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"المقاسم الهاتفية الخاصةتطبيقات "  
 

 متصل عن التلفون العادي كونه (Private Branching eXchange: PBX) الخاص الهاتفيالمقسم يختلف 
 (Line)واحد  بإستخدام خط إتصال لتوصل مستخدميه إلى بعضهم وإلى منظومة الهاتف العموميبعدة أجهزة هاتفية 
. توماتيكياأوقد تطورت المقاسم من أجهزة يدوية اإلستخدام إلى أجهزة كاملة اإلدارة . (Trunk)أو أكثر من ذلك 

خطوط وبأستخدام المقاسم يمكن إعطاء أقصى عدد من مستخدمي شبكة الهاتف الخاصة بالمؤسسة أو الشركة 
(Extension) بكثير عن إستخدام منظومة الهاتف العمومية بكلف أقلهم تسهل اإلتصال فيما بين هواتف خاصة بهم .  

  
عند (ت التشغيل اليديوية االعادة على شكل كابينات مستقلة بلوحة مفاتيح إلستخدام وتأتي المقاسم الهاتفية في

دخلت وقد . عند إنقطاع التيار الكهربائي (UPS)أحدث التقنيات المحوسبة مع قدرة التجهيز لذلك مستخدمة ) الحاجة
التقنيات الرقمية على تقنية المقاسم الهاتفية كما دخلت في العديد من التطبيقات الحديثة مما أتاح إستخدام نفس 

إتاحت تلك التقنيات اإلستخدامات اإلفتراضية  كما. ألكثر من مكالمة واحدة لكل خط) الخارجية(الخطوط الهاتفية 
م الهاتفية لتقدم عدة خدمات كتدقيق ست المقاماوقد أتسعت إستخدا ). مزودي خدمة اإلتصاالتأجهزة عبر (للمقاسم 

لمتصلين أو لة موسيقية وتحيوتشغيل أصوات المكالمات والندوات الهاتفية أو إنتظار وتسجيل وإعاقة وتمرير 
  . المشهودة إرشادهم إلى الخطوط الفرعية الالزمة وكيفية الوصول إليها وغيرها من اإلستخدامات الميسرة

  
) رقمية(من التقينات القديمة في توصيل المقاسم عبر خطوط الهاتف التقليدية القديمة ظهرت بروتوكوالت و

للتوصيل يسرت اإلتصاالت وسببت خفظا مهما في كلفها رغم بعض الخصائص السلبية التي تواجدت مع إدخال 
عدد كثير من المكالمات على نفس  من إختناقات عند إجراء (Analog)محل التناظري  (Digital)التهاتف الرقمي 

األمران اللذان ال يحدثان في الهواتف التناظرية بسبب  ،الخط ووجوب توفير الطاقة الكهربائية المغذية للهاتف الرقمي
الواحد وتوفر الطاقة المغذية للهاتف من مجهز الخدمة التناظري عدم إمكانية إجراء أكثر من مكالمة على الخط 

إضافة إلى تعرض المكالمات الرقمية ألعمال التجسس والقرصنة والفيروسات التي فيرها محليا بدل تو الهاتفية
  .تتعرض لها في العادة اإلتصاالت الرقمية

    
فإمكانية  ،ةكضرورة من إمتالك المقاسم الهاتفية من قبل المؤسسة أو الشرفي بعض األحيان وليس هناك 

كما ظهرت . كما ذكر أعاله مزود خدمة اإلتصاالت أصبحت ممكنة من قبل (Hosted PBX)إفتراضيا إستضافتها 
التي توسع خدمة أجهزة اإلتصال المتنقلة، والمقاسم العاملة بموجب  (Mobile PBX)المقاسم الخلوية المتنقلة 

 . هاتفيا ممكنة )البرمجية والمادية(التي جعلت اإلستخدامات الحاسوبية   (IP PBX) بروتكول اإلنترنت
  
  

  موقع األلكترونيالتصفح : روافد للتكنولوجيااألخرى لشركة  طالع على المقترحاتلإل
  

Email: md@r4t.me 
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1. Introduction 
 
A business telephone system refers to a range of a multi line telephone systems typically 
used in business environments, ranging from small key (manual controlled) systems to 
large scale private automatic branch exchanges or generally called PBX.  
 
A Private Branch eXchange (PBX) is a telephone exchange that serves a particular 
business or office. PBXs are also referred to as: 
 
 PABX - Private Automatic Branch eXchange 
 EPABX - Electronic Private Automatic Branch eXchange 

 
PBXs make connections among the internal telephones of a private organization with the 
Public Switched Telephone Network (PSTN) via trunk lines. Because they incorporate 
telephones, fax machines, modems, and more, the general term "extension" is used to refer 
to any end point on the branch. 
 
Initially, the primary advantage of PBXs was cost savings on internal phone calls: handling 
the circuit switching locally reduced charges for local phone service. As PBXs gained 
popularity, they started offering services that were not available in the operator network, 
such as hunt groups, call forwarding, and extension dialing. 
 
