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1. Introduction

1.1 About Asterisk

digium

Asterisk is open source software used for unified communications which
was first created in 1999 by Mark Spencer, the managing director of
Digium Company, based on GNU/GPL license. Asterisk is a step towards
generalizing various communication methods based on computer & local
networks for audio-visual telecommunications & related applications
such as IM, Call/Contact Centre & etc.

As IP based computer network communications grows, Asterisk faces
ever increasing success. Being free for all when compared to the
enormous prices of the current brands in the market, in addition to
having various potential capabilities with adequate quality, standard
protocols, not being limited/depended to a particular brand of software
or hardware, easy to install & operate, the sheer size of its third party
developer community & most importantly, unified voice (whether voice
or telephone), visual & data services have made Asterisk as a soft switch
to become one the effective & dynamic components of the next
generation of communication.

Asterisk is based on C programming language and is loaded in various
operating systems such as Linux NetBSD, UNIX, Solaris, Mac 0OSX,
FreeBSD, and OpenBSD. In addition, other versions of Asterisk can be
installed in windows platform. Although by using computers, common
servers and calculating the power of system (CPU/RAM) based on the
number of users, Asterisk services can become operational, but the
popularity and variety of its services prompts many manufacturers to
use combined platform of Linux and Asterisk to make unified
communications equipment in different scales. From very simple,
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efficient and cheap equipment in SOHO & SMB scale to complex designs
with large number of users in Enterprise environments, production of
such tools is very easy and simple because their software is available
and it is enough to facilitate the operation of system by designing
appropriate interface and web based. In more complex samples,
because of open source of Linux and Asterisk, changing the source of
software can be possible for better performance.

As multipurpose software which is based on information networks the
best thing to do is to designing a network (QoS, Redundancy, Traffic
Management& planning) and using its hardware appropriately in SMB &
Enterprise environments. Thus, Asterisk should have these requirements
whether it is used in simple application like phone center (IPBX), more
complex like video conference and call/contact center or in unification
with software such as office automation, ERP and etc.

Contrary to many, not only Asterisk and basically soft switch idea, audio
and video communications based on network application is not in conflict
with traditional view of telecommunications but also it has complement
and developer role. Although Asterisk is popular, its communication
based on computer network (Video Conferencing, IP Technology, VolIP,
etc...) is cheap and extended, but justification with traditional structure,
generally TDM, is not forgotten in Asterisk and more importantly
communication media has no effect in its operation. Set up Asterisk
based on IP Based equipment is easier and cheaper but justification with
older technologies should be considered as well. Security and reliability
of operation in soft switch systems and Asterisk in compare with
traditional communicative systems is a reason of conflict between soft
switch and traditional ideas. These two articles should be discussed
separately but at the end solution of an Asterisk system for security and
operation reliability is shortly expressed.

Encryption of communication is the best way which line tapping and
having fast computers cannot decode it. In addition to common ways,
proprietary protocols can be made in encryption of communication. This
is possible because of capability of Linux operating system and for
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providing the communications security between systems components
based on Asterisk both common encryption and propriety protocols can
be used. Beside this Linux is an appropriate firewall that can guarantee
the security coefficient of accessing the Asterisk services to the high
level beside other firewalls.

Most of the typical features of Asterisk system, which is installed in Linux
platform, are actually taken from Linux operating systems. High power
capabilities such as Clustering & HA (High Availability) of Linux
guarantee the operation reliability of soft switch system based on
Asterisk. Besides, hardware redundancy like power supply with
redundancy of computer network in links, equipment, protocols and etc...
cause that Asterisk be in the same level with TDM Based systems. So
Asterisk is a way toward presenting next generation services in divers
scales (Enterprise,SMB,SOHO). A way which Ileads to unified
communications, innovation and simply providing extensive range of
audio and video services and also Fixed Mobile Convergence Enterprise
in organizational interactions.

1.2 About Elastix

f )elastix

Elastix is a collection of best open source programs and tools which are
combined together and finally create a comprehensive IP PBX. It is
designed properly and gives you a PBX system that can compete with
others, not only because of PBX part but also because it is capable of
creating a powerful system with other products and programs.

The most important parts of Elastix:

e Asterisk: as the core PBX (Digium’s most well-known product)
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e VTigerCRM and SugarCRM: as a communication system with
customers

e A2Billing: program to pay bills of Asterisk

e Flash operator panel: operator console which is like monitor
display.

e Hylafax: a software fax system

e Openfire: a server with dialogue system, sending text and
telephone network

e Conferencing: is an controlling devise

o freeBPX:an application tool for Elastix

e A report system: part of Elastix that provide CD report

e OSLEC: it is a software that remove echo sound

e Postfix: a popular mail server

e Round cube webmail: an interface for using web based mail
services

e CentOS: it is a version of Linux, Redhat with free support, and one
copy of Centos will be released by each copy of Redhat. They both
were supported and produced by different companies and in many
cases big and small companies uses these for manufacturing their
products. Elastix producers compile a web interface to access the
programs which seems to be complete. Also Elastix company
provide a software for reporting, diagnosing the hardware, network
setting, module of updating software, backup module, managing

users and other modules.
i )
I'Iccec

When Asterisk suddenly became popular, many company started to
invest on it. Asterisk does not have graphical environment for easy set
up so companies started to design a graphical environment for that.
Some of them were free and open and others commercial. One of the
graphical environments is freepbx which is popular because of providing

1.3 About freepbx
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many applications for users. Some companies that produce ISO for
Asterisk, use this program for managing and setting up the Asterisk such
as Trixbox, Elastix, Asterisk now...

