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Abstract

This project aims to apply the technique of communication via the Intemet on the
campus of the Palestine Polvtechnic University with relying on the infrastructure and
communications network at the Umiversily from exchanges . telephone lines and fast

Imternet lines ete.,

The main objective of the project is to reduce the high costs of communications at the

university through the study of the oplions available and recommend the best

We usc in this project a modern technology device called Analog Telephone Adapter

(ATA). which is used for the transport of voice over the Internet

Finally in our project we seek to reducing the calling cost in the PPL campus to 90%

of the current cost .
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CHAPTER ONE

INTRODUCTION




Introduction

L.1 General Description OF VOIP

YaolP (voice over IP) 1s an IP telephony Lerm for a set of faclities used to manage
the delivery ol veice information over the Internel VoIl involves sending voice
nformation in digital form in discrete packets rather than by using the traditional

circuit-commitied protocols of the public switched telephone network (PSTN). A

major advantage of VoIP and Internet telephony is that it avoids the tolls charged

by ordmary telephone service.

Voice-over-Internet protocol (VolP) is a protocol optimized for the transmission
of voice through the Internet or other packet -switched networks. VolP is often
used abstractly to reler to the actual transmission of voice (rather than the protocol

implementing it).

“Some cost savings are due to utilizing a single network to carry voice and data,
especially where users have underused nelwork capacity that can carry VolIP at no
additional cost. VoIP-to-VoIP phone calls are sometimes free, while VoIP calls
connecting to public switched telephone nelworks (VolP-to-PSTN) may have a

cost that 1s borme by the VolP user

Voice-over-1IP systems carry telephony signals as digital signals, typically reduced
in data rate using speech data compression techmiques, encapsulated in a data-

packet stream over Rl
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1.2 Project Objectives :

|- Reduce the cost of calling in Palestine Polytechnic University through
implementing the VoIP technology.

2- Testing the VoIP over the internet in PPU depending on the infrastructure
from calling network and Private Branch Exchange (PBX).

i- In this project an important theorstical study will be done about the VolP

r technology available to be implemented in our university and its options.

4- Solving the problem of the communication in the university community by

implementing this project in the different buildimys.

1.3 Lilerature Review

We searched the Internet and libraries [or any documents related to the idea ol out
project. but we find that the available information and dala are scarce, in most
sommercial and non-scientific and no direct relationship with the basic idea of our

project

|- In Palcsting Polytechnic University (PPU) Our idea was raised previously, but

did not find any document sbout that project.

2. We find an implementation of nearly similar the idea of our project its used

pure software computer such that Skvpe without uses the telephone its

Proposal by: The Clarkson University Networking Club which named

Clarkson University Campus Wide Voice aver IP (VoIP) Implementation

“The main objective of Clarkson Universily Campus Wide Voice over IP

(VolP) Implementation is to connect Lhe campus together using VolP {Voice
3




aver [P), thus allowing communication between campus residents easicr and
more efficient. By implementing this technology they will be able to easily
connect to anvwhere on campus, and potentially oft campus. using this VoIP

technology.

Faculty. staff, and students will all share the same central server where all of
the VoIP connections will be made. Also, Lo deal with security and safety, it is
an essential plan 1o keep a safe environment within the campus. With the
implementation of VolP across campus, users can have the comfort of
knowing that there is access o help — Campus Safety, the local police, the
hospital and the 911 emergency number —available in each dorm room, rather
than having to seek help from a less reliable, alternative source, especially if

there is no phone line activated or available in their current location.”

1.4 Risk analysis

I= this section we discuses about the anticipated risks that might affect on the project
scheduling or the quality of the project, as below,

- Risk identification
Risk analysis.
- Risk planning

- Rask monitoring.




The following table shows the possihility of accruing of each of above risks.

1 Pasnibility Effecty al

1 Low Calzstrophic

v Moderate Serimis

3 [hgh Tolerable

4 Low | Catastrophuc

Table 1.1 possibility nisks.

Project Analysis

As any human project or work there is scveral problem or risk can affect on the

sroiect track, and can happen while we work an this project we put an estimated nisk.

D Risks

Technology risks

[

Fail in provider server

Fail in some of hardware equipments, because of problems of electrivity.

% Problems in internel connection .

Organization risks

As we a group of students of graduation project and don’t work in an organization, so

Swere's 1o organization risk.

Reguirements Risks

L " The clectrical and computer deparfment asks for new objeclive to the project that

can require new project design and rework it from beginning.

Table 1.2 Risks defimtion




Reduction Strategies

To reduce the risk thal may be occur, we can avoid Lhe filing in some hardware
scuipment and problem in internet connection by adding another external line witha

sew Analog Telephone Adapler connected to a new mtemnet line.

O the other hand we conlinue permanently with electrical amd computer department

wnd brief them on what we arc doing to avoid the risk of adding extra objective

1.5 Tume Plan

I'he lollowing table defines the main task in the project:

Ti | Project Definition | Week
T2 Collecting data 2 Weeks
T3 Analyses 8 Weeks
T4 Design 2 Weeks
| T5 Testing 4 Weeks
TS Documentation 16 Weeks

Tablc | 3 Time scheduled Table

I'he time of the project is scheduled over 16 weck: table 1.2 shows how the work

scheduled over theze weeks:




Week [ 1 |23 [a][5[6 7|89 [10[11]12]13] 4 [15]16
L EE
: | , |
TS | [ |I
ER |
Table 1.4 Schedule Table
1.6 Budget
Equipment Cost(%) Total (5)
Using the internet S50%
2* Phone 30%2 =605
2 * Phone adapter
| 120%2= 2408
"intercall"
['wo ADSL Lines 2570-140%
Prnting the final copy of
S0% 540%

chapters

Table (1.5) Budget

=T
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1.7 Road Map

The project is divided up to six chapters; the chapters follow each other logically

to get the complete 1dea about the project

Chapter 1: Provides an introduction about the project and abstract about the

VolP and the Objectives of project

Chapter 2: Provides an overview about the theoretical background of the project

and the hardware we needed (o implement the project in the PPL campus,

Chapter 3: Provides a conceptual design and the detail objective of the project

We dealt with way of implement the project and draw the block diagram.