With a PBX system, the company only needs to lease as many lines from the telephone 
company as the maximum number of employees that will be making outside calls at one 
time. This is usually around 10% of the number of extensions. 
 
2. System components 
 
A PBX will often include: 

 
 Switching network where multiple calls are transmitted across the same 

transmission medium using a dedicated connection where a circuit or channel 
set up between two nodes so that they can communicate. When the call is ended 
by one of the nodes, the connection is canceled. 

 
 Microcontroller or microcomputer for arbitrary data processing, control, and 

logic. 
 

 Logic cards, switching and control cards, power cards and related devices that 
facilitate PBX operation. 

 
 Stations or telephone sets, sometimes called lines. 

 
 Outside telecommunication  trunks that deliver signals to/form the PBX. 

 
 Console or switchboard to allow the operator to control incoming calls. 
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 Uninterruptible power supply (UPS) consisting of sensors, power switches and 

batteries. 
 

 Interconnecting wiring. 
 

 Cabinets, closets, vaults and other housings. 
 
3. Current trends 
One of the latest trends in PBX development is the Voice over IP (VoIP) PBX, also known 
as an IP-PBX or IPBX, which uses the Internet Protocol (IP) to carry calls. Most modern 
PBXs support VoIP. It is worth mentioning here the ISDN PBX systems also that replaced 
some traditional PBXs in the 1990s. However, recent open source projects combined with 
cheap modern hardware are sharply reducing the cost of PBX ownership. 
 
For some users, the private branch exchange has gone full circle as a term. Originally 
having started as an organization's manual switchboard or attendant console operated by a 
telephone operator or just simply the operator, they have evolved into VoIP centers that are 
hosted by the operator, ISP, or even the manufacturer. These modern IP Central Exchange 
“Centrex” systems offer essentially the same service, but they have moved so far from the 
original concept of the PBX that the term hardly applies at all. 
 
Even though VoIP gets a great deal of press, the old circuit switched network is alive and 
well, and the already bought PBX's are very competitive in services with modern IP 
Centrexes. Currently, there are four distinct scenarios in use: 
 
 

 PBX (Private Circuit Switched). 
 Hosted/Virtual PBX (Hosted Circuit Switched) 
  IP PBX (Private Packet Switched). 
 IP Centrex or Hosted/Virtual IP (Hosted Packet Switched). 
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4. PBX functions 
Functionally, the PBX performs four main call processing duties: 

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

 Maintaining such connections as long as the users require them (i.e. channeling voice 
signals between the users). 

 Disconnecting those connections as per the user's requirement. 
 Providing information for accounting purposes (e.g. metering calls). 

 

In addition to these basic functions, PBXs offer many other calling features and 
capabilities, with different manufacturers providing different features in an effort to 
differentiate their products. Common capabilities include (manufacturers may have a 
different name for each capability): 
 

 Auto Attendant (AA) : 

AA allows callers to be automatically transferred to an extension without the 
intervention of an operator (typically a receptionist). Many AA will also offer a simple 
menu system (e.g. for sales, press 1, for service, press 2, etc.). AA may also allow a 
caller to reach a live operator by dialing a number, for example 'by pressing 0'. 
Typically the AA is included in a businesses phone system. A caller will hear the 
recorded greeting Virtual Receptionist first then make a selection to contact the person 
they need. On a purely technical level it could be argued that an automated attendant is 
a very simple kind of IVR (Interactive Voice Response) 
 

 Auto Dialing (AD): 

AD is an electronic device that can automatically dial telephone numbers to 
communicate between any two points in the telephone, mobile phone and pager 
network as example. Once the call has been established (through the telephone 
exchange) the AD will announce verbal messages or transmit digital data (like SMS 
messages) to the called party. 
 

 Automatic Call Distributor (ACD): 

ACD is a device or a system that distributes incoming calls to a specific group of 
terminals that agents use. Routing incoming calls is the task of the ACD system. 
 

 Automated Directory Services (ADS):  

With ADS callers can be routed to a given employee by keying or speaking the letters 
of the employee's name. 
 

 Automatic Ring Back (ARB): 

Normally, when a person's line is busy, one has to call back every few minutes to check 
if their line is free yet. With ARB, a code can be dialed into the telephone keypad to 
enable ring back. Then, when their line is free, the original caller's phone rings with a 
distinctive ring so that one knows it is automatic ring back and not a regular call. When 
the phone is picked up, it calls the other number since the line is now free. 
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 Call Accounting (CA): 

CA system is a telecommunications software or hardware application that captures, 
records, and costs telephone usage events. Internationally call accounting systems may 
be referred to as call logging systems. Call accounting systems detect outbound and 
inbound calls, call ring outs, call routings, abandoned calls, and other activities. 
 

