
multipath distortions because they are exposed to high 
angle of arrival signals. Each HAPS can deploy a 
multi-beam antenna capable of projecting numerous 
spot beams within its potential coverage area. The 
platforms act as the highest cell tower in town. In a 
system based on HAPS, the platform is positioned 



“Е+Е”, 1-2/2015 31

above the ground to create a radio electric coverage 
area or a service area of up to 500 km in diameter.  

There are several reasons for using a kind of 
aircraft station-keeping as a base station for broadband 
wireless systems, such as: 

• The platforms do not require a launch vehicle, i.e. 
they can move under their own  power or remain 
stationary, and they can be brought down to 
Earth, refurbished and re-deployed; 

• Once a platform has reached its final position, it 
can immediately start operating within its service 
area without the need to deploy a global 
infrastructure or constellation of platforms to 
operate; 

• The platform altitude enables the system to 
provide a higher frequency reuse and thus higher 
capacity than other wireless systems; 

• Each platform can be retrieved, updated, and re-
launched without service interruption; 

• The stratospheric altitude provides subscribers 
with short paths through the atmosphere and 
unobstructed line-of-sight to the platform; 

• With the use of small antennas and having low 
power requirements, the HAPS allows for a wide 
variety of fixed and portable user terminals to 
meet almost any service requirement; 

• HAPS can be classified as the third layer of 
communications infrastructure after satellite and 
terrestrial systems. It can provide rapid coverage 
and high capacity, capable of serving densely 
populated cities, suburban as well as rural and 
remote areas where there still exists poor mobile 
and narrowband connections, hence 
complementing the existing wired and wireless 
infrastructure. 

Figure 1 shows an example of the architecture 
required in a HAPS communication system. Elements 
such as stratospheric stations, ground stations for 
telecommunications and flight control and fixed or 
mobile subscriber stations for broadband services are 
shown. 

A communication system based on HAPS can 
be composed basically of two main elements: a 
stratospheric segment and a ground segment. The 
HAPS ground segment supports operations between 
the HAPS and users on the ground, as well as 
controlling some functions related to the operation of 
the HAPS itself. The interface with other existing 
terrestrial networks is performed here, where flight 
control and gateway operations also take place. Every 
object in a position under the HAPS radio coverage 
can communicate using the communication air 

interface from subscribers up-linking to the HAPS and 
down-linking to the ground station, which delivers the 
signals to the subscriber terminal or other system 
signal-processing platform. At the same time, the 
ground station equipment controls the flight of the 
HAPS to ensure that it stays in the proper relationship 
to the coverage areas on the ground, allowing the on-
board antennas to do their work efficiently. The HAPS 
is connected to the rest of the terrestrial 
telecommunications network via the backhaul link 
through the ground station. 

 
 

 
 

Fig. 1. HAPS architecture concept. 
 

At WRC-97 the concept of HAPS was formally 
introduced into the Radio Regulations as a separate 
category of radio stations and a new provisional rule 
of procedure was decided upon. On this occasion, the 
conference made provisions for operation of HAPS 
within the fixed service in the bands 47.2/47.5 and 
47.9/48.2 GHz. The potential use of HAPS in 12 
countries was later agreed, in the bands 27.5–28.35 
and 31.0–31.3 GHz (28/31 GHz bands), since the 
47/48 GHz bands are more susceptible to rain 
attenuation in some areas for ground to HAPS 
operations. 

 
HAPS problems 

Being an entirely new telecommunication 
technology in a new very high frequency band, HAPS 
technology still suffers many problems, as follows: 

• The position and orientation of the platform 
must be carefully maintained within a particular 
location and direction to ensure that coverage 
on the Earth is fixed. The stratosphere is 
characterized by strong winds; hence some 
means of controlling the location of the 
platform is needed. The shaking of the platform 
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due to the wind or other reasons will shift the 
position of the cells on the ground, leading to 
system blockage and use of tracking terminal 
antennas; 

• The high speed mobile terminals will suffer 
high Doppler shift due to the used frequency 
band were the tracking terminal antennas are 
unpractical;  

• The number of the platform spot beams should 
be in order of thousands, impossible for the 
existing mm wave-length antennas; 

• In urban areas, situated in the end of the served 
area, only the roofs of the buildings have LOS 
visibility conditions. Suitable Non-LOS HAPS 
technologies should be developed in such cases.  

These problems could be solved by means of the 
developed in the last decade SCP (Spatial Correlation 
Processing) - RPSC (Random Phase Spread Coding) 
technology.  

  
SCP-RPSC technology in HAPS  

The main objectives of the SCP technology [3], 
[4], [6] are:  

• To receive one or more radio signals coming 
from one or several spatially distributed sources  
(satellites, HAPS stations), insuring high gain 
of the antenna system.  

• To ensure spatial selectivity high enough to 
cancel the same frequency channel interference, 
coming from different space directions, using 
simple one-channel receiver and specific  signal 
processing techniques. 

The objectives stated above are achieved by a 
patented method for radio communications, which 
proposes application of additional pilot signal 
transmitted in the band of information signals and 
available in the receiver by CDMA method of access. 
The SCP receiver terminal is equipped with random 
phased antenna array. The phase shifts among the 
signals, coming from the antenna elements, are 
random at the antenna output, regardless of the 
information source direction. These random phase 
spread’ signals correlate with the recovered pilot 
signal, phase spread in the same manner, in a signal 
recovery unit. The result of the correlation process 
between pilot and information signals is the recovered 
information signal at base band.  

One of the main parts of the SCP system is the 
random phased antenna. In principle all kind of 

antenna arrays could be used, but particular suitable 
for Ka band is the Radial Line Slot Antenna (RLSA).  

The main features of the SCP approach, when they 
are used in HAPS, are: 

• Simple and cheap passive RLAA, suitable for 
mass production in Ka frequency bands. 

• One channel microwave receiver with simple 
signal processing. 

• Omni-directional for the cooperative HAPS 
station, but with high figure of merit G/T. 

• Selection of different HAPS stations and 
polarizations by Pseudo-Noise (PN)-codes. 

• Soft handover and virtual multi-beams features. 
 
The application of the SCP principle in transmit 

mode [5, 6] was named Random Phase Spread Coding 
(RPSC). The main features of this technology, when it 
is used in HAPS communication links, include: 

• One channel convenient microwave receiver 
with simple signal processing; 

• Omnidirectional for the cooperative HAPS 
station, but with high equivalent (at base-band) 
EIRP; 

• Selection of different terminals and 
polarizations by Pseudo-Noise (PN) codes; 

• Soft handover and virtual multi-beam features; 
• The coherent demodulation by means of pilots 

cancels the Doppler shifts and phase jitter, 
introduced by local oscillators in the HAPS 
system;  

• Providing of full duplex HAPS communications 
with one simple and cheap transmit-receive 
terminal antenna, using combined SCP-RPSC 
technology in both directions;  

• The transmitted random poly-phase spread 
signals are uniformly radiated in the space 
above the terminal antennas. Several HAPS 
stations, equipped with the same SCP receivers 
and providing space diversity, receive them. 
The knowledge of the receiving HAPS station 
positions for the transmitting equipment is not 
necessary (as it is  for a conventional ground 
terminals); 

• The transmitted random poly-phase spread 
signals have low power spectral density and 
low detection probability for the conventional 
microwave receivers, as well as high protection 
against active jamming; 

• The SCP-RPSC approach could be a 
breakthrough technology, leading to 
unpredictable increase of the frequency reuse 
factor in HAPS wideband networks. Close 
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situated ground terminals could communicate 
with HAPS stations, using the same frequency 
channel without interference. The isolation 
among the terminals will be provided by their 
specific random phase spread coding.     

The application of SCP-RPSC approach to solve 
the antenna problems of mm-wave HAPS was 
proposed by the author several years ago [7, 8, 9]. The 
first reports deal with LOS mm-wave propagation 
environment, which is accepted by the communication 
community as the only way to communicate in these 
frequency bands. Possible applications of SCP-RPSC 
technology in a HAPS LOS base station are shown in 
fig.2. The proposed in the literature HAPS base 
stations use spot beams antennas, creating cellular 
type coverage on the earth surface. The problem here 
is the instability or the motion of the platform, leading 
to continuous handovers of the active terminals among 
different spot beams. The application of SCP-RPSC 
approach in HAPS base station will cancel the 
problem by creating individual virtual steering 
antenna beams toward each fixed or mobile earth 
terminal, as it is shown in fig.2. 