Chapter 4: Detail description and characteristics of the each block in the block

diagram of the project.

Chapter 5: Testing and Implementation

Chapter 6: Conclusions and Recommendation.




CHAPTER TWO

Theoretical Background




2.1.1 Background OfF VoIP

imternet telephony or Voeice Over 1P (Internet Protocol) is where you use your data

channels - frequently broadband connections - for voice commumeations.

VolP is very cost-effective. There are two charges made for raditional phone calls.
Furst you pay for the exchange line rental and secondly for the actual call Compare
this with data charges. Normally you pay for Internet access at a flat monthly rate
urespective of the time that you use. Tlence VolP calls are effectively “free’,

The service uses an Internet data connection to connect a standard telephone device (o
snother similar device, or to the public switched telephune system, in order to connect
o any telephone in the world. The technology has been used for several years by
busingss customers, primarily to reduce the cost of international and long-distance
cails

While providing some important cost-savings to consumers, current VolP? technology

does nol provide for the transmission of the caller’s physical location along with the

vauce call If the caller dials the police station 100, there is no inherent protocol within

the VoIl technology for routing the call to the nearest PSAP, or to display the caller’s
‘ocation, telephone number or other information.




2.1.2 VoIP phone software Vs hardware

¥ using a soflware based sofi-phone, calls can caly be placed from the computer on
which the soft-phone software resides. Thus with a soli-phone the caller is typically
Souted Lo a single point of calling. When using a hardware based ValP phone-device
phone-adapter it is possible to connect traditional analog phones directly to a VolIP
phone-adapter without the need to operate a computer. The converted analog phone
segnal can then be connected to multiple house phones or extensions, just as any
traditinnal phone company signal can be connected. A second VeIP hardware
configuration option involves the use of a specially designed VolP telephone which
mcorporates a VoIP phone adapter directly into the phone itself, and this phone

adapter 15 connect Lo the internet which also does not reguire the use ol'a computer |

2.2 Project Interaction With The Surrounding Environment ;

The applications of our project have a great effect with Surrounding Environment. In
today's world the communications play major role in the lives of many people in

Zifferent areas of health, education, economy , industry and in government areas :
1- Government

Municipalities and other governmental enlities tend 1o have multiple departments
and locations running on disparate — and often incompatible — technaolopy
mitastructures, This can, and often does, pose vpnificant maintenance and support

challenges.

The adoption of TP telephony creates a single virtual telephony environment for
various departments spread throughout the citv - or couniry. By unifying voice
and data technology infrastructures, maintenance and support are greatly
simplified. Furthermore, a single network can provide virtually every city
cmployee with tradiional telephone services as caller ID. ll forwarding, voice

mail, and advanced directory service — plus advanced TP telephone capabilitics
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such as aute artendant, “follow me™ messaging, message forwarding to off-system

users, and centralized directory integration

2-Education

Traditionally paper-based, school districts are turning to enhanced IP telephony
systems o replace tedious handwritten tasks. Attendance, hall passes, scheduling,
and some security features are integrated into applications that help save time and

money while simphilying the administrative process,

Universities can also leverage the [lexibility of Pro Curve TP Telephony solutions
0 help drive revenuc 1o offset additional infrastructure costs. By deploying [P
phones inte dormitory rooms throughoul the campus, a university can derive
advertisimg revenue from a host of locally supported student service businesses
ranging from pizza delivery shops, bookstores, and more.

3-Healtheare

The healthcare industry depends on innovation to provide the best possible service
o its ultimate customer, the patient, Pro Curve has helped create tools that give
doctors, nurses, pharmacists, and medical staff access to scheduling, medical
records, and lab results through 1P phones or other mobile devices, such as PDAs
or tablet PCs.

A converged data and voice network allows healthcare providers to access.
mampulate, and archive voice, texl, and displaved information in ways that help
cut costs and enhance productivity For example, after a patient visit. doctors can
link verbal dictation to patent records for immediate updates Invoices can be
submitted using voice technology, saving doctors and other hospital staff time and

reducing administration expenses.

12




4- Finange

By combining multiple network infrastructures into a single IP-based network,
financial institutions can consolidate disparate infrastroctures and  reduce
comununicalions costs. Al the same time, those savings can be translerred back to
customers in the form of more competitive products such as Internet banking and
bill pay, and offering value-added gervices such as wealth management and online
trading and trade monitoring Using TP telephony solutions, banks can move all
channels into the branch, reducing manual cash handling by tellers, and providing
an additional delivery mechanism for cnhanced customer service, The result:

simpler operations, lower mamtenance and support costs, and grearer anlity,

5- Manufacturing :

The manufaciuring industry is using [P telephony to speed up tane to market and
to balance supply and demand The technology lowers the risk of unpredictable
demand, uncertam availability, and fuctuating prices for dmecl materials by
speeding up the communication process between distributors and suppliers.
Industries like automotive, retwl, pharmaceuticals, and mgh-tech are realizing
dramatic improvements in inventory, service levels, supply and demand
vanability, and distributon chamnels through converged wvoice/dats systems
Manufacturing organizations also realize savings in long-distance ratcs and can
leverage multiple mobile communication and productivity solutions  Instead of
expensive PBX equipment at everv office site, centralized L? telephony solutions

provide cost-effective central management and support

2.3 Functionality
VoIP can facilitatc tasks that may be more difficult to achieve using traditional

networks that have been tvpically used historically:

« Ability to transmit more than one telephone call down the same broadband-

connected telephone line, This can make VoIP a simple way to add an extra

wiephone line to a home or office by using another ATA devices — which has




wigue address  connected to the same network "ADSL line” and other
traditional letephone.