 Call Blocking  (CB): 

CB is a method in which it allows a person with any kind of phone the ability to block 
any phone number or caller ID. There are various methods of blocking such as; Send 
Caller to “Voicemail”, Send Caller to "Busy Signal", Send Caller to "Number No 
Longer in Service", Send Caller to "Keep Ringing". 
 

 Call Forwarding on Busy or Absence (CFBA): 

Call Forwarding (or Call Diverting), is a feature on some telephone networks that 
allows an incoming call to a called party, which would be otherwise unavailable, to be 
redirected to a mobile telephone or other telephone number where the desired called 
party is situated. The forwarded line rings once, to remind the customer using Call 
Forwarding that the call is being redirected. 
 

 Call Park (CP): 

CP is a feature of some telephone systems that allows a person to put a call on hold at 
one telephone set and continue the conversation from any other telephone set. 
 

 Call Pick-UP (CPUP): 

CPUP is a feature used that allows one to answer someone else’s telephone call. 
 

 Call Transfer (CT): 

CT is a telecommunications mechanism that enables a user to relocate an existing call 
to another telephone or attendant console by using the transfer button and dialing the 
required location. The transferred call is either announced or unannounced. 
 

 Call Waiting (CW): 

CW is a feature on some telephone networks. If a calling party places a call to a called 
party which is otherwise engaged, and the called party has the call waiting feature 
enabled, the called party is able to suspend the current telephone call and switch to the 
new incoming call (Typically, this is done by pushing the flash button), and can then 
negotiate with the new or the current caller an appropriate time to ring back if the 
message is important, or to quickly handle a separate incoming call. 
 

 Camp On (CO): 

CO on busy signal means, signal that informs a busy telephone user that another call 
originator is waiting for a connection. 
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 Conference Call (CC): 

CC is a telephone call in which the calling party wishes to have more than one called 
party listens in to the audio portion of the call. 
 

 Custom Greetings (CG): 

CG can be adapted to meet the changing needs of the company and the staff. Callers 
will always find satisfaction with each company contact and be able to access company 
information automatically, without relying on company staff or waiting for business 
hours. CG also helps ease the reality of an automated system. Instead of a robotic 
voiceover, a human voice takes to callers through the telephone menu and guides them 
through the process without the need for additional staff, such as a receptionist. 
 

 Speed Dialing (SP): 

SD (also known as Customized Abbreviated Dialing) permits fast dialing of frequently 
used numbers. A repertory of numbers may be stored in the telephone and/or in the 
telephone switch. 
 

 Busy Override (BO): 

BO is a function of the PBX that allows the Calling Party to override the busy signal on 
the called party in order to break into the ongoing conversation. Before breaking in 
most PBX announce the incoming call by a distinctive sound signal or tone, but in most 
cases this can be disabled by software. The BO function was originally intended to 
allow the called party to receive a high priority or a very important call. 
 

 Direct Inward Dialing (DID): 

DID service in the telephone company provides one or more trunk lines to the customer 
for connection to the customer's PBX and allocates a range of telephone numbers to this 
line (or group of lines) and forwards all calls to such numbers via the trunk. As calls are 
presented to the PBX, the Dialed Destination Number (DDN) is transmitted, usually 
partially (e.g., last four digits), so that the PBX can route the call directly to the desired 
telephone extension within the organization without the need for an operator or 
attendant. The service allows direct inward call routing to each extension while 
maintaining only a limited number of subscriber lines to satisfy the average concurrent 
usage of the customer. 
 

 Direct Inward System Access (DISA): 

The ability to access internal features from an outside telephone line (example pressing 
0 go to the operator, pressing 1 go to service x, etc.). 
 

 Do Not Disturb (DND) 

The Do Not Disturb (DND) function on most PABX systems prevents calls from 
ringing on an extension for which DND is activated. Some DND include directing the 
call to a pre assigned extension (like a secretary or assistant), busy signal, DND signal, 
or recorded message generated by the telephone switch. Some of the telephone 
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company switches allow the call to go through to the extension but restrict the response 
to a visual indication (no caller identification).  
 

 Follow/Find-Me (FM): 

FM determines the routing of incoming calls. The exchange is configured with a list of 
numbers for a person. When a call is received for that person, the exchange routes it to 
each number on the list in turn until either the call is answered or the list is exhausted 
(at which point the call may be routed to a voice mail system). 
 

 Music On Hold MOH): 

MOH refers to the business practice of playing recorded music to fill the silence that 
would be heard by telephone callers who have been placed on hold. It is especially 
common in situations involving customer service. MOH is sometimes referred to as 
Phone On Hold (POH), Message On Hold (MOH), On Hold Messaging (OHM), etc. 
 

 Shared Message Boxes (SMB):  

Here a department for example can have a shared voicemail box. 
 