 
 

Fig.2. Architecture of a SCP-RPSC HAPS base station. 

Possible use of SCP-RPSC technology in HAPS 
LOS terminals are shown in fig.3.  

Possible uses of SCP-RPSC technology in HAPS 
feeder lines and inter HAPS links are shown in fig.4. 

Non Line of Sight (N-LOS) mm-wave HAPS 
In high building city environment most of the 

terminal links will be shadowed, leading to necessity 
of more and more new earth terminals and HAPS 
stations. The preliminary studies [10] show that SCP-
RPSC technology could successfully solve the 

problem. One of the main advantages of this 
technology is the possibility to create simultaneous 
several narrow virtual antenna beams.  

 
Fig.3. Possible applications of SCP-RPSC technology 

HAPS LOS terminals. 

 
Fig. 4. Possible use of SCP-RPSC technology 
 in HAPS feeder lines and inter HAPS links. 

In N-LOS HAPS case this feature could be used in 
order to gather the energy of the multipath beams, 
reflected from the different buildings, in phase at 
baseband (similar to the CDMA), as it is shown in 
fig.5. 

A block-scheme of a SCP Rake receiver for HAPS 
mixed LOS and NLOS propagation environment is 
shown in fig.6. Here a typical SCP receiver is used, 
but at low Intermediate Frequency (IF) several Rake 
channels are created. Each of them consists of pilot 
recovery unit and signal recovery unit. The pilot 
recovery units are fed by the used PN-code, properly 



“Е+Е”, 1-2/2015 34

time shifted according to the time offset of the 
different reflected signals. Each recovered pilot signal 
is sum of several thousand random phased signals 
(equal to the number of the antenna array elements). 
According to the CLT (Central Limit Theorem) such 
sum has Gaussian random probability distribution. In 
the signal recovery units the corresponding recovered 
pilots correlate with the spread in the same manner 
information signals, coming from the same reflecting 
points.  

 

 
Fig. 5.  Possible use of SCP-RPSC technology in HAPS 

mixed LOS and NLOS propagation environment 

The baseband outputs of the correlators are time 
delayed with the specific time delays, as follows: 
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naRΔ  is the distance between the base station and n-

th reflecting point, nbRΔ  is the distance between the 
n-th reflecting point and the terminal antenna and 

( )nbna RR +max  is the longest one way propagation trip 
base station – reflecting point – terminal antenna.  For 
this finger channel the reflected beam is with 
maximum time delay and the introduced by the 
system additional time delay at baseband is zero. 

The total baseband output signal of the proposed 
system is sum of the delayed signals of the different 
Rake fingers: 
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The created in such manner several virtual high 
gain antenna beams are directed towards the different 
reflecting points. The reflected signals will be 
received with high antenna gain and will be well 
isolated each other (they will not be separated only by 
the autocorrelation function of the used spreading 
code as it is in the famous CDMA techniques). The 
angles among the different reflecting points toward 
the terminal antenna should be wider than the created 
virtual antenna beams (the beam-width of the SCP 
Spatial Cross – Correlation Function).  

 
Fig. 6.  Block-scheme of SCP Rake receiver in HAPS mixed 

LOS and NLOS propagation environment. 

The procedure for the HAPS up-links, using RPSC 
approach, will be similar to the previous case. The 
Rake receiver for the different pilots multipath 
components will be situated at the base station site and 
the signal processing will be similar too. 

Analysis of traffic capacity of SCP HAPS 

As it was mentioned above, the proposed in the 
literature HAPS base stations use spot beams 
antennas, creating cellular type coverage on the earth 
surface. The application of SCP-RPSC approach in 
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HAPS base station will create individual virtual 
steering antenna beams toward each fixed or mobile 
earth terminal, as it is shown in fig. 2. In such way 
additional advantage appears - significant 
improvement of the traffic capacity. The detailed 
analysis, based on the theory of the “spatial 
sterradians” [11], shows an increase of more than 10 
times comparing with the traditional “spot beams 
approach”, reaching about 4000/km2. It is shown in 
[11] too that by means of SCP technology it is 
possible to create several hundred individual steering 
virtual antenna beams on the HAPS station for 
tracking the active fixed and mobile ground terminals.   

Doppler shift immunity of SCP-RPSC HAPS 
    The Doppler shift in wireless communications, due 
to the relative motion between transmitter and receiver 
site, is: 

(4) θ
λ

cosVf d ±=       

where θcosV  is the radial speed between two sites 
and λ  is the used wavelength. The expected Doppler 
shifts in HAPS communication lines when high speed 
vehicles as trains, cars ets. are equipped with HAPS 
terminals, is in order of several KHz due to the used 
very high frequency band. These high values of 
Doppler shifts lead to problems in the receiver 
coherent demodulation systems. In SCP-RPSC 
technology this problem is solved due to the used pilot 
signals, as follow [4]:  

Consider the matrix presentation of the signals in a 
SCP system, given in [3].  

Let ncs  be the transfer function between the 
cooperative HAPS station and the n -th element of the 
random phased RLSA. Then:  

 

(5)          tjj
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where sncL  are the free space propagation losses,   

)cos(.sin.. nccnnc rk φφθψ −=  is the phase of the signal 
received by n -th element of RLSA relative to its 
center, λπ /2=k  - free space phase constant, nnr φ, - 
the coordinates of the n -th element of RLSA, cc θφ , - 
the angular coordinates of the cooperative satellite, 

dfπ2+
−=Ω  - the Doppler shift due to motion between 

the cooperative HAPS station and the mobile terminal 
antenna. Correspondingly the output signal, product of 
the multiplication process in the correlator unit, will 
be:  
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     The real part of the n-th diagonal term of the 
matrix (6) consists of: 
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The second term of Eq. (8) vanishes after Low Pass 
Filtering (LPF). The first term represents the 
demodulated information signal per antenna element 
at base-band and it does not depend on the Doppler 
frequency shift. The total base-band output signal will 
be N times more, equal to the trace of the matrix (6) 
(the N diagonal elements of (6) are in phase, not 
depending on the Doppler shift too): 

 
(9)      NiGBBO cc ...5,0+

−=    
  
    The conclusion is that due the similar Doppler 
shifts for the pilots and information signals (they use 
the same frequencies), during the correlation process 
the Doppler influence over the HAPS SCP-RPSC 
communication channel vanishes.   

Conclusion 
The proposed at WRC-97 new HAPS technology 

is very promising for the future fixed and mobile “last 
mile” broadband connections. It is very important for 
areas without telecommunication infrastructure, as 
well as for urban areas, where it is narrowband and 
supports only voice telephony. The allocated HAPS 
extremely high frequency band and the need of high 
traffic capacity create many problems, which could be 
solved only by the use of SCP-RPSC technology both 
on the HAPS platforms and in subscriber terminals.    
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CONTROL ENGINEERING 

Specialized controller for managment of  
industrial and consumer lighting 

Lyuben A. Iliev, Daniel L. Todorov, Nikolay P. Mihailov, Petko K. Mashkov 

 
A lighting controller prototype is presented, which is intended to be used for lighting control in 

poultry farms, where a precise control of the lighting cycle and intensity is required. Such farms re-
quire 24 hours per day control of the lighting in order to provide optimal results for the production 
and also the best living conditions possible for the poultry. The suggested controller can be used al-
so in industrial or domestic buildings and facilities in order to provide intelligent and energy effi-
cient lighting control. Several wide spread analog dimming control interfaces and digital communi-
cation interfaces are implemented for maximum with lighting power supplies. The implemented con-
trol interfaces are: Digital potentiometer with range from 0 to 100 KΩ with 255 steps; two PWM 
outputs, frequency controlled, from 100 to 10000 Hz and resolution of 255 steps; Phase control 
dimming module up to 16A mainly for incandescent lighting. Three different communication inter-
faces are implemented for data and command exchange: RS485, USB and RF 2,4GHz, with range 
up to 100 meters indoors. Operational data tables can be stored in 1 Mbit EEPROM and a Real 
Time Clock, battery buffered, is used for real time lighting programs. 

Специализиран контролер за управление на индустриално и битово осветление 
(Любен А. Илиев, Даниел Л. Тодоров, Николай П. Михайлов, Петко К. Машков). В тази 
статия се разглежда проектирането и изработката на прототип на контролер за освет-
ление, предназначен за управление на осветлението в птицеферми, където е необходим неп-
рекъснат прецизен контрол на осветлението за постигане на максимална ефективност при 
отглеждането на животните и минимални разходи на енергия. Представеният контролер 
също може да бъде използван за управление на индустриално и битово осветление с цел ав-
томатизация и ефективност. Вградени са някои широко разпространени аналогови интер-
фейси за димиране на осветителни тела. Те са: цифров потенциометър с обхват от 0 до 
100 KΩ с 255 степени, два широчинно импулсни изхода с управляема честота от 100 до 
10000 Hz и 255 стъпки, фазов димер с възможност за управление на ток до 16А. Три отдел-
ни комуникационни интерфейса са имплементирани за обмяна на данни между устройст-
вата: RS485, USB и безжичен RF 2,4GHz с обхват до 100m в затворени помещения. Предви-
дена е енергонезависима памет EEPROM с обем 1 Mbit за съхранение на оперативни данни и 
часовник за реално време за изпълнение на осветителни програми. 

 

I. Introduction 
A lot of advances were made the last few years in 

the field of lighting systems and sources. New more 
energy efficient LEDs are being placed on the mar-
ket every day, replacing the old incandescent lighting 
fixtures. The lowered energy consumption of the 
lighting sources is only one side of optimum energy 
consumption as a whole. The other side is creating 
intelligent energy management systems to control the 
lighting in the most efficient ways. A great amount 
of energy is being wasted for inefficient lighting due 
to bad design of the lighting system, lighting fixtures 

used and other factors. The article presents a lighting 
controller which has the purpose to provide intelli-
gent control of industrial and consumer lighting in 
order to achieve maximum efficiency, comfort and 
ease of control. 

II. Design 
The designed lighting controller is a prototype 

and includes various modules for communication 
and control (Fig. 1). 

The device is intended to provide control for dif-
ferent dimmable lighting power supplies (LED, Flu-
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orescent, Incandescent and others). There are several 
ways of dimming control implemented in the power 
supplies. Some of them are analog - pulse width 
modulation (PWM), variable resistance, (0-10) V, 
others are digital interfaces - DALI, KNX, EIB and 
other [1]. 

Only some of the available analog control inter-
faces are implemented in the current device, because 
they are easier to implement, require less elements, 
they are widely used and there are no certification 
fees. Additional interface to a thyristor dimmer or 
phase angle control dimmer is also implemented. It 
provides compatibility with incandescent lamp dim-
mers which can still be found in many industrial fa-
cilities. The device includes several widely used 
communication interfaces: RS485, USB and RF 
wireless module. 

The technical specifications are: 
• Power supply: 12V DC/1A max 
• 2 x PWM modules, frequency adjustable (100-

10000) Hz, resolution: 255 steps 
• 1 x digital potentiometer, (0-100) KΩ, resolu-

tion: 255 steps 
• 1 x RTC clock, adjustable, battery powered 
• 1 x RS485 transceiver 
• 1 x USB full speed port, configured as HID 

device 

• 1 x RF transceiver, 2.4 GHz, 1 Mbps, 300m 
outdoor range 

• 1 x External EEPROM up to 1 Mbit 
• 1 x 12V relay control up to 30A on contacts 
• 1 x Analog input (0-5)V, zener diode protect-

ed 
• 1 x Dimming control module for external triac 

up to 16A 

III. Analog and control interfaces 
Two separate PWM modules are implemented, 

which can be controlled undependably for two dim-
mable power supplies. They provide dimming con-
trol in the range from 0% to 100% in 255 steps. The 
signal has a magnitude of 10V (buffered) and there is 
an option to use 3.3V (not buffered) signal. Most of 
the power supply devices are compatible with 10V 
PWM signal. The second interface is a variable digi-
tal potentiometer with a range of 0 to 100 KΩ con-
trolled in 255 steps. The potentiometer integrated 
circuit is controlled by the MCU via serial digital 
interface (SPI). The triac dimming control module 
operates with voltages up to 230 VAC and for this 
reason it is separated from the low voltage circuits 
by using optoisolators. The MCU reads the AC volt-
age sinusoid and provides a start signal for and ex-
ternal thyristor in time intervals depending on the 

 
Fig. 1. Block diagram of the lighting controller. 
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dimming settings set in the software. This interface 
can be used for already installed incandescent dim-
mers. There is also one 12V relay control signal im-
plemented in order to fully turn ON/OFF a lighting 
installation. Relays up to 30A can be controlled from 
this output. One analog input is also included for 
reading of external sensor (photoresistor, tempera-
ture sensor or other). The analog input is protected 
by zener diode and the range is (0-5) V.  

IV. Digital Communication Interfaces 
The most used digital interface for connection 

with a PC today is the USB. The device has a func-
tionality of an USB compatible slave and can be 
safely connected to a PC for data exchange. The in-
terface is protected with voltage suppressors and can 
be used in electrically noisy environments. The other 
implemented interface is RS485 serial differential 
interface for communication between devices. It is 
also transient protected and can be used for imple-
mentation of different communication protocols. The 
third interface is the 2.4 GHz radio frequency wire-
less module. It is connected as a separate PCB mod-
ule when such communication is required. Two dif-
ferent types of modules are intended to be used - one 
with integrated antenna and one with external anten-
na and included high frequency signal amplifier de-
pending on the required range. Testing showed that 
using the module with integrated antenna can 
achieve range of about 150 m in open space and 
about (10-15) m indoors (through 2 concrete walls). 
The module with the external antenna achieves >300 
m outdoors and about 30 m indoors (4 concrete 
walls). The devices can be configured into an intelli-
gent wireless network and a whole building can be 
covered using several devices placed on different 
positions. This is very convenient for industrial facil-
ities or homes, where no cables for communication 
are installed.  

Additional features of the device are real-time 
clock (RTC) with battery supply in order to operate 
with preset timing program and external EEPROM 
memory to store different lighting cycles for indus-
trial control (in animal breeding farms like poultry, 
for example where different lighting cycles are need-
ed for proper breeding of the animals).  

V. Prototype Implementation and Testing 
After the design of the schematics, a PCB was al-

so designed and manufactured. A convenient enclo-
sure was chosen in order to ensure the safety of the 
device and convenient outlook (Fig. 2). The device 
was also configured as Human Interface Device 

(HID) and successfully recognized by a PC and also 
an USB communication was established. 

 

 
Fig. 2. Device prototype photo 

The prototype was tested with 2 CREE CXA-
2011 Series high power LEDs and MEANWELL 
LPF-40D-54, 54V/0.76A output parameters [2]. Two 
LEDs are used because of their spectral characteris-
tics in order to provide good conditions for the poul-
try farm, their manufacturability and accessibility. 
The spectral characteristics of both LEDs can be 
seen on Fig. 3. Actual spectrum that was measured 
during the testing is very similar to the one given in 
the datasheet [3]. 

 

 
Fig. 3. Cree CXA2011 Spectrum 

The testing was made according to a lighting pro-
gram for a poultry farm, where the illuminance rang-
es from 8 lx to 40 lx for different time periods. Some 
programs need to be 20 weeks in duration, while 
other may reach up to 72 weeks depending on the 
breed type, where illuminance must be controlled 
every day for given periods of hours [4, 5]. The illu-
minance of the LED is controlled by a digital poten-
tiometer in 255 steps as mentioned above. For every 
value from 0 to 255 set by the controller, corre-
sponds a lx value for the LED. The results from the 
measurement are shown on Fig. 4. The LED was 
placed on 240 cm. height, horizontal to the illumi-
nance meter. Assuming that the bird's eyes are 
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around (30-40) cm from the floor, depending on age 
and breed type, so actual height to the ceiling can be 
270-280cm.  

The figure shows that the dependence of the illu-
minance from the control byte value is almost linear. 
These coefficients are stored in the microcontroller's 

EEPROM memory in order to represent correct 
lighting conditions. Because the value of the control 
bytes adjusts a potentiometer ranging from 0 to 
100kΩ, one step represents 390.625Ω. The illumi-
nance of a LED powered by different dimmer from 
the one being tested can be obtained by the charac-

 
Fig. 4. LED illuminance vs. control byte value. 

 
Fig. 5. Current consumption vs. control byte value. 
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teristics of the dimmer and the given resistance of 
the potentiometer. 

Another key point for the program is the efficien-
cy of the lighting. The current consumption vs. the 
control byte is shown on Fig. 5 

From the graphic can be seen that the current 
consumption is linear to the control value. 

At illuminance of 8 lx, the power consumption of 
the LEDs is measured to be 1.9W and at the maxi-
mum of 45 lx, it is 11.6W total for both LEDs.  

VI. USB Communication and RTC Timing 
In order to set up the lighting controller, a USB 

communication is used. The device is configured as 
Human Interface Device (HID) in the microcontrol-
ler's firmware and is recognized automatically by the 
operating system. The testing was made using a HID 
communication terminal, but in later stage, a special-
ized software will be created. The device has a pro-
grammed name - "Lighting controller" and can be 
initialized by the HID terminal software. The RTC 
clock time can be set up by sending a control byte 
(0x22) and then a number of bytes corresponding to 
year, month, day, hour, minute, second. After send-
ing this information, the time and date in the RTC 
chip are set up and it starts counting the real time. 
The microcontroller can read the current time and 
date at any time and take the corresponding actions 
(adjust the luminance). 

For testing purpose, simple program settings are 
used. When a control byte "0x51" is sent to the 
MCU, it starts accepting data in the following 2-byte 
format: duration (h), illuminance (lx). The sets of 2 
bytes are stored consequently in the external 
EEPROM. A more efficient and less memory con-
suming algorithm is developed and will be imple-
mented for the final stage of the device.  

VII. 2.4 GHz RF Interface 
As mentioned above, the device is equipped with 

2.4 GHz RF transceiver module. This allows wire-
less communication – setting up the controller re-
motely or reading data from external remote analog 
sensor. The poultry farm buildings are long and 
wide, so the transmission range can reach around 
100m. If needed, a repeater can be placed where the 
signal attenuates. Also different wireless sensors can 
be used (temperature, humidity, illuminance, air 
quality etc.). A fully automatic complex system with 
many different modules without additional wiring 
can be implemented using the RF interface. 

VIII. Conclusion 
A specialized lighting controller was designed, 

manufactured and tested for the control of lighting 
processes in industrial areas. The change of the illu-
minance is controlled by PWM signal with maxi-
mum 255 steps. For maximum compatibility with the 
existing lighting drivers, a digital potentiometer with 
255 step control is also implemented. The device can 
communicate with a PC by USB protocol and with 
other devices by 2.4GHz RF communication.  
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Model order reduction for a single machine infinite bus power 
system  

Kamen L. Perev  

 
The paper considers the problem of model order reduction for a single machine infinite bus 

power system by using a Legendre polynomials approximation based balanced residualization 
method. The model examines the small signal behavior and explores the existence of dynamic stability 
for a synchronous generator connected to a large system through transmission lines. The single 
machine infinite bus is a linearized power system model consisting of two inputs, two outputs and ten 
state variables. The goal for model reduction is to facilitate the excitation, the governor controller and 
the stabilizing circuits design and to reduce the computational complexity in exploring the 
synchronous machine. The proposed method for model reduction is a two stage method, where a 
balanced realization is initially obtained and then, it is subjected to a singular perturbation 
approximation. Legendre polynomials approximation for the system gramians is used to avoid solving 
the usual large-scale Lyapunov equations and thus, reducing the complexity of the computational 
procedure. Several numerical experiments are performed, showing the good approximation properties 
of the presented method.  

 
Редуциране на реда на модела на генератор свързан към енергийната мрежа (Камен Л. 

Перев) Тази статия разглежда задачата за редуциране на реда на модела на синхронен гене-
ратор свързан към енергийната мрежа по метода на балансовата резидюализация с 
използване на полиномна апроксимация по Лежандър. Разгледаният модел изследва 
поведението на системата при малки сигнали и изучава динамичната устойчивост на 
синхронния генератор. Моделът представлява линеаризирано математично описание на 
електрическата система, което се състои от два входа, два изхода и десет променливи на 
състоянието. Целта е да се опрости синтеза на веригата на възбуждане, регулатора и 
стабилизиращите устройства, както и да се намали изчислителната сложност при 
изследване на синхронната машина. Предложеният метод се състои от две стъпки: при 
първата стъпка се генерира балансова реализация на първоначалния модел, а при втората 
стъпка се изчислява  апроксимация по метода на сингулярните смущения. В изчислителната 
процедура грамианите на системата се апроксимират в ортогонален ред на Лежандър, като 
по този начин се избягва решаването на обичайните уравнения на Ляпунов. Проведени са 
няколко експеримента, които потвърждават  добрите апроксимиращи свойства на метода.      

 

1. Introduction 
Dynamical system modeling is concerned with 

describing the relations and interconnections 
characterizing the explored physical processes. There 
always exists a trade-off between the complexity of 
the model and its accuracy. As higher is the accuracy 
of the mathematical description, as larger is the 
number of the differential equations representing this 
description. In such cases it is desirable to reduce the 
equations number while preserving the key features of 
the examined physical phenomenon. The procedure of 
model simplification by decreasing the dimensionality 
of the primary model is called model order reduction. 

Model order reduction finds application in simulation 
of physical processes and for implementation of 
lower-order controllers in feedback systems.    

Parallel with increasing the complexity of the 
system model, increases the complexity of the 
corresponding system controllers. Implementation of 
high-order controllers is usually accompanied with 
high computational cost, low reliability and different 
maintenance problems [1]. There exist three main  
approaches in reducing the size of the controller [2]: i) 
the direct methods, where low-order controllers are 
directly designed for high-order plants, ii) the indirect 
methods, where for high-order plants we design first 
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high-order controllers and then reduce the size of the 
controller and finally iii) we approximate the plant 
rather than the controller, where for high-order plants 
reduce first the order of the plant and then design the 
corresponding low-order controller. Model reduction 
is generally characterized with reducing the number of 
the state variables in the system description. There 
exist two main approaches for reducing the size of the 
state vector in control systems: state vector truncation 
and residualization [3]. State truncation is related with 
elimination of part of the state vector in the procedure 
of model reduction and the system matrices are 
obtained by truncation of columns and rows 
corresponding to the eliminated state vector 
components. If the reduced order model is obtained by 
balanced truncation, it preserves stability and enjoys a 
predetermined bound on the error of approximation. 
The transfer function of the reduced order system at 
infinity is equal to the transfer function of the original 
system at infinity however, the DC gains of the high 
order and the reduced order models mismatch [3, 4]. 
An alternative to state truncation is state 
residualization. State residualization is based on the 
method of singular perturbations, where the state 
vector is partitioned on its slow and fast part. The 
system model is reduced by neglecting the derivative 
of the state vector fast components and solving the 
obtained algebraic equation with respect to these state 
variables. The residualization method preserves the 
steady state gain of the system and possesses good 
accuracy in the low frequency range [3]. 

The problem of model reduction for a single 
machine infinite bus power system has been explored 
since the development of the small-signal model in 
[5]. In [6] is presented a mixed model reduction 
technique, which is based on partial fraction 
expansion together with the dominant poles concept of 
the power system. The obtained procedure is 
frequency domain based and accounts for certain 
approximation errors in steady state. However, the 
method fails to give clear relation between the order 
of truncation and the error of approximation. Genetic 
algorithm is used in [7] and a particle swarm 
algorithm is used in [8], where the goal is to design 
thyristor controlled series compensators for power 
oscillation damping and improving the power system 
stability properties. In both cases the direct approach 
for low-order controller design is utilized and the 
convergence properties of the proposed algorithms are 
explored. Both algorithms are heuristic in nature; they 
succeed in a certain degree for improving stability and 
reducing power oscillations however, fail to quantify 
the level of achieved performance. 

The proposed method is indirect in nature and 
achieves model order reduction for the single machine 
infinite bus power system. It combines the singular 
perturbation approximation technique with balanced 
truncation of a minimal stable system. The method is 
based on performing residualization over already 
balanced realization, where the balancing 
transformation is obtained by orthogonal polynomial 
approximation of system gramians. The computational 
algorithm is based on collecting system trajectories 
data, where a data snapshots matrix is utilized to 
compute the Fourier coefficients vectors for a 
Legendre polynomial series approximation of the 
system state impulse response. The obtained Fourier 
coefficients vectors are used for approximation of the 
reachability and observability gramians and thus, to 
avoid solving Lyapunov equations for computation of 
the balancing transformations. The proposed method 
preserves stability of the reduced order system, 
supports an easily calculable error bound and assures 
small approximation error in the low as well as in the 
high frequency ranges. 

2. Legendre polynomials approximation based 
balanced realization and singular perturbation 
approximation of stable linear systems 

Consider the stable linear time-invariant system 
described by its state space model: 
(1.1)  ( ) ( ) ( )tButAxtx += ,      0≥t  
(1.2)  ( ) ( ) ( )tDutCxty += ,    ( ) 00 xx = , 
where ( ) nRtx ∈ , ( ) mRtu ∈  and ( ) pRty ∈ . The 
reachability gramian on the interval [ ]T,0  is given by 
the expression: 
(2)  ( ) dteBBeTW tAT

T
At

r

T

=
0

,0 . 

The observability gramian on the interval [ ]T,0  is 
defined as follows: 

(3)  ( ) dtCeCeTW AtT
T

tA
o

T

=
0

,0 . 

The gramians are essential system characteristics 
and have an important energy interpretation. The 
smallest amount of energy needed to move the system 
from zero to the state x is given by the expression 

xWxE r
T

r
1−= , while the energy obtained by 

observing the output of the system with initial 
condition x and no input function is given by the 
expression xWxE o

T
o = . The states that correspond 

to small singular values of the reachability gramian 
are difficult to reach and the states corresponding to 
small singular values of the observability gramian are 
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difficult to observe. Balancing is the process of 
transforming the system states into a coordinate 
system, where the reachability and observability 
gramians are equal diagonal matrices, i.e.: 
(4) ( ) ( ) ( )nor diagTWTW σσσ ,,,,0,0 21 ==  
with  

nσσσ ≥≥≥ 21 , where 
iσ , ni ,,2,1 =  are 

the Hankel singular values. These states which are 
difficult to reach are also difficult to observe. 
Truncating these states will have limited effect on the 
input/output behavior of the system and will result to a 
reduced order system which preserves stability and the 
error of approximation is bounded by the following 
expression: 
(5) ( ) ( ) ( )nkk jGjG σσωω ++≤− +∞

12 , 
where k is the order of the reduced system. Based on 
the truncated Hankel singular values the already 
balanced system can be partitioned as follows: 

(6) 







=

2221

1211

AA
AA

A , 







=

2

1

B
B

B , [ ]21 CCC =  

and 







Σ

Σ
=Σ

2

1

0
0 , ( )kdiag σσσ ,,, 211 =Σ  and 

( )nkkdiag σσσ ,,, 212 ++=Σ . Next we partition the 
state vector in correspondence to the matrix 

partitioning in (6) as 







=

2

1

x
x

x . When 2x  is a stable 

state vector, the real parts of the eigenvalues of 22A  
are negative,  ( ){ } 0Re 22 <Aiλ , kni −= ,,,2,1  . 
Then setting 2x  equal to zero we obtain the following 
system: 
(7.1)  uBxAxAx 12121111 ++= , 
(7.2)  uBxAxA 22221210 ++= , 
(7.3)  DuxCxCy ++= 2211 . 
Solving equation (7.2) with respect to the state 
variables 2x  we obtain the following realization: 
(8.1)    ( ) ( )uBAABxAAAAx 2

1
22121121

1
2212111

−− −+−= , 
(8.2)    ( ) ( )uBACDxAACCy 2

1
222121

1
2221

−− −+−= . 
The above system presentation is realizable because 
the state variables 2x  are stable and hence matrix 22A  
is invertible. The system (8) is called balanced 
residualization of the original system [9]. The 
balanced residualization system is a slow singular 
perturbation approximation of the balanced system if 
matrix 22A  is stable and its eigenvalues are fast. Since 
the balanced residualization system is obtained by 
applying balancing transformation, the error of 

reduction at very high frequencies tends to zero [4]. 
Since the singular perturbation method is used for 
removing the fast state variable, the balanced 
residualization system preserves the DC gain [9]. 
Therefore, the balanced residualization system has 
small approximation error at low, as well as at high 
frequencies. The stability of the original system 
allows to use the gramians at infinity, i.e. 

( )TWW rTr ,0lim
∞→

=  and ( )TWW oTo ,0lim
∞→

=  and then to 

solve certain Lyapunov equations for their 
computation. The proposed method avoids solving the 
Lyapunov equations for computing the gramians, but 
instead relies on the information obtained from the 
trajectories of the system to approximate the 
gramians. The reachability and observability gramians 
are approximated by using an orthogonal series 
expansion of certain impulse response characteristics. 
The method is more practical in sense that the 
trajectories data can be obtained either by 
measurement or by using computer simulations. The 
following derivations present a short introduction to 
the approximation procedure, which is described in 
detail in [10]. Consider the state response of system 
(1) obtained by solving the state equation: 

(9)        ( ) ( ) ( ) −+=
t

tAAt dBuexetx
0

0 τττ . 

We assume zero initial conditions 00 =x . 
Consider the single-input single-output case first when 

bB =  is a vector column and cC =  is a vector row. 
If we apply at the input a delta impulse ( ) ( )ttu δ= , 
then the state impulse response is obtained in the form 

( ) betx At= . Therefore, the reachability gramian can 
be obtained as: 
(10) ( ) ( ) ( )dttxtxdtebbeTW T

T
tAT

T
At

r

T

 ==
00

,0 . 

The Legendre orthogonal polynomials form a 
complete set of orthogonal polynomials in the Hilbert 
space [ ]1,12 −L  with weighting function ( ) 1=tw , 

[ ]1,1−∈t . The Legendre polynomials satisfy the 
recurrence relation [11]: 

(11)  ( ) ( ) ( ) ( )
1

12 1
1 +

−+
= −

+ n
tnPttPntP nn

n
,  

( ) 10 =tP , ( ) ttP =1 , ,2,1=n . The Legendre 
polynomials can be normalized with a constant to 
obtain the Legendre orthonormal functions 

nn Pn
2

12 +=ϕ . Very often the definition interval of 

the approximated function is bounded but with 
different boundary points. For example, a complete set 
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of Legendre orthonormal functions in the vector space 
[ ]TL ,02  is obtained by introducing a change of 

variables as follows:   
(12)  ( ) ( )ττϕ nn Pn

2
12 += ,   12 −= t

T
τ ,  [ ]Tt ,0∈ . 

Then a series representation of the function 
( ) [ ]TLtq ,02∈  takes the following form: 

(13)    ( ) 
∞

=






 −+=

1
12

2
12

n
nn t

T
Pnctq ,    [ ]Tt ,0∈ , 

(14)      ( ) dtt
T

Ptqnc n

T

n 





 −+=  12

2
12

0

.  

Since ( ) [ ]TLtx ,02∈  is the state impulse response for 
a linear stable system, it assumes  Legendre series 
representation on the interval [ ]T,0  as follows: 

(15) ( ) 





 −=






 −+= 

∞

=

∞

=
1212

2
12

11
t

T
ft

T
Pnftx n

n
n

n
nn ϕ  

where nf  ,2,1=n  are the Fourier coefficients in 
the Legendre series representation which can be 
computed by (14). Therefore, the reachability gramian 
can be approximated by the expression: 

(16)  ( ) ( ) ( )=
T

T
r dttxtxTW

0

,0  

T
k

N

k
kk

T N

k

N

k

T
kkk ffTdtt

T
ft

T
fT  

== =
=






 −






 −≈

00 0 0 2
1212

2
ϕϕ

where N is the order of truncation of the Legendre 
series representation and the coefficient 2T  appears 
after change of variables in integration. For computing 
the observability gramian consider the linear time-
invariant dual system reprsentation in the form: 
(17.1)  ( ) ( ) ( )tuCtpAtp TT ~+= , 
(17.2)  ( ) ( ) ( )tuDtpBty T ~~ += . 
The observability gramian of the original system (1) is 
equal to the reachability gramian of the dual system 
(17). By approximating the state impulse response of 
the dual system in terms of Legendre orthogonal 

functions in the form ( ) 





 −= 

∞

=
12

1
t

T
gtp n

n
nϕ , we 

can compute a Legendre series approximation of the 
observability gramian of system (1) as follows: 

(18)  ( ) ( ) ( )=
T

T
o dttptpTW

0

,0  

T
k

M

k
kk

T M

k

M

k

T
kkk ggTdtt

T
gt

T
gT  

== =
=






 −






 −≈

00 0 0 2
1212

2
ϕϕ

where M  is the order of truncation of the Legendre 
series representation. For the multi-input multi-output 

[ ]pm ×  system the reachability gramian can be 

approximated by ( ) ( )Ti
k

N

k

m

i

i
kr ffTTW 

= =
≈

0 12
,0 , where 

i
kf  are the vector Fourier coefficients when the input 

signal is ( ) ietδ  and ie  is the i-th column of the 
identity matrix mI , mi ,,2,1 = . The corresponding 
observability gramian is approximated by 

( ) ( )Tj
k

N

k

p

j

j
ko ggTTW 

= =
≈

0 12
,0 , where j

kg  are the 

vector Fourier coefficients when the input signal for 
the dual system is ( ) jetδ  and 

je  is the j-th column of 
the identity matrix 

pI , pj ,,2,1 = . Then, the 
balancing transformation for the stable linear time-
invariant system (1) can be computed by the square 
root algorithm with the following steps:  i) perform a 
Cholesky decomposition on the reachability gramian 

( ) T
r UUTW =,0 , ii) perform a Cholesky 

decomposition on the observability gramian 
( ) T

o LLTW =,0 , iii) perform singular value 
decomposition on the product of Cholesky factors 

TT VWLU Σ= , iv) compute the similarity 
transformation matrices for the change of basis 
procedure  TT LVP 21−Σ=  and 211 −− Σ=UWP , v) 
apply the similarity transformation to system matrices 
and obtain the system model into a balanced form 

1−= PAPAb , PBBb = , 1−= CPCb  and DDb = . 

3. Mathematical description of the single 
machine infinite bus power system 

In this section we describe a synchronous 
generator delivering power through a step-up 
transformer and a high voltage transmission line to an 
infinite grid,  see Fig.1. TX  and LX  represent the 
transformer and transmission line reactances, 
respectively and LR  is the transmission line 
resistance. Generator terminal and infinite bus 
voltages are represented by TV  and BV . Because of 
the relative size of the system to which the machine is 
supplying power, dynamics associated with the 
machine will cause virtually no change in the 
magnitude and frequency of the voltage BV . Such a 
voltage source of constant magnitude and constant 
frequency is referred to as an infinite bus [12]. The 
magnitude of the infinite bus voltage BV  remains 
constant when the machine is perturbed. However, as 
the steady state conditions change, the magnitude of 
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BV  may change due to the changing conditions of the 
external network. 

 
Fig.1. Synchronous generator connected to a large system  

The small signal behaviour of the single machine 
infinite bus power system is initially described by the 
classical linearized model developed in [5] and finds 
its detailed characterization in [12]. The transfer 
function approach is first used by Heffron and Philips 
to analyze the small signal stability of synchronous 
machines. The block diagram of the three-phase two-
pole 160 MVA turbogenerator with an automatic 
excitation control system consisting of a field circuit 
exciter, rate feedback and power system stabilizer is 
shown in Fig.2. 

The linearization is performed about initial 
operating conditions represented by the base rotor 
angle 0δδ = , the base rotor electrical speed 

0ωω =r , the mutual flux linkage 
0,fdfd ψψ = , the 

field voltage 0,FDFD EE = , the terminal voltage 

0,tt VV =  and the mechanical torque 0,mm TT = . 
Therefore, all the physical variables are deviations 
from the operating point system variables. For 
simplicity of notation the deviation signals will be 
represented by their actual symbols. 

For example the rotor angle deviation δΔ  will be 
represented by the variable δ  and the per unit speed 

deviation rωΔ , where ( )
0

0

ω
ωωω −

=Δ r
r

 will be 

represented by the variable rω . What follows is a 
brief description of the main building blocks of the 
single machine infinite bus power system. More 
complete description can be found in [12]. In Fig.2  
the synchronous generator classical model is 
represented by its mechanical and electrical loops, 
where aT , eT  and mT  are the accelerating, air-gap and 
mechanical torques, H  is the inertia constant, SK  is 
the synchronizing torque coefficient and 

DK  is the 
damping coefficient. The generator model inputs are 
the mechanical torque mT  and the field flux linkage 
voltage 

qE  and the model outputs are the base rotor 

angle δ  and the generator terminal voltage tV . 1K , 

4K , 5K  and 6K  are linear model parameters of the 
synchronous generator. The field circuit of the 
electrical machine has as a reference signal the exciter 
output voltage 

FDE  and as an output signal the voltage 

qE  proportional to the d-axis field flux linkage 
fdψ . 

3K  is the gain and 3T  is the time constant of the field 
circuit. The exciter system has as input signal the 
regulator output voltage RV  and its parameters are the 
self-excited field constant 

EK , the saturation function 
parameter ES  and the exciter time constant Eτ . The 
saturation function parameter ES  is the gain of the 
feedback around the exciter and serves the goal to 
avoid saturation at the output. The voltage regulator 
parameters are the regulator gain 

AK  and the 
regulator time constant Aτ . The goal of the exciter 
and the voltage regulator is to provide the required 
synchronizing torque and transient response stability. 
The rate feedback serves the role to stabilize the field 
voltage, which is the output of the exciter system. Its 
parameters are the rate feedback gain 

FK  and the rate 
feedback time constant Fτ . The voltage transducer 
circuit relates the generator terminal voltage tV   to the 
input of the voltage regulator. 

RK  is the transducer 
gain and Rτ  is the terminal voltage transducer time 
constant.  

An effective way to meet the conflicting exciter 
performance requirements with regard to system 
stability is to provide a power system stabilizer (PSS). 
The basic function of the power system stabilizer is to 
add damping to the generator rotor oscillations [12]. 
Since the role of the PSS is to introduce more torque 
damping it is natural to use as input signal the angular 
velocity signal rω . The PSS circuit consists of three 
parts: a phase compensation circuit, a signal washout 
circuit and a gain. The phase compensation circuit 
with time constants 1τ , 2τ , 3τ  and 4τ  has a phase-
lead characteristic to compensate the phase lag 
between the exciter and the electrical air-gap torque. 
The signal washout circuit serves as a high-pass filter 
with time constant 0τ  and allows the PSS to respond 
only to changes in speed but not in steady values of 
the angular velocity deviation. The stabilizer gain 0K  
determines the amount of damping in the angular 
velocity.  
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4. Numerical experimental results 
The state space model of the single machine 

infinite bus power system described by equations (1) 
has two input signals 

refVu =1  and mTu =2 , two 

output signals δ=1y  and tVy =2  and ten state 
variables: 

qEx =1 , rx ω=2  δ=3x , 14 Vx = , 

25 Vx = , 36 Vx = , 47 Vx = , 58 Vx = , RVx =9  and 

FDEx =10 . The system matrices are given as follows 
[6]: 

 







































−
−−−

−−−−−
−−−−

−−−
−−

−−

−−
−−

=

82.005.100000000
02010000010001000000
001.087.1011.41008.098.5194.0
00087.1012.41008.098.5194.0
000087.100017.087.102.0

03.004.000010000
0000002087.0055.9
0000000016.3140
000000004.0004.0
17.000000031.0055.0

A

 
T

B 






=
0012.212.244.000009.00
0100000000000 , 

 









−

=
000000004.0048.0
0000000100

C
,   








=
00
00

D
. 

 
Obviously, this is a linear multivariable time-

invariant stable system model with ten state variables, 
two inputs and two outputs. The Hankel singular 

values which are obtained by applying a Legendre 
series approximation of system gramians with order of 
series truncation 35=N  are computed as follows: 

[ 2106.014.006.15.267.1017.12 −⋅=Σ  
        ]4332 107.01019.01072.0102.0 −−−− ⋅⋅⋅⋅ . 

The error between the full order system model and 
the reduced order models is governed by the relation 
(5). Looking at matrix Σ  we can observe that the last 
five Hankel singular values are considerably small and 
we can expect that reducing the system model with 
five state variables corresponding to these Hankel 
singular values will not result to a significant change 
in the input/output behavior of the power system. 
Further reducing the order of the system model will 
introduce more error, but we still anticipate that the 
reduced third order model will be quite accurate.  

The simulations are performed on the time interval 
[ ]T,0 , where 20sT =  with discretization step 

ms5=Δ . Fig. 3 presents the unit step responses of 
the single machine infinite bus power system with 
respect to the input signal 

refVu =1
 (when the signal 

02 == mTu ) and the output signal δ=1y  for the full 
order model and the corresponding reduced fifth and 
third order models. It can be clearly seen that the step 
response of the fifth order system model almost 
coincides with the step response of the full order 
model. Some more deviation appears between the step 
responses of the full order model and the reduced third 
order model. 

Fig.2. Single machine infinite bus power system block diagram 
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            Fig.3. Unit step response δ=1y  vs. 

refVu =1
 

               full order----, reduced 5th -.-.-, reduced 3rd… 
 

 
            Fig.4. Unit step response δ=1y  vs. 

mTu =2
 

              full order----,reduced 5th -.-.-, reduced 3rd.… 
 

The relative error norms between the outputs 
δ=1y  of the full order model and the reduced fifth 

and third order models when the input signal is 
refVu =1

 ( 02 == mTu ) are presented as a quantita-
tive measure for the approximation power of the 
method: 

   4

21

25,11 10969.1 −⋅=
−
y

yy ,  0971.0
21

23,11 =
−
y

yy . 

Fig. 4 presents the unit step responses of the output 
δ=1y  with respect to the input signal mTu =2  when 

01 == refVu  of the full order model and the reduced 
fifth and third order system models. It can be clearly 
seen that all three responses are similar and match 
very closely. The relative error norms are computed as 
follows: 

 
            Fig.5. Unit step response 

tVy =2
 vs. 

refVu =1
 

               full order----, reduced 5th -.-.-, reduced 3rd… 
 

 
            Fig.6. Unit step response 

tVy =2
 vs. 

mTu =2
 

                full order----, reduced 5th -.-.-, reduced 3rd… 
 

   4

21

25,11 10189.2 −⋅=
−
y

yy ,  0483.0
21

23,11 =
−
y

yy  

Fig. 5 presents the unit step responses of the single 
machine infinite bus power system with respect to the 
input signal 

refVu =1
 (when the signal 02 == mTu ) 

and the output signal tVy =2  for the full order model 
and the corresponding reduced fifth and third order 
models. It is clearly seen that the full order model and 
the fifth reduced order model step responses are very 
close and the error is insignificant. However, there is a 
definite difference between the step responses of the 
full order model and the corresponding reduced third 
order model. The quantitative measures are presented 
by the relative error norms which are computed as 
follows: 
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   4

22

25,22 10372.3 −⋅=
−
y

yy ,  1063.0
22

23,22 =
−
y

yy . 

The unit step responses of the single machine 
infinite bus power system with respect to the input 
signal 

mTu =2
 (when the signal 01 == refVu ) and the 

output signal 
tVy =2  for the full order model and the 

corresponding reduced fifth and third order models are 
shown in Fig.6. It is evident again the small error be-
tween the step responses of the full order and the re-
duced fifth order models. Much larger error appears 
for the step response of the third order model which is 
demonstrated by the relative error norms: 

     0029.0
22

25,22 =
−
y

yy ,   5258.0
22

23,22 =
−
y

yy . 

The obtained results are expected from (5) and the 
error characterization between the full order and re-
duced order models confirms the influence of the 
Hankel singular values presented in matrix Σ  on the 
approximation properties of the proposed method.  

5. Conclusion 
The paper considers the problem of model order 

reduction of a power system by applying a Legendre 
polynomials approximation based balanced residuali-
zation method. The proposed method possesses good 
approximation properties in the low as well as in the 
high frequency ranges. The model reduction proce-
dure is trajectories based, it is implemented in deter-
ministic settings and the input data for the computa-
tional algorithm can be obtained either from meas-
urement or from simulation. Legendre polynomials 
series is used to obtain the reachability and observa-
bility gramian approximations and thus, the process of 
solving the usual Lyapunov equations is avoided. The 
suggested method is applied to reduce the order of the 
single machine infinite bus power system linearized 
model. Several experiments are performed comparing 
the step responses of the full order model and the re-
duced fifth and third order models obtained by bal-
anced residualization. The experiments confirm the 
good approximation capabilities of the proposed 
method by comparing as a quantitative measure the 
computed relative error norms of the power system 
output variables between the full order and the corre-
sponding reduced order models.  
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ELECTRONICS 

Study of the elements of the photovoltaic system 
Dimitar D. Arnaudov, Nikolay L. Hinov,  

Ivan I. Nedyalkov  

 
In this paperwork has been made a study of the elements of an off-grid photovoltaic system for 

power supplying of telecommunication systems and telecommunication modules. The laboratory 
model is described. The bi-directional converter provides mutual work between a supercapacitor and 
a battery in the system. The stage of charge and discharge of the battery is managed by BMS. The 
working algorithms of the converters in the system are studied. The information-measuring system of 
the stand is realized by the software LabView. 

Изследване на елементи от фотоволтаична система (Димитър Д. Арнаудов, Николай 
Л. Хинов, Иван И. Недялков). В работата са изследвани елементи от автономна 
фотоволтаична система за захранване на телекомуникационни системи и устройства. 
Опиисан е стенд за изследване на системата. Двупосочен преобразувател осигурява 
съвместната работа на суперкондензатор и акумулаторна батерия в системата.  Процесът 
на заряд и разряд на батерията се управлява от BMS. Изследвани са  алгоритми на работа на 
преобразувателите в системата. Информационно измервателната система на стенда е 
реализирана със софтуера LabView. 

 

Introduction 
From conducted analysis for power supply needs 

of telecommunication equipment in places where such 
power cannot be provided from the grid, the best way 
to deliver power is by using the power of the sun. The 
photovoltaic systems, for power supply of 
telecommunication equipment, which are not 
connected to the grid and are intended to supply 
constant current loads, are made of the following 
blocks: photovoltaic, photovoltaic controller, battery 
and load.  For improving the lifecycle of the battery, a 
supercapacitor can be added to the system [1], [2], [3].  

The battery in the system mostly is lead-acid. It 
can be replaced with lithium battery. The photovoltaic 
controllers are designed to work with lead-acid 
batteries, which output voltages are 12V, 24V and 
48V. To obtain a battery with these voltages and 
needed capacity, it is necessary to connect some 
lithium cells together (in series and/or in parallel). If 
we don’t want to overcharge the single cells of the 
lithium battery, it is strongly recommended to use a 
device, which provides charging equalization (BMS) 
and also provides correct and even charging of the 
separated cells [4], [5], [6]. 

The main functions which this kind of devices 

should perform are:    
• Stop charging of the cell when the cell voltage 

reach its maximum; 
• Prevent temperature rising over a certain limit, 

by ending the charging current; 
• Prevent the discharge of the cell under a certain 

limit; 
• Restrict the charging and discharging current in 

allowed limits. 

1. Photovoltaic off-grid system 
On Figure 1 the block diagram of studied system is 

shown. The system is made by the following blocks: 
• PV Panel – photovoltaic panel, which is the main 

power source in the system; 
• PV Controller – the controller is used to provide 

the working modes of the battery, and MPPT; 
• DC-DC – bi–directional converter which 

provides the mutual work between the 
supercapacitor and the battery; 

• Battery – made of lithium cells connected in 
series;  

• BMS – this device provides the charging 
equalization of the battery;  



 “Е+Е”, 1-2/2015 51

 
Fig.1. Block diagram of the laboratory model. 

• Load; 
• Information-measuring system – this system is 

used for control and measuring of parameters in 
the studied PV system. It is made of device for 
data acquisition and generation of control pulses 
(chassis NIcDAQ with programmable TTL 
input/output modules for managing converters 
and analog to digital converter for measuring);     

• Virtual instruments created in LabView 
environment for managing the hardware. 

 
The measured parameters in the system are: 
• Usc – voltage over the supercapacitor; 
• Upv – voltage in the output of the photovoltaic; 
• Uab – voltage over the battery; 
• UL – voltage over the load; 
• Icharge – charging current; 
• Isc out – discharging current across the 

supecapacitor.  
 

With the help of the developed laboratory model 
all elements of the studied system can be tested [7]. 
The elements which are tested and described in this 
paperwork are: the working modes of the battery with 
and without BMS; working regimes of the bi-
directional converter and working algorithms of the 
Control System.  

2. Control System 
For testing different kind of working modes of the 

system, a virtual instrument is developed by the 
software LabView [8], [9]. The virtual instrument 
contains two main modules – Front Panel and Block 
Diagram. The Front Panel of the developed Virtual 

Instrument is shown on Figure 2.  
The scales are shown on the front panel. The 

parameters which are measured by these meters are 
described above. The indicator named LED1 shows 
when the supercapacitor is charged to one predefined 
value and LED2 shows when the voltage in the output 
of the PV module is lower than a predefined value (for 
example 14V).     

 

 
 

Fig.2. Front Panel of the Virtual Instrument. 
 

The discharge button in the Front Panel is used for 
manual starting the discharging of the supercapacitor. 
This is made for imitating different kinds of working 
modes of the system.  

Part of the Block Diagram of the Virtual 
Instrument is shown on Figure 3. 

Fig.3. Part of the block diagram of the virtual instrument. 
 

During the development of system’s working algo-
rithm and the creation of the block diagram of the 
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virtual instrument, some subprograms are used (sub 
virtual instruments) – SubVI. The graphic presenta-
tions of these subprograms are shown on Figure 3, 
named as block number 1 and block number 2.  

The comparator “InRange” compares the measured 
instantaneous value of voltage over the supercapacitor 
with one predetermined value. If the measured value 
is bigger than the predetermined one, in the output of 
the comparator we have logical 1. If the measured 
value is lower than the predetermined one, in the 
output we have logical 0.    

SubVI 1 is subvirtual instrument, made of several 
elements, which are used to convert the output signal 
from the comparator in a suitable signal for further 
treatments. 

SubVI 2 is another subvirtual instrument, which is 
used to convert the signal from SubVI1 in signals, 
suitable for generation of control pulses, for managing 
the bi-directional converter. These pulses are 
generated in the TTL outputs of the chassis cDAQ for 
managing the bi-directional converter.  

Part of the working algorithm of the system is: the 
charging of the supercapacitor is made only when the 
output voltage of the PV panel is over a predetermined 
value. The charge stops when the supercapacitor is 
charged.  

Another main block is the Control System of the 
battery.  

3. Studying of BMS for lithium–ion battery. 

The circuit of the connected cells to the tested 
BMS is shown on Figure 4. 

  

Fig.4. Block diagram of the tested BMS. 

The tested BMS is used to control the charge of 
four lithium battery cells, which are connected in 
series. 

One wire sensor is connected to the positive 
electrode of each of the separate cells for measuring 
each single cell. To the negative electrode of the first 
cell a wire sensor is also connected. This is done 
because this is the point to which the BMS makes all 
measurements of the other cells.  

Charging and discharging of the battery has been 
made with and without using BMS.  

The results of charging the battery with BMS are 
shown on Figure 5. The voltages over the four cells 
are shown. From the waveforms we can see that 
during charge the difference between the voltages 
over the different cells are insignificant.  

On Figure 6 are shown the results of charging the 
battery without using BMS. The voltages over the four 
cells are shown. As we can see from the waveforms 
during the charge, the difference between the voltages 
over the four cells are significant. And if we track the 
cell with the biggest capacity, we will overcharge the 
other cells. 

                                                                       

 
Fig.5. Charging characteristics with BMS. 

 
Fig.6. Charging characteristics without BMS. 
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The following two figures represent the results 
from discharging the battery, by using or not the 
BMS.  

Figure 7 shows the measured parameters of the 
separate cells in discharging mode, without using the 
BMS. 

 

 
 

Fig.7. Discharging characteristics without BMS. 

                         
As we can see from the results, the discharge of the 

separate cells is not even – one of the cells discharges 
faster, than the other. This is unwanted, because it will 
lead to faster drop of the voltage level over this cell, 
triggering irreversible processes in it. 

Figure 8 shows the results of discharging mode of 
the cells, by using the BMS.  

 
 

 
 

Fig.8. Discharging characteristics using BMS. 
 

From the presented results on Figure 8, it is 
obvious that using BMS, during discharge, leads to 
more evenly discharging of the separate cells, which 
extends their lifecycle.    

The analysis of the experimental results, shows 
that the tested BMS provides mainly protective 
functions – protects the battery pack from 
overcharging and deep discharge.  

4. Bidirectional converter 
The circuit of the tested bi-directional converter is 

shown on Figure 9 [7].  
The converter is made of two specialized integral 

circuits of switching DC-DC converters -   U1 and U2. 
The converter is connected to the system and it is 

tested in charging and discharging mode of the 
supercapacitor.  
 

 
 

Fig.9. Circuit of the examined Bi – directional DC – DC converter. 
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Experimental testing of the bi-directional converter 
in charging mode.  

On Figures 10, 11 and 12 are shown the results of 
the experimental testing in charging mode. The 
presented results are: voltage over transistor, 
integrated in IC U1; voltage over the supercapacitor; 
current across the inductor.   

 
 

Fig. 10. Voltage over the switch during charging of the 
supercapacitor.  

 

 
 

Fig. 11. Voltage over the supercapacitor. 
 

 
 

Fig. 12. Current across the inductor. 

5. Modeling of the bi-directional converter 
 For a more detailed study of the bi-directional 

converter in a power supplying system, a MatLab 
Simulink model is developed. The MatLab Simulink 
model is shown on figure 13.   
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Fig. 13. Matlab Simulink model. 

 
The results of the modeling are shown on Figure 

14. From top to bottom are shown: voltage over the 
supercapacitor; current through the supercapacitor; 
current through the diode D (which corresponds to 
diode D1 from figure 7); voltage over the diode D; 
current through the transistor (which corresponds to 
the transistor integrated in IC U1); voltage over the 
transistor. These results are confirmed by the 
experimental results.  

By the developed MatLab Simulink model optimal 
working regimes of the control system can be 
searched. Likewise the transients in the converter can 
be explored by different disturbance. By using a 
system for designing of converters, it is very easy to 
get the values of the elements, by different output 
conditions [10]. 

 
Fig. 14. Simulation results. 
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6. Simulation studies of circuit for charging of 
supercapacitor allowing voltage equalization  

Simulation studies have been made of a circuit for 
charging of supercapacitor made of three series 
connected cells. The simulation model, made by the 
software LTSpiceIV, is shown on Figure 15. The three 
series connected cells are:  CSC1, CSC2 and CSC3. They 
are shown with their equivalent series connected 
resistors. The power source is realized by a half- 
bridge resonant inverter, with voltage limitation over 
the switching capacitor.  The results of the simulation 
are shown on Figure 16, Figure 17 and Figure 18. On 
Figure 16 and Figure 17 are shown: the voltage across 
the first cell- V(n014); the voltage over the second 
cell- V(N016,N014), the voltage over the third cell- 
V(N018,N016) and the current through the inductor 
Lk. 

 
Fig.15. Simulation model of tested circuit. 

 

 
 

Fig.16. Simulation results. 
 

 
 

Fig.17. Simulation results. 

On Figure 18 are shown: the current through the 
transistor Q1 – Ic(Q1) and the current through the 
inductor Lk. 
 

 
 

Fig.18. Simulation results. 

From the waveforms shown on Figure 16, we can 
see that the difference between the voltages over the 
separate cells is insignificant. 

Conclusion 
1. For the realization of the mutual work, it is 

appropriate using the proposed circuit topography.  
2. The tested circuit provides distribution of the 

energy between the energy storage elements and their 
effective use.  

3. A flexible information – measurement system 
based on different specifically designed virtual 
instruments, allowing studying of different working 
algorithms of the converters is proposed. By using it, 
the optimal working regimes and optimal parameters 
of the elements in the system, can be searched.   

4. In order to enhance the efficiency and reliability 
of energy storage systems, it is necessary to search for 
solutions of converters, on the one hand for charging 
and achieving voltage equalization of series connected 
battery cells or supercapacitor cells, on the other hand. 
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