» Many VolP packages include PSTN features that most telecommunication
companies (telco) normally charge extra for, or may be unavailable from your
local telco, such as 3-way calling, call forwarding, automatic redial, and caller
[

« VolIP can be secured with existing off-the-shelf protocols such as Secure Real-
time Transport Protocol. Most of the difficulties of creating o secure phone aver
traditional phone lines, like digitizing and digital transmission are alteady in
place with VolP. It is only necessary to encrypt and wrthenticate the existing

data stream.

« VoIP is location independent, only an internet connection is needed to gel a
connection to a VoIl provider, for instance call center agents using VoIP
phones can work from anywhere with a sufficiently fast and stable Internet

conneclon,

« Relability: Data lines have never been as reliable as the traditional telephone
land line. With the increasing availability and reliability of broadband this
situation is changing, However, many organizalions do not want to ‘put all their

exps in one basket” if bath data and voice communications are mission critical.

2.4 Quality of Service

Ore of the key issues is quality of service. Call guality can vary dramatically. This
5 usually down to the bandwidth available for voice calls. Voice calls take up more
bandwidth than data translers and are more susceptible to sampling problems.
Hence calls where words arc truncated or missing are not unconmnon. Varnations in

service can also occur during the course of the day az more and more people log

14




onto data services and less bandwidth is available for voice. Sullicient bandwidth

tor all traffic iz the key

Many Factors that effect on the QoS such as |

* Dropped packets: The routers might fail to deliver (drop) some packets if they
arrive when therr buffers are already full. Some. none, or all of the packets
might be dropped, depending on the state of the network, and it is impossihle
to determine what will happen in advance. The receiving application may ask
tor this information to be retransmitted, possibly causing scvere delavs in the

overall lransmission.

* Delay, It might take a long time [or a packet Lo reach 1ts destination, because it
gets held up in long queues, or takes a less direct route to avoid congestion. In
some cases, excessive delay can render an application, such as VolP or online

gaming unusable.

= Jitter: Packets from the source will reach the destination with difTerent delays
A packet's delay varies with its position in the queues of the routers along the

path between source and destination and this position can vary unpredictably.

*  Qul-of-order delivery: When a collection ol related packets 15 routed through
the Internet. different packets may take different routes, cach resulting ina
difTerent delay The resull is that the packets amrive in a different order than
they were sent, This problem requires special additional protocols responsible
for rearranging out-of-order packets lo an isochronous state once they reach
their destination. This is cspecially important for video and VoIP streams
where quality is dramatically affected by both latency and lack of
1sochronicity,

* Eror: Sometimes packets are misdirected, or combined together, or corrupted,
while en route The receiver has to detect this and, just as if the packet was

dropped, ask the sender to repeat itsclf.

15




2.5 Theoretical Background OF The Project Components

1-Traditional phone: the telephone handles ~aV
two types of information: signals and
voice; at different times on the same
twisted pawr of wires. The signaling
equipment consists of a bell to alert the

user of incoming calls, and a dial to enter

the phone number for outgoing calls. A

calling party wishing Lo speak Lo another
telephone will pick up the handset, thus = A

operating the switch hook, which puts the ~ Fig 2.1 Traditional Phone Circuit
telephone into active state ar off hook with a resistance short across the wires,
causing current to flow. The telephone
exchange detects the DC  current,
attaches a digit receiver, and sends

dial tone to indicate readiness. The

user pushes the number buttons,
which are connecled to a tone

senerator imside the dial, which

generates DTMF lones. The exchange
connects the line to the desired line

Fig 2.2 Traditional Phone
and alerts that line.

The phone we use is a normal phone which achicve the goal of connect with
other phone and it can be built on the PBXs | the main feature of most normal
phone compatible with the PBX and any normal phone with normal
characteristic specially the heat and frequency can we used with our project




2- ATA - The simplest
and most common way is
through the use of a
device called an (ATA)
analog telephone adaptor
The ATA allows vou to
connect a standard phone
10 your compuler or your
Internet connection for

use with Vol

Fig 2 3 Analog Phone Adapter (ATA)

The ATA is an analog-to-digital converter. It takes the analog signal from
your traditional phone and converts it into digital data for transmission over
the Internet. Providers like InterCall "BESTip" are bundling ATAs free with
their service. You simply crack the ATA out of the hox. plug the cable from
your phone that would normally go in the wall socket into the ATA, and
you're ready to make Voll calls. Some ATAs may ship with additional
software that is loaded onto the host computer to configure it; but in any

case, it is a very straightforward setup.

2- PFPU Internet (ADSL Internet) :

Our device need a high speed internet link to connect to the provider to

obtain a high quality voice with minimum delay "real time nearly"

According to the infrastructure of the Internel m the PPU they uscd a
firewall, which does not allow using VoIP port, so as to protect the nerwork

from wviruses and attacks,

Therefore, we prefer using the Internet ADSL. lines in each building,
atherwise we must open the VoIP port in the firewall 1o allow us to use the

infrastructure of the Internet in the university

17




4-The PPU PBX .
Short for prvate branch
exchange, a private telephone
network used within  an
enterprise. Users of the PBX
share a certain number of

oulside  lines  for making

telephone calls external to the
PBX.

o e i =, 1)

’ 5
Internet

e
b

Fig 2.4 Privatc Branch Exchange (PBX)

Most medium-sized and larger compames use a PBX because il's much less
expensive than connecting an external lelephone line to every telephone in
the organization In addition, it's easier to call someone within a PBX

because the number you need 1o dial is typically just 3 or 4 digits.

A new variation on the PBX theme is the Centrex, which is a PBX with all
switching occurring at a local telephone office instead of at the company's
premises.

In the PPU where are many PBX effuse over different building wilh

different type , distribute as following:

I- In WAD ALHARIA : there is an old tow PBX 32/12 connect to gather
with 64 internal line and 3 external line used.

2- In ABU ROMMAN : there is tow modern PBX one in the building
"36/12" and other in IT Center "32/12" connect to gather internally .

3- In the CENTER BUILDING there iz "32/12" PBX used 24internal and 6
external

4- In ABL) KTELA : there is an "32/12" PBX used 32 internal and 2

external |
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CHAPTER THREE

PROJECT CONCEPTUAL DESIGN




5.1 Voice over 1P Protocols:

3.1.1 Vaice over 1P (VoIP) Protocols Desceription

Of course, VoIP uses the Intemect Protocol (IP), but there are many more
protocols that it uses in order to successfully transfer data.  First, voice quality 1s
cxtromely sensitive to the amount of delay, packet loss and bandwidth available
m the system Because of this, VoIP uses the Real-time Protocol (RTP) for voice
transmission because it is imporlant that there 15 no delay in voice transfer ( that
it is received in real-time) The RTP protocol basically “rides™ on top of User
Datagram Protocol (UDP) and provides sequence numbers and timestamps
necessary for the ordering of packets at the recewver  To limit “jitter” (variability
i delay) on the receiver end. the packets are bulTered and plaved back at a
constant rate. Furthermore. to cnsure voice quality and manage the number of
simultaneous calls that are going on, the Reservation Protocol (RSVP) can be
used to reserve bandwidth through the network. The VolP architecture conszists of
a Media Gateway Controller (MGC) that supervises calls and services from end
to end. The MGC has Mcdia Gateways (MG)s that are the connection between
the Public Switched Telephone Network (PSTN) and the IP network (IP network
- Media Gateways - PSTN). ‘These gateways actually create, modify and destroy
connections as instructed by the MGC. The controllers and gateways interact
over a control plane via the MEGACO Protocol (RFC 3525), previously the
Media Gateway Control Protocol (MGCP).The media controllers mteract with

their peers using the Session Iniliation Protocol (SIP), which is a text-based

messaging protocol whose roots are in Hypertext Transfer Protocol (HTTP).
(There is another protocol that can be used instead of SIP, named H 323, SIP is

{
used to initiate communication sessions between users (its messages are session- .
specitic). The media gateways first receive the initial DTMF signals [rom the user |

and convert them to SIP messapes for the IP-based application servers to
understand, They then convert the voice pavload that follows to RTP packets to
be used by the media processors.

20




3.1.2 General Protocols In VolP:

Internet Protocal (TP)

Real-time Protocol (R'TP)

User Datagram Protocol (UDP)
Reservation Protocol (RSVI)

Media Gateway Control Protocal (MGCP)
Session Initiation Pretocol (SIP)
Hypertext Transfer Pratocol (HTTP)
H.323 Protocol

O ENR O SR S

Stream Control Transmission Protocol (SC1TP)

3.1.3 User Datagram Protocol (UDP):

User Datagram Protocol (UDP) is one of the core protocols of the Intemnet protocol
suite. Using UDP, programs on networked computers can send short messages
sometimes known as datagrams (using Datagram Sockets) to one another. UDP is
sometimes called the Universal Datagram Protocol. The protocol was designed by
David P Reed in 1980,

UUDP does not guarantee reliability or ordering in the way that ‘TCP does. Datagrams
may armve out of order, appear duplicated, or go missing without notice Avoiding
the averhead of checking whether every packet actually arrived makes UDP [aster
and more efficient, for applications that do not need guaranteed delivery Time-
sensitive applications often use UDP because dropped packets are preferable to
delayed packets, UDP's statcless nature is also uselul for servers that answer small
queries from huge numbers of clients. Unlike TCP, UDP is compatible with packet
oroadeast (sending to all on local network) and multicasting (send to all subscribers).

Theirs several real time application 1s used this protocol to decrease the delay on it

in our ATA (intercall) its used this protocol to decreasing the delay to minimum

delay,
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Project includes several important parts scattered in the building of the university, the
most important parts is the internal communications network in cach building and
PBX.

S0 that we can link these parts with free lines we must put ATA in each PBX and
tinking the Internet, where they are linking all University buildings, as shown above

3.3 System Analysis

In the current situation the cost of calling is very high and the monthly bill is excesd
800 % | from this point we start in our project searching about an alternative solutions
1o reduce this high cost

We've visiled several companics working on VoIP area in order to see the system in
their companies, and benefit from their experience in designing our project

We have visited the Palestinian Telecommunications Company and a mumber of
other companics such as al-Jenan company but not reported in any information since
they usc the software in this arca, and because the communications company

defiance of this service.

Therefore, we have contacted with international company in Qatar such as NASR
Technologies Company and they have provided us with guidance to the ATA devices
which 1s used in ordinary telephone to connect it to the Internet so we choice it and
depend on it to design our syslem.

Hased on the characteristics of ATA. it could be linked the ATA with PBX and
thereby we obtain a free line of communication between any PBX connected to the
Internet through the ATA.

< In Wad Alharya we find that the number of phone is sixty four in both
building and two PBX.




% In Abu Rumman building there are sixty phone in both the building and IT
center, with one PBX in each building.

“ In Abu Kiella building the all internal thirty two internal lines are in used.
with one PBX

<

Center Building in eyen sara strect there are twenty internal lines.

o

In Service Center in side of the tratfic light in eyen sara we find that there are

seven internal lines .

Draw from the foregoing that the total was 183 phones , and therefore we studying

the ditferemt scenarios available and recommend the hetter,

3.4 Design Options:

So there are many scenarios to implementing our project. ATA + Phone

~
ATA + PEX
=
Scenarios

. ‘\> IP Phones

e

Software

Fig 3 1

The first scenarios is using ATA 101. connected to normal phone in cach office.
but we found it is very costly since there are a huge number of office in the
university which mean more and more ATA L10 devices needed, m this case its

buduet is more than the current cosl using traditional caling through len years so

we didn't prefer this scenano.

ATA + Phone
=
/7 ATA + Phone
Any Building in
University :

| ATA + Phone




=

2- The second scenario is connecting the ATA with the PRX so we need only
one ATA in each PBX ,can be extended to the max external line in the PBX if
we need using another ATA L10 in each external line and this is the best way

and the minimum cost we can approach,

ATA + PBX
/‘"‘“ ATA + PBX
All Building in %ﬁ/
University .
ATA + PBX

Fig 3 3 o

i- The third scenarios is using the IP phone in each office and this TP phone
connect only to another [P phone(without using traditional phone or PBX)
which at least priced 2008 per unit and this way is not efficient since two

reason: we can't calling it from normal phone and the ngh costly.

IP Phone
|
e IP Phone |
Any Building in C-///
Umiversity : .




4- The fourth scenarios is using the sofiware on the computer: here we need to
installing ready software on each computer in cach office with using a head
phones and MIC |

Skype
/= l ooVoo T
Computer S
Software
r Any VolP

Fig 3.5

Bul this scenario may be cheap, but not practical because it is requires highly
skills users in dealing with these soliware and it is not effective unless the

computer 18 In operation

3.5 The Scenarios With System Requirements:
We apply these scenarios on the offices in the building of the university then the

requirements and its budget will be as the [ollowing in the different scenario :

1- In firgt scenarios we need 183 ATA L10 devices and 183 traditional phones '
in addition to the internet. so the cost will be as the lollowing: |
183 ATALIO =183 * [20-21960%
183 Phone == 183*30 — 54903
The total cost is 27450 $:

According to calling infrastructure in PPU | the traditional phone is a valuable
50 the total cost is estimate (27450 -5490-— 21960%) r

We note in this scenario that it is too cxpensive




2- In the sccond scenarios we will use the ATA L10 to conncet the PBX in the
different building which mean that we need seven ATA 110 in addition to
scven PBX and 183 traditional phones so the cost will be as [ollowing |
7 ATALIO == T*120 =840%

183 phone =+183%30 — 54903 .
TPBX == 7% 17000 =119000%
The total is 125330 8

According to calling infrastructure in PPU | the traditional phone and PBX is
a valuable so the total cost 15 estimate (123330-119000-5400 = 840 §)

We note that this scenario is acceptable and reasonable cost

3- In the third scenarios we use 183 [P phones | in this case we can'l use the
PBX so we must using IP phone in cach office . then the cost will be as the
following :
183 1P phone == 183*200 = 36600 §

We note in this scenario thal il is more expensive

4- In the fourth scenario we need 183 unit |, each unit consist of PC , MIC |
Headphone and VolP sofrware which often free to download.

So the Expected cost per unit is 12008 (PC) + 5% (MIC)-10%(Headphone) so
the total cost equal to - (120045+10) * 183 = 222345 3

But the PC i3 available in each office so the total cast is 222345(183*1200)-
2745 5.




Scenarios Estimated cost
First scenaro 219608
Second scenario 540%
“Third scenario 366008
:-mmn [27ass

Table 3.1 summary comparing

We can deduce from this thal the second scenario is better because it costs
less and more meaningful in terms of performance. With known that the

calling cost belween two ATA is zero3,

3.5.1 Hardware:

We liaced many problems in the designing the hardware; the main problems we |
didn't find any data sheet about the phone adapter or IP phone so we can't built

iL, alst» we need a provider.

In cur project we used ATA 10L to connect the centrals in our campus with |
inlernet to make a free external line hetween them in order to reduce the cost of
external calling. ATAs arc used by many VoIP companies selling a telco-
allernative VolP service, where the device is used to replace a user's connection
to a traditional lelephone company. When sold in connection with a VoIP
service, the ATA is often locked so it cannot be used with a competing service,

and the user ean only partly change its configuration

FXS to Ethernet gateways: The most common ATA is a box with at least one
Foreign T:Xchange Station used to connect a conventional telephone, and an
Ethernet jack used to comnect the adapter to a LAN, Using such an ATA, it is

possible to connect a conventional telephone to a remote VoIP server. The ATA




communicates with the server wang a protocol such ag 11323, 8SIP, MGCP,

SCCP or [AX. Since the ATA communicates directly with the VolP server, i

does not require any software.

P

Fig 3.6 ATA communicates directly

3.5.2 Software:

One main option is to use software installing on computer, this way neaded
fluently uses of computer and good skills in dealing with these software

There are many VolIP ready software we can use it

To make VoIP communication possible throughout the campus, each campus
instructors will need a sofiphone., to connect to the central VolP server
Softphones are simply software that can be installed on a computer, we would
recommend soflphones for campus use because cach instructor already bave
access to a computer in their office with usimg head phones and MIC and each
instructor has own acecount on the software and there are many free sollware
availlable on the web for download In our project. we examined different

softphone to find the best possible communication for users in different building,

Below is a list of some possible software and vendors that were looked at |




3.5.2.1 Skype Internet Telephony!”

Skype is becoming popular, but is still relatively new in its development.

G Skype™ - diyadiyadl e mom >

Fle Acecamt Call Chate View Tools Heip
i~ diya

a Call choaply to mobide phones and landines

{;_‘. Live < SkypeFind
o Contacts u Call Phones
=1

Ade SkypeCut Contact

u Selecl the counbUyfregion you sre digling
Falesiinian Teritory E -
_afiirg rates

& Enter the phone number in Palestinian
Tenitory (with area code)

- LI—_-ﬂ—T—;“r:?-;"ﬁ—-_—.____—: -
i~ & Onine £,580, 901 people online
Fig. 3.7 Skype

Skype has Windows, Mac OS X, Linux, and Pocket PC clients. Tis clients use
end-to-end encryption to make calls to all over the world. [t is free of charge
to call other repastered users ol Skype and they have recently come out with
*SkypeOut”, which allows the user to call existing phone numbers using the

telephone network

30




Security features

Socure communication is a feature of Skype; encryption cannot be disabled,
and is invisible to the user. Skype reportedly uses non-proprietary, widely
lrusted encryption techniques: RSA for key negotiation and the Advanced
Encryption Standard to encrypt conversations. Skype provides an
uncontrolled registration system for users with absolutely no proof of
identity. This permits users to use the system without revealing their identity
ta other users. It is trivially easy, of course, for anybody to set up an account
using any name; the displayed caller's name is no guarantee of authenticity.

3
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3.5.2.2 ooVoo [nternet Telephony!”!
B covos (Getz)
Slatu~s 12 . -l
[ | A Pememiaer R R .
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Fig. 3 BooVoo

coYoo is a VoIP tools like skype and it allow ¥ou to create c-mail to connected

to the world

00Vao iakes that to a whole new level. Video conferencing with up to six

people. All you need is 2 webcam, a headset with & mic and the free download of

ooVoo

[FY]
b2




3.5.2.3 S)Phone Softphone’™"

Fig. 3.9 SJPhone Sofiphone

SJPhone, from ST Labs, The phone works with any PC, PDA, or IP Phone Tt
also supports both SIP and H 323 protocols. It is also supported across a large
range of operating systems including MS Windows XP, 2000, 98/ME, Linux and
MAC 08§ X,

one can commumcate with another via computers throughout the local area
network (LAN)  Everyone using SIPhone on the network can view who is
currently on the service and click on the user Lo speak with them. SJPhone is free
to download and use.
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4.1 SUBSYSTEM DETAILED DESIGN
4.1.1 Traditional phone:

In General Traditional tele-phone Eoankin ﬂqpn{iﬂiﬁm:t

shared the following features: / j’l
Fger
* Displays caller information \1 g Y
for incoming calls—the name

and/or number of external - '
callers as well as the _ !I a
L

- A cassten Hnﬂ.'ilii' h i
[S
extension and co-worker SEERAI vl
name tor internal calls that Fig 4.1 General Traditional Telephone

you receive, so you don't have Lo have 2 separate Caller ID box

® 6 Button Digital Telephone

* O programmable call appearance /
feature buttons with LED

* 2-line x 24 character Liquid Crystal
Dsplay

= [dentifies internal and external callers
(subject to availahility) withoul

Caller ID port or seperate display

Fig 4.2 Traditional telephone circuit

* 12 programmable feature-only buttons without LED

* Leis you program upassigned line buttons for casy access to system
teatures such as autodial

* Conference up to 3 internal parties plus 2 external

» lands-free conversation with built-in speakerphone

* Hands-free answer on intercom (HFAT)

* Fixed-feature buttons for Contference, Speaker, Transfer, Redial Hold and
Mute

* Built-in headset jack, in addition to handset jack
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* Message waiting light

= 8 ringing partterns for easy recognition in open offices

*  Volume control

* Wall mnountable

= For use with the Merlin Magix and [P Office telephone systems.

e The new Lucenl Avaya Merlin Magix 4406D+ phone is available in hlack
or white,

= Single pair wiring lets you use the Avaya Merlin Magix 4406D telephone
with your existing premises wiring, saving you the big cost of rewiring

vour office.

4.1.2 Analog Telephone Adaptor (ATA 10L)

BESTip(intercall) ATA

Requirements: Belore making any Intemet call fiom your BESTip ATA. you
need the tollowing items:

i

. A Touch-tone phone set.

It

A 107220V AC electrical outlet.

“wel

A valid Internet connection, either broadband or dial-up.

4 An analog phone line




Connection:

According to the diagram below for the typical connection

o Acapted Talsphone et

Fig4 3 ATA Typical Conncetion
How to enter or change setting

Use the buttons in the front panel for menu function navigation. Go to the option

you want to setup. Then follow steps described below to enter or change the

serting

1. Press | ® OK one time, the title will start flashing, You may enter new
setting from phone keypad now.

2 Press | ® 9K button again. The title will stop flashing. The new value has

been store in memory temporarily. You may go to the next setting

3. Afler all the settings has been seiup, please press L& YP one or two Limes
until the screen displays “Update Setup”. All the setling will be saved

permanently.

Please reler 1o instructions in the next page for “Quick Setting” aperation




Bultons & Phone Keypad

« Before making phone call, you must enter your Internet information with your
touch-tone

« telephone keypad and BESTip's buttons.

« Refer to the Typical Phone Keypad and Character Set below fo enter

characters

Featores and Benefits

+ One independent phone lines (FXS) .

+ One 10/100Base’T X LAN port (xDSL/cable modem, wireless, PC, etc.)

« Superior voice quality using various QoS mechanisms

s Allows incoming/originating calls over VoIP and PSTN lines via one phone

« Firewall .

s DHCP server client and relay

= NAT server to cnable connection of phones and PC while using one IP address
« Integrated weh server for easy provisioning

« Auto provisioning and automatic configuration with TFTP and HT1P to aid

large installations.

4.1.3 PPU PBX (Private braunch exchange)

A Private Branch ¢Xchange (PBX) iz a telephone exchanpe that serves a particular
business or office. as opposed to one that & common carrier or telephone company

operates for many businesses or for the general public.

PBX System Components
|. The PBX’s internal switching nelwork.
2. Central processor unit (CPU) or computer inside the system, including
memory.
3. Logic cards, switching and control cards. power cards and related devices that
facilitate PBX operation.
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Stations or telephone sets, sometimes called lines.
Outside Telco trunks that deliver signals to (and carry them from) the PBX.
Cansole or switchboard allows the operator Lo control incoming calls.

e S =

Uninterruptible Power Supply (UPS) consisting of sensors, power switches
and batteries.

e

Interconnecting wiring,
9 Cabinets, closets, vaulls and vther housings,

PBX Functions
Functionally, the PBX performs four main call processing duties;

1. Establishing connections (circuits) between the telephone sets of two users.
(e g mapping a dialed number to & physical phone, ensuring the phone isn't
already busy).

2. Maintaining such connections as long as the users reguire them (ie
channeling voice signals between the users),

3. disconnecting those connections as per the users requirement.

4. Providing information for accounting purposes (e g metering calls).

Fig 4.4 PPU PBX
39




CAPTER FIVE

TESTING AND IMPLEMENTATION

m J



5.1 Component testing

The testing process 1s done through two stage

I- First stage is the subsystem test , In this part of the testing process, we connect
the ATA 110 on the Internet and with traditional phone on the other hand, in
the same way we connect the other device in different place and then we have a

process of communication between them. We were able to calling through them

with high quality and competitive traditional calling.

Fig. 5.1 First Stage Testing

41




2- The second stage is integrated testing using PBX , here we connect one ATA 1,10

n Services PBX and another one in Main center PBX and using ADSL lines and
make successful calling between two different office through it.

Fig 5.2 Second Stage Testing




CAPTER SIX

CONCLUSION AND RECOMMENDATIONS




6.1 Problems and difficulties that we faced in the project

We have faced many difficulties during our work on this project, these problems

are summarized as tollows:

« Lack of data sheet to build the ATA device

¢ The need to service provider

» The small number of companies operating in VoIP area

« Preventing Palestinian Telecommunications Company of companies and
institutions from using this technique. resulting in the non-dillusion. and the

lack of workers in this area.

6.2 Conclusions :

We have succeeded in conducting the process of testing between the two
buildings of the university : between the service building in Eyne Sarah with the

main building, achieve line between them is free and highly eflicient voice

The system can be implemented in a simple way by normal people in their home

to make the international calling with very low cost

6.3 Recommendations For Future Work :

I- We recommend to applv this project in all Palestine Polytechnic University

buildings

2- We hope to generalize this project and apply it in the companies and huge

organization both public and privale as the same.

3. Tncreased attention to this subject in the university through courses because

the general trend in international calling is in this direction
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BESTip ATA COMBO Quick Start Manual

Requirements:

Before making any Internet call from your BESTIp ATA, you need the following items:
i A Touch-tone phone set,

. A 110/220V AC electrical outlet.

3. A valid Internet connection, either broadband or dial-up.

4, An analog phone line

Connection:
Please refer to the diagram below for the typical connection,

Diai-Up

| | L:L e Broadband
i Talephane S Fa
; Line 1 LM Cable
= ;-I*' i
C Imtemet .11
| —

ol
N'\.—q‘v,b‘rf;}‘
DC Adaple Telephora Sat = i

Buttons & Phone Keypad

Before making phone call, you must enter your Internet information with your touch-tone
telephone keypad and BESTip's buttons.

Refer to the Typical Phone Keypad and Character Set below to enter cha racters.

Typical Phone Keypad and Character Set

TR Ac T oer REVPAD |  Characterssr |
‘L 2 3 , Al Sl L
[T v {2 atcARl
F : 3 S defOCF
F - e | 4 4 gz
4 ] L6 | 5 |5 JRL
. 8 £ MmN
s [Tww]  [wee i 7 prEonen
7 8 9 B 8 LTIy
£ & T T
-1 E 0 0. @rspuca™
o
0 f L # ] = -

How to enter or change setting

Use the buttons in the front panel for menu function navigation. Go to the option you want to
setup. Then follow steps described below to enter or change the setting,

Press| s ok one time, the title will start flashing. You may enter new setting from
phane keypad now.

2. Press[e ok button again. The title will stop flashing. The new value has been store
in memory temporarily. You may go to the next satting.

3 After all the settings has been setup, please press 4 Up | one or two times until the

screen displays “Update Setup”. All the setting will be saved perma nently.

Please refer to instructions in the next page for “"Quick Setting” operation.
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Switch between Broadband and Dial-Up mode

sTip B

Press ¥ bows button at Press [ NEXT  Button | - e
Standh'f state to Eﬂter unktil Fuu Lea svstam Gyilem Betiing i
setup mode. Setting option. Press.

v cawn  to enter System Setting menu,

The first option is “Network Port”, it is setup to “Ethernet” for broadband by default.
It can be changed to "modem” for dial-up connection.

If the mode display in the screen is already the mode you want, then press ¥ bown | and
go to next page for following setup. Otherwise press [« ok button to modify it.

pregg ' = Dr : Enc.: bmﬂn tﬂ H
switch network port selaction :

between "Ethernet” and "modem”.  (for broadband) (for dial-up)

When decision made, Press ¢ 0k button. Then, press (4 uPF  two times to save the

new setting. Then please go to step “1” at this page and do the setup procedure for
setting the device properly.




Broadband Mode - Setup Quick Configuration

9 Fress p» HEXT  button until
at standby state ta AT you ==& System Setting
Enter setup mode. option. Press | ¥ DOWN [to
antar Systam Setting menu.

o Press | ¥ DowN EButton

RESTip &T4 CiWAS

6 Subject to your broadband environment there are thres options up to your cholce in IP Policy: Static IP, DHCP,
and ADSL PPPoE. Please make sure the ona you clanse mest your requirameant. Préss (e WEXT | OF | & RACK  £0
navigate petwean the three options, Fress | ¥ Down  to make your choice,

et
At ABEL SPRul
v OwH (" Bow

Ek‘P to Upﬂﬂﬂ PPPGE Leail MERH
“Station ID”

¥ _DOWN_

v DUWN

Idte time ta shut dewn
Tnterpat connaction
0 meeans aheay s online

| W Do
Skip to option
e
‘ Enter Secondary
DMNE IP addrass ar
| Lmave it blank

'

a Enter Station ID. Normally a Press | ¥ CUWN to enter rmee
set kol “ Gatekeeper, AUTO I3 applicable e
most of the me. -
@ Press ¥ OUWN to enter Country ﬂ Press| ¥ DIWH o enter Arca
Code, Enter your telephone Code. Enter (ocal telephone

country code domestic area code
@Prassi‘l' nowN  to enter IDD 9 Press | ¥ DOWN 1o enter 2 nd
Prefix. It is used for dialing m IDD Prefix. Lesve it blank m
internatinnal call. "00" In most unfess you arein Usa.
CASES

@ Frags | W DOWN button 0 aater = @ You may skip the rest of
DDD Prefix. It 5 used for aptions, Press [ & UP Lo
digiing domestic and local call raturn to tap of System
"* In miost casec Setting ment.

@ It will retum o standby stabe m
afain afker updated. Plaase _
restart the device to make setup
changes effecive.

@Pmss & LF button o save
canfiguration dats i marmiary

Start Making VoIP Call

The deviee iz ready to use in
scancoy stare whan the blie
ON LINE led on. You can pick up
s5one and disl Internet phone call

W,

You may check ug your credit by

prassing 4 WP in standby ey Tor-miat
state. It will snow Dalance |eft in

your account. You can make
phama call in this state, too.

e

Nyl Sl Al
- -‘j"' Pl i trnd Falvres AP GerrEr il
i. \t (sea) LI i




Dial-UP mode - Setup Quick Configuration

Press v pown button to
enter Quidk Setting.

Press (v pown  Dutton to
anter ISP Phone. Enter
ISP phone number,

Press [w powh  button to
enter ISP Password.
Enter ISP Password.

Press v pown button to
enter ISP Idle Timeout.
Choose ISP Idle Timeout
USing/» NEXT 'Or| - mAcK

Press [¥ pown button to
anter Secondary DNS.
Enter ONS IF address,

You may leave it blank.

Press [v cows button to
enter Area Code. Enfer
telephone ares code,
"2" for example.

®

Press [v oowe button to
anter IDD Prefix. Enter
DDD prefix code when
dial domestic and local Call, "0" for example.

®

Press a4 ve  button to
save configuration
data in memory.

Furction Select

Quick Setiing

F-]

oD Frefis
Q

vpdate Setop
FlEasg wait

Start Making VoIP Call

Proce a1 Thubban ke
make the device start el
fial to ISP,

TAF Faswenrd t

15 JiTe 1imeouT S
"] :

, "07 is no idle timeout,

secondary RGNS '
“

e R

Press' ¥ oowi putton to
enter PBX Dlal Prefix.
Enter code the access

trunk if the device is connected with PBX.

Press [w town  button to
anter ISP Login Name.
Enter ISP Login Name.

(6]

Press [ rown  button to
enter ISP PPP Type.
Choose ISP PPP Type
using ® sor or|« aack |, use "Type 1" normally.

8

Prass |v cowd button to
enter Primary DNS.
Enter DMS [P address,
You may leave it blank.

@

Press |¥ vown button to
enter Country Code.
Enter telephone country
code, "BB6" for example.

Press [v oowe button to
enter IDD Prefix. Enter |
1DD prefix code when
dial internaticnal call," 00" for example,

14

Press v pows button to
back to the beginning of
Quick Setting.

16

It will display the slandby
screen again after the
configuration data has
been saved.

PEX P18l HrEfix

IEF FRP- Type
L] b -

ii

*rimary LNy

Coumtry Code

10D Frefin

Fanciinn Select
quick Fettimg

[t wilf display the TSP
balance and "Ready for

. BT
dial™ after the device is

connect to Internel. You can pick up the phone
And dial Internet phone call now.
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STip International Calling Rates (In US$ per Minute)
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