 Voice Mail (VM): 

VM (also known as Voice Mail Service or Message Bank) is a centralized system of 
stored telephone messages that can be retrieved later. The term is also used more 
broadly to denote any system of conveying a stored telecommunications voice message, 
including using an answering machine. Most cell phones have voicemail as a basic 
feature, and many land line phones and corporate PBXs have their own voicemail 
options. Voicemail systems are designed to convey a recorded audio message to a 
recipient. To do so they contain a user interface to select, play, and manage messages; a 
delivery method to either play or otherwise deliver the message; and a notification 
ability to inform the user of a waiting message. 
 

 Call Detail/Data Record (CDR) 

CDR is the computer record produced by a telephone exchange containing details of a 
phone call that passed through it. It is the automated equivalent of the paper toll tickets 
that were written and timed by operators for long-distance calls in a manual telephone 
exchange. 

A CDR is composed by fields that describe the exchange. Examples of fields include: 

 the number making the call (calling party) 
 the number receiving the call (called party) 
 when the call started (date and time) 
 how long the call was (duration) 
 the phone number charged for the call 
 the identifier of the telephone exchange writing the record 
 a sequence number identifying the record 
 additional digits on the called number used to route or charge the call 
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 the result of the call (whether it was answered, busy, etc) 
 the route by which the call entered the exchange 
 the route by which the call left the exchange 
 call type (voice, Short Message Service: SMS, etc) 
 any fault condition encountered 

5. PABX Interface standards 

5.1. Interface connecting extensions to PBX  
 
5.1.1. Plain Old Telephone Service (POTS) 

POTS is the common two-wire interface used in most homes. This is cheap and effective, 
and allows almost any standard phone to be used as an extension. 

 
The standard way to transport voice between two telephone sets is to use tip and ring lines. 
Tip is the ground side (positive) and ring is the battery (negative) side of a phone circuit 
Tip and ring lines are the twisted pair of wires that connect to your phone by way of an RJ-
11 connector. The sleeve is the ground lead for this RJ-11 connector.  
 

POTS services include: 
 
 Bi-directional, or full duplex, voice band path with limited frequency range of 300 to 

3400 Hz: in other words, a signal to carry the sound of the human voice both ways at 
once. 

 
 Call-progress tones, such as dial tone and ringing signal. 

 
 
 Subscriber dialing. 
 
 Operator services, such as directory assistance, long distance calling, and conference 

calling assistance. 
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 A standards compliant analog telephone interface including BORSCHT (Battery feed 

Over voltage protection Ringing Supervision Codec Hybrid Testing) functions. 
 
 

5.1.2. Digital Enhanced Cordless Telecommunications (DECT) 

 
 
 
 
 
 
 
 
 
 
 
DECT is a digital communication standard for connecting cordless phones. DECT phones 
work from a base station, usually with a single handset. Some DECT phone models allow 
additional handsets to be added to the base station. You can also have additional cordless 
handsets in different areas of the house. This is ideal if you have a home office or work 
from home. DECT phones are also excellent if you have a large garden and want to take 
your phone outside with you. 
 
The range of the handset will depend on the phone itself. The point of the cordless phone is 
that you can walk around free from the base station. Most cordless phones have a range of 
around 300 meters (about 984 feet), but new digital technology is being upgraded daily to 
expand that range. 
 
The DECT standard originally envisaged three major areas of application: 
 
 Domestic cordless telephony, using a single base station to connect one or more 

handsets to the public telecoms network, which is now available. 
 Enterprise premises cordless PABXs and wireless LANs, using many base stations for 

coverage. Calls continue as users move between different coverage cells, through a 
mechanism called handover. Calls can be both within the system and to the public 
telecoms network. 

 Public access, using large numbers of base stations to provide high capacity building or 
urban area coverage as part of a public telecoms network. 
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 Internet Protocol – (H.323 and SIP) 

   For VoIP interface there two standard protocols:  

 H.323 protocol standard: addresses call signaling and control, multimedia transport 
and control, and bandwidth control for point-to-point and multi-point conferences. 
 

 Session Initiation Protocol (SIP): is a signaling protocol, widely used for 
controlling multimedia communication sessions such as voice and video calls over 
Internet Protocol (IP). The protocol can be used for creating, modifying and 
terminating two-party (unicast) or multiparty (multicast) sessions consisting of one 
or several media streams. The modification can involve changing addresses or 
ports, inviting more participants, and adding or deleting media streams. Other 
feasible application examples include video conferencing, streaming multimedia 
distribution, instant messaging, presence information, file transfer and online 
games. 

 
5.2. Interface Protocols for connecting PBXs to each other: 

5.2.1. Proprietary Protocols  

A Proprietary Protocol is a communications protocol owned by a single organization or 
individual, if equipment from several manufacturers is on site, where the use of a standard 
protocol is required. 
 
5.2.2. ISDN PRI  

The Integrated Services Digital Network (ISDN) prescribes two levels of service, the 
Basic Rate Interface (BRI), intended for the homes and small enterprises, and the 
Primary Rate Interface (PRI), for larger applications. Both rates include a number of B-
channels and a D-channel. Each B-channel carries data, voice, and other services. The D-
channel carries control and signaling information. The Basic Rate Interface consists of two 
64-kbit/s B-channels and one 16-kbit/s D-channel. 
 
The Primary Rate Interface (PRI) consists of 23 B-channels and one 64-kbit/s D-channel 
using a T1 line (North American and Japanese standard) or 30 B-channels and one D-
channel using an E1 line (Europe/rest of world). A T1 Primary Rate Interface user would 
have access to a 1.472-Mbit/s data service. An E1 Primary Rate Interface user would have 
access to a 1.920 Mbit/s data service. 
 
Larger connections are possible using PRI pairing. A dual PRI could have 24+23= 47 B-
channels and 1 D-channel but more commonly has 46 B-channels and 2 D-channels thus 
providing a backup signaling channel. The concept applies to E1s as well and both can 
include more than 2 PRIs. Normally, no more than 2 D-channels are provisioned as 
additional PRIs are added to the group. 
 
5.2.3. QSIG [Q (point of the ISDN model) SIGnaling] 

QSIG is an ISDN based signaling protocol for signaling between private branch exchanges 
(PBXs) in a Private Integrated Services Network (PISN). QSIG is an ISDN based signaling 
protocol for signaling between PBXs. QSIG has two layers, called Basic Call (BC) and 
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Generic Function (GF). QSIG BC describes how to set up calls between PBXs. QSIG GF 
provides supplementary services for large-scale corporate, educational, and government 
networks, such as line identification, call intrusion and call forwarding. Thus for a large or 
very distributed company that requires multiple PBXs, users can receive the same services 
across the network and be unaware of the switch that their telephone is connected to. This 
greatly eases the problems of management of large networks. 
 
5.2.4. Digital Private Network Signaling System (DPNSS)  

DPNSS is a network protocol used on digital trunk lines for connecting two PABX. It 
supports a defined set of inter-networking facilities. 
 
 
5.2.5. Internet Protocols  
 
These protocols (H.323, SIP, and IAX) are IP based solutions which can handle voice and 
multimedia (e.g. video) calls. 
 
IAX is the Inter-Asterisk eXchange protocol, native to Asterisk PBX and supported by a 
number of other soft switches and PBXs. It is used for enabling VoIP connections between 
servers beside client–server communication. The primary goals for IAX were to minimize 
bandwidth used in media transmissions, with particular attention drawn to control and 
individual voice calls, and to provide native support for NAT (Network Address 
Translation) transparency. Another goal is to be easy to use behind firewalls. 
 
5.3. Interfaces for connecting PBXs to trunk lines. 

Interfaces for connecting PBXs to trunk lines include:  

 Standard POTS lines These are adequate only for small systems, and can suffer from 
not being able to detect incoming calls when trying to make an outbound call. 
 

 ISDN - the most common digital standard for fixed telephony devices. This can be 
supplied in either BRI (2 circuit capacity) or PRI (24 or 30 circuit capacity) versions. 
Most medium to large companies would use Primary ISDN circuits carried on T1 or 
E1 physical connections. 
 

 Robbed Bit Signaling (RBS) delivers 24 digital circuits over a four-wire (T1) 
interface. 
 

 Internet Protocol (H.323, SIP, MGCP, and IAX) operate over IP and are supported by 
some network providers. Hint: MGCP stands for Media Gateway Control Protocol.  
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5.4. Interfaces for collecting data from the PBX 

Interfaces for collecting data from the PBX include: 

 Serial interface - historically used to print every call record to a serial printer. Now an 
application connects via serial cable to this port. 

 
 Network Port (Listen Mode) - where an external application connects to the TCP or 

UDP port. The PBX then starts streaming information down to the application. 
 
 Network Port (Server Mode) - The PBX connects to an application. Application 

enables users to record, track and archive phone calls and can capture CDR from 
RS232, RS845, TCP or UDP port. 

 
 File - The PBX generates a file containing the call records from the PBX. 

 

6. Hosted PBX systems 
 

 
 
A hosted PBX system delivers PBX functionality as a service, available over the Public 
Switched Telephone Network (PSTN) and/or the internet. Hosted PBXs are typically 
provided by the telephone company, using equipment located in the premises of the 
telephone company's exchange. This means the customer organization doesn't need to buy 
or install PBX equipment (generally the service is provided by a lease agreement) and the 
telephone company can (in some configurations) use the same switching equipment to 
service multiple PBX hosting accounts. 
 
Instead of buying PBX equipment, users contract for PBX services from a hosted PBX 
service provider, a particular type of Application Service Provider (ASP). In fact, some 
PBX functions, such as follow-me calling, appeared in a hosted service before they became 
available in hardware PBX equipment. Today, it is possible to get hosted PBX service that 
includes far more features than were available from the first systems of this class, or to 
contract with companies that provide less functionality for simple needs. 
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In addition to the features available from premises-based PBX systems, hosted-PBX can 
for example: 
 
 Allow a single number to be presented for the entire company, despite its being 

geographically distributed. A company could even choose to have no premises, with 
workers connected from home using their domestic telephones but receiving the same 
features as any PBX user. 

 
 Allow multimodal access, where employees access the network via a variety of 

telecommunications systems, including POTS, ISDN, cellular phones, and VoIP. This 
allows one extension to ring in multiple locations (either concurrently or sequentially). 

 
 
 Support integration with custom toll plans (that allow intra company calls, even from 

private premises, to be dialed at a cheaper rate) and integrated billing and accounting 
(where calls made on a private line but on the company's behalf are billed centrally to 
the company). 

 
 Eliminate the need for companies to manage or pay for on-site hardware maintenance. 

 
 Allow scalability so that a larger system is not needed if new employees are hired and 

so that resources are not wasted if the number of employees is reduced. 
 
7. Mobile PBX 
 

 
 
A mobile PBX is a hosted PBX service that extends fixed-line PBX functionality to mobile 
devices such as cellular handsets, smart phones and PDA phones by provisioning them as 
extensions. Mobile PBX services also can include fixed-line phones. Mobile PBX systems 
are different from other hosted PBX systems that simply forward data or calls to mobile 
phones by allowing the mobile phone itself, through the use of buttons, keys and other 
input devices, to control PBX phone functions and to manage communications without 
having to call into the system first. 
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A mobile PBX may further exploit the functionality available in smart phones to run 
custom applications to implement the PBX specific functionality. In addition, a mobile 
PBX may create extension identifiers for each handset that allow dialing other cell phones 
in the PBX via their extension shortcut, instead of a PSTN number. 
 

8. IP-PBX 

 
 
An IP PBX handles voice signals under Internet protocol, bringing benefits for Computer 
Telephony Integration (CTI). An IP-PBX can exist as physical hardware, or can carry out 
its functions virtually, performing the call-routing activities of the traditional PBX or key 
system as a software system. The virtual version is also called a "Soft PBX". 

 

 

_________________ 
_________ 

____ 
 

For other R4T Technical Proposals: Browse the web site 
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APPENDIX - A 

1. Telephone Signaling 
1.1. Rotary Dial 

 
The rotary dial is a device mounted on or in a telephone or switchboard that is 
designed to send electrical pulses, known as pulse dialing, corresponding to the 
number dialed. The early form of the rotary dial used lugs on a finger plate instead 
of holes. The modern version of the rotary dial with holes was first introduced in 
1904 but only entered service in the Bell System in 1919. 
 

The origins of the rotary dial are traced back to 1896, when the first patent for a 
rotary device that would allow subscriber level dialing was filed. Granted in 1898, 
the patent was obtained by John and Charles Erickson, along with A.E. Keith. 
Designed to work with the slowly developing numbering system that provided an 
access number sequence for each subscriber, the original rotary phone dial featured 
lugs that were used to turn the dial. 
 

By 1904, the design for rotary dial phones had been altered to feature holes on the 
dialing plate, rather than lugs for the fingers to grip. However, most phones of the 
period still worked on the principal of a subscriber connecting with an operator, 
who would handle the actual connection of two subscribers. It was only around 
1919 that the rotary dial phone became popular in metropolitan areas. Over the next 
two decades, use of the rotary phone filtered into small towns and rural areas. By 
the 1950’s, the rotary phone was clearly the industry standard. 
 

A rotary phone operated with the use of technology that was known as pulse. The 
pulse signal was the means of initiating a dialing action that created interruptions in 
the flow of electrical current. By using the dial to enter each number in sequence, it 
was possible to send a message to telephone signaling equipment that would 
automatically transfer the caller to the right subscriber location. Pulse signaling 
worked fine for the execution of point to point telephone calls, but did not allow 
much else.  
 

By the late 1960’s, a new signaling technology referred to as touch tone was 
beginning to replace the rotary phone with a dialing pad that featured keys rather 
than a round dial. The tones emitted by the digitized touch tone service allowed for 
faster switching and also opened the door for additional consumer activated 
communication services that the older pulse and rotary technology could not 
provide. During the 1970’s and 1980’s, the rotary phone began to fall out favor. 
Businesses were the first to discard rotary phones and move on to touch tone 
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services, with residential consumers shifting to the newer technology in large 
numbers after the deregulation of the telephone industry in 1984.  
 

1.2. DTMF (Dual Tone - Multi Frequency) 

Dual-tone multi-frequency signaling (DTMF) is used for telecommunication 
signaling over analog telephone lines in the voice-frequency band between 
telephone handsets and other communications devices and the switching center. 
The version of DTMF that is used in push-button telephones for tone dialing is 
known as Touch-Tone, was first used by AT&T 
 

1.2.1. How does it work? 
 

When you press the buttons on the keypad, a connection is made that generates two 
tones at the same time. A "Row" tone and a "Column" tone. These two tones 
identify the key you pressed to any equipment you are controlling. If the keypad is 
on your phone, the telephone company's "Central Office" equipment knows what 
numbers you are dialing by these tones, and will switch your call accordingly. If 
you are using a DTMF keypad to remotely control equipment, the tones can 
identify what unit you want to control, as well as which unique function you want it 
to perform. 

 
 
When you press the digit 1 on the keypad, you generate the tones 1209 Hz and 697 
Hz. Pressing the digit 2 will generate the tones 1336 Hz and 697 Hz. Sure, the tone 
697 is the same for both digits, but it take two tones to make a digit and the 
decoding equipment knows the difference between the 1209 Hz that would 
complete the digit 1, and a 1336 Hz that completes a digit 2. 
 

1.2.2. What the phone company never told you. 
While the engineers were designing this protocol, they decided to throw in a few 
more "special purpose" tone groups. You don't normally see these extra four buttons 
on telephones, but they are alive and being employed for communications signaling. 
For lack of imagination, the engineers called the four extra digits "A B C D". These 
all use the same row frequencies as a standard keypad, but they have an additional 
column tone. 
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The extra codes are very useful in preventing standard telephone codes from being 
used to control remote devices, and can give you override status when used 
correctly in a two-way radio system. 
 

1.2.3. What are "Mark" and "Space”? 
Mark and Space refer to the duration a DTMF tone is produced, as well as the 
duration of the silence between individual digits. 

 

2. Analog VS Digital Telephone 
Telephony is one of the oldest technology that is also one of the last to slowly adopt a 
digital alternative. An analog phone system, the one that we are more familiar with, is 
composed of circuit switched connections that allow analog voice signals to travel along 
copper wires. Digital phones use VoIP where the voice signal is converted to digital and 
then chopped into many packets and sent across the internet to reach the designated 
destination. 
 
Digital phones use a lesser amount of bandwidth which directly translates to a lower cost as 
you can fit more conversations to existing lines without adding extra lines. VoIP 
technology also allows multiple calls to occur simultaneously which is not possible for 
analog phones. Digital telephony opens the door to new features that have been very 
difficult to implement with the existing analog phones. A good example of these features is 
video calling where you can see the person that you are talking to.  
 
There are immediate problems that are facing this technology. The most prominent of 
which is reliability. Unlike analog phones which are powered by the telephone company, 
digital phones are powered at home and are susceptible to power outages. This same reason 
makes it unsuitable for emergency situations where communication is very essential. 
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A desired feature of digital phones is also a cause of problems. Because you can make as 
many concurrent calls at the same time, digital phones are quite prone to congestion. These 
results in greater lag and you would notice that the voice of the person you are talking to 
drops at times. This problem is compounded as more services compete for the same 
bandwidth. 
 
Digital phones are also a lot more complex to setup compared to analog phones which you 
simply plug into a wall outlet. Digital phones connect to a router or a computer and needs 
to be configured properly in order to function. Though this might be a cakewalk for some 
people, it is too complex for most that are not familiar with it. But despite the difficulty, 
most people are willing to go through it and even ask for help due to the quite cheap calls 
possible; especially for international calls. 
 
Analog Phones: 

You can try to identify your analog telephones type with the following picture 
 

     
 
 

Digital Phones: 

You can try to identify your digital telephones type with the following picture. 
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IP Phone 

 
 
As mentioned, an IP Phone uses Voice over IP technology allowing telephone calls to be 
made over an IP network such as the internet instead of the ordinary PSTN system. Calls 
can traverse the Internet, or a private IP Network such as that of a company. The phones 
use control protocols such as Session Initiation Protocol (SIP), Skinny Client Control 
Protocol (SCCP), or one of various proprietary protocols such as that used by Skype. IP 
phones can be simple software-based Softphones or purpose-built hardware devices that 
appear much like an ordinary telephone or a cordless phone. Ordinary PSTN phones are 
used as IP phones with Analog Telephony Adapters (ATA). 
 
Hardware of IP phone: 

The overall hardware may look like a telephone or mobile phone. An IP phone has the 
following hardware components. 

 Speaker/ear phone and microphone 
 Key pad/touch pad to enter phone number and text (not used for ATAs). 
 Display hardware to feedback user input and show caller-id/messages (not used for 

ATAs). 
 General purpose processor (GPP) to process application messages. 
 A voice engine or a Digital signal processor to process Radio Telephone (RTP) 

messages. Some IC manufacturers provide General Purpose Processor (GPP) and 
Digital Signal Processor (DSP) in single chip. 

 Analog Digital Converter (ADC) and Digital Analog Converter (DAC) to convert 
voice to digital data and vice versa. 

 Ethernet or wireless network hardware to send and receive messages on data 
network. 

 Power source might be a battery or DC source. Some IP phones receive electricity 
from Power over Ethernet. 

Disadvantages of IP phones: 

 Requires internet access to make calls outside the LAN unless a compatible local 
PBX is available to handle calls to and from outside lines. 

 IP Phones and the routers depend on mains electricity for power, unlike PSTN 
phones, which are supplied with power from the telephone exchange. 

 IP networks, particularly residential internet connections are easily congested. This 
can cause poorer voice quality or the call to be dropped completely. 
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 IP Phones, like other network devices can be subjected to Denial Service Attacks 
(DSAs) as well as other attacks especially if the device is given a public IP address. 

 Due to the latency induced by protocol overhead they do not work as well on 
satellite internet and other high-latency internet connections. 

4. Cordless Telephone Set  

 

 

 

 

A cordless telephone or portable telephone is a telephone with a wireless handset that 
communicates via radio waves with a base station connected to a fixed telephone line, 
usually within a limited range of its base station (which has the handset cradle). The 
base station is on the subscriber premises, and attaches to the telephone network the 
same way a corded telephone does. 

The base station on subscriber premises is what differentiates a cordless telephone from 
a mobile telephone. Current cordless telephone standards, such as PHS (Personal 
Handy-phone System) and DECT have blurred the once clear-cut line between cordless 
and mobile telephones by implementing cell handover. 

Unlike a corded telephone, a cordless telephone needs mains electricity to power the 
base station. The cordless handset is powered by a rechargeable battery, which is 
charged when the handset sits in its cradle. This Type of wireless phone can reach up to 
three Km without the outdoor antenna and with the outdoor antenna we can reach a 
range up to 11 km.   
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5. Console Phone Set 
 

 

An attendant console is a telephone station that is generally part of a PBX or Centrex or 
other private telephone system. An attendant console generally is a regular PBX telephone 
station with one or more additional modules each bearing numerous buttons that can be 
programmed to be associated with particular lines in the private telephone system, or with 
particular specialized functions. 

The attendant console provides control for many call management features and answers 
and routes incoming calls. A common example for the use of an attendant console is as 
follows: 

1. A caller dials a firm's main telephone number, 
2. The attendant (receptionist) answers, 
3. The caller asks for a particular individual or department, 
4. The attendant checks the status of the called party's line by looking at the 

appropriate button on the attendant console, and either: 
5. Puts the call through - if the line is idle - or, 
6. Offers to route the call to voice mail. 

Other uses might include placing the caller in queue to connect to the called party when the 
called party's line goes on-hook. Increasingly, the attendant function of a phone system is 
handled by an auto-attendant. 

The attendant console may also be sent other calls that the PBX may not otherwise know 
how to handle, such as direct inward dialed calls that are not associated with a valid 
extension. The attendant console typically has no restrictions about the types of calls that 
may be made from it so the attendant may complete calls for restricted extensions. This is 
typically the case where a phone is placed in a public location, such as a lobby, but is set up 
so that it cannot dial long distance or international calls. Callers using the public phone 
must dial the attendant, who can complete the call for them. 
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APPENDIX - B  

1. Media Converter for Connecting Two PABX at Different Location 

 

T1/E1 copper to fiber media converter provides reliable and cost-effective extension for 
PBXs via fiber. It is designed as a transparent repeater; T1/E1 converter supports standard 
T1 and E1 in voice or data. It usually comes with manual switch settings with on-the-label 
descriptions that enable easy configuration of T1/E1 line codes and line lengths. 
 

A crossover switch makes it simple to connect the T1/E1 converter to PBXs and eliminates 
the need for crossover and custom cables to connect devices. The fiber port operates at a 
wavelength (λ) of 1310 nm and supports SC (Subscriber Connector) or ST (Straight Tip) 
connectors. Multimode fiber models support distances of up to 5km, and single-mode fiber 
models support distances of up to 60km. The T1/E1 converter provides a cost-effective 
solution for extending telecom points. 

2. Application Example 

A pair of T1/E1s is used to extend the connection between two buildings via fiber. 
Multimode or single-mode fiber can be used, and fiber links can be extended up to 60km 
using single-mode fiber. 
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APPENDIX - C  

1. Microwave Link for Connecting Two PABX at Different Location 
 
If  two PBX's in two different locations, say City Center Terminal (A) and Depot Site 
Terminal (B) and it is needed to tie together both PBX's in such a way as to 
allow people in town A to be able to talk to people in town B. This has to 
be done without going through the local PSTN then the better wireless solution is 
Microwave link which provides reliable and cost effective extension for PBXs via wireless 
solution. The below Block schematic diagram shows an example. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
FXS - Foreign eXchange Subscriber interface (the plug on the wall) delivers POTS 
service from the local phone company’s Central Office (CO) and it must be connected to the 
subscriber equipment (telephones, modems, and fax machines for example). In other words 
an FXS interface points to the subscriber. An FXS interface provides the primary services to 
the subscriber device as: Dial Tone, Battery Current, Ring Voltage. 
 

FXO - Foreign eXchange Office interface (the plug on the phone) receives a POTS 
service, typically from a Central Office of the Public Switched Telephone Network 
(PSTN). An FXO interface provides the following primary service to the Telco network 
device: On-hook/off-hook indication (loop closure). 