The official website of this program is:

http://www.freepbx.org

1.4 Common terms/phrases in VoIP
There are some common phrases in VoIP technology

Definition abbreviation

adaptor of analogue
telephone to IP based
telephone

Analogue Telephone
Adapter

ATA

Port of RJ11 is like a
telephone and
equipment attached

to it should be Foreign Exchange
. . FXO
capable of receiving Office
alarm signal
answering and ending
a call

Open line which is
attached to RJ11 can
provide an open line Foreign Exchange EXS
and power of FXS in Station
an analogue line to a

telephone

Network based on Global System for GSM
honeycomb model Mobile
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which is the most
common standard for
mobile equipment

Communication

Proprietary protocols

Inter Asterisk

of Asterisk with eXchange LAX (IAX2)
RFC5456 protocols(version 2)
Internet Internet Engineerin
standardization 9 9 IETF
. Task Force
committee
Committee of the International
international Telecommunications ITU
telecommunication union
It refers to
Interactive Voice
automated telephone ractive Vol IVR
, Response
answering system
It is an interface
between local
network and an Network Address NAT
internet. NAT allows a Translator
device in internet to
work like a router
It refers to local
telephone centers.
The main task of PBX
is exposure between :
one or some Private (Automated) PBX (PABX)

telephone line and
some of users and
also dividing bilateral
contacts

Branch Exchange
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Digital display of an
analogue signals is

used as an interval O Pulse Code PCM
& 1 and standard in Modulation
digital audio and
video
Telecommunication
public network which Public Switched PSTN

also is called fixed Telephone Network
telephone network

It refers to networks
based on (packet-
switched) depends on

mechanism of Quality of Services QoS

controlling powers to

access to appropriate
services

Published note about
IEFTF which
explained methods,
approvgd rese.arches Request For

and innovations Comment RFC
about internet and
systems attached to
it, has unique
number

Standard of audio
and video formats in
internet RFC3550

Real-time Transport

RTP
Protocol

A dedicated protocol Skinny Call Control
of Cisco is used to SCCP

Protocol
control the network
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between work
stations and Call
Manager of Cisco. At
first it was developed
by Cilsios company
and now its owner is
Cisco

It
t is protocol of an Session Initiation

audio signaling based Protocol SIP
on VoIP

It is collection of

signaling phony

protocols which is Signaling System7 SS7

used in set up most
PSTN
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2. VOoIP Hardwares

For installing Elastix telephony system, you may just need a computer
but for communicating with other telecommunication systems or more
comfortable working with Elastix some hardware may be needed. These
hardwares are the most useful ones and can be divided into 3 categories
as follows:

2.1 Access methods and using the services of VoIP
In order to use extension registered on Elastix, some equipment is
needed to register your extension number on it and use it. Generally
communicative ways to VoIP is as follows:

e Analogue telephone adapter(ATA)

This adaptor is known to Gateway. They have network port and placed
on the network with IP. On the other hand they have FXS port which can
be used by connecting analogue phone and extension number registered
on it. These Gateways can have several ports and it is possible to
register an extension number on each port and use it. In the other word
it can be stated that the main task of Gateways is turning an analogue
phone to an IP phone.
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Adaptor of a phone to IPPhone
e IPPhone :

These are similar to ordinary phones but ordinary phone is connected to
RJ11 and in IPPhone it is connected to RJ45 (like network connection)
and all the required softwares and hardwares are Built-in. nowadays this

type of devise is one of the affordable and user-friendly. An SNOM phone
is shown below:
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An IPPhone

e Softphone:

It is software but included in this category. For registering an extension
number you can use a softphone. The biggest advantage is that it does
not cost to you (if you use free versions) and it is easy to use. Eyebeam
softphone is shown below which can be communicated visually.
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Calls & Contacts T Detach |

v & On tha Phone
4 Contacts ¥ | E
rrrokiditviind >
% S
Name ¥ 2 3.
€3 Friends &
& shawn &
@ sen o
& racen ~
& Jeremy o
@ Ian .‘
@ red g
@ Geoffrey g
é David =
6 Ciff

Eyebeam softphone

2.2 Computer

In order to install each software you need a computer, Elastix is
collection of the software so we need a computer either. The main
question for bigginers and profesionals is that what properties should we
consider for the sysytem we want to set up? The answer is different
becouse in VoIP, set up and used applications is different. So generally it
can be said that you can chose your system by expiriance and
sometimes you need to put your system in operational enviroment to
see the reproductive rate of system. Some system and reproductive rate
of them is shown bellow:
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Name City line facilities features
City
card(4line), |Voicemail,without | 1GB RAM, Dual
Small about 20 recording Core 2.6 CPU,
extension conversation 128 GB HDD
number
El line(30 Voicemail 1GB RAM,
Average line), about 50 without recor’ding Core2Duo 2.8
extension . CPU, 128GB
number conversation HDD
2line E1 (60 Voicemail 2GB RAM,
Average line), about without recor’ding Core2Quad 2.8
100 extension conversation CPU, 256 GB
number HDD
4line E1(120 Voicemail 4GB
Larg Line), about without recor’ding RAM,2%Xeon
300 extension . 2.8 CPU, 512
aumber conversation GB HDD

There are some tips about chossing a hardware which is totally
experimental:

e Recording will put extra pressure on CPU. If you want many
extension numbers or to record all of your lines ,you may need the
second server.

e be carefull in using voicemail! This feature will be heavy for your
system either so don't active voicemail for the extension numbers
which don’t need.

e If you want to provide a system, Gigabyte motherboard are better
options especially for installing Linux on them.
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e If you use E1 cards,especially for 2 and more E1 cards, use Echo
Canceller cards with them. They are effective in voice quality and
in reducing extra pressure on CPU.

2.3 Telephony card

Telephone cards usually used for Elastix link with PSTN city lines. Any
telephone card cannot be used for this purpose. It should be Asterisk
compatible.
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3.

Installation

3.1 Prerequisites

As it was mentioned for installing Elastix and dialing extention just
a computer is needed. But bear in mind that installing Elastix will
format your computer hard. That computer dedicate to this purpose
and for communicating you need an IPphone which softphones can
be used either. In this article instalation of Eyebeam as a IPphone
is explained.

3.2 Installing ISO

For receiving the latest version of Elastix ISO go to the following
address:
http://sourceforge.net/projects/Elastix/files

for receiving persian Elastix see following address:
http://www.voip-iran.com

installing ISO Elastix is like Trixbox and other distributions of
Linux. For installing, download an ISO file from the site and then
with nero or MagicISO or etc write like a Burn Image on CD and
install it.

Attention: this will format your disk,so be sure you don’t have any
important information before instalation.

First put Elastix cd on cdrom and boot your system. The first image
which shows installation displayed abit later.
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I8 PBX - Elastix 1.6 32bit [Running] - Sun YirtualBox
Mathine Deves Mo

elastix

To Install or upgrade in graphical mode, press the <ENTER) key
To install or upgrade In text mode, type: |ioux text <ENTER
Use the function keys listed below for more Information.

(Fi-Main] (FZ-Options] (F3-General) (Fi-Kernell [(FS5-Rescued
boot

@OF/A! (#]aipe

Installation start with pressing enter, wait for loading files to be
complete, when installer start image of choosing language will appear.
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Choose your language and keyboard language.
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You choosed the language of your system. Then you are welcome to
instalation process. If it was new installation, and there was nothing on
your drivers, you don't receive this message. Only when there is

something on the hard and system cannot recognize it,this image will be
shown.
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The next window is driver setting. If you want to install a new system, it
is better to click on remove all partitions, then yes and move to the next
level.
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login a=s: root
root@l182.1658.1.120"'s password:
ast login: Thu Hov 15 11:45:46

Welcome to Elastix

For access to the Elastix web GUI use this UEL
http://1%92.168.1.120

[rootBelastix ~]1# I

Attention: if you want to install Elastix just for testing, it is better to
use Sun Virtual Box or something like that. The only restriction is that
you can not use TDM400 card in Virtual Machine otherwise you can have
all the efficincy of VoIP. Bear in mind that network interface should be
bridge.

3.3 Network configuration
After installing Elastix, server get IP from DHCP as a difult. The IP is
shown after entering to the Linux enviroment or with ifconfig ethO, you
can see the IP. Now you can access to the login page of Elastix with
writting IP in addressbar, but if you want to give IP manually to Linux,
there are different ways which the easiest way for begginers is shown as
follow:

system-config-networking
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Select Action

dit a device params
Edit DNS configuration

| Save&juit l

Chosse the network card for giving IP.

Devernet Configuration

Name

Device

Use DHCP

Static IP

Netmask

Default gateway IP

| Cancel |

Save the changes and exit. After that you can conneted to UI from any
url with giving IP server. By entering

Username: admin

Password: "Your entered pass on Istallation”
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You can log in. (this username and password is for Elastix version 1.6
and before that. For Elastix version 2 or after that you should enter
admin and your password for installation).

3.4 The default usernames
Elastix version 2 receive passwords of Freepbx, Database, Vtiger,
a2billing, Elastix web during installation while passwords of Elastix
version 1.6 or other programs is as follow:

Web graphical enviroment
Username: admin

Password: palosanto

Freepbx:
User: admin

Password: admin

relationship with customer Sugar CRM:
username: admin

password: password
calculating telephone A2billing:
username: admin

password: mypassword

Vitger:

Username: admin
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Password: admin
Attention: change psswords after installing Elastix as follow:

For changing admin password of Freepbx first respectively go to the
graphical enviroment of Elastix, menue of call center(pbx), pbx
configuration and unembedded freepbx. In this way you will enter to the
freepbx enviroment. Go to the set up, basic, administrators and change
the admin password of freepbx. For other 2 program you need to
change from internal menue of the program.

3.5 Accessing to the graphical enviroment
for seeing graphical enviroment (web) if you set the ip server correctly,
you just need to enter the ip in browser. You can do it with any
computer which is cennected to server through network. It is good to
use firefox for seeing the web.

elastix

4 FRECOOM TO COMUNICATE
_

3.6 changing the admin password
in order to change the admin passwod of graphical enviroment of web,
go to the System and User Management.
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4. Useful programs

4.1 Webmin
Webmin sofware is Swiss knife of Linux!! It means by installing this
program you can easily configure Linux but installation of this program
on Redhat (like operating systems of Elastix and Trixbox) is as follow:

1- First download the file.
http://www.webmin.com/rpm.html|

Attention: those who live abroad dont have any problem with
downloading from Sourceforge servers and can directly receive it from
Linux.

wget
http://internap.dl.sourceforge.net/sourceforge/webadmin/webmi

n-1.710-1.noarch.rpm

2- Copy the file on /tmp
3- Go to tmp from console:
Cd /tmp
4- Enter the following command:
Rpm -i webmin-1.710.-1.noarch.rpm

The last part of the file is copy so if the version of webmin was different,
the name entered would be different either. After that process the
webmin is installed and for accessing you should enter the following on
your browser:

Http://YOUR-SERVERIPADDRESS:10000

4.2 WinSCP
Maybe you are unfamiliar with Linux or maybe you are familiar but you
are not patient enough to work with that. By the way WinSCP is one of
the best projects of Sourceforge and its task is accessing to the Linux
files. It will be installed on operating system of your windows and Linux
environment can be easily seen, especially it is good for copying the file
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on Linux or changing the files. Professionally it can be said that it is a
FTP & SFTP client for windows.

Those who live abroad can receive the file from Sourceforge.

http://sourceforge.net/projects/winscp/files/winSCP/4.2.8/winscp428set
up.exe/download

Those who live in Iran can see the Utilities of this link.

https://sourceforge.net/projects/vaak/files

You won’t have any problem in installing it for sure. After that you
should make a new Host for any Linux you want to connect. The page
below is shown after installation:

“WinSCP Login B[X|

Stored sessions

Preferences

Advanced options Tools...

Logaing Edit
Environment
SFTP
Connection
Proxy New folder...
Tunnel
SSH Set defaults
Key exchange
Authentication Shell icon...
Bugs

’ About... ] [Languages] : Close

Now by clicking on NEW the page below will be open. Linux features
should be written in this paged.
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Session Session
Stored sessions Host name: Port number:
Logging ny Gad
Environment <o
Directories
SFTP
SCP/Shell

Conbection Private key file:
Proxy

Tunnel [3
SSH
Key exchange Protocol

Authertication File protocaol: |SFTP i ‘ [V] Allow SCP fallback

Bugs
Select color

User name: Password:

Preferences

Advanced options

[ About... ] [Languagesl : Save... ] [ Close ]

In this page you should fill 3parts:

Host name: IP address of your Linux server
User name: user code for Linux is usually root
Password: password of user

When you make a Host, by clicking on it you will be connected to Linux.
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5. Telephony configuration (PBX)

5.1 General setting:
In this part you can change some of the general and main setting of
Asterisk. Those who are beginners and they just want a simple and small
telephony system, there is no need to change but it is good to know
these features:

e Allow Anonymous Inbound SIP Calls:

The main part of this page is receiving calls without permission of SIP,
which is good to change:

Security Settings
Allow Anonymous Inbound SIP Calls?: no El
Online Updates

Check for Updates Yes |«

Update Email
Submit Changes

Allow Anonymous Inbound SIP Calls: yes

This item is *no” as the default and SIP inbound calls which are unknown
are not accepted. To enhance the security, it is better to change it to
“no” after testing the system.

e Dial Command Option:

In “Asterisk Dial Command Options” you can configure the Asterisk in a
way to show desired performance, for instance if you want the caller
hear the desired song instead of beep sound, change the option -r with
-m (it is not recommended).
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PBX Configuration | Operator Panel Voicemail Monitoring Conference

PBX Configuration

Dialing Options

Extensions
Feature Codes _ _ _
: Asterisk Dial command options: tr
General Settings
T rer | Fories Asterisk COutbound Dial command options:

Trunks
Call Recording

Inbound Routes

Extension Recording Override: Disabled E|
Zap Channel DIDs
Announcements Call recording format: SN E|
Blacklist Recording Location:

CallerID Lookup Sources
Day/Night Control

Run after record:

Follow Me Voicemail
VR
Queue Priorities Ringtime Default: 15
Queues Direct Dial Voicemail Prefix: *
Ring Groups -
g P Direct Dial to Voicemail message type: Unavailable ||

Time Conditions

Time Groups Optional Voicemail Recording Gain:

You can use these options if you want:

Play an announcement for receiver and x

AX) is the played file

C CDR reset the call

It allows the caller to dial one-digit
extension number while he is waiting
D for answer. So if that number registered
on context or EXITCONTEXT, it will be

dialed.
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Certain DTMF will be sent to the receiver
after answering the call and before the
calls become bridged. “Called” of DTFM is
sent to receiver and “calling” to the
caller. Each 2 parameters can be used
separately.

D([called][:calling])

It forced the channel of caller to equal its
caller ID with relative extension of this
channel and for that uses Dialplan hint.

f
For instance, some PSTN network doesn’t
allow caller ID to have different numbers
to the caller.
When destination channel cut, in order to
g Dialplan it continued for the present

extension.

If the call is answered, both side of the
call will be transferred by identified
priority. Registration of extension or

context is optional and available
extension will be used if they don’t

G(context”~extent”pri)

register.
h This allows the receiver to hang up with
sending ‘*'DTMF.
H This allows the caller to hang up with

sending ‘*'DTMF.

If all the required channels are busy, it
will jump by priority of n+101

It limit the call time to x millisecond. It
L(OAL:yIl:z]) warns when y millisecond remains and it
repeated any z millisecond. Following
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variables can be used by this item

LIMIT_PLAYAUDIO_CALLER yes/no
(which is used as the default, sound will
be played for callers.

LIMIT_PLAYAUDIO_CALEE yes/no
sound will be played for receiver.

LIMIT_TIMEOUT_FILE it plays after
finishing the time.

LIMIT_CONNECT_FILE it plays at the
beginning of the call.

LIMIT_WARNNING_FILE it plays as a
warning when y was defined and remain
time will be announced as the default.

M([class])

Play hold music for caller until one of the
channels get ready to answer.
MusicOnHold can be defined.

M((x)["arg])

Perform the related Macro with the
channel of receiver before connecting
with that channel. Args of Macro can be
sent for putting space between them by
“AT Macro can determine the amount of
MACRO-RESULT variable and according
to the amount placed in it, the following
operations performed after finishing
Macro.

ABORT: cut the connection between 2
callers
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CONGESTION: it seems the line has
congestion.

BUSY: when the line is busy. It causes
that the program jump by the priority of
n+101(if the j was determined).

CONTINUE: cut a call of receiver and
allows the caller to continue Dialplan
performance and go to the next priority.

GOTO: <context>"<extent>"<priority>:
transfer the call with identified priority
and can clear the extension and context.

This option changes the Screen/Privacy
and clear that there shouldn’t be any
introduction in directory of priv-
callerintros.

This option changes the Screen/Privacy
N and identified that caller ID is available
and there is no need to screen the call.

It changes the caller ID of channel of
caller to the caller ID of channel of
receiver. Asterisk version 1.0 and before
that were capable of doing this.

It activates the screen mode option
p which doesn’t have protection like
Privacy mode
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It activates the privacy mode and if x
was defined, it was used for

P
(Ix]) Family/Privacy key. If it wasn’t defined,
present extension will be used.
. It plays the beep sound for the caller and
there is no sound before answering.
S(x) Cut a call x second after answering the

receiver.

It allows the destination to transfer the
t call by the process of DTMF defined in
features.conf

It allows the caller to transfer the call by
process of DTMF defined in feature.conf

It allows the destination to record the
conversation by DTMF process which is
defined for one-touch recording in
features.conf file.

It allows the caller to record the
conversation by DTMF process which is
defined for one-touch recording in
features.conf file.

5.2 Extensions
You can dedicate each nhumber you wanted to your extension. Just don’t
use the following:

They have been booked for
79-70 holding the calls
799-700 They have been booked for
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holding the calls

It has been booked for

7777 simulation of the incoming calls
911 Emergency call (in Iran is 110)
999 Emergency calls of other

countries

5.2.1 Create extension
For making extension the following menu is used:

T

PBX Configuration| Operator Panel Volcemail Monitoring Endpoint
~orfioLr

L ator

PBX Configuration

s o

Extensions Add an Extension

Feature Codes
General Settings Flease select your Device below then click Submit
Outbound Routes _
Device
Trunks
Inbound Routes Device Generic SIP Device E|
Zap Channel DIDs
Announcements Submit
Blacklist

CallerID Lookup Sources
Day/Night Control
Follow Me

You can choose a Protocol and create the extensions:

Generic SIP Device: SIP is a standard protocol for ATA & VoIP phones.
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Generic LAX2 Device: LAX is used for connection between two servers
of Asterisk or you may want to have IAX extension.

Generic ZAP Device: ZAP is a hardware which is connected to your
Asterisk server and they are used for defining the FXS modules.

Other (Custom) Device: this term is for non-standard devices like
H.323. It also can be used for mapping of an extension to another
number.

For creating an SIP extension, Genetic SIP Device should be chosen and
then we click on submit. Enter your information and click on submit:

Extensions Add SIP Extension
Feature Codes
General Settings

Outbound Routes Add Extension

Trunks

Inbound Routes LEEC EEEE

Zap Channel DIDs Display Name
Announcements CID Num Alias
Blacklist SIP Alias
CallerID Lookup Sources

Day/Night Control Extension Options
Follow Me

IVR

Outbound CID
Queue Priorities

Ring Time Default x|

Queues
Ring Groups Call waiting Disable [»|
Time Conditions Call Screening Disable EX
Time Groups :

é Pinless Dialing Disable [ |
Conferences Emergency CID
Languages
Misc Applications Assigned DID/CID

Misc Destinations
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User extension: dedicated extension of the user
Display name: (optional) name of user

Secret: password with extension number used for authentication of the
user.

Don't forget to click on Apply Configuration Changes.

5.2.2 ZAP extension
Creating ZAP extension (for module of FXS) doesn’t have any difference
with creating SIP or LAX extensions. You should just use ZAP Genetic
Device instead of SIP Genetic Devise (bear in mind that newer versions
of Asterisk and Elastix for recognizing hardware use DAHDI instead of
ZAP but the word ZAP is used for recognizing the hardware).

Attention: it is important that enter the channel number of your module
properly otherwise the sound will be sent one sided or fax devices
attached to the FXS module will have trouble in sending fax.

. AUU Lo L
Paging and Intercom

Parking Lot
System Recordings

Add Inbound CID

i : _ Device Options
VoiceMail Blasting

callback This device uses zap technology. (Via DAHDI compatibility mode)

DISA channel

Unembedded freePBX

Dictation Services

Mirtatinn Sandira Disabled [« |

Attention: consider that if you send sound on SIP, you should use ulaw
and alaw codec because the fax which is sent by other codec will be
failed.
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5.2.3 Enable voicemail

Vioicemail & Directory

During registering extension you can enable your voicemail otherwise
whenever you need to have an extension and voicemail you can enable
it. For that you can go to the phone setting of extension and enable
voicemail on any extension and click on it (create a new extension).

Status

Voicemail Password
Email Address
Pager Email Address
Email Attachment
Play CID

Play Envelope
Delete Voicemail
IMAP Username
IMAP Password

VM Options

VM Context

Vm¥ Locater

Enabled E|

1101

k.haamed@gmail.com

yes no
 yves no

yes ®no

yves ®no
default

Play CID: yes

Enable Envelop: yes

Voicemail password: the password of your voicemail

Email Address: email of a person who has that extension (it is
recommended if you want to be informed through emails)

Email Attachment: yes (attaché your voice mail in email)
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VM Context: default

After changing these, click on submit and Apply Configuration Changes.

5.2.4 Definition of Extensions Batch
In this section you can enter extensions batch to the system by excel &
.... In order to work easily with this part, it is recommended to create
one or two extension as it was said.

System Agenda Email Fax PBX

PEX Configuration | Operator Panel | Voicemail | Monitoring | Endpoint | Conference | Batch of
Caonfi ato wtensions

Extensions Batch

Upload CSV File

File to Upload (*.csv): | | Browse.. | Download the current extension:

The first line must contains the name (or title) of the columns, and the file must have at minimum four columns: Display Name, User E
the parameters supported, please read the online embedded help.

If yvou load a file with extensions already created, these extensions will be updated

Elastix is licensed under GPL by PaloSanto Solutions. 2006 - 2011.

Then click on file of extensions batch and choose to download extensions
in CSV format. You can download the extensions file on your local hard.
After opening the file with your favorite program, you can see the name
of columns and extensions you have created. By that you have a guide
to fill your file cells. Most fields are repeated in all users and you can
copy them and fill the sections you need.

After entering all the extensions, save the CVS file with your desired
name. Now you need to upload your file in server. You should enter to
the extensions batch files and click on brows. Choose the file, where it is
saved, and click on CVS upload file and that’s it! For checking extensions
go to the phone setting and see your extensions.

5.3 setup softphones:
e Setting the CounterPath Xlite:

First download this softphone from CounterPath or VoIP-IRAN:
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http://www.counterpath.com/xlitedownload.html

eybeam software is one of the best softphones of the world which is
used for SIP calls. This is made by Counterpath Company and its free
version is X-Lite.

This software gives the following option to the users:

e The application provides a graphical interface which is made by
phone standards.

e Feasibility of using 10 account of SIP simultaneously.

e Having video calls.

e Providing call transfer

e Recording the conversations
And so on.

After installing the program and entering the serial number, you should
create an SIP account. (Bear in mind that this account should be made
in Asterisk, Elastix or any other server which you used). For that you
should click on show menu above the eyebeam.

EIastiansy by Haamed Kouhfallah



http://www.counterpath.com/xlitedownload.html

After clicking this window will be open:
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Options...
SIP Account Settings...

Privacy Rules...

Open Diagnostic Log
Open Diagnostic Folder

Choose the SIP Account Setting. The window will open as follow:

Click on add key and the windows of properties of account will be open:

oo R —

=
SIP Accountd | | Aoort | Voicemai | Topology | Fr | Storage | Secumy | A
Usear Datals
Diplay Namo

User nama

Pazzword

Authonizaton user name

Doman

Domain Proxy

[V]Register with domain and recetse incoming calks
Send outbound via:

2 8! domain

O proxy

EEEEEEOEAED §

Dising plan F13\a.Tmatch= 1iprestrip=2;

Coc J[ cme ]
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As you can see there is different part in this window that should be filled
with information given to you by network manager.

Display name: when you call someone, receiver sees your name and
number. Enter the name you want to see.

Username: enter your username. Generally the user name is the same
with your extension number.

Password: enter your password.

Authorization user name: again enter your username (this part is
used for connecting to Asterisk by Sip Proxy and if you are connected
directly, it is not necessary to enter that).

Domain: enter your name or ip server. (Just enter your name when you
have DNS Server in network)

Properties of Account 1 @
Account | Voicemal | Topology ] Presence I Sorzge ] Secunty i ,—‘\dvanced\
User Details
Display Name Badat Serk
User name 22
Password sesee
Authorization user name 22
Domain 172.16.16,16 ¥
Domain Proxy

|V |Register with domain and receive ncoming calls
Send outbound via:
9 domain

) proxy

Digling plan #1\a\a.T;match=1;prestrp=2;

[ oK Cancel

For other parts don't suffice to default setting and click on ok. The
following window will be open and your account will be shown there.
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| SIP Accounts g

Enabled Acct=  Domain Usamame 3 Display Name I [ Add.,,
9| | 12,1616 16 defaudt) |22 ISedatSerki |
- - 172,16, 16, 16 (defand Sadat Serki e
| 5 Maes Defardt
F 6
5| 7
| 3

| 9
| 10

Click on close. Eyebeam tries to connect with server (be careful in some
systems firewall ask you if you allow eyebeam to access or not. You
should let eyebeam otherwise you will have problem in receiving or
creating calls). After connecting eyebeam with server and registering
your account in server, eyebeam shows the ready message.

Some of the common errors of eyebeam:
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Error 403: trouble in registering: it occurs when user make a mistake in
creating SIP account and by checking username and password and... and
reentering them it will be solved.

Error 408: request timeout: it occurs when eyebeam face one of these
problems:

Problem in network that cause not to find the server.

Mistaken ip or name of the server which entered in SIP account
section.

Closing the port of SIP by firewall on the server or system of the
user.

Not hearing the other voices: it can appear when:

Defected headset or not being connected to device (it is obvious
that if the headset wasn’t connected, no voice can be heard. You
should choose the easiest way to solve the problem if you have the
network management)

If the speaker’s voice was closed in Eyebeam.

Using the Codec that is not activated in Eyebeam. For managing
the Codec in Eyebeam you should go to the Show menu--> Options
--> advanced--> Audio codec and chose the activated codec in
server.

Not being able to hear your voice:

Defected headset or not being connected to device (it is obvious
that if the headset wasn’t connected, no voice can be heard. You
should choose the easiest way to solve the problem if you have the
network management)

If the speaker’s voice was closed in Eyebeam.

Defected Microphone or not being connected to the device.

If the key of microphone was inactive on headset. (The most
common problem happened in our company). When the
microphone being muted on Eyebeam.

Lack of coordination of Codecs
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Eyebeam has a secret part for hiding the advanced setting which is
possibly good for professional users. Dial ***7469 for entering to this
part.

5.4 follow me
When we registered extensions, Elastix can be set to meet our needs. It
is possible that we want the system automatically connected to the
extension we already defined if our extension didn’t reply. And we
should do as following:

Call center, configuration of telephony system, follow me

We faced with this window:

PBX Configuration n
Extensions Haamed <1101> add
Feature Codes Follow Me Samira <1102> add
General Settings Farhad <1103> add
Outbound Routes ZiZi <1104> add

m—— Choose a user/extension:

Inbound Routes

Zap Channel DIDs
Announcements
Blacklist

CallerID Lookup Sources
Day/Night Control
Follow Me

Choose the extension you want to define this features.
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PBX Configuration

Extensions Follow Me: 1101
Feature Codes

General Settings

Outbound Routes Delete Entries
Trunks

£ Edit Extension 1101

Edit Follow Me

Inbound Routes
Zap Channel DIDs

Announcements SEELE O

Alacklist Initial Ring Time: 0 [+

CallerID Lookup Sources Ring Strategy: ringallv2 E|
.

2ovih Ut S Ring Time (max 60 sec) 20

Follow Me Follow-Me List: 1101

IVR 1102

Queue Priorities 1103

Queues Extension Quick Pick | (Pick extension) EI

Ring Groups Announcement: None [v|

Time Conditions

[ Rin -
Time Groups Play Music On Hold? g [=

Ring Strategy: ringallva2 dial the main number first and then the
others.

Extension list: 1102 is the deputy director and 1103 is the office
assistant.

Ring Time: 20 second
Destination If no answer: terminated call-hang up

Whenever dialed to the manager, dials the Asterisk extension number of
the manager. If no one replied, the contact is with the extension of 11
and 22. And if no one answered again, Asterisk terminates the call. After
finishing, choose the submit changes key and Apply Configuration
changes here.
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Attention: as we saw in follow me, several extensions can be determined
as the next destination and it is the main difference between follow me
and call forward.

5.5 What is dial pattern?

Dial pattern is a pattern for management and supervision of Asterisk for
sending and receiving the dialed number or entered on telephony
system. For instance a number is dialed on the system by a user; you
can manage the number with a dial pattern, add or remove something to
it. It is used both in Outbound & inbound route and in Trunk. Basically
you will face with dial pattern in any part which deals with call
management. There are some rules for definition of a pattern as follow:

X: represent a number between 0 to 9
Z: represent a number between 1 to 9
N: represent a number between 2 to 9

. : When there is a point in the pattern it means that there can be more
number after that.

|: it means the number before that should be removed.

[ ]: if you want to choose your number, for example [1356] it means
one number between 1, 3, 5, and 6. Or [3-7] means a number between
3to7

For example:

9|X.| it is a popular pattern. It means choose the nhumbers start with 9,
take the 9 and send the rest to the destination.

ZX this pattern means the dialed numbers which are 2-digit, and their
first number is between 1 to 9 and their second number between 0 to 9.

NX. It means 3-digit number and more that their first number is
between 2 to 9 and rest can be anything.
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5.6 Whatis trunk?
Trunk is used for connecting Elastix with outside and other systems. For
making trunk required protocols for connecting with outside and other
system should be determined and define trunk according to it. The
current protocols are:

Zap: it is used for installing the Asterisk cards (Dahdi support) on
telephony system. After putting the card in server, a Zap trunk should
be defined for sending and receiving the calls. As a default a Zap trunk is
defined in Freepbx known to ZAP/g0 which there is no need to install a
card on system. But if you want to install more than one card, you
should another ZAP trunk.

LAX: it is used for connecting to Gateways and VoIP providers with LAX
protocol. One of the important uses of trunk is connecting 2 Asterisk
servers together which are discussed later.

SIP: it is used for connecting to Gateways and VoIP providers with SIP
protocol.

ENDUM: its full statement is E.164 Number to URL Mapping. And
translate the numbers to the internet addresses.

DUNDI: its full statement is Distributed Universal Number Discovery. It
is @ mapping system on VoIP network which any group knows the
channel of phone group around on the network (at least one number)
and it is created by Mark Spenser creator of Asterisk.

Custom: for the other Trunks that Asterisk support or protocols such as
h323 or SCCP that added you may define several trunks. For example
you define a VoIP trunk for international calls for a service provider and
a PSTN ZAP trunk for connecting to city line through card. For defining
any trunk, especially VoIP trunks for connecting to a Getaways or VoIP
provider, you should request the configuration and definition of the trunk
from the provider or manufacturer. They could be different. Here we
have a case for example. The case below is for connecting to the
Pennytel provider.
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Click on SIP creation of the trunk; consider an outbound caller ID, of
course you should follow the general format; it should have the name
and number as follow:

“Your name”<your number>

Maximum channels: use it for the emptiest capacity unless you want to
limit. For instance for creating an urban ZAP trunk, you have a 4 port
urban card but it create a trunk with 2 channel that only two call can be
mapped to the trunk simultaneously.

Dial Pattern: it was discussed earlier that before manage the numbers
before sending them to the trunk. For example adding or subtracting 9
to them. But it is popular in outbound trunk.

Peer Details: is some setting for sending call. The following setting is
shown for sending a call to Pennytel provider.

Username: 8880XXXX
Type: peer

Secret: password
Insecure: very

Host: sip.pennytle.com
Dtmf mode: rfc2833
Disallow: all
Allow: allow&ulawé&gsm
Canredirect: no
Canreinvite: no

User Context: 1t 1is the wuser number for connecting. It
usually don’t use for connecting to Gateways.

User Details: required setting for receiving the calls

Canreinvite:no
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Context:from-trunk

Fromuser: 888XXXXX

Qualify: no

Secret: password

Type: user

Username: 888XXXXX

Registration: some service providers want this field:

888XXXXX: password@sip.pennytle.com/888XXXXX

For more information, see the links below:

http://www.voip-info.org/wiki/view/Asterisk+config+sip.conf
http://www.freepbx.org/support/documentation/module-

documentation/trunks

5.7 Outbound Routers:
Basically routes are used for mapping in Elastix. The purpose of
Outbound routers is that a destination determined for each number
gotten through ATA,IPPhone and Softphone. As a default of Asterisk if
the number dialed, it goes to the extension. If there is no number with
that extension, outbound route find the destination.

The most widely used of outbound routes is removing the number 9 and
sending the rest to the urban trunk which is defined as a default due to
the high usage. For defining the outbound route go to the call center
menu, telephony system setting and click on outbound route.
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Extensions
Feature Codes
General Settings
Outbound Routes
Trunks

Inbound Routes
Zap Channel DIDs
Announcements
Blacklist

CallerID Lookup Sources
Day/Night Control
Follow Me

IVR

Queue Priorities
Queues

Ring Groups

Time Conditions
Time Groups

Conferences
Languages

Misc Applications
Misc Destinations
Music on Hold
PIN Sets

Edit Route

@ Delete Route 9_outside

Route Settings

Route Name: 9 outside

Route CID: [ override Extension
Route Password:
Route Type:

Music On Hold?

D Emergency D Intra-Company
defauItE|

Time Group: ---Permanent Route--- E|

Route Position ---No Change--- [=|

Additional Settings

MNone E|

PIN Set:

Dial Patterns that will use this Route

/ Callerd ] i
/ Callerld ] i

{prepend )+ 9 [T.

{prepend |} + prefix | [match pattern

+ Add More Dial Pattern Fields

There are 2important setting and definition of route:

e Dial pattern which was mentioned fully in previous chapters. In this

example you can see that this route is for calls that start with 9 and
Asterisk took the 9 according to the dial pattern and sent to the
determined trunk.

Trunk sequence determine the trunk for this route and you can
relate several trunk to it, so trunk are in the rank by priority and if
the higher trunk is wrong and Asterisk cannot guide the calls, it
moves to the next trunk.

For example you defined an outbound route for 00 and
international calls, in this case you may use different service
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providers of international phone. Trunks put them in priority in case
to failure to communicate, use the alternative trunk.

5.8 inbound routs:
The outbound calls to the Elastix should have an inbound route in the
system otherwise Elastix wouldnt accept that. So choose an inbound
route from call center and telephony system setting.

Extensions
Feature Codes
General Settings
Outbound Routes
Trunks

Inbound Routes
Zap Channel DIDs
Announcements
Blacklist

CallerID Lookup Sources
Day/Night Control
Follow Me

IVR

Queue Priorities
Queues

Ring Groups

Time Conditions
Time Groups

=

Ternal Lpuans & Lont
Conferences
Languages
Misc Applications
Misc Destinations

Music on Hold

Add Incoming Route

Add Incoming Route

Description:

DID Number: ﬂ

Caller ID Number:
CID Priority Route: [

Options

Alert Info:

CID name prefix:

Music On Hold: Default |

Signal RINGING: [l

Pause Before Answer:

Privacy

Mo [E]

Privacy Manager:

CIDY Lookup Source
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In the beginning of configuration, you can determine that this incoming
router goes to lines (DID Number) or telephone number (Caller ID
Number). For example if you use E1 for urban lines, you can determine
an inbound router for main DID or define an incoming router for especial
numbers (Caller ID) like the calls with pre number4465x connected to
the announcement (especial message play for them).

Attention: you can use the dial pattