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TELECOMMUNICATIONS 

Improvement of the information services by using means  
of the IT infrastructure library 

Mario Ivanov 

 
In the present paper, the focus is on the process of determining effective key indicators in ITIL 

(Information Technology Infrastructure Library), and is provided an overview of the most popular key 
performance indicators. ITIL is a set of best practices that focus on the management of IT services and 
processes. The goal of ITIL is to improve the quality and efficiency of the use of information technol-
ogy by aligning information services with business needs. During the process of ITIL implementation 
is improved the quality of these services and is reduced their cost in the long term. In the field of ser-
vice management are formulated ten key business areas – for supply and for maintenance of services. 
These groups are described within ten practical areas in which the paper discusses the need for the 
use and definition of key indicators for unification of measurement services and businesses (organiza-
tions) and the process used to provide these measurements. 

Изследване на методите за определяне на ключови показатели за библиотека от 
добри практики за ИТ (Марио Иванов). В тази статия се отделя основно внимание на про-
цеса на определяне на ефективните ключови показатели в ITIL, както и се прави обзор на най- 
популярните ключови показатели за ефективност. ITIL представлява набор добри практики, 
фокусирани върху управлението на IT услуги и процеси. Целта на ITIL е да се повиши качест-
вото и ефикасността на използването на информационни технологии чрез съгласуване на ин-
формационните услуги с нуждите на бизнеса. С въвеждането на ITIL се подобрява качест-
вото на тези услуги и се намаляват разходите за тях в дългосрочен план. По отношение на 
областта за управление на услугите има формулирани десет основни сфери на дейност – за 
доставка и за поддръжка на услуги. Тези групи се описват в рамките на десетте практически 
области, за които в тази статия се обсъжда необходимостта от използването и дефинира-
нето на ключови показатели, за уеднаквяване на измерванията за услугите и бизнеса (органи-
зациите), както и за процеса използван за предоставяне на тези измервания. 

 

I. Introduction 

Owning a high-performance IT system is sufficient 
criteria for determining the competitiveness of an 
organization. This includes the high quality IT services, 
minimal time for disability of IT infrastructure and 
processes connected with it. 

The biggest part of the problems in the management 
of organization structures arises when there is a lack or 
the management is not on the necessary level for the IT 
services and processes. Some of the critical areas are 
the management of configuration and the levels of the 
offered services. The bad planning in the change of an 
element can lead to hardness in finding and persuading 
problems and stop of the work of a service or process. 
The missing of effective planning, monitoring of the 
processes can lead to problems with organizations 
infrastructure. This is very important where structures 

are critical. 
The missing of quality in working documentation 

and the automatically operation of the problems leads 
to decreasing in the quality of processes and the 
disability of fast restoring of their operation. 

The idea which is presented in the paper is the 
compliance with the standard ITIL – library of the 
infrastructure in the area of IT and its usage in software 
application. The Principe on which is based the work of 
ITIL is the knowledge that organizations depends 
mostly on IT for reaching the corporative and business 
goals. This leads to big requirements for high quality of 
the IT services. 

The process of resolving problems from the 
specialists require knowledge of different spheres, and 
expects implementation of software applications.  

Founded in the end of the 80-s in 20th Century, the 
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infrastructure model for management is changed in “de 
facto” standard for management of IT services (IT 
service management- ITSM). In this point of view the 
ITIL is used as a part of ITSM. At the beginning it was 
a tool, used from the government of UK, but after that 
this frame model becomes very useful for different 
organizations in all sectors of the IT. This succeeded by 
taking the ITIL as a basic in companies which are using 
service management as their own policy. One of the 
main advantages of ITIL is the usage of common 
language. Beside the structure, ITIL defines the 
boundaries of the organization management of services. 
In this model are included the purposes, basic actions 
and the inputs and outputs parameters of different 
processes, which can be cooperated in one or several IT 
organizations. The ITIL model is focused on the best 
practice which can be used in different ways, 
depending on the concrete business needs. 

According to this structure, which includes the so 
called best practices, ITIL can be used from companies 
with already existing methods and actions, connected 
with the management services. The implementation of 
ITIL does not mean the founding of absolutely new 
model of management and thinking. On a contrary, it 
defines a frame of existing methods and actions which 
are successfully structured. By highlighting the 
interconnections between the processes, is reduced or 
eliminated the lack of communication and cooperation 
between different IT functions. 

ITIL is focused on the insurance of the high 
technology services with specific attention on 
relationship between the customers. 

There are not many similar researches in the field of 
the KPIs definition and management. 

II. Performance of key indicators in ITIL  

The success in improvement of a process depends 

on four major factors. The first one, there must be 
reason to start improving it. This usually takes the form 
of business practice, focused on the goal of reducing 
costs, improving supply and quality. The second one, 
the action plan on this issue needs to be well analyzed. 
It is necessary to emphasize on the limits, priorities, 
outcomes and risk assessment. Then we'll put the 
resources committed to the development of goals and 
objectives of the program. This choice is made by the 
high level management of the organization. And 
finally, we must have a clear set of measurements that 
can be used to monitor the performance and the 
progress of the goals and objectives of the program. 

III. The role measurement in the improvement 
of a processes 

As it was noted above, one of the main factors for 
successful improvement of a process is the ability to 
measure performance. The structure of ITIL is focused 
on providing of services that are supported by computer 
systems and requiring the maintenance of software and 
hardware, having minimal impact on the busines. This 
is a reason to establish a quantitative set of 
measurements that will determinate the behavior and 
achievements in the field of activity of ITIL, service 
management support. 

Targeting IT organization to improve process 
management services using ITIL structures is an 
approach to improve the process itself. Since these 
processes are continuous, the key indicators are 
designed to monitor and direct the improvement of the 
various areas thereof. They are designed to identify 
where goals and objectives are met. However, they can 
also serve the activities associated with managing and 
directing the process, while practical areas be 
continuously improved. 

 
Fig. 1. Service lifecycle according ITILv3 [1]. 
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IV. The ITIL procedures measurement  

The process of determining the appropriate 
measures providing the collection and analysis of data 
and effective use of outcomes for guidance and 
leadership of continual improvement is essential to 
create a successful process of measurement. 

In the paper is presented an example for 
implementation of ITIL. The whole procedure is 
divided on four phases, and each one is consistent of 
some main activities. During the phases are also 
determinated the necessary actions for creating, 
analyzing and reporting on KPI. 

A. Phase "Initiation" 
• Determination of the achieved level of ITIL - 

includes groups, functions and processes that are 
focused and involved. 

• Relationship between ITIL objectives and those of 
business organization. 

• Establishment of criteria for success in ITIL - 
"How will we know that we have achieved 
success?" 

• The main activities performed to measure KPI 
o Prioritization 
o Determination of quality parameters 
o Creating value criteria 
o Business Case and return on investments for 

implementing ITIL 

B. Phase "Evaluation" 
• A document describing the current status of 

functions or processes which are included within 
the scope of ITIL. 

• Determination of the desired future state, by 
comparison of the current state with the best 
procedures in ITIL. 

• Taking into account the strengths and weaknesses 
that will need to be reviewed. 

• Activities performed to measure the KPI 

o Main activities 
o Evaluation of the effectiveness 
o Determination of supporting data 
o Identification of gaps in the evidence base 

C. Phase "Planning" 
• Improvement of the disadvantages of phase 

"Evaluation" under existing schedule and 
resources of the organization. 

• Activities performed to measure the KPI 
o Develop metrics 
o The definition of these metrics 
o Development of the process to provide 

measurements 

D. Phase "Performance" 
• Design, development and production of future 

decision. 
• Establish whether the criteria for success are 

achieved. 
• Activities performed to measure the KPI 

o Evaluation of the information. 
o Identification of improvements. 

V. Create the main key indicators. 

In order to provide meaningful measurements of 
KPIs, which are aligned to the objectives of the 
organization, it is important to answer on the following 
questions: 
• What measurements need to be made for the 

purpose of business / organization? 
• How they are represented in the measurements 

associated with IT services? 
• How the process supports measurements in IT 

services? 
• How will you collect and analyze measurements? 

The table below includes KPI measurements and 
their corresponding definitions and purposes. 

 
Fig. 2. The process of measurement. 



“Е+Е”, 1-2/2014 5

Table I 
Page layout description 

Process Objectives 
(Key Success 
Factors) 

Measuring 
Dimension 

Structure of 
Measurement 

Service 
Level 
Management 

Improving 
traceability 
and reach 
service level 
management 

The percent-
age increase 
or decrease 
in the stage. 

Tracking 
through 
monthly 
management 
and reporting 
of events. 

Change 
Management 

Reduce the 
incidence 
caused by 
excessive 
change 

Percent re-
duction in 
cases arising 
from unau-
thorized 
changes. 

Tracking 
through 
monthly re-
porting of the 
management 
events and 
changes. 

VI. Effective Use of KPIs 

Once the indicators are defined and associated with 
various business objectives, the focus of measurement 
is moved on the process of implementation. It is 
necessary to determined how the data will be collected, 
analyzed and reported. The measurement program will 
identify the sources of data and who prepared the 
relevant measurements. Common sense should be used 
in evaluation and improvement of processes. 

KPIs should provide information on: 
• Quality - How well does the process work? 

Whether we have improved the goals that were set 
for this process? 

• Efficiency - Is there sufficient productivity of the 
process? 

• Compliance - Is there adequate process 
monitoring? 

• Value - We know what we are expected to do? 

VII. Common KPIs for the most important ITIL 
processes.[2][3] 

Those common indicators are presented on the 
following as a complete collection of KPIs for the most 
important ITIL processes. 

The suggested ITIL Key Performance Indicators 
(KPIs) comply with the ITIL 2011 recommendations 
and were enhanced with elements from COBIT. 

ITIL KPIs Service Strategy 
• KPIs Service Portfolio Management and Strategy 

Management for IT Services 
o Number of Planned New Services 
o Number of Unplanned New Services 
o Number of Strategic Initiatives 
o Number of new Customers 
o Number of lost Customers 

• KPIs Financial Management 
o Adherence to Budgeting Process 
o Cost-/ Benefit Estimation 
o Post Implementation Review 
o Adherence to Approved Budget 
o Adherence to Project Resources 
o Proposals for Cost Optimization 

• KPIs Business Relationship Management 
o Number of Customer Complaints 
o Number of accepted Customer Complaints 
o Number of Customer Satisfaction Surveys 
o Percentage of returned Questionnaires 
o Customer Satisfaction per Service 

ITIL KPIs Service Design 
• KPIs Service Level Management 

o Services covered by SLAs 
o Services covered by OLAs/ UCs 
o Monitored SLAs 
o SLAs under Review 
o Fulfilment of Service Levels 
o Number of Service Issues 

• KPIs Capacity Management 
o Incidents due to Capacity Shortages 
o Exactness of Capacity Forecast 
o Capacity Adjustments 
o Unplanned Capacity Adjustments 
o Resolution Time of Capacity Shortage 
o Capacity Reserves 
o Percentage of Capacity Monitoring 

• KPIs Availability Management 
o Service Availability 
o Number of Service Interruptions 
o Duration of Service Interruptions 
o Availability Monitoring 
o Availability Measures 

• KPIs IT Service Continuity Management 
o Business Processes with Continuity 

Agreements 
o Gaps in Disaster Preparation 
o Implementation Duration 
o Number of Disaster Practices 
o Number of identified Shortcomings during 

Disaster Practices 
• KPIs Information Security Management 

o Number of implemented Preventive Measures 
o Implementation Duration 
o Number of major Security Incidents 
o Number of Security-related Service Downtimes 
o Number of Security Tests 
o Number of identified Shortcomings during 

Security Tests 
• KPIs Supplier Management 
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o Number of agreed UCs 
o Number of Contract Reviews 
o Number of identified Contract Breaches 

ITIL KPIs Service Transition 
• KPIs Change Management 

o Number of Major Changes 
o Number of CAB Meetings 
o Time for Change Approval/ Rejection 
o Change Acceptance Rate 
o Number of Emergency Changes 
o KPIs Project Management (Transition Planning 

and Support) 
• ITIL KPIs Project Management (Transition 

Planning and Support) 
o Number of Projects 
o Percentage of Projects with Project Charters 
o Number of Changes to Project Charter 
o Adherence to Project Budget 
o Project Delays 

• KPIs Release and Deployment Management 
o Number of Releases 
o Duration of Major Deployments 
o Number of Release Backouts 
o Proportion of automatic Release Distribution 

• KPIs Service Validation and Testing 
o Percentage of failed Release Component 

Acceptance Tests 
o Number of identified Errors 
o Time for Error Fixing 
o Incidents caused by New Releases 
o Percentage of failed Service Acceptance Tests 

• KPIs Service Asset and Configuration 
Management 
o Verification Frequency 
o Number of Incidents owing to inaccurate CMS 

Information 
o Effort for CMS Verifications 
o CMS Coverage 
o Number of unauthorized Changes detected 

automatically 
o Number of CMS Errors 

ITIL KPIs Service Operation 
• KPIs Incident Management 

o Number of repeated Incidents 
o Incidents resolved Remotely 
o Number of Escalations 
o Number of Incidents 
o Average Initial Response Time 
o Incident Resolution Time 
o First Time Resolution Rate 
o Resolution within SLA 
o Incident Resolution Effort 

• KPIs Problem Management 
o Number of Problems 
o Problem Resolution Time 
o Number of unresolved Problem 
o Number of Incidents per Known Problem 
o Time until Problem Identification 
o Problem Resolution Effort 

ITIL KPIs Continual Service Improvement 
• KPIs Service Review 

o Number of Service Reviews 
o Number of identified Weaknesses 

• KPIs Process Evaluation 
o Number of Process Benchmarkings, Maturity 

Assessments, and Audits 
o Number of Process Evaluations 
o Number of identified Weaknesses 
o Number of CSI Initiatives 
o Number of completed CSI Initiatives 

• KPIs Definition of Improvement Initiatives 
o Number of CSI Initiatives 
o Number of completed CSI Initiatives 

VIII.   Conclusion 

The definition and implementation of effective key 
performance indicators using ITIL requires strict 
measurement process. The processes in ITIL structure 
of planning and implementation must be performed in 
parallel with definition of KPI. The indicators should 
support the business needs and to provide a variety of 
processes for improvement within ITIL. Along with 
ITIL structure must be established and specific activity 
measurements. 

Unfortunately at the moment there is no one strict 
and well defined criteria for KPIs development. It 
depends in most of the cases on the specific of the 
organization. That is the reason for studying different 
approaches for development of KPIs. There is an own 
approach for this which is remaining to be done. 
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Dynamic queue management of partial shared buffer with mixed 
priority for QoS guarantee in LTE uplink 

Georgi Balabanov, Seferin Mirtchev  

 

The main objective of this article is to propose and evaluate solutions for QoS guarantee of voice 
and multimedia traffic at the radio uplink interface of LTE networks. A novel queue named a Dynamic 
queue management of Partial shared buffer with Mixed Priority (DPMP) system for QoS control in 
LTE Uplink is proposed. DPMP scheme provides dynamic preferential treatment to the different mixed 
traffic flows to suit their QoS requirements. With DPMP queuing system, the real-time component of 
the mixed traffic, which is delay sensitive and loss tolerant, is given time transmission priority with 
active management of the time queue length; while the non-real-time component, which is loss 
sensitive and delay tolerant, is given space priority. A new buffer management algorithm for joint QoS 
guarantee of the different components of users concurrently running multiple services is proposed. A 
DPMP based buffer management real time simulation model for LTE Uplink is designed. The article 
presents results of extensive performance studies undertaken via simulation modeling demonstrating 
the effectiveness of the proposed queuing system and the DPMP based buffer management schemes. 

Гарантиране на качеството на обслужване на LTE в посока нагоре чрез динамично 
управление на частично разделен буфер с различни приоритети. (Георги Балабанов, 
Сеферин Мирчев). Целта на тази статия е да се предложи метод за гарантиране на 
качеството на обслужване (QoS) на говорни и мултимедийни услуги в радио интерфейса на 
мобилна мрежа LTE при предаване в посока нагоре. За целта е предложена нова 
телетрафична система с чакане, базирана на динамично управление на частично разделен 
буфер с различни приоритети (DPMP). Тази система осигурява динамично приоритетно 
обслужване на трафичните потоци, осигурявайки изискваното качество на обслужване. Чрез 
DPMP системата трафикът в реално време, който е чувствителен към закъснения и 
толерантен към загуби, получава времеви приоритет с активно управление на дължината на 
опашката, докато трафикът в нереално време, който е чувствителен към загуби и 
толерантен към закъснения получава пространствен приоритет. Предложен е нов алгоритъм 
за управление на буферите при съвместно гарантиране на качеството на обслужване на 
отделни конкуриращи се потребителски услуги в една връзка. Разработен е DPMP базиран 
симулационен модел в реално време за управление на буферите в LTE Uplink. Статията 
представя получените от симулацията резултати, които показват ефективността на 
предложената телетрафична система и на алгоритъма DPMP за управление на буферите. 

 

I. Introduction 

Cellular communication systems have continued to 
evolve beyond the currently deployed 3G systems 
with the aim of providing higher traffic capacity. The 
4G systems are expected to give a wide variety of 
services such as voice, data, image transmission, 
video, as well as multimedia services consisting of a 
combination of these. With the air interface being the 
bottleneck in mobile networks, recent enhancing 
technologies such as the LTE and LTE-Advanced 
incorporate major changes to the radio access segment 
of 3G Universal Mobile Telecommunications System 

(UMTS). LTE and LTE-Advanced introduces new 
features like faster data rate transfer, fast packet 
scheduling, physical layer retransmissions in the base 
stations. The air interface again is a bottleneck to end-
to-end communication. If we want to guarantee end-
to-end Quality of Service (QoS) to multimedia 
services in LTE, we will need a efficient buffer 
management schemes at the air interface.  

Though LTE offers high peak bit rates because of 
limited radio resources, big number of proposed 
services, new features and new requirements, the 
wireless link is still likely to be the bottleneck of an 
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end-to-end connection. In an overload situation, 
meaning a situation where the incoming data rate to 
the link is larger than the outgoing data rate from the 
link, the excess data is temporarily stored in the 
memory. If the overload continues, the data queue 
will accumulate and finally exceed the physical 
limitation of the buffer. Then some data have to be 
discarded. The straightforward way to handle this 
problem is discarding the incoming data when the 
buffer is full. This approach is intuitive and easy to 
implement, however, it may cause a number of 
problems e.g. large packets delay, unfair sharing, 
buffer overflow etc. In order to overcome these 
problems, some more sophisticated methods are 
developed; for example, Drop-tail [1], Random Early 
Detection (RED) [2], Packet Discard Prevention 
Counter (PDPC) [3]. The main idea of all these 
methods is to drop packets before the buffer is full 
which will maintains the queue size, delay and losses 
in an appropriate value. 

II. QoS guarantee methods in radio access 
network of 3G and 4G 

According to [4], QoS is defined as the ability of 
the network to provide a service at an assured level. 
QoS include all methods, mechanisms and procedures 
in the core network, wireless network and terminals 
that ensure the provision of the negotiated service 
quality or quality attributes (bearer service) between 
the user terminal (UT) and the core network (CN). 
Some QoS methods and mechanisms in different parts 
of the network will be joined to work together in 
delivering an end-to-end QoS (consistent treatment 
and inter-working between QoS mechanisms 
implemented in different network domains). 

In a 3G and 4G network environment, there is a 
wide range of QoS parameters. The basic QoS 
parameters are packets delay (latency), bandwidth, 
packets jitter, and packets loss. However, to provide 
QoS for the multi-class traffic in the 3G and 4G 
network environment is not as easy task. Mobile 
communication today has providing varying levels of 
coverage and QoS. [5] 

Networks for mobile communication are typically 
divided into a Radio Access Network (RAN) and a 
Core Network. The RAN handles functionality related 
to the physical and link layers such as coding, 
interleaving, modulation, header compression etc. It 
may also handle security functions, ciphering and 
functions related to managing the radio resources. The 
core network handles for example subscriber 
information, data policy control and interconnection to 
external networks. The work with the specification of 

the core network in LTE is called System Architecture 
Evolution (SAE). Important design philosophies for 
LTE were to have a RAN with only one type of node, 
called the eNode-B, and a core network that as far as 
possible is independent of the radio access technology 
used, the later in order to let the core network be able 
to use legacy systems and other technologies such as 
WiMAX .[17] 

The QoS management functions in the Radio 
Access Networks (RAN) are responsible for efficient 
utilization of radio interface and transport resources. 
They are also commonly known as Radio Resource 
Management (RRM) algorithms in the literature. 
RRM algorithms are needed to guarantee QoS and 
they include: power control (PC), handover control 
(HC), admission control (AC), load control (LC) and 
packet scheduling (PS). [6] 

Power control is a connection-based function 
required to keep interference levels at a minimum. 
Handover control is also a connection-based function 
needed in cellular systems to handle the mobility of 
terminals across cell boundaries. AC, LC and PC are 
cell-based QoS management functions required to 
guarantee the QoS and to maximize the cell 
throughput for a mix of different bit-rates, service 
applications and quality requirements. 

The interference situation is more complex for the 
LTE uplink compared with LTE downlink. The 
influence of Signal to Interference plus Noise Ratio 
(SINR) not only depends on the occupation of 
resource blocks (RBs) in the interfering cell, but also 
on which user terminal (UT) is occupying these RBs. 
Moreover, there is greater interference variance in the 
uplink channel as compared to the downlink. For these 
reasons we can concluded that the uplink is a 
bottleneck for voice and data capacity. 

Uplink admission control and packet scheduling 
of LTE has been considered in previous papers. 
Representative works are: [7] considers allocation of 
fixed size resource chunks of information to UTs, [8] 
extends this approach where each RB and UT is 
associated with a metric (which cannot capture 
power constraint at power limited UT), a similar 
(RB, UT) metric is considered in [9]. These methods 
do not extend to solving a general QoS guarantees 
problem considered in this paper. Semi-persistent 
scheduling for voice over IP (VoIP) is considered in, 
for example, [10]. In [11] heuristics for maximizing 
utilities of UTs in each sub frame in the presence of 
frequency selective fading but no fractional power 
control were considered. Similarly, heuristics to 
satisfy minimum rate constraints of most users and 
maximize the sum rate were considered in [12], 
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heuristics to maximize sum weighted rate were 
designed in [13], and algorithms for long term 
proportional fairness were considered in [14], [15]. 
All types of packet scheduling and admission control 
approach does provide class differentiation to 
support users that are running several applications 
simultaneously, it does not take buffer or queue 
management into account. Whereas, because the 
packet scheduling functionality necessitates data 
buffering at the edge of the radio access network, 
where the bottleneck to end-to-end communication 
exists, buffer management techniques are vital to 
enhancing network and radio resource utilization as 
well as improving traffic performance. Most 
importantly, buffer management will allow for QoS 
control to cater for the diverse performance 
requirements of multiple flows simultaneously 
transmitted to the same user on LTE shared channel. 
The benefits of the buffer management schemes at 
the base stations and user terminals, rather than 
relying on packet scheduling algorithms and 
admission control alone for QoS provisioning, are 
manifold. Here are some of the main benefits of the 
buffer management [17]: 

• Queue-based service differentiation: Most of the 
existing scheduling algorithms are designed for 
inter-user / multi-user scheduling assuming of 
single service per user. Buffer management 
schemes can be designed to allow such 
algorithms with multiple services per user, by 
enabling differentiated queuing mechanisms.  

• Enhanced QoS control: Buffer management 
schemes can allow not only delay differentiation, 
but also loss differentiation through effective 
buffer access control mechanisms. This multi-
dimensional differentiation / prioritization 
property of buffer management allows various 
combinations of different types of priorities to be 
attached to multiple flows thereby enabling a 
more powerful QoS control capability.  

• Efficient buffer utilization: The efficient 
utilization of buffer space can lead to improved 
traffic performance. 

• Flexibility: Buffer management allows inter-
class priority handling to be separated from the 
inter-user packet scheduling functionality; thus 
allowing efficient buffer management schemes to 
be designed for priority handling and QoS 
control while re-using existing packet scheduling 
(and admission control schemes). 

In LTE, packet delays are not explicitly reported 
by the UT to the base-station. 

 

III. Dynamic queue management of partial 
shared buffer with mixed priority  

Because the packets are queued at UT, the end-to-
end QoS of multiple-flow connections may be 
affected if appropriate queue management techniques 
are not used. When the multimedia sessions have 
flows or services with diverse QoS requirements such 
as concurrent Real Time (RT) and Non-Real-Time 
(NRT) services in the same session, the problem of 
QoS provisioning becomes even more challenging. 
The 3GPP LTE and LTE-Advanced specifications do 
not include specific buffer management algorithms for 
user terminal operation therefore allowing for network 
performance optimization through any 
implementation the operator may see fit. Furthermore, 
due to the fact that queuing delays at the air interface 
nodes typically exceed the transmission delays to the 
mobile nodes, especially when the cell is highly 
loaded, application of buffer management techniques 
at the radio interface is particularly crucial to QoS 
performance enhancement. Additionally, employing 
buffer management techniques at the air interface can 
improve both network and radio resource utilization 
efficiency leading to an increase in system capacity. 
[17] In this paper we propose a user terminal buffer 
management model for LTE Uplink based on the 
mixed priority queuing scheme as a solution for user 
sessions with RT and NRT services being uploaded 
concurrently from the same user.  

Dynamic Queue Management of Partial Shared 
Buffer with Mixed Priority (DPMP) is a fine-buffer 
priority queuing system with capacity of k packets that 
enables joint QoS control of ongoing multimedia 
session with real-time and non-real-time flows at the 
user terminal uplink over a shared wireless channel. In 
DPMP a single queue is utilized as shown in Figure 1, 
with a threshold Th, which controls the admission of 
RT packets into the queue. Since RT flow is delay 
sensitive, the queuing of arriving RT packets proceeds 
in a FIFO manner in front of the NRT packets. We 
can say that this is a class 1. On the other hand, RT 
flow is to some extent loss tolerant, hence threshold 
Th is used to limit the total number of RT packets in 
the queue and at the same time accord the NRT 
packets buffer space priority (class 2). Consequently, 
RT delay is minimized with time priority, while at the 
same time, NRT loss is minimized with the space 
priority mechanism. In the buffer the RT packets are 
placed all the time in front of the NRT packets, until 
they reach the threshold limit Th. 

Another important feature of the DPMP queuing 
system is that RT packets assume a limited ‘higher 
space priority’ up to the threshold limit Th, at 
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instances when a full buffer is encountered by an 
arriving RT packet. This is achieved implementing a 
Last in First Drop (LIFD) policy where the packet at 
the tail of the (NRT) queue is dropped to admit the 
arriving RT packet that meets a full buffer, as long as 
the total number of RT packets in the DPMP is less 
than the threshold Th. Note that the effect of this 
‘LIFD displacement’ policy is expected to give only a 
slight increase in overall NRT loss if the threshold Th 
is small in comparison to the total DPMP size k. 
Hence, the total number of NRT packets allowed in 
the buffer can range from k, the total queue capacity, 
to k-Th, which further minimizes loss of NRT packets. 
The complete sharing of the buffer space by both 
classes also ensures high buffer utilization and results 
in lower overall packet loss probability compared to 
non-sharing. Furthermore, NRT packet loss 
minimization in the user terminal buffer results in 
better network resource utilization and improves the 
performance of higher layer protocols, because lost 
NRT packets typically must be retransmitted by 
means of error control mechanisms with consequent 
degradation in end-to-end throughput and waste of 
transmission resources. 

The Dynamic Queue Management Processor is a 
responsible for a dynamic threshold Th. A viable way 
of assuring continuous QoS provisioning for both 
classes of traffic is to jointly optimize the QoS 
parameters for a given set of system and traffic 
parameters. This can be achieved by deriving the 
optimum DPMP threshold Th, through a cost function 
G. The weighted grade of service cost function G is 

used to determine the optimum operating threshold 
position for a given set of traffic and system 
parameters. This function is calculated form Head of 
Line Delay (HoLD), Buffer Status Report (BSR) and 
the intensities of the input flows. In order to facilitate 
semi real-time optimization of the multimedia QoS, 
Dynamic Queue Management processor needs to be 
invoked to update the optimum threshold Th, which 
can be done in the following possible ways: 

• Time period update (TPU): it will involve 
updating the input traffic and service process 
parameters at regular intervals, so that the 
analytic model can be used to find the Th value 
that minimizes the G criterion, which will then 
be used as the threshold value in the time space 
priority buffer management algorithm until the 
next update.  

• QoS requirements update (QoSU): If an initial 
value for Th is determined using the QoS 
requirements given in the traffic profile of the 
user, the system is then invoked to update the 
threshold Th whenever a given QoS performance 
measure (blocking or delay) exceeds a given 
allowable value. 

• Arrival pattern update (APU): Changes in the 
traffic arrival pattern can also be used to invoke 
the system to calculate a new optimum value Th 
for the buffer optimization. For example, when 
variation in arrival rates of RT and NRT traffic is 
detected, a new optimum value for Th can be 
recalculated. 
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Th

Space priority Time priority

k

λ RT

λ NRT 

0 Transmit process

Dynamic Queue
Management 

Processor

HoLD
BSR

 
Fig.1. Dynamic Queue Management of Partial Shared Buffer with Mixed Priority (DPMP) 
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IV. Simulation model description 

A functional model of mixed priority buffer and 
dynamic queue management processor has been 
offered and described. A real-time simulation model 
of DPMP has been developed. The model is designed 
in MatLab and C language. For the different RT and 
NRT traffic classes are used models from LTE Link 
Level Simulator (Vienna LTE Simulators v1.4r715). 

The basic system modeling assumptions are: User 
terminal maintains a session comprising two classes of 
flows; a real-time (RT) flow and a non-real-time 
(NRT) flow with independent packet arrivals to the 
buffer. For RT flows are used models of three 
different RT services: Conversational Voce (QCI=1) - 
Source rate 12.2 Kb/s, Encoder frame length 20 ms, 
Voice activity factor (VAF) 50% α = β = 0.01. Live 
Streaming Conversational Video (QCI=2) – Source 
rate 64 Kb/s. Inter-arrival time between the beginning 
of each frame is Deterministic at 100 ms (10 frames 
per second); The number of packets in a frame are 
with Deterministic distribution (8 packets per frame); 
Packet size have a Truncated Pareto distribution, 
mean = 10 Bytes, maximum = 250 bytes (before 
truncation). Real Time Gaming (QCI=3) – An initial 
packet arrival time is uniformly distributed between 0 
and 40 ms; The packet inter-arrival time is 
deterministic with a packet appearing every 40 ms. 
The packet size has Fisher–Tippett distribution. The 
packets are queued according to the described DPMP 
mechanism in a single queue of limited capacity of 
700 packets (k=700) for the connection. Packet 
transmission times independent and exponentially 
distributed. Packets are transmitted on an uplink 
channel in a non-preemptive manner.  

A Complete Buffer Sharing (CBS) with Drop-tail 
mechanism and Complete Buffer Partitioning (CBP) 
models are developed to investigate the DPMP 
functionality. 

The weighted grade of service cost function for the 
Dynamic Queue Management Processor [17] is: 
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In this function λ1 and λ2 are the arrival intensity of 
class 1 (RT traffic flow) and class 2 (NRT traffic 
flow). B1 and B2 are the loss probabilities of the two 
input flows. Wq1 and Wq2 are delay times for the RT 
and NRT flow. Correspondingly CB1 and CB2 are the 
blocking weighted coefficients, while CW1 and CW2 

are the head of line delay weighted coefficients. It’s 
used TPU to update the optimum threshold value Th. 
The replacement strategy known as Last in First Drop 
(LIFD) is used for Push-Out mechanism of the time 
priority queue.  

V. Numerical results and analysis 

In Figure 2, the results on investigation of 
teletraffic system G+M/G/1/k(Th) are shown. The RT 
traffic is Live Streaming Conversational Video 
(QCI=2) and the NRT traffic is Poisonian. The overall 
traffic (RT traffic + NRT traffic) is 0,85 Erl and k=10. 
The maximum value of the threshold during the 
simulation is 5.  

It can be seen that DPMP and the CBP schemes 
generally achieve the lowest mean RT flow delay due 
to the service prioritization. Note that even though 
DPMP also uses a limiting threshold, Th, the 
precedence queuing and service (time) priority for RT 
flow, which are features absent in CBS, not only 
minimizes RT queuing delay but also allows transfer 
of RT packets from user terminal. 
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Fig.2. Mean RT waiting time as a function of  NRT traffic 
component in concurrent RT and NRT traffic for DPMP, 

CBP and CBS queuing. 

An increase in the traffic ratio on the x-axis 
represents increase in NRT traffic component and a 
corresponding decrease in RT component i.e. the 
increase in the NRT flow component causes further 
stalling of RT flow in the user terminal RT queue, 
leading to corresponding increase in delay. The 
opposite effect can be observed in the DPMP or CBP 
curves i.e. RT delay lowers with decreasing RT flow 
component. 

From Figure 3, it can be observed that the total 
blocking probability (loss probability), B2, of NRT 
flow generally increases as the buffer partition 
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threshold Th is increased from 50 to 500. Several 
factors influence the loss of NRT packets in the 
DPMP system. One is the priority access to service 
given to RT packets, which causes longer retention of 
NRT packets in the buffer and consequent loss due to 
blocking of arriving NRT packets on full buffer. The 
other is the intensity of the NRT flow arrival itself. 
The higher NRT intensity implies greater losses due to 
blocking since the buffer fills up quicker. 
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Fig.3. NRT total loss probability (B2) as a function of 

threshold length Th. 

The third factor is the LIFD displacement policy 
which allows arriving RT packets to displace (drop) 
queued NRT packets at full buffer. The increase in 
threshold Th gives more space for RT packets to 
occupy at the expense of NRT packets, thus leading to 
higher NRT losses; but the effect of this will not be 
very noticeable if NRT intensity is low. Figure 3 also 
shows that the increase in NRT service (web 
browsing) total loss probability B2, is more dramatic 
and sharp when we have input flow with the higher 
bursty traffic of the real time gaming (QCI=3). When 
we deal with RT arrival intensity of conversational 
video (QCI=2), buffer utilization is lowered, hence, 
increase in NRT loss probability is less dramatic with 
higher buffer threshold. With low bursty RT traffic the 
conversational voice (QCI=1), the graph shows that 
increasing the buffer threshold Th has very little 
influence on the NRT loss, incurring only a negligible 
amount of NRT packet losses for all the Th values. 
The reason for this is that the impact of RT time 
prioritization in preempting access to service for the 
NRT flow is significantly lower. with low RT arrival 
intensity.  
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Fig.4. RT waiting time (Wq1) as a function of threshold 

length Th. 

From Figures 4, it can be observed that although 
higher Th threshold, aided by the LIFD displacement 
policy, RT delay increases at high rate of the real time 
gaming service (QCI=3). It can be seen that if 
threshold value Th is below 150, RT delay at high rate 
of the real time gaming service (QCI=3), is closer to 
the mean RT delay of conversational video (QCI=2). 
This suggests that lower Th threshold provide better 
RT delay bound that prevents excessive RT delay at 
high RT arrival intensity, albeit at the expense of 
some RT losses. Thus, the DPMP threshold Th, serves 
to provide a delay (and hence jitter) bound, as well as 
guarantees some space for RT packets regardless of 
buffer occupancy via the LIFD (NRT packet) 
displacement policy. Hence, it is important that for a 
given finite total buffer size k, the Th threshold should 
be chosen to minimize RT loss and delay, and at the 
same time minimize NRT loss especially due to LIFD 
displacement.  

VI. Conclusion 

The aim of the work presented in this article is to 
improve QoS guarantees methods with Dynamic 
Queue Management of Partial Shared Buffer with 
Mixed Priority (DPMP) queuing system for in LTE 
Uplink. With DPMP queuing system, the real-time 
component of the mixed traffic, which is delay 
sensitive and loss tolerant, is given time transmission 
priority with active management of the time queue 
length; while the non-real-time component, which is 
loss sensitive and delay tolerant, is given space 
priority. In a dynamic environment such as mobile 
cellular systems, where traffic and channel conditions 
are constantly changing, selecting an optimum Th 
threshold is quite a challenging problem. From the 
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results shown and discussed in the previous section 
we can make some global conclusions for QoS 
parameters in LTE Uplink with DPMP in user 
terminal buffers.  

Packet dropping probability decreases when 
threshold position increases but in case of delay 
tolerant traffic it continuous to increase.  

Latency is high because, response time increases 
for both delay tolerant and delay sensitive traffic 
streams when threshold position increases.  

Jitter employs space priorities for different 
multimedia traffic classes in order to avoid the jitter. 
Throughput depends upon delays.  

Buffers are highly utilized for high priority traffic 
data. It uses a threshold value that limits the access to 
buffer space against priority traffic, and hence it 
cannot achieve better fairness among the resources. 
The average queue length plays an influential part for 
allocating the threshold positions. 

The work in this article could be extended in 
investigating the performance of new optimization 
strategy for RT threshold based on SINR of the uplink 
channel or in extending DPMP providing priority 
control to enable layered prioritization of real-time 
traffic such as video frames when multiplexed with 
non-real-time data in a multimedia session. 
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Model of information security system based  
on distributed data transmission 

Elitsa D. Gospodinova, Tashko A. Nikolov 

 

This paper presents a model of security system for protection of information, transmitted over 
wireless networks. The model is design for implementation in terminals, having more than one 
independent one from another radio – modules and parallel transmission option. Emphasis is 
placed on the method of information flows distribution. Some scenarios for authentication and voice 
communication are considered and represented conceptually as block diagrams. Scenario for 
transmission mode change, improving the communication process reliability is also presented.  This 
change mechanism protects the communication from packets loss or injection of false ones. The 
system efficiency against “Man-in-the Middle” attack is considered theoretically justified. The 
model could be implemented along with high cryptographic protection as security software 
application. 

Модел на система за информационна сигурност чрез разпределено предаване на 
данни (Елица Господинова, Ташко Николов). В тази статия е представен модел на 
система за защита на информацията, предавана по безжични мрежи. Моделът е 
проектиран за имплементация в терминали, които имат повече от един независими един 
от друг радиомодула и възможност за паралелна комуникация.  Акцентира се върху метода 
за разпределяне на информационните потоци. Разгледани са сценарии за автентикация и 
гласова комуникация, представени концептуално като блок схеми. Представен е сценарий за 
смяна на режима на предаване, който подобрява надеждността на комуникационния 
процес. Тази смяна се налага при загуба на пакети или инжектиране на фалшиви такива.  
Теоретично е обоснована ефективността на системата спрямо  атака от тип „Човек в 
среда”.  Моделът би могъл да бъде реализиран в комбинация със силна криптографска 
защита като софтуерно приложение за сигурност. 

 

Introduction 

Information security is one of the most important 
aspects of communication between subscribers in a 
wireless environment. Each standard is composed of 
multiple security services that in turn are consistent 
with the network architecture and hardware features of 
the wireless terminals. Key factors in information 
security systems modeling are energy consumption 
and computational resources.  

From a consumer perspective, information security 
would be a top priority, which necessitates   
substantial part of software and hardware resources of 
the terminals and the network to be allocated mainly 
to ensure it. There are many models of information 
security applications developed as software for 
particular operating system [1], [2]. Others are based 
on additional major hardware modules. Some combine 
software with hardware solutions.  

The described theoretical model provides 
distributed data transmission in wireless networks, 
which in combination with additional cryptographic 
protection, theoretically increases the communication 
process efficiency against ”Man-in-the-Middle” 
attacks.   

Section 1 presents the conceptual model of the 
proposed solution, and Section 2 describes 
telecommunication process, with distributed data 
transmission. In Section 3 are described the packets 
distribution principles. In Section 4 – advantages and 
disadvantages of using AP to initiate the 
communication process. The proposed solution 
expedience is theoretically justified in Section 5 and 
benefits for the various aspects of communication 
process are discussed.  The directions for future work 
are described in Section 6 and Conclusion summarizes 
the proposed model. 
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Distributed data transmission model  

There are wireless terminals equipped with more 
than one independent from one another radio - 
modules involving parallel operating mode. This 
enables the user to make communications via different 
mobile/wireless providers. 

Such architecture is a good design basis for an 
optimized information security system in wireless 
communication environment. 

The proposed model is based on standard security 
services, consisting of widely used cryptographic 
algorithms and standards, combined with data 
distribution method.  Fig. 1 presents the conceptual 
model as block diagram. 

We assume that the communication process in-
volves two parties – Alice and Bob, each of them 
equipped with wireless terminal with two radio 
(GSM/UMTS) – modules (for mobile providers X and 
Y) , and one WiFi module. The process begins when 
Alice calls Bob, using one provider`s network (one 
GSM/UMTS module).  After successful mutual au-
thentication via one of two pre-build secure tunnels on 
the corresponding network, and receiving the call on 
the part of sought after subscriber, data communica-
tion process begins. During communication, data 
packets are transmitted randomly via the two 
GSM/UMTS networks or one GSM/UMTS network 
and WiFi network. (The packets distribution method 
is described in details in Section 3). 

Execution phase 

Authentication – the authentication process relies 
on efficient way for encryption key exchange, 
combined with asymmetric cryptographic algorithm. 
In 1976 Whitfield Diffie and Martin Hellman 
proposed a key exchange method [3], which has 
become fundamental basis for many cryptographic 
solutions. It allows two communicating parties to 
share a secret key in an unsecure communication 
channel. Later, in line with the computing and 
cryptoanalysis progress, many improvements of this 
method were developed [4], [5].  

A model of authentication protocol, known as 
”STS” /Station to station/  protocol is introduces in [6] 
. It combines the DH key exchanges method with the 
asymmetric cryptographic algorithm RSA. The 
simplified protocol structure makes it suitable for 
implementation in wireless networks with limited 
computational resources. Some mechanisms exist that 
extend the described method and allow mutual 
authentication between multiple subscribers [7]. 
Chosen authentication mechanism, combining DH key 
exchange and RSA is intended to  protect the key 
cryptochannel while the communication protocol 
should be selected such as to suit the the 
authentication procedure latency, the network speed 
and users terminals hardware. 

In the proposed model, the communication begins 
with authentication process between the two parties. It 

 
Fig.1. A conceptual block diagram model. 
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is initiated by the calling party and the whole 
authentication process is performed via one mobile 
network (e.g provider X`s network) and engages one 
radio-module. The choice of network may be based on 
different metrics. In this case, we assume that the 
authentication procedure is associated with provider 
X.  Figure 2 shows the different steps of the 
authentication process. 
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Fig.2. Authentication process execution. 

When the authentication process via the first 
network is unsuccessfully completed, the calling party 
initiates new authentication process through network 
Y, where different exponent is used. If authentication 
messages transmitted during both authentication 
processes are identical, the probability of intruder to 
retrieve information about the exchanged keys 
increases. Using different exponent, the described 
attack scenario probability is minimized. If 
authentication fails, the communication process is 
stopped.  

In case subscriber is located within range of an AP, 
he might initiate the authentication procedure through 
the AP, if the first authentication attempt through 
provider X has failed.   While the base station belongs 
to the respective provider and subscribers can 
recognize their identification, the wireless resources 
provided by an AP are unknown. Possible scenario is 
in which the subscriber is automatically connected to 
an AP. Intruder who has the necessary equipment, 

may provide coverage along the subscriber route, in 
order to capture the transmitted authentication 
messages. To avoid “Man-in-the-Middle” attack, the 
subscriber must prepare trusted AP list, with which 
communication process could be initiated. This list 
should be in the form special database, containing 
trusted AP identifications. Only if the AP 
identification corresponds to one in database, the 
authentication continues. If the AP is successfully 
identified, the time required to complete the 
authentication process should be evaluated (evaluation 
process is described in details under Section 4) . If it 
meets the requirements, then authentication process is 
initiated through the corresponding AP, otherwise – 
authentication is initiated through operator’s Y 
network. This scenario is shown on Figure 3. 

 

wlan thresholdt t≥

 
Fig.3. Authentication process through AP. 

Packet distribution 

After security services are executed, data is being 
split into packets and distributed for transmission on 
the pre-built tunnels. Packets distribution principle is 
shown on Figure 4 and is based on several factors:   

• For a certain period of time – “t”, the packets are 
unevenly distributed along the two networks. In 
order to ensure it, the distribution function 
should be unpredictable to a potential intruder 
and should be based on random /pseudorandom 
variables such as  signal power, routing, etc.; 

• For each period period of time -“t”, the system 
scans the specified values and selects weighting 
coefficients for packets distribution. 

Some basis cryptoanalisys techniques require a 
certain number of full encryptions for successful 
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attack realization /eg. differential cryptanalysis/. Upon 
standard communication process for certain time 
period, the attacker needs to obtain access to the 
wireless network resources, after which intercepts data 
transmitted and collects certain number packets equal 
to the required number of full encryptions for. In case 
of distributed data transmission, the attacker needs to 
obtain access to the wireless resources of both 
networks. A distributed data transmission conception 
is based on the probability thesis – the probability of 
obtain access to two independent from one another 
networks /on different providers/ is smaller. 
 

 
Fig. 4. Packets distribution model. 

The physical parameters of the transmission media 
may cause fading, decrease of service quality and 
even loss of conversation. In case of packet loss, 
exceeding a predefined threshold – the system scans 
the packets transmission routes in both networks in 
order to indentify the faulty one. Scanning should be 
based on the physical parameters, in wireless network. 

When the faulty network is identified, the system 
routes all traffic to the other one, and notify 
subscribers about data transmission mode change. 
Thus, the information security level is only 
cryptographic protection function, while in system 
operating mode, it is many magnitudes function. In 
case packets get loss in both networks, the 
communication process is interrupted. The described 
scenario is presented on Figure 5. 

Routing the traffic to a common route might be 
used to counteraction the “Man-in-the-Middle” attack. 
If the intruder is within a range of one of the routes, he 
could inject false packets in the corresponding 

network, in order to increase the traffic and jam the 
communication process.  
 

 
Fig.5. Transmission mode change. 

When the number of false packets reaches a 
predefined threshold, the system begins to scan the 
physical parameters of the environment in order to 
identify the cause of their occurrence. As a result it 
initiates  re routes all packets to the other route and 
checks whether the faulty channel’s provider supports 
different network with different topology and access 
technology (for example – EDGE - HSPA ).  If there 
such possibility, the system might recover the original 
mode through the new network. 

Initiating the communication process  
through AP 

In term of security and reliability of transmitted 
information there are number of advantages and 
weaknesses using WLAN: 

• Transmission speed is suitable for voice 
communication, sensitive to time delay; 

• Due to the fact that the communication process is 
expected to take place mainly through the 
cellular network, vertical handover to a different 
standard is not always reasonable. [8] give an 
overview of the circumstances that must be 
fulfilled in order to initiate a vertical handover 
between mobile network and WLAN.  
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• In term of disconnection probability during a 
vertical handover initiation, the communication 
process reliability should be evaluated. 

Important circumstance, through which the 
communication process continuity is insured when 
initiating handover between cellular network and 
WLAN, is the time during which the subscriber will 
be in the network. It is evaluated [9] as follow: 
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where: 

WLANt  - is the time which the subscriber is expected to 

spend in the network; 
R – cell coverage radius;  

osl  - distance between AP and the measurement point 

of the wireless station; 
υ - subscriber’s movement speed ; 

st  - the time when the power is measured; 

int - the time the wireless station has entered  the cell; 

When designing a voice communication system 
with ability to initiate a vertical handover is it 
necessary to define the optimal thresholds for WLANt . 

To ensure maximum reliability and security, vertical 
handover should be used only in case of severe packet 
loss or when intruder is injecting fake packets in the 
communication channel.  

In case of authentication process trough AP, the 
time WLANt  should also be evaluated in order to be 

compared with the authentication process latency, i.e. 
according (1) and the system operation principle , 
authentication trough AP would be reasonable only if: 

 
(2)                    WLAN At t≤  

 
where: 

At  - is the authentication process latency; 

Оptimization of packet distribution 

The voice distributed transmission could be a 
rational decision to reduce a “Man-in-the-Middle” 
attack probability if the distribution is optimized 
according to certain characteristics. We assume that 
the vo-coder is G.711 and packets are evenly 
distributed between two networks (two providers). An 
intruder manages to capture packets transmitted over 
provider X network and decrypt them. In such 

scenario an intruder can rely on vo-coder to restore the 
voice streams. The vo-coder is constructed so that 
even in large regular packets loss could recover the 
transmitted speech by lost of QoS [10]. In such 
scenario, proposed packets distribution solution is 
irrational. However, if packets are distributed in such 
way, that the separate packet groups, transmitted on 
one network form one or more words, enable the 
intruder to tap the corresponding network traffic. 
Upon successfully decrypting the captured 
information, he could hear conversation fragments. In 
case that in information flow are missing whole 
words, the captured information could not be 
understood by the intruder.   

Advantages of the method 

• The communication model theoretically 
decreases “Man-in-the-Middle” attack 
probability;   

• Upon degradation of the physical parameters of 
the environment, the whole traffic could be 
rerouted to the other network, which increases 
the communication process reliability;  

• The distributed traffic balances networks load. 
This increases the overall system capacity and 
decreases its sensitivity against excessive 
information introduced by other security 
services. 

Guidelines for future work 

The proposed model is a theoretical structure, 
whose efficiency and rationality might be proved only 
experimentally. For this purpose should be modeled 
scenarios about parallel information transfer whit 
different packets distribution weighting and different 
coverage range in term of the potential attacker 
location. To ensure the proposed distributed data 
transmission model, effective and adequate security 
services, providing robust cryptographic protection 
should be developed and tunneling method must be 
formulated. Although the noise is a random variable 
that is hard to be predicted by the intruder, in sake of 
system analysis completeness it is metric that should 
also be evaluated.   

Conclusion 

In this paper an information defence model on two 
independent networks is described. The basic structure 
for authentication and voice communication are 
discussed. Some scenarios for packets loss and fake 
packets injection are analyzed. The system efficiency 
will be evaluated experimentally. 
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Speech quality dependence investigation from transmission 
channel characteristics and voice encoding methods  

Snejana G. Pleshkova, Kalina Hr. Peeva  

 

This article examines the dependence of speech quality from transmission channel characteristics 
and speech encoding methods. As speech quality estimation is proposed to use the objective methods 
for quality control and evaluation of reproduced speech signals transmitted in voice audio 
communications systems.  Also the models of human auditory perception are applied as a tool for 
current control and further improvement of the adopted speech quality. Especially, as a basis 
algorithm for speech quality control simulation in this paper is proposes to use the widespread ITU-R 
standard for objective measurement of perceived audio quality through models of human auditory 
system. The simulation model create in this article is the improved version of the existing in the 
mentioned standard method for objective measurement of perceived audio. The developed algorithm 
and simulation models can be used in voice communication systems like GSM, VoIP, DVB, etc. In 
each of these concrete voice communication systems are applied different methods for source and 
channel coding and they are examined in respect to the perceived audio information quality against 
negative factors such as the occurrence of signal distortions and noise in the communication channel 
within the chosen type of voice audio system. Presented are the quantitative experimental results of 
the analysis for the reliability and the effectiveness of the applied algorithm, obtained during the 
simulation. 

Изследване на зависимостта на качеството на говора от характеристиките на 
каналите за предаване  и методите за кодиране на говор (Снежана Плешкова, Калина 
Пеева). Тази статия изследва зависимостта на качеството на говора от параметрите на 
канала за предаване и методите за кодиране на говор.  За оценка на качеството на говора e 
предложено използването на обективни методи за контрол на качеството и оценка на 
възпроизведените говорни сигнали, предавани в системите за гласови комуникации. Също така 
се прилагат модели на слуховото възприятие на човека като средство за текущ контрол и 
следващо подобряване на качеството на приетия говор. По-точно, като основен алгоритъм за 
симулация на оценката на качеството на говора е предложено да се използва широко 
разпространения стандарт ITU-R за обективна оценка на качеството на приетия говор чрез 
моделиране на слуховата система на човека. Симулационният модел създаден в тази статия е 
подобрена версия на споменатия по-горе стандартен метод за обективна оценка на качество 
на приетия говор. Разработеният алгоритъм и симулационен модел може да се използва в 
системи за гласови комуникации от типа на GSM, VoIP, DVB и др. Във всяка от тези 
конкретни комуникационни системи се прилагат различни методи за кодиране на източника и 
канала и те са изследвани по отношение на качеството на приетата говорна информация 
спрямо отрицателни фактори, като наличие на изкривявания и шумове в комуникационния 
канал при съответно избран тип на аудио система. В статията са представени в 
количествена форма форма експериментални резултати от анализа на надежността и 
ефективността на приложените алгоритми, получени при симулацията.    

 

I. Introduction 

Audio quality is of leading significance in 
designing and realization of voice communication and 
multimedia systems [1]. The rapid development of 
audio systems with different rates of transmission, 

however, led to the development of methods with 
different accuracy in evaluation and control of 
perceived quality. Depending on the nature of speech 
signals in widespread communication systems are 
applied two popular methods of quality control, 
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according to the particular encoding method for voice 
signals, and the specific channel characteristics: 

• Subjective Listening tests [2]; 
• Objective Measurements of perceived audio 

quality [3]. 

The specific channel characteristics and coding 
standards for speech information will be reflected in 
the simulation model by specifying the appropriate 
parameters of the communication system during 
experimental verification of the proposed algorithm 
and simulation program, regardless of the improved 
version of objective measurement of perceived audio 
quality, by model of auditory perception. The purpose 
of this article is to develop algorithm and simulation 
models which could be used in the field of 
professional measurements or in student education to 
study and improve the quality of speech signals 
transmitted over communication systems in real time. 

One of the goals of the simulation program is the 
creation of a suitable functional scheme for simulation 
model, which will by applicable for practical 
realization in the specific science-oriented Matlab 
Sumulink space.  

II. Auditory perception model for speech 
quality control in voice communication system 

The developed algorithm is focused and describes 
the preparation of simulation model for analysis of the 
quality of reproduced speech signals in real time in 
consistence with the improved version of the 
established method for objective measurements of 
perceived audio quality, which apply the model of 
auditory perception. 

In this article, will be used the following 
generalized block diagram (Fig. 1), including the main 
blocks of the model of human auditory perception [4]. 

The given test signals represent a natural speech 
signals of duration in the range of 5-10 seconds, as the 
applied Signal Under Test and Referent Signal are 
synchronized in time. Their length could be limited to 
a very short interval, since it does not be expected that 
these signals will be used in subjective listening tests. 

III. Output parameters from speech quality 
estimation with auditory perception model 

The output parameters are designed in accordance 
with ITU-T Recommendation P.835 [5] and 
methodology, which are designed to achieve the 
reduction of auditory uncertainty against speech signal 
distortion, background noise distortions or both, and 
thus form the basis for overall quality assessment. 

 
Fig.1. Functional block scheme of model of peripheral 

auditory perception. 

The methodology successfully allows assessing 
and controlling the quality of enhanced speech signals 
by measurements of the speech signal alone - using a 
five-point scale of signal distortion (SIG), the 
background noise alone - using a five-point scale of 
background intrusiveness (BAK) and by measuring 
the overall quality using the scale of the mean opinion 
score (OVRL) [1=bad, 2=poor, 3=fair, 4=good, 
5=excellent]. 

The model used LPC-based objective measure by 
log-likelihood ratio (LLR), described with the 
following equation: 
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where ac is the LPC-based vector of the original signal 
fragment, ap is the LPC-based vector of the enhanced 
speech fragment and Rc is the autocorrelation matrix 
of the original speech matrix. The segmental LLR 
values were limited in the range of (0, 2) to further 
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reduce the number of outliers. 
The weighted-slope spectral distance (WSS) 

measure computes the weighted difference between 
the spectral slopes in each frequency band, obtained as 
the difference between adjacent spectral magnitudes 
in dB. The WSS measure evaluated in this paper is 
defined as: 
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where W(j,m) are the weighted spectral slopes for the 
frequency band at fragment of the clean and processed 
speech signals. The number of bands was set to K=25. 
The time-domain segmental Signal-to-Noise Ratio 
(segSNR) measure, instead of working on the whole 
signal, computes the average of the SNR values of 
short segments (15 to 20 ms) and is widely used for 
evaluating the performance of speech enhancement 
algorithms. It is described by the equation: 
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where x(i) and y(i) are the clean and processed speech 
samples indexed by i, and N and M are the total 
number of samples and segment length. 

The PESQ measure is the most complex in the 
objective speech measures and is the one recommended 
by ITU-T [6] for speech quality assessment of 3.2 kHz 
handset telephony and narrow-band speech codecs. The 
PESQ score is computed as a linear combination of the 
average disturbance value Dind and the average 
asymmetrical disturbance values Aind as: 

 
(4)        ind2ind10PESQ AaDaa += , 

                
where а0 = 4.5, а1 = - 0.1, а2 = - 0.0309. The 
parameters а0, а1 and а2 were optimized for speech 
processed through networks and not for speech 
enhanced by noise suppression algorithms. 

IV. Transmission and receiving parts of 
simulation model for speech quality investigation 
and control  

In Fig.2 is presented the transmission part of the 
proposed simulation model to prepare various 
scenarios of speech quality analysis, estimation and 
control in voice communication systems.  

 

 
 
Fig.2. Transmission part of the proposed simulation model 

to prepare various scenarios of speech quality analysis, 
estimation and control in voice communication system. 

Similarly, on Fig.3 is presented the receiving part 
of the proposed simulation model to prepare various 
scenarios of speech quality analysis, estimation and 
control in voice communication systems.  
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Fig.3. Receiving part of the proposed simulation model to 

prepare various scenarios of speech quality analysis, 
estimation and control in voice communication systems. 

There are many cases of using the simulation 
models for modeling and testing the appropriate 
systems.  The main advantages of the proposed 
simulation model are that it offers the possibilities to 
carry out the simulations choosing different encoding 
methods and channel characteristics, shown in Fig.2 

and Fig.3 as appropriate functional blocks existing in 
Matlab Simulink Communications System Toolbox. 
Along with this, the transmission and receiving part of 
this simulation model provided the ability to select the 
speech signal sources, type of modulation, the 
communication channel type and noise characteristics, 
etc. 

Here also there are offered the numerous kinds of 
choosing different decoding and demodulation 
methods, like functional blocks from Matlab Simulink 
Communications System Toolbox, corresponding to 
the encoding and modulation methods. 

The receiving part of the simulation model 
provided the ability to select three different methods 
of treating the received and decoded speech signals, 
before their quality analysis or estimation: listening, 
saving in an audio file or exporting the speech signal 
to Matlab Workspace. 

The proposed on Fig.2 and Fig.3 simulation 
models of transmission and receiving parts of a voice 
communication system is executed for simulation of 
speech transmission  using various selections of 
encoding/decoding methods and channel character-
ristics. The results of the received speech signals are 
collected in the appropriate audio files. These files are 
used in the next step for objective comparison with the 
corresponding original speech files to prepare the 
suitable quality estimation of the received speech 
signals using the above described auditory perception 
model (Fig.1.) for speech quality control in voice 
communication systems. 

V. Experimental results from simulation 

With the described above voice communication 
system simulation model (Fig.2 and Fig.3) are 
prepared numerous experiments using the presented in 
Fig.1 functional block scheme of model of peripheral 
auditory perception as a tool for received speech 
quality estimation and analysis. In this article are 
presented only a part of these experiments to show the 
main results achieved with the proposed objective 
method for speech quality estimation in voice 
communication systems. 

The experimental results from the control of the 
quality of speech audio signals, transmitted over the 
proposed model of voice communication channel 
(Fig.2 and Fig.3) and affected by different levels of 
channel packet loss or channel noise, are illustrated 
bellow in the following tables (Tab.1 to Tab.5), where 
the values of the output parameters from speech 
quality estimation with auditory perception model 
(Fig.1.) PESQ_MOS, LLR, SNRseg, WSS, PESQ, 
Csig, Cbak, Covl are used. 
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The original speech signals under tests are 
submitted using different variants for source and 
channel coding methods and also different models of 
communication channels. It is possible to set and 
change the channel distortions and error levels, in 
order to observe different scenarios with the following 
defined real channel characteristics: 
     - known packet loss (3%, 10%, 15%, 30%) in the 
first case (Tab.1 and Tab.2) and for two speech coding 
methods Internet Low Bitrate Codec (iLBC - Tab.1) 
[6] and G.711 Codec (Tab.2) [7]; 
      - known error to noise ratio Eb/No values (10dB, 
20dB, 30dB, 40dB) for a chosen communication channel 
simulation model (AWGN) and for G.711 Codec (Tab.3). 
 

 Table 1 
 Experimental results of speech quality estimation in 
voice communication system with iLBR speech coding 
method 

 

Table 2 
Experimental results of speech quality estimation in 
voice communication system with G.711 speech coding 
method 

 

The results from experiments of speech quality 
estimation with various methods of modulation used 
in voice communication systems are presented here in 
Tab.4 and Tab.5 with applying the most popular base 
band modulation models QAM and QPSK, 
respectively. 

Table 3 
 Experimental results of speech quality estimation in 
voice communication system with G.711 speech coding 
method and AWGN channel 
 

G.711 
Codec and 

AWGN channel 

Channel 
packet 

loss 
3% 

Channel 
packet 

loss 
10% 

Channel 
packet 

loss 
15% 

Channel 
packet 

loss 
30% 

PESQ_MOS 2.275 0.033 0.469 0.085 
LLR 3.942798 2.615075 2.192947 1.238560 

SNRseg -1.038056 0.296460 1.130196 4.791768 
WSS 93.84945 53.62838 45.79661 29.4295 
PESQ 2.275327 0.033121 0.469261 0.085274 
Csig -0.4368 -0.0606 0.7073 1.6051 
Cbak 1.9993 1.2931 1.6089 1.7706 
Covl 0.7500 -0.0937 0.5284 0.8225 

Table 4  
Experimental results of speech quality estimation in 

voice communication system with QPSK modulation 
and AWGN channel 

QPSK 
modulation 
and AWGN 

channel 

Signal to 
Noise 
Ratio 
(SNR) 
10 dB 

Signal 
to Noise 

Ratio 
(SNR) 
20 dB 

Signal to 
Noise 
Ratio 
(SNR) 
30 dB 

Signal to 
Noise Ratio 

(SNR) 
40 dB 

PESQ_MOS -0.620 2.524 0.284 0.284 

LLR 3.20919 4.13938 4.14872  4.14872 

SNRseg -10.0000 -10.000  -10.0000 -10.0000 

WSS 77.3486 88.9560  89.1453 89.1453  

PESQ -0.6203 2.5238 0.2838 0.2838 

Csig -1.2795 -0.4452 -1.8072 -1.8072 

Cbak 0.1660 1.5877 0.5156 0.5156 

Covl -1.0899 0.8836 -0.9257 -0.9257 

     
The values of composite measures  Csig, Cbak and 

Covl in all tables (Tab.1 to Tab.5) present the absolute 
difference between the two signals original and signal 
under test, where the ‘0’ value mean a full accordance 
and the positive values indicate all other transmission 
differences in the estimated signal components. 

There are also calculated and listed bellow: 
PESQ_MOS = 4.500; LLR = 0.0000;  
SNRseg = 35.0000; WSS = 0.0000; PESQ = 4.5000;  
Csig =  5.8065; Cbak = 5.9900; Covl =  5.2165, 
the same objective characteristics PESQ_MOS, LLR, 
SNRseg, WSS, PESQ, Csig, Cbak, Covl used in the 
experiments, but for ideal case, where the original and 
the referent signal are the same. These values are used 
as reference values for comparison with all other cases 
presented as results in tables (Tab.1 to Tab.5) of 
received speech signals and for analysis and 
conclusion about speech quality estimation. 

 
iLBR 
Codec 

Channel 
packet 

loss 
3% 

Channel 
packet 

loss 
10% 

Channel 
packet 

loss 
15% 

Channel 
packet 

loss 
30% 

PESQ_MO
S 

0.449 0.419 0.428 0.399 

LLR 0.222711 0.222711 0.236564 0.281204 
SNRseg -1.813491 -1.820839 -1.859493 -1.932785 

WSS 33.75907 37.56839 39.24336 48.93606 
PESQ 0.449458 0.419038 0.428075 0.399475 
Csig 2.8603 2.7784 2.7545 2.6041 
Cbak 1.498 1.4566 1.4468 1.3606 
Covl 1.6200 1.5543 1.5428 1.4290 

 
G.711 
Codec 

Channel 
packet 

loss 
3% 

Channel 
packet 

loss 
10% 

Channel 
packet 

loss 
15% 

Channel 
packet 

loss 
30% 

PESQ_MO
S 

0.183 0.163 0.131 0.097 

LLR 0.251760 0.27396 0.304029 0.38377 
SNRseg 13.067487 12.48326 10.82266 7.28556 

WSS 20.024764 22.29775 28.20228 28.2022 
PESQ 0.182779 0.163043 0.130813 0.09683 
Csig 2.7639 2.7087 2.6052 2.3632 
Cbak 2.4044 2.3423 2.1809 1.8334 
Covl 1.4721 1.4289 1.3462 1.1696 
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Table 5 

 Experimental results of speech quality estimation 
in voice communication system with QAM modulation 
and AWGN channel 

 

VI. Conclusion 
In conclusion it is possible to summarize the 

main results in the following way: 
•  the values of the objective quality parameter 

WSS is bigger for encoding methods G.711; 
•  method has little value of WSS in comparison of 

encoding method iLBR, which means the best 
speech quality of  encoding methods G.711; 

•  the values of the objective quality parameter 
LLR have the small difference from the zero 
reference is smaller for the encoding method 
iLBR in comparison of encoding methods G.711; 

•  the method G.711 is more efficient than the 
method iLBR, because of the achieved better 
quality of speech audio signals; 

•  it is possible to use the maximal values of WSS 
parameters as criteria of the degradations in the 
received speech signals; 

•  the small or minimal values of LLR parameter, 
also can be used for small and acceptable criteria 
degradation. 

 In comparative evaluation of speech quality, 
obtained after applying an appropriate QPSK and 
QAM modulations, signal transmitted through a noisy 
AWGN channel is observed more efficiency and 
higher degree of accuracy in QAM modulation. As a 
result of QPSK modulation, the most degraded 
variation is observed in the parameters WSS and 
SNRseg, while the highest similarity with the absolute 
value - in LLR parameters. 

The values of the experimental measurements in 
the QAM modulation are mainly similar, where the 
most degraded value is the WSS parameter, and the 
most similar to the absolute value - LLR and 
PESQ_MOS. 
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A ZigBee based sensor network for road traffic monitoring 

Emil E. Vladkov  

 

ZigBee is a popular wireless networking protocol for building self-configuring sensor networks. 
It proves to be both reliable and cost-effective, which makes it a preferred choice for the design of a 
traffic counting and monitoring network. The actual technology which performs the task of vehicle 
monitoring is well developed and practically tested and usually relies on AMR sensors near every lane 
of the road collecting vehicle passing count information on periodically basis. The goal of the 
proposed implementation is to build the wireless part of the system to implement and to use a simple 
and uniform networking protocol without gateways to other technologies so the whole complex system 
of hundreds of sensor nodes can be build and maintained with minimum human intervention and every 
node can act as a gateway to collect the necessary traffic information about the whole system from 
every physical location in the reach of the network. ZigBee is the clear and definitive choice as nodes 
can act both as end devices and routers and the necessary information can be spread to the whole 
network using broadcast transmissions. The article briefly describes the benefits of using ZigBee and 
the topology of the network and proposes a method for building a distributed converging data-base, 
which every node updates with short effective broadcast messages transmitted periodically to all other 
participants of the network. 

ZigBee базирана сензорна мрежа за наблюдение на трафика (Емил Владков). ZigBee е 
широко разпространен мрежов протокол за изграждане на самоконфигуриращи се сензорни 
мрежи. Той се оказва надежден и в същото време икономически ефективен, което го прави 
предпочитания избор при проектирането на мрежи за наблюдение и регистриране на 
трафика.Самата технология, която осъществява задачата по регистрация на трафика, е 
добре разработена и практически тествана и обикновено се основава на AMR сензори, 
разположени близо до пътното платно/лента, които периодично събират информация за 
преминаващите превозни средства. Основната задача на предложената реализация е 
изграждането на безжичната част на системата при използване на прост и единен мрежов 
протокол без шлюзове към други технологии, като по такъв начин цялата комплексна 
система, включваща стотици сензорни възли, да може да бъде изградена и поддържана с 
минимална човешка намеса, а всеки възел да играе ролята на шлюз, позволяващ събирането на 
информацията за трафика от цялата система от всяко физическо местоположение в 
рамките на покритието на мрежата. ZigBee е естествения избор при положение, че възлите 
могат да изпълняват функциите и на крайни устройства и на маршрутизатори, а 
необходимата информация може да бъде разпространена в цялата мрежа посредством 
broadcast предавания. Статията накратко обяснява предимствата от използването на 
ZigBee, както и топологията на мрежата, и предлага метод за изграждане на разпределена 
конвергираща база данни, която се актуализира от всеки мрежов възел посредством къси 
ефективни broadcast съобщения, предавани периодично до всички участници в мрежата. 

 

I. Introduction 

Different traffic monitoring systems exist, which 
can both supply quantitative information about the 
traffic intensity, the number of incoming/leaving 
vehicles in an urban area and even about the 
population of the parking zones and take decisions to 
control traffic lights and restrictions. Some of the 
systems are build upon existing or new camera 

installations, other are based upon different physical 
phenomena sensors, placed in or in the vicinity of the 
road structure [1], [2]. The purpose of the system 
described here is to collect data (vehicle counts) about 
vehicles entering or leaving a city area – the future 
practical realization targets are the Blue and Green 
parking zones in Sofia downtown area. Unlike the 
other existing proposals the described system shall be 
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build upon one technology and not a combination of 
different wireless techniques (WiFi, ZigBee and 
3G/4G data networks). This will result in a 
significantly lower price and much easier 
implementation with minimum human intervention for 
setup and maintenance due to the low protocol 
translation burden as no gateway exists in such a 
homogenous system. As in previous proposals the 
described system shall be accessible for data 
collection at any node, which results in a distributed 
database as the natural solution. The technology 
chosen is IEEE 802.15.4 (ZigBee) [3]. 

II. Topology of the ZigBee sensor network 

The typical ZigBee network consists of 3 type of 
devices – Coordinators (C), Routers (R) and End 
Devices (ED). The End Devices can only be the 
source or destination of a packet, but they can not 
route packets for neighbour nodes. In the proposed 
network topology every node shall be as universal as 
possible, so that the future grow of the system is 
build-in as new sensors are added. The use of End 
Device nodes will constrain the placement of new 
nodes to the coverage area of router nodes or End 
Device nodes shall be reprogrammed with Router 
firmware in case the network expansion is in a 
direction far away from Router nodes. This moves 
away from the initial design goal – self-organizing 
future-proof traffic information system with minimum 
human intervention at setup and maintenance 
(reprogramming not necessary). So in the proposed 
topology only Router and one Coordinator nodes are 
deployed as shown in Fig.1. The Coordinator node is 
obligatory for every ZigBee network, but the choice of 
one node as Coordinator is arbitrary, as every node in 
the proposed network will execute the same code for 
maintaining the distributed data base. The different 
role of the Coordinator is in the management process 
of the whole network (adding new nodes) at the 
network layer of the protocol, which together with 
routing of packets is fully automated by the ZigBee 
protocol itself and is out of the scope of this proposal. 
This is one of the strengths of the presented system – 
it is build upon well documented and mature protocols 
for routing, so the designer does not care about how 
the packets reach every destination, but only what 
these packets are carrying as payload. This makes the 
system very simple, easy to upgrade and expand 
(automated process) and easy to program (every 
device has identical program functions). The only 
restriction in such Router-only network is battery life 
of the nodes (End devices are especially battery-
aware), but the wireless connectivity will be not the 

only drain of power for the node in this case, as every 
system shall be equipped with an Anisotropic 
Magneto-Resistive (AMR) sensor [2], [4] and a 
controller board, which shall maintain the database, 
take database entry update decisions and periodically 
transmit its own AMR data through the wireless node, 
which calls for a better high capacity battery or 
permanent supply. In case a power-efficient system is 
the design goal the proposal can migrate to the XBee 
DigiMesh concept, which introduces a special sleep 
mode with “sleeping routers”. 

The AMR sensors and their sensitivity define the 
location of the nodes near the road/street structures 
(Fig.1) and act by sensing the distortion of the Earth’s 
magnetic field by the high ferrous content of the 
engine block of the passing vehicles [2]. Every vehicle 
has a specific distortion signature, so the node 
microcontroller can classify the data collected upon 
the vehicle type (personal or public transportation 
vehicles). One good candidate for the sensor 
subsystem in the node is the  Honeywell HMC1021 
AMR sensor [5]. 

The Zigbee module for every node in the mesh 
network shown in Fig.1 is the Digi International XBee 
Series 2 [6], [7] as it is very cheap and robust and has 
a well documented protocol for serial communication 
with a host microcontroller [8]. 

 

 

Fig.1. ZigBee XBee mesh network with AMR sensor boards. 
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The data collecting node, which presents the 
information as the gateway to the system 
administrator for future processing, is a just a simple 
Router node without AMR sensor, but with PC 
connectivity. 

III. Structure of the wireless sensor node 

Every sensor node in the ZigBee mesh network 
regardless of being a Coordinator or a Router has the 
same design, depicted on Fig.2. This uniformity is one 
of the strengths of the presented system, as nodes have 
one and the same hardware structure and run one and 
the same firmware algorithms. Even the data 
collecting management node is build upon the same 
hardware with the exclusion of the sensing part. 

The sensing subsystem is build upon the 
Honeywell HMC1021 AMR Wheatstone bridge 
constructed from permalloy thin-film on silicon 
patterned as resistive strip elements [5]. The IC 
chosen has one sensitive axis and acts a simple field 
detector. Its differential output signal is amplified and 
conditioned before being converted to a digital sample 
by the ADC (10-bit resolution proves to be adequate). 
To recover sensitivity and demagnetize the AMR 
sensors in the presence of strong magnetic fields the 
microcontroller applies periodically a Set/Reset pulse 
to the HMC1021 chip through the corresponding 
driver circuitry. The microcontroller (part of the 
controller subsystem) performs many tasks in the node 
– it samples through the ADC the changing magnetic 
flux disturbed by passing vehicles, compares the 
sensor data to known profiles of different types of 
vehicles, increments the internal counters, exchanges 
serial frames with the XBee module through the 
UART and takes decisions on updating the local 
database of the node, part of the distributed traffic 
system database. The serial communication with the 
XBee occurs through a standard serial interface, 
consisting of Data In (DI), Data Out (DO) and 
handshaking (RTS\, CTS\) signals. 

 

 

Fig.2. Wireless ZigBee sensor node. 

IV. Maintenance of a distributed traffic 
database in every sensor node 

The distributed database is maintained in every 
network node and should have quasi-equivalent 
entries compared to the other nodes – it converges to 
an identical state on all nodes (as the database is build 
progressively by the node itself small variances are 
possible). This concept allows for updating the 
database by very short messages broadcasted by the 
nodes to the network, containing only the traffic 
information collected by the node itself. The whole 
database is not transmitted from node to node, but is 
constructed by every node, so can be respectively 
derived by the collecting station at every location of 
the ZigBee network. 

The database consists of following entries as 
depicted on Fig.3: 

• NAddr – Node address (network address): an 
unique 16-bit value, 0x0000 for the Coordinator; 

• NID – XBee Node Identifier: A string of up to 
20 ASCII characters (20 bytes) with a short 
description of the node and/or its location. In 
case of a resources constrained controller 
subsystem this string can be reduced to a 4 bytes 
sensor node number in ASCII representation, in 
which case the exact node location lookup shall 
be performed by the data collecting station;  

• TP –  Data collecting time period: an 8-bit value 
representing the interval in minutes during  
which the traffic count was registered. The 
maximum allowed period is 255 minutes, or 
slightly more than 4 hours. After this period has 
passed the node should transmit its own count 
values in a broadcast message to the network; 

• InCnt – Incoming traffic count: a 16-bit value 
representing the number of vehicles registered 
by the local AMR sensor to enter a specific 
zone; 

• OutCnt – Outgoing traffic count: a 16-bit value 
representing the number of vehicles registered 
by the local AMR sensor to leave a specific 
zone. Depending on the road, traffic direction 
and the number of monitoring devices placed on 
it the respective node can have only InCnt, 
OutCnt or both of them if in possession of 
several AMR sensors for both directions of 
traffic flow; 

• TI – Time Integral: a 16-bit value representing 
the integral time in minutes passed since the 
local sensor node was switched on or since the 
last reset command during which traffic data was 
collected. The value is produced by successive 
accumulations of the TP value to TI at data 
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update instants of own counter data. This data 
field is big enough to cover 45 days of collected 
data; 

• InCntI – Integral Incoming traffic count: a 24-
bit integral value produced by accumulating the 
consecutive InCnt values; 

• OutCntI – Integral Outgoing traffic count: a 24-
bit integral value produced by accumulating the 
consecutive OutCnt values; 

• NewFl – New data flag: an 1-bit flag (residing in 
a 1 Byte field in the broadcasted data frames due 
to packet length reasons) following the sequence 
-1-0-1-0-1- of alternating values. If a ZigBee 
router node receives a new data frame 
broadcasted from another station it updates its 
own database entry for this station only by the 
first reception of the new frame (in case of 
several receptions of one and the same frame due 
to a broadcast storm or alternative routes) and 
routes it forth. To accomplish this selective 
update the receiving station compares the data 
frame NewFl flag value with its own flag value 
entry and updates the whole database entry only 
if they differ. The broadcasting station has to 
toggle the transmitted flag value for every new 
collecting period data frame, so updating of all 
distributed database entries is possible. Actually 
the NewFl concept  is a precaution measure, as 
every Router maintains an 8-seconds lasting 
entry in a local broadcast transmission table to 
prevent endless retransmissions. 

 

Fig.3. Distributed database residing in each node. 

When a data collecting station extracts the 
information from the distributed database within the 
maximum 45 days time interval, it has to issue a TI, 
InCntI and OutCntI reset command, so that this 
integral data does not become meaningless from this 
point on. Of course the data collecting station can be 
constantly logged on to the system to obtain the 
consecutive counter values for the TP interval and 
store them in an external more powerful database to 
obtain statistical hour-of-the-day and day-of-the-week 
traffic information. In this case the TI, InCntI and 
OutCntI fields can be omitted in the database. 

V. Algorithm for updating the database through 
periodic broadcast messages 

Depending on the value of the data collecting time 
period TP set for the node during setup or through a 
dedicated command by the data collecting PC through 
its ZigBee module every sensing node periodically 
broadcasts to all other nodes its state – the values of 
the fields NID, TP, InCnt, OutCnt and NewFl 
(Fig.4).  

 

Fig.4. Updating the database through periodic broadcasts 
and routing. 
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with the local database entries as shown in Fig.3 – in 
case a match is found the corresponding fields are 
updated and the old counter and timer values are 
accumulated in the TI, InCntI and OutCntI fields (only 
if the update frame is a new frame – check the NewFl 
value). In case no match with the addresses is found a 
completely new entry in the local database is made. 
Such a situation can arise as new sensor nodes are 
added to the traffic monitoring network. 

Outdated entries in the database for nodes which 
have left the network (shut-down or malfunctioning) 
are removed by the node controller in a decision 
process based on  the TP value, the integral time TI 
value not changing for several TP time intervals 
passing and the local controller timer. 

VI. TX and RX API data frames structure and 
types 

The structure of the TX and RX API data frames is 
shown in Fig.5, Fig.6, Fig.7 and Fig.8 for the different 
types of user data transmitted [6], [7], [8]. These 
frames are exchanged on the serial link between the 
node controller and the XBee module. The RF frames 
transmitted or received by the XBee are related to 
these “wired” packets but they are solely covered by 
the ZigBee standard and not the subject of this design 
implementation. Both TX Request and RX Receive 
frames serve the purpose of transmitting or receiving 
user data – in this case the data has a defined structure 
of fields and can be considered as part of the 
Application Support Layer (APS) of the standard  
(sometimes called “profile”) with the corresponding 
data clusters (consisting of cluster specific data 
fields). 

Fig.5. API TX Request frame with broadcasted traffic 
counter information . 

The API frames start with a Start Delimiter (0x7E), 
followed by the Length bytes (the length is calculated 
between the length bytes and the checksum). The API 
Identifier (Frame type) values follow, which differ for 
the TX and RX frames, being 0x10 and 0x90 
respectively – they determine the interpretation of the 

following identifier-specific data.  
For the TX Request frames a Frame ID follows, 

that is used to correlate the frame with an 
acknowledgement  (ACK) from the recipient. In the 
described broadcast scenario the  ACK does not seem 
reasonable, so the field contains 0x00 to disable ACK. 
The 16-bit destination address follows, which is set to 
0xFFFE for broadcast transmission to all sensor 
nodes. The Broadcast radius field next is set to 0x00, 
which enables the maximum hops value (specified 
through a separate AT command NH together with 
other network specific parameters like the PAN ID). 
The Options byte is set to 0x01 too to disable ACK 
and retries. The user data comes next, which in the 
case of the ZigBee traffic monitoring network consists 
of the APS-fields with counter information used to 
update the distributed database, but can also contain a 
specific user-defined command for the nodes. 

The RX frame continues after the API identifier 
with the source address of the sending node – this 
address is used as one of the APS fields for look-up in 
the database update process and is part of the data 
extracted from the API frame by the node controller. 
The next byte contains the Received Signal Strength 
Indicator (RSSI) – a value in –dBm indicating RF 
reception conditions. The following Options byte shall 
reflect the fact that the frame received was a broadcast 
frame and it was not acknowledged, so the value will 
be 0x02. The APS-fields with counter information or 
command data follow. 

Fig.6. API RX data frame with look-up source address data 
and traffic counter information . 
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currently are the command for resetting the Integral 
Counters and Timers on all devices in the network 
(Cluster ID 0x01) and the command for specifying the 
data collecting timer period TP for an individual de-
vice (Cluster ID 0x02). As shown on Fig.7 the Reset 
command contains practically no cluster data (no spe-
cific parameters for the data collection process), so the 
Cluster ID is used as the command identifier. The TX 
Request frame containing the TP update command 
(Fig.8) is not a broadcast frame in this case, as this 
frame shall reach and update only the specified sensor 
node set by the management of the network. Usually 
such a frame with an TP update command is issued 
after it becomes evident that the data collecting period 
on a specific node is not optimal: too short and the 
counter values are very small and meaningless, or too 
extended so that counter overflows occur or important 
events (peaks in traffic) are missed. It is a good idea to 
use the Frame ID (set to 0x01) in the TP update com-
mand TX Request frame to enable an ACK and an 
API TX status response frame to trace the success or 
failure of the command. 

Fig.7. API TX Request frame containing the command for 
resetting integral counters and timers on all nodes. 

Depending on network management needs addi-
tional commands in form of command clusters can be 
specified with their new own Cluster IDs. As there is 
no special public profile dedicated to traffic and traffic 
monitoring at the time of this writing the Profile_ID is 
chosen in the manufacturer specific ID values range: 
0xbf00 – 0xffff [9], [10]. 

The TX Request and RX data frames end with an 
8-bit Checksum value, which is calculated as 0xFF – 
(the 8-bit sum of all data past the frame length till the 
Checksum byte) and serves the error detection tasks 
on the serial link between controller and XBee module 
of the node. 

Note: In the S2 and S2B hardware versions of the 
XBee modules there is an additional 64-bit node ad-
dress inserted just before the 16-bit network address 
(omitted in the figures for clarity) and the RSSI byte 
in the RX data frame is missing [7]. 

 

Fig.8. API TX Request frame with the data collecting time 
period TP update command. 

VII. Design range and throughput 
considerations 

It is recommended to use the power-amplified 
versions of the XBee modules – XBee-PRO as they 
allow extended-range applications (up to 90m for 
indoor/urban use and up to 1600m for outdoor line-of-
sight).  

The data throughput empirical test results of Digi 
(Table 1, [7]) show the capability of a ZigBee mesh 
network to transfer nearly 43 frames/sec for the worst 
case of 29 bytes of data in a typical TX Request  
frame with broadcasted traffic counters. Such a 
troughput will be fine even with a huge mesh network, 
consisting of more than 2500 sensor nodes with TP = 
1 minute (unrealistic scenario) despite the typical data 
collecting time period in the urban environment for 
traffic monitoring tasks will be more than 10 min. 

Table 1 
Data throughput of a ZigBee mesh network (XBee) 

Configuration Data, kbps Data, pps 
1 hop, router to router, 
security disabled 

35 150 

4 hops, router to router, 
security disabled 

10 43 

 

VIII. Conclusion 

The proposed traffic monitoring sensor network 
topology and implementation scales especially well 
for large scale networks as typical urban monitoring 
networks are. The original distributed database 
concept and the update by broadcasted messages 
makes the accomplishment with many hops between 
the router sensor nodes applicable, where traditional 
on-demand distance vector routing protocols do not 
scale well (poor network performance due to regularly 
occurring route rediscoveries because of limited 
routing tables space on ZB nodes). The presented 
system is especially user-friendly and easy to use 
because of the uniform node design and the automated 
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joining of new nodes and database updates. For 
smaller networks of ZigBee sensor nodes the same 
topology can use the Many-to-One routing algorithm 
[7] with a centralized database at the data collector 
station, which will receive the individual nodes 
counter data in the same message format but unicasted 
and not broadcasted. 
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ELECTRONICS  

Analysis of a current source supplied inverter  

Peter T. Goranov 

 

The article describes the performance of parallel current fed inverter, supplied with ideal current 
source. The analytical expressions are derived, basic characteristics and parameters are shown with 
resistive and resonant load. The studies relate to the thyristor and transistor implementation, although 
the drawings show thyristor circuits. To assess the ability of this version the current fed inverter is 
initially investigated with resistive load, then are derived analytical relationships for complex load - a 
parallel resonant circuit. Equations are obtained, showing the influence of load or frequency variation 
on voltages in the scheme and parameters defining the reliable operation of the researched inverter. 
The results obtained are compared with the known dependencies of the standard scheme of the current 
fed inverter. Studies have been confirmed with simulation results. Mode of operation is verified 
experimentally. Recommendations are made for the design of the inverter. 

Анализ на инвертор на ток, захранван с източник на ток (Петър Горанов). В 
статията се анализира работата на паралелен инвертор на ток, захранван с идеален 
източник на ток. Изведени са аналитични изрази, показани са основни характеристики и 
параметри при активен и комплексен товар. Изследванията се отнасят за тиристорни и 
транзисторни варианти, въпреки че на фигурите са показани тиристорни схеми. За оценка на 
възможностите на този специфичен вариант на инвертора на ток в началото е изследвана 
работата при активен товар, след което са изведени аналитични зависимости за комплексен 
товар – паралелен трептящ кръг. Получени са уравнения, показващи влиянието на 
изменението на товара или работната честота върху напреженията в схемата и 
параметрите, определящи работоспособността на изследваната схема. Получените 
резултати са сравнени с известните зависимости за стандартната схема на инвертор на 
ток. Изследванията са потвърдени със симулационни резултати. Режимът на работа е 
проверен експериментално. Направени са препоръки за проектирането на инвертора.  

 

Introduction 

The standard inverter scheme is supplied by a 
voltage source and includes an inductor with high 
inductance that ensures constant value of the supplied 
current (Figure 1). The inverter circuit is examined in 
detail and analyzed in the literature [1], [2], [3]. 

Fig.1. Standard inverter circuit. 

There are situations when the power supply source 
is with current source characteristics. Then the current 
fed inverter looks like the scheme shown in Figure 2. 
Such type of a power source could be easily realized 
using switched mode DC-to-DC converters or 
photovoltaic panels. 
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Fig.2. Current fed inverter current source supplied. 
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When the standard current fed inverter is supplied 
by voltage source input current is almost perfectly 
smooth, but may have an arbitrary (and unlimited) 
constant value. Current source supplied current fed 
inverter has an invariable input current and 
independent of load variations or operation modes.  

A variant of real implemented circuit is shown in 
Figure 3. The power DC-to-DC converter composed 
of transistor T, diode D and choke Ld, is in mode of 
current stabilizer. Usually the load for such inverters 
is a resonant circuit – the choice is for a parallel one.  

Fig.3. An option of current source supplying. 

The purpose of the analyses in the paper is an 
investigation the influence of load variations or 
operating frequency on the inverter output voltage and 
the parameters defining the proper operating of a 
parallel inverter supplied by current source.  

The research and results are related also to 
transistor circuit.  

A detailed analysis of the investigated inverter 
with resistive load is made in [4], so here are some 
more important results. It is proposed analysis under 
real load – resonant circuit. 

Analysis – resistive load 

A. Output voltage with resistive load 

The following system of equations describes the 
bridge circuit of the current fed inverter (Figure 2) 

(1) 

dt

du
Ci

R

u
i

iiI

CR

CRd

==

+=

;

;
  , 

where u is a load voltage, iR – resistive load current, iC 
– capacitive current, Id – input current, R – load 
resistance, С – load capacitor. 

The differential equation, related to every half-
period, and it’s solution are described in the literature 
[5]  
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where B=1/(fRC) is a load coefficient. 
The effective (rms) value of the output voltage is 

obtained using expression (3) when solving the 
equation  
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where Т is the period of operating frequency. 
The result for the rms value of the output voltage is  
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To obtain the generalized result the equation (5) is 
converted in relative units using the expression  
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4max
T

C

I
U d

oc =   

is the maximum of output voltage at no load. 
The dependency of the rms value in relative units 

Ū on the coefficient В is given in Figure 4 with solid 
line. For comparison the same dependency for the 
scheme from Figure 1 is shown with a dotted line. 

In contrast to the unlimited increase of the output 
voltage under load open circuit (R→∞) for the 
inverter supplied by voltage source the examined 
scheme has limited variations of load voltage. This 
allows to control the output voltage varying the input 
current Id. It could be seen that the relatively small 
change of the current Id provides a wide voltage load 
variations, which produces well controll of the output 
voltage.  
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Fig.4. Output voltage versus the coefficient B 
at resistive load. 

B. Output power  

Output power is calculated from 

(8) 
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or in relative units 
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Graphically the expression (9) is presented on 
Figure 5. The power dependency of B-coefficient for 
current source supplied current fed inverter shows 
wide maximum. This defines the clear criteria for B-
coefficient choice and makes easy circuit design. The 
real advisable range of B-variation is much larger – 
from B=5,5 to B=7,5. 

Fig.5. Output Power versus the coefficient B. 

Figure 5 shows also the typical minimum of the 
output power and the corresponding minimum of the 
input current (the dotted line) in the standard supply 

by voltage source.  

Analysis – real load 

A.  Basic equations 

The real circuit mentioned above (Figure 3) is 
investigated. Analysis is based on the equivalent 
diagram corresponding to processes in the inverter 
shown in Figure 6. 

Fig.6. Equivalent circuit. 

In accordance with the equivalent circuit, the 
following equations are written 

(10) LCRd iiiI ++=   , 
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where 
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Solution to the differential equation (11) looks like  
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from where the expression for load voltage  
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In the analysis are used parameters as follows: 
- ideal resonant frequency 

(15) 
CLr .

1=ω   ; 

- load resonant frequency 
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- load time-constant 

(17) RC2=τ   ; 

- output (operating) frequency 0.ωνω =  , where 

(18) 
0ω

ων =    

is a frequency coefficient and for thyristor circuits 
must be ν>1, while for transistor implementation ν=1 
is recommended; 

- load coefficient B and related expressions are 
converted to a more general form, based on the 
equations (15)÷(18) 
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B.  Voltage and current equations 

Solving the equations for the current through the 
inductor iL(t) and for the load voltage u(t) is based on 
the determination of the unknown constants a and b in 
initial conditions  
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After substituting in equation (13) and (14) is 
obtained  
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Initial values for current I0 and voltage U0 are 
determined under assumption that at the end of half-
period – t=π/ω, fulfills the conditions 
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After substituting and solving the equations, the 
following expressions are obtained 

- for the current initial condition I0  
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- for the voltage initial condition U0  
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- inductive current equation  
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- load voltage equation  
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Summarized form of the obtained expressions for 
the current iL(t) and the voltage u(t) are prepared by 
converting them into relative units. Due to this the 
survey of the inverter only requires knowledge of the 
coefficients B and ν. For this purpose the correlations 
are used  
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By changing the current variable – time t, with 
angle variable – θ=ωt or t=θ/ω, expression for the 
current through the inductance is brought in the form  
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where 
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The output voltage in relative units presents by  
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Using the substitution 
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the equation (32) is converted to  
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Based on simple geometrical correlations more 
convenient expression (35) is obtained 
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Due to expressions derived the circuit could be 
analyzed. It is very easy to estimate the influence of 
varying operating conditions – load, frequency, over 
output voltage. The shape of output voltage for 
different values of load coefficient B is shown on fig.7 
at ν=1,1. Figure 8 shows the influence of different 
output frequencies. 

 

Fig.7. Voltage shape  
versus load coefficient B. 

Fig.8. Output voltage shape  
versus frequency coefficient ν at B=const. 

C.  Effective value of the output voltage  

The effective value of the output voltage is obtained 
on the basis of expression (35) by solving the equation  
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A complicated formulae (37) is obtained. It allows 
studying the dependency between rms value of output 
voltage and load coefficient B and frequency 
coefficient ν. These relationships are very multilateral 
and based on dependence (37) can be analyzed in each 
case.  
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Some of them have been plotted in Figure 9 and 
Figure 10. 

Fig.9. Output voltage Ueff   
versus load coefficient B at ν=1,1. 

Fig.10. Output voltage Ueff  
versus frequency coefficient ν at B=2. 

(37)  

D. Circuit turn-off time 

The circuit turn off time in a thyristor circuit tqs , 
respectively turn off angle θqs, has to  be large enough 
to assure the proper inverter operation. It is obtained 
from the equation (35) by executing the condition  

(38) 0)( =qsu θ  , 

where  qsqs t.ω=θ   . 

The turn off angle θqs is a solution of the equation  
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which is 

(40) ανθ .=qs  . 

Of course, the angle α is determined by the 

equation (33). 
The dependency of the turn-off angle (in radians) 

on circuit coefficients B and ν is plotted in Figure 11 
and Figure 12. 

Fig.11. Turn-off angle versus load coefficient B 
at ν=1,1. 

Fig.12. Turn-off angle frequency coefficient ν 
at B=2. 

E.  Simulation results 

To confirm the obtained equations and 
dependencies the current source supplied current fed 
inverter, transistor implementation, is simulated 
(Figure 13). Circuit parameters are as follows: load 
inductance – 31,6μH, load capacitance – 2µF, load 
resonant frequency approximately – ω0=20kHz, 
supply current – Id=10A. Load resistance has three 
different values R=25Ω, 12,5Ω, 6,25Ω, respectively 
the value of load coefficient is B=1, 2, 4. Operating 
frequency is ω=22kHz and correspondingly the 
frequency coefficient is ν=1,1.  

With these rates of coefficients B and ν are plotted 
calculated results for output voltage in Figure 7. 
According to mentioned parameter values the relative 
voltage ratio is 

(41) 85132,4210.10.31.10.22.2. 63 =π=ω −
dIL     . 
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Fig.13. Simulated circuit. 

Figure 14 shows the simulation results for output 
voltage, which confirm obtained expressions and 
calculations. 
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Fig.14. Simulation results. 

Conclusions 

As a result of the analysis of the inverter powered 
by ideal current source can draw the following 
conclusions. 

Relations obtained allow to investigate different 
modes of operation, to assess the specific working 
conditions and to design the inverter with given load 
parameters. 

An important difference compared to standard 
current fed inverter: the output voltage has highest 

value when operating frequency is equal to load 
resonant frequency, which is only possible with 
transistor circuit.  

It is proved the stable inverter performance under 
extreme load values – from load short circuit to pure 
capacitive load. Infinite increase of load voltage is not 
observed. Under the short circuit currents in the 
scheme are defined from the input current and have 
preliminary determined value. 

Main method to control the output voltage is by 
variation of the supply current. Within certain limits it 
is possible to make this modifying the operating 
frequency. 

The obtained dependencies allow examine the 
thyristor and transistor circuits. 

Analysis with resistive load offers more general 
assessment of the capabilities of the inverter fed by 
ideal current source. 
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PSpice model of a brushless machine  
operating in a generator mode by converting  

the inverter in a boost converter 

Ivan P. Maradzhiev, Emil I. Dinkov 

 

Brushless machines are increasingly used in various fields of engineering, due to their 
simplicity, reliability and easy manner for control. The present paper is focused on the machine 
operation in a generator mode. Modeling and simulating of a brushless machine enable 
determining the optimal way of managing the machine in a motor and in a generator mode. The 
paper considers the PSpice model of a brushless machine. The machine operates in a generator 
mode by converting the inverter in a boost converter. The conditions for the transition from a 
motor mode to a generator mode of the brushless machine are analyzed. It is estimated the 
impact of the supply voltage of the battery and the speed of the machine on the returned amount 
of energy to the power supply. The purpose of the paper is to simulate the operation of a 
brushless machine in a generator mode by converting the inverter in order its usage in an 
electric vehicle. 

PSpice модел на безчеткова машина, работеща в генераторен режим чрез 
преобразуване на инвертора в повишаващ преобразувател (Иван П. Мараджиев, Емил 
И. Динков). Поради своята простота, надеждност и прост начин за управление, 
безчетковите машини намират все по-голямо приложение в различни области на 
техниката. Съществен интерес представлява възможността за работа на такъв тип 
машини в генераторен режим. Моделиране и симулиране на безчеткова машина предлага 
удобен начин за определяне на оптималния начин за управление на машината в 
двигателен и генераторен режим на работа. В настоящия доклад се разглежда PSpice 
модел на безчеткова машина. Машината се поставя в генераторен режим на работа, 
чрез преобразуване на инвертора в повишаващ преобразувател. Направен е анализ на 
условията за преминаването от двигателен в генераторен режим на безчетковата 
машина. Анализирано е влиянието на стойността на захранващото напрежение на 
акумулатора и скоростта на въртене на машината върху количеството върната 
енергия. Изследванията са направени с оглед използването на безчетковите машини в 
електрически превозни средства. 

 

Introduction 

Brushless machines are used in different areas, 
such as systems of electrical actuators, motor industry, 
and medical equipment, instrument engineering and 
household appliances. Distinctive features of these 
machines are their simple construction, simple 
operation and easy maintenance. Brushless machines 
are highly effective. In principle, their efficiency is 
around 70%. In some motors with capacity of several 
hundred watts it reaches 85% [1]. 

This paper examines a developed model of a 
brushless DC electric motor (BLDC motor) with a 
trapezoidal shape of reverse electromotive tension. 

Mathematical equations, describing the processes in 
the brushless motor, are used in the model. 

Authors like Krishnan works on a modeling of 
brushless machines in the Matlab programming 
environment [2]. In addition the library Electric 
Drives / AC drives of Simulink offers a full model of a 
brushless machine. Other scientists, like Mallik and 
Dhawan develop a PSpice model of a brushless 
machine, working in a motor mode [3]. Present 
experiments are made using their model as some 
changes are made in the control scheme. 

We are interested in the working of a brushless 
machine in generator mode and the process of 
transferring energy from the machine to the power 
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source. On this base, an algorithm is developed for 
switching machine operation from a motor mode to a 
generator mode by converting the three-phase inverter 
into a boost converter. The aim is to transfer energy 
from a lower voltage source to a higher voltage 
source. This technique can be used in electric vehicles 
in order to increase the distance covered on a single 
charge of the battery. It may also find application in 
renewable energy systems.  

Structure and mathematical model of a 
brushless machine 

By powering the brushless motor, several 
phenomena should be considered. Fig.1 shows an 
equivalent electric model of a brushless machine.  

When the rotor of the brushless machine is 
stationary, the impedance of the coil resists current 

flow through the coil. The active resistance R and the 
inductance L are very small, so that the starting 
current can be much higher if not limited. When the 
rotor rotates, the permanent magnet inside moves 
along the stator windings and induces in them reverse 
electrical voltage (E). This voltage is opposite to the 
voltage that powered the coil according to Lenz's rule, 
and reduces the current. The back e.m.f. E is directly 
proportional to the speed of the motor – RPM . It is 
determined by the voltage constant KE of the motor 
[5]. 

 

(1) EKRPME /=  
 

The current I that the motor consumes is in direct 
proportion to the load torque of the motor shaft M [1]. 
The current of the engine is defined by the constant 
for the moment of the motor KM. 

 

(2) IK=M M ×  
 

This allows the working out of a mathematical 
model for a brushless motor. For this purpose a 
diagram of a three-phase motor, powered by a three-
phase inverter is used. It is shown on Fig.2.  

 

 
Fig.2. 

Voltages across the motor windings are[4]:  

(3) 

dt

di
L+Ri=u

dt

di
L+Ri=u

dt

di
L+Ri=u

c
cc

b
bb

a
aa

 

 

where ua, ub and uc – phase voltages, ia, ib and ic – 
phase currents.  

Due to the permanent magnet mounted in the rotor, 
electromotive voltages ea, eb and ec are with 
trapezoidal shape, as shown on Fig.3.  

 

Fig. 3. 

They are expressed by the equations [4]: 
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    The torque can be expressed by the formula: 
 

(5) ( ) ωie+ie+ie=M ccbbaa / . 

 
Fig. 1. 
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PSpice model of a brushless motor 

The model of a brushless motor consists of a three-
phase inverter powered by a DC voltage source [3]. 
The voltage source is a rechargeable battery.  

 
Fig. 4. 

Upper transistors in the arms of the inverter are 
controlled by signals, generated by the sources of 
impulse voltages V9, V10 and V11 (Fig. 4). Lower 
transistors in the arms of the inverter are controlled by 
PWM signals with frequency of 20 kHz (Fig. 5). 

 
Fig.5. 

Motor windings are represented with their 
inductances L_MOT 0.87mH and active resistances 
R_MOT 0.22Ω (Fig.6). Back e.m.f. in the windings 
are modeled with impulse voltage sources V1 and V2 
for phase A, V3 and V5 for phase B and V4 and V6 
for phase C.  

The one of the sources for the one of the phases 
forms the positive half-wave of trapezoidal e.m.f., 
while the second one forms the negative one. The 
value of the amplitude of the back e.m.f. A is set in the 
PARAMETERS element and for speed of rotation 
4000 rpm equals to 7.6V.  

The speed of rotation is set by the frequency of 
transistors switching Freq and for 4000 rpm is 133Hz.  

 
Fig. 6. 

The parameters of the sources are set according to 
the following formulas in the PARAMETERS element 
[4]: 

Tr = 1/Freq/12; Tf = 1/Freq/12; Pw = 1/Freq/3; 
GATE_Tr = 10uS; GATE_Tf = 10us; DLY1 = 0; 
DLY2 = DLY1+1/Freq/2; DLY3 = DLY1 +1/Freq/3; 
DLY4 = DLY1 + 1/Freq/3 +1/Freq/2; DLY5 = DLY1 
+ 2/Freq/3; DLY6 = DLY1 + 2/Freq/3 + 1/Freq/2; 
GATE_DRV_V = 15V. 

A six step algorithm is used for switching the 
transistors in the inverter: A + B-, A + C-, B + C-, B + 
A-, C + A-, C + B-, as with index "+" upper transistors 
are represented and with index "-" lower. In this way 
the brushless machine works as a motor. 

To work as a generator, the inverter of the 
brushless machine can be converted in a boost 
converter. For this purpose, all top switches are kept 
turned off. Back e.m.f, generated in the winding of 
phase A of the motor acts as a supply voltage of a 
boost converter, comprised of the inductivity of the 
winding, the lower transistor of the arm of the inverter 
for phase A and the reverse diode of the upper 
transistor of the same arm. Back e.m.f. increases and 
energy flows to the battery that powers the inverter. 
The process is similar for the remaining two phases. 
Thus, there occurs three boost converters connected to 
a single load. 

In the described model of operation it is not 
possible to transform the inverter in a boost converter. 
It can be seen on Figure 7. In black color the back 
e.m.f. in phase A and the modulating impulses for the 
lower transistor of arm A of the inverter. The 
controlled pulses are submitted when the back e.m.f. 
is negative. 
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Fig. 7. 

In order to create working conditions for the boost 
converter, the control signals must be submitted when 
the back e.m.f. is positive. On the same figure in gray 
color control pulses for the lower transistor of phase C 
are shown. They are submitted when the back e.m.f. 
of phase A is positive. Therefore, to transform the 
inverter in a boost converter, control signals for the 
lower transistors must be submitted with a reverse 
phase sequence. 

On Figure 5, the control signals for the lower 
transistors in generator mode are shown in brackets. 
Waveforms of the back e.m.f. and control pulses for 
the lower transistor of phase A in a generator mode are 
shown on Figure 8. 

 

Fig. 8. 

Results 

Simulations are made at 2500 rpm, 3400 rpm and 
4000 rpm. At these rpm amplitude value of back 
e.m.f. equals 4,75 V, 6,463 V and 7.6V. During these 
simulations, the duty cycle of control signals of lower 
transistors is changing from 0% to 99%. 

The effective values of the current flowing to the 
battery and the voltage on it are listed in Table 1. On 

Figure 9 it is shown the variation of the effective 
value of the current to the battery at different speeds 
of rotation and a changing duty cycle of control 
signals. 

Table 1 

4000rpm UBAT=10.8V 4000rpm UBAT=12V 

I [A] 
U 

[V] 
D [%] I [A] 

U 
[V] 

D [%] 

0.57 11.2 0 0.345 12.2 0 

0.7 11.3 10 0.5 12.4 10 

0.85 11.3 20 0.68 12.4 20 

0.99 1.38 30 0.82 12.5 30 

1.1 11.4 40 1 12.6 40 

1.2 1.38 50 1.1 12.5 50 

1.2 11.4 60 1.2 12.5 60 

1.2 11.3 70 1.2 12.5 70 

1.2 11.2 80 1.2 12.4 80 

1 11 90 0.9 12.3 90 

0.3 10.9 99 0.32 12.1 99 

4000rpm UBAT=15V 3400rpm UBAT=12V 

I [A] 
U 

[V] 
D [%] I [A] U [V] D [%] 

0 15 0 0.001 12 0 

0.1 15.1 10 0.2 12.1 10 

0.28 15.2 20 0.35 12.2 20 

0.5 15.2 30 0.5 12.3 30 

0.6 15.4 40 0.6 12.4 40 

0.85 15.4 50 0.8 12.4 50 

1 15.4 60 1 12.4 60 

1 15.4 70 0.96 12.4 70 

1 15.4 80 0.95 12.4 80 

1 15.3 90 0.9 12.4 90 

0.3 15 99 0.5 12.1 99 

2500rpm UBAT=12V    

I [mA] 
U 

[V] 
D [%]    

0 12 0    

0.02 12 10    

0.02 12 20    

0.04 12 30    

0.18 12.1 40    

0.24 12.1 50    

0.48 12.1 60    

0.49 12.1 70    

0.5 12.2 80    

0.5 12.2 90    

0.35 12.1 99    
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Fig.9. 

On Figure 10 it is shown current variation at a 
different battery voltage 10,8 V, 12V and 15V, which 
values correspond to a discharged lead accumulator, 
an accumulator in normal operating mode and an 
accumulator with a maximum operating voltage. 

 
Fig.10. 

Results show that at a low rpm and a low duty 
cycle, the current flowing to the battery is less than at 
higher rpm. This current is higher when the duty cycle 
is increasing, as at ratio of 55% to 85% the current is 
highest. The increase of a duty cycle allows a charging 
at low rpm. In cases of a duty cycle greater than 85%, 
the current considerably falls. 

As well as for low battery the current flowing 
thereto is greater than the current flowing to a charged 
battery. If the value of the battery voltage is 15V, the 
current at low duty cycle is with significantly low 
value than current in battery voltage of 10,8 V and 
12V. By increasing the duty cycle the returned energy 
in battery increases. 

Conclusion 

The described PSpice model of brushless machine 
and the transformation of an inverter in a boost 
converter prove that a return of energy to the battery 
that power the inverter can be achieved. The battery 

voltage is substantially greater than the voltage 
generated in the windings of the machine, but by 
converting the inverter there is a return of energy at a 
different speed of rotation and at a different level of 
charge of the battery. 

The achieved results are close to an ideal case, 
because the increasing duty cycle in a real generator 
will create a moment of resistance and speed will be 
reduced. When the experiment of the electric drive 
with a brushless machine is carried in a real situation, 
the duty cycle will vary in more narrow ranges. In the 
simulated model running speed is constant across the 
whole range of variation of the duty cycle. 

The results of the simulation of the PSpice model 
of a brushless machine in a generator mode are a base 
for a future research. Under construction is a motor-
generator group composed of a brushless machine and 
a direct current machine that will confirm the results 
of experiment model. 
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Behavioral modeling and simulation  
of digital phase-locked loops using VHDL-AMS 

Marieta G. Kovacheva  

 
This paper presents a simulation VHDL-AMS – based model of digital phase-locked loop – 

PLL (DPLL) for mixed-signal applications. The described model is of behavioral type, which 
ensures in a large extend its versatility. The created model is developed as a hierarchical design 
using hierarchical blocks to represent the basic elements of the monolithic DPLL. It is built of block 
that simulates the behavior of the digital phase detector (PD), low-pass filter (LPF), voltage-
controlled oscillator (VCO) and programmable frequency divider. The modeling of the DPLL 
behavior is implemented and corresponds to the format of the simulation software System Vision 5.5 
(from Mentor Graphics). The model parameters are extracted for the monolithic PLL CD74HC4046 
from Texas Instruments as an example. Confirmation of the validity of the proposed model is made 
by comparison of the simulation results, manufacturer’s data and the results of the experimental 
study of the breadboard circuits with 4046. This results in good agreement between simulations and 
performance of the actual devices (the maximum error is not higher than 10%). 

Поведенческо моделиране и симулация на цифрови фазово затворени вериги, 
използвайки VHDL-AMS (Мариета Ковачева). В тази статия е представен поведенчески 
VHDL-AMS модел на цифрова фазово затворена верига – PLL (DPLL). Описаният в 
статията модел е от поведенчески тип, чрез което се осигурява с голяма степен неговата 
универсалност. Моделът е създаден като йерархична структура от блокове отразяващи 
поведението на базовите елементи на монолитните DPLL схеми. Той е изграден от 
блокове, симулиращи поведението на цифров фазов детектор, нискочестотен филтър 
(НЧФ), генератор, управляван от напрежение (ГУН) и програмируем делител на честота. 
Моделирането на поведението на DPLL е изпълнено и отговаря на формата на симула-
ционната програма System Vision 5.5 (част от програмната система Mentor Graphics). 
Моделните параметри са определени за монолитния PLL CD74HC4046, използвани като 
пример в статията. Валидацията на модела е изпълнена чрез сравнение на симулационните 
резултати с типичните стойности на основните параметри от каталожните данни и с 
резултати от експериментално изследване на опитни схеми с 4046. Анализът на 
получените резултати показа добро покритие между компютърните симулации и поведе-
нието на реалните интегрални схеми (максималната стойност на относителната грешка 
не надвишава 10%).   

 

Introduction 

The digital phase-locked loops – PLLs (DPLLs) 
are feedback mixed-signal systems that include 
mainly a voltage-controlled oscillator (VCO), phase-
frequency detector (PFD), and low-pass filter (LPF) 
within their loop. For the DPLL the frequency of the 
generated clock signal has to be synchronized (or 
locked) with the frequency of an external input digital 
signal [1], [2], [3], [4]. The DPLL systems are widely 
used in the measurement systems and telecommuni-
cations and are used for building of frequency syn-
thesizers, synchronizers, FM demodulators, decoders, 

etc [3], [5]. Therefore of particular interest is the 
creation of simulation models suitable for computer 
based analysis and design of electronic systems 
containing such type mixed-signal circuits. 

In the recent ten years, a number of papers have 
been published describing various simulation models 
for PLLs [6]-[10]. For example, in [6] a structure of 
VHDL-AMS model of a dual PLL based frequency 
synthesizer is shown and two behavioral models of 
VCOs are presented suitable for sinusoidal signals. 
Moreover, in [6] the library model chosen for a PD is 
a simple EXOR gate. This is a purely digital VHDL 
model. ADC and DAC are used as converters at the 



“Е+Е”, 1-2/2014 46 

interfaces. In [7] is proposed method for creating 
models for PLL integrated circuits, such as the analog 
phase detector structures, representing analog 
multiplier. The PLL model, given in [8], uses a digital 
phase detector for random input signals [1], but the 
input and output signals are periodic signals with a 
sinusoidal waveform. In [9] is presented Simulink RF 
Toolbox – based model of the PLL circuit for multi-
wireless applications. In this model the structure and 
the parameters are optimized for implementation on 
specialized ICs with specific technology that do not 
match with those used in electronic equipment mono-
lithic PLLs. In 2011, in Ref. [10] a very accurate 
model of the PLL circuit is presented, built as a 
transistor-level electronic circuit (device- (transistor-) 
level model), but with relatively complex topological 
and parametric structure and applicable for TSMC 
65nm CMOS technology. 

Testing a complete mixed-signal system via 
transistor-level simulation is an extremely difficult 
process and can often become infeasible due to the 
limitation of simulation capacity. A similar difficulty 
is encountered when high-level design is performed 
for the whole system. One method to decrease simu-
lation time and improve the convergence, without a 
significant loss of information, is by using behavioral 
modeling technique. Nowadays one of the most 
effective techniques for behavioral modeling of ana-
log and mixed-signal electronic circuits is by using 
VHDL-AMS [11], [12]. 

The aim of this work is to create a VHDL-AMS 
model of monolithic digital PLL ICs and to use the 
model for simulation of PLLs main electrical 
characteristics. Therefore a frequency synthesizer was 
created using clock divider with random division 
factor. 

Principle of DPLL operation 

In general the PLLs are mixed-signal electronic 
systems which generate a clock output signal which is 
locked or synchronized with the external input signal. 
It is possible to have a constant value of the phase 
shift 0φ  between the input signal and clock output 

signal, but when locked, the frequencies must exactly 
track, i.e.: 

(1) 0)()( φ+φ=φ tt inout  and 

(2) )()( tt inout ω=ω . 

The PD of the PLL circuits compares the phase at 

each input and generates a signal φU  proportional to 

the phase difference between the clock output signal 
and the external input signal.  

(3) )]()([)( ttKtU inoutD φ−φ=φ , 

where DK  is the PD gain in V/radians. 

The output voltage φU  of the PD is filtered by 

LPF, removing the high frequency harmonics. 
Actually, the LPF determines the average value of the 

φU . To ensure sufficient stability of the PLL most 

commonly is used first-order LPF with one pole-zero 
pair [1], [4]. Thus, for high frequencies the slope of 
the complete phase transfer function is reduced to 

decdB /20− , while the phase margin becomes more 
than 45°. 

The frequency of the VCO in the PLLs can be 
varied by means of the control voltage fU , obtained 

by the LPF, according to the following general 
formula 

(4) fout UKff 00 += , 

where 0K  is the VCO gain in VHz /  and 0f  is the 
VCO centre frequency. 

  The DPLLs allow a faster lock time to be 
achieved and are very suitable for clock generation on 
high performance microprocessors. An object of 
analysis and modeling in this paper are the DPLLs, 
employing phase frequency detector (PFD) with tri-
state output.  

A basic block diagram of a DPLL using PFD with 
tri-state output is shown on Fig. 1. In locked state for 
low frequencies the equivalent phase transfer function 
is [2]-[5]: 
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where NDKKKK 0=  is the gain of the loop network, 
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pTLP  ( CR11 =τ  and CR22 =τ ) is 

the transfer function of the LPF with one pole-zero 
pair. 

The parameter NK  of the divider, connected 

within negative feedback of the DPLL is equal to 
N/1  (N is the feedback loop division factor).  
After substituting the formula for the transfer 

function of the LPF into (5) for the phase transfer 
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function of the DPLL is found 

(6) =
τ+τ+τ+ττ++
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After comparison of the left and right sides of the 
above equation for the following formulas was 

obtained: )/( 21 τ+τ=ω Kn  –  natural frequency and  

22 2
)/1(

2
τω≈+τω=ξ nn K – damping factor. 

Therefore, the lock frequency range of the DPLL is 
given by 

(7) nL πξω≈ωΔ 4 . 

and the capture range is πξω≈Δ /nCf . Higher natural 

frequency nω  determined wider capture range. 
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Fig. 1. Block diagram of a DPLL  using a sequential PFD. 

Modeling of DPLL using VHDL-AMS 

The technical requirement for effective models is 
generally fulfilled when the simplest possible model is 
developed. The simple models have a number of 
advantages. They can be developed faster, are more 
flexible, require less data, run faster and the results are 
easier to interpret, since the structure of the model is 
better understood. When the complexity increases, 
these advantages are lost. The proposed behavioral 
model of the DPLL is developed following the design 
method based on a Top-Down analysis approach [13] 
and applying techniques known from macromodeling 
of analog integrated circuits [14]. The process of 
model building and testing can be divided into three 
main steps: 1) structure the model, 2) build the model 
and 3) validate the model. 

The VHDL-AMS language 

The VHDL-AMS (Very High Speed Integrated 
Circuit Hardware Description Language – Analog and 

Mixed-Signal), an IEEE standard 1076.1, is an exten-
sion of VHDL hardware description language, which 
is used for description and simulation of event-driven 
systems [11] [12]. VHDL-AMS purpose is to support 
the description and the simulation of analog and 
mixed signal circuits and systems. On the mixed-sig-
nal side, a variety of abstraction levels are supported. 
The VHDL-AMS modeling is not restricted to mixed-
signal applications but also supports thermal, mecha-
tronic, optical and other systems. 

The model description 

The proposed behavioral model is composed on 
the basis of the block structure of the DPLL circuit 
shown on Fig. 1. It is assumed that when in capture 
and lock modes of operation the PLL circuit is a linear 
electronic system. 

The block diagram of the model, whose elements 
are represented as hierarchical blocks, corresponds to 
the circuit on Fig. 1. The model parameter values are 
set to the defaults to ensure the right simulation 
process. In the process of modeling of specific 
integrated circuit the model parameters are user 
defined based on the principle of operation and the 
manufacturer’s data. 

A. A hierarchical block for modeling of the VCO 

For the VCO model a vco_digital_out element is 
used (Fig. 2). This element is a series connection of 
analog VCO – vcoanalog and comparator with digital 
output – comparator_d by the Mentor Graphics 
VHDL-AMS open source model library [15]. It has an 
input analog terminal of type electrical and output 
digital port of type std_logic. The VCO model is with 
differential input and output. Formed by the LPF dc 
voltage is passed to the non-inverting input in_p of the 
VCO. The inverting input in_n is referred to ground. 

 

+++
+

-
Analog
VCO

in_pos

in_neg

out

in_p

in_n

Comparator

 
Fig. 2. Block diagram of a VCO with digital output. 

The output frequency of the generated output 
sinusoidal signal is determined by the formula 

(8) )(00 VcvtmpKFFout −+= , 

where vtmp is the input controlled voltage and Vc is 
input voltage that gives F0. 

If the input voltage vtmp is equal to Vc the 
frequency of the output signal is equal to F0. 

The symmetrical sinusoidal signal is formed on the 
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analog VCO output. This signal is passed to a compa-
rator with analog inputs in_pos and in_neg and digital 
output out. The comparator detects threshold crossing 
and assigns event on the output. 

B. A hierarchical block for modeling of the PFD 

The equivalent circuit of the block PFD is shown 
on Fig. 3. The PFD consist of two edge-triggered D 
flip-flops, one NAND gate for subtraction of the 
signals QA and QB, two NOR elements, three 
inverters and an output stage, which is composed of a 
complementary pair of MOS transistors (CMOS). The 
elements bordered by a dashed line as a behavioral 
VHDL-AMS model are presented (Fig. 4).  

The CMOS transistors of the output stage are 
represented by SPICE models built into the standard 
library of simulation software system SystemVision 
(from Mentor Graphics). The model parameters of the 
MOS transistors are with the default values. 

 

 
Fig. 3. An equivalent circuit of the PFD model. 

The duration of the output pulse is equal to the 
time interval the positive-going zero crossing of in1 
and those of in2. Hence, the mean value of the output 
voltage is 

(9) 
π

ϕ=Δ=
4CCCCout V

T

t
VU . 

Moreover the phase shift (within a range °± 360 ) 
is proportional to the duration of the output impulse. 
Based on the formula (9) for the sensitivity of the 
phase detector is obtained 

(10) π= 4/CCd Vk . 

library ieee;  
use ieee.std_logic_1164.all; 

entity PD is  
     port( D,In1,In2 :in STD_LOGIC; QB :out STD_LOGIC;  
QA :out STD_LOGIC);  
end entity PD; 

architecture arch_pd of PHASE_DETECTOR is 
signal  QA : STD_LOGIC :='0';   
signal  QB : STD_LOGIC:='0'; 
signal  reset : STD_LOGIC:='0';  

begin  
reset <=  QoutA nand QoutB ; 
data_in1 : process(In1, reset) is -- process 1 

  begin 
if In1 = '1' and In1'event then 
      QoutA <=  '1' ;  
      QA <= '0'; 
elsif reset = '0' then 
    QoutA <=  '0' ;  
    QA <= '1'; 
 end if; 

end process data_in1; 
--… process 2 
…………………………………………………………………………………………….. 
end architecture arch_pd; 

Fig. 4. A part of the PFD behavioral VHDL-AMS model. 

C. A hierarchical block for modeling of the LPF 

The block for modeling the LPF implements the 
following transfer function 

 (11) )]1.1/()2.1[()( 0 tauptaupHpH ++= , 

where 0H  is the pass-band gain, а 1tau  ][s  and 2tau  
][s  are the time constants of the denominator and 

nominator, respectively. 
Based on this transfer function is constructed the 

block LOWPASS_FILTER (Fig. 1) for modeling the beha-
vior of a LPF shown in Fig. 5. The proposed LPF 
model is composed by an entity and an architecture, 
where bold text indicates reserved words and upper-
case text indicates predefined concepts. The entity 
declares the generic model parameters and specifies 
two interface terminals of nature electrical. The para-
meters are set with specific numerical values for a 
sample filter. The proposed LPF model includes the 
following electrical terminals: input – i (or in) and out-
put – o (or out). The architecture of the model con-
tains Laplace transfer function provided by the 'ltf 
attribute. 

 
library ieee; 
use ieee.electrical_systems.all; 
entity LOWPASS_FILTER is 
  generic ( 
    tau1   : real := 10.0e-6;  
    tau2   : real := 1.0e-6; 
      H0    : real := 1.0);  
  port (terminal i  : ELECTRICAL;  terminal o : ELECTRICAL); 
end entity LOWPASS_FILTER; 
architecture arch_lpf of LOWPASS_FILTER is 
  quantity vin across i to ELECTRICAL_REF; 
  quantity vout across iout through o to ELECTRICAL_REF; 
  constant num : REAL_VECTOR := (1.0, tau2);  
  constant den : REAL_VECTOR:= (1.0, tau1);  
begin 
  vout == H0 * vin'ltf(num, den);  
end architecture arch_lpf; 

Fig. 5. A LPF behavioral VHDL-AMS model. 
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D. A hierarchical block for modeling of а prog-
rammable frequency divider 

A block for modeling of a programmable 
frequency divider is created for simulation modeling 
of frequency synthesizers. A specific feature is that 
the coefficient N is defined as an external parameter 
and N can be set with the arbitrary integer value. The 
VHDL description of the model is shown on Fig. 6. 

The proposed divider model includes two input 
terminals (input clock signal – clk and input- reset – 
reset) and one output terminal cout of std_logic type. 

At high logic level of the reset the divider is reset. 
In the architecture of the model is defined a process 
by which the frequency division is controlled. By 
incrementing the count the rising and falling fronts of 
the input clock signal clk are counted. When reaching 
the specified value of the parameter N, the output 
signal is obtained. The output signal has a period 
corresponding to the division ratio. 

 
library ieee; 
 use ieee.std_logic_1164.all; 
 use ieee.std_logic_unsigned.all; 
………………………………………………………………………………………………… 

process (clk, reset) 
          begin 
         if (reset = '1') then 
             count <= 0; 
             clkin <= '0'; 
         elsif rising_edge(clk) or falling_edge(clk) then 
                  if (count >= N-1) then 
                   clkin <= not clkin; 
                   count <= 0; 
              else   
                count <= count + 1;  
       end if; 
       end if; 
      end process; 

…………………………………………………………………………………………………………….. 

Fig. 6. A part of the frequency divider behavioral VHDL-
AMS model. 

Examples for modeling of DPLL ICs 

The verification check of the proposed behavioral 
model is performed by doing comparative analysis 
with simulation results and experimental test of the 
breadboard circuits with the monolithic DPLL 
CD74HC4046 (biased with V5+  power supply) from 
Texas Instruments. The simulation modeling is imple-
mented within programming system SystemVision 
(version 5.5, Mentor Graphics) [15]. After imple-
mentation of the computer simulations, experimental 
study on various circuits of DPLLs was performed. 

The tested DPLLs were implemented on a FR4 PCB 
laminate with SMD passive components. 

For building the model of IC CD74HC4046 is 
accepted, that it will work at a center frequency of a 
VCO equal to kHzf 100 =  at VUctrl 5,2= , a maxi-

mum operating frequency kHzf 15max =  within the 

lock range, settling time stset μ= 200  at %5,0≤ , 

overshoot equal to %20≤  and supply voltage V5+ . 
According to the datasheet [16] is found that  

Ω= kR 101  and nFC 471 =  at kHzf 100 =  and 

VVCC 5+= . The value of the time constant is 

calculated sCR μ==τ 470.' 11  and according to the 

datasheet is obtained  kHzfL 102 =  (or kHzfL 5= ), 

as kHzfff L 52maxmin =−= . Then for the coefficients 

of the VCO and PD is obtained VsrK //10.7,19 3
0 =  

and radVK p /8,0= , as well for the parameters of the 

LPF – nFC 4702 = , %115,23 ±Ω= kR  and 

%14994 ±Ω=R  ( 45,0=ξ  and srn /10.5,2 3=ω ). 

The parameters 2C , 3R  and 4R  corresponds to the 

C , 1R  and 2R  on Fig. 1, respectively.  According to 

[8] for the output stage of PD are set the following 

parameters: 2/40 VAKP μ= ; mW μ= 32 ; mL μ= 2  

and VVTOPVTON 5,2=−= . Based on the values of 

2C , 3R  and 4R  for the time constants of the block 

modeling of the LPF are obtained mstau 26,11 =  and 

mstau 23,02 = . Then the verification check of the 

efficiency of the proposed model is performed. At a 
frequency kHzf 100 =  after completion of a simu-

lation a control voltage VUctrl 51,20 =  is determined 

and trough the experimental test with CD74HC4046 is 
found VUctrl 55,20 = . After that at frequency 

kHzf 5min =  are obtained .11,1 simV  and .08,1 measV , 

respectively. A maximum operating frequency of the 
VCO approximately equal to kHz30 , as for it are 

found .46,4 simV  and .41,4 measV . Furthermore, the value 

of the frequency lock range is HzfL 36,102 = . This 

value is very close to the data given in the datasheet 
( kHzfL 102 = ).  

Similar checks are performed at two values of the 

center frequency –  kHz100  ( VsrK //10.3,196 3
0 = ; 

stau μ= 4,1251 ; stau μ= 2,232 ) and MHz1  
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( VsrK //10.55,2 6
0 = ; mstau 63,11 = ; stau μ= 352 ). 

The corresponding values of the Lf2  equal to 

kHz7,108  and MHz096,1 . The value of the relative 

error is not higher than 10% (as a concrete for the 
three cases are obtained 3,6%, 8,7% and 9,6%, 
respectively). These simulation results guarantee the 
workability of the proposed DPLL model and the 
accuracy of the corresponding mathematical descrip-
tion. 

A validation check of the proposed DPLL model is 
performed by comparison analysis between simulation 
results and physical test of a frequency synthesizer 
circuit implemented by IC CD74HC4046 and prog-
rammable frequency divider connected within nega-
tive feedback network of the PLL. The frequency 
divider is realized by using microcontroller 
MSP430G2553. The parameter N is 9-bit binary 
number, which is set by 10 contacts DIP switch. The 
DIP switch is connected to pins 8, 13, 14, 15, 19, 20, 
16, 17 and 18 of the microcontroller. The test input 
signals generated from a standard pulse generator 
model HP8112A. Moreover the input signals are with 
amplitude 5V, frequency 10kHz and a duty cycle equal 
to 50%. The forms of the input and output signals are 
analyzed with two-channel digital oscilloscope type 
TDS1012B. For measuring of the frequency of the 
input and output signal is used frequency counter, 
model GFC-8010H. 

The VCO output frequencies obtained by simu-
lation and the physical experiments are presented on 
Fig. 7. It is seen that the responses are very close. The 
maximum error is not higher than 3%. 
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Fig. 7. Response data for the programmable frequency 

synthesizer. 

Conclusion 

In this paper a generalized behavioral VHDL-AMS 
model of monolithic DPLL, based on the data sheet 
characteristics, has been presented. The model is 
implemented as a hierarchical structure of blocks 
representing the basic elements of the DPLLs. For 
design and modeling of DPLL based frequency 
synthesizers a behavioral model of a programmable 
frequency divider is created. 

The workability of the created model was proved 
by comparison of simulation results, with the data 
sheet parameters and the results of the experimental 
study of the breadboard circuits with monolithic 
DPLL CD74HC4046 from Texas Instruments. 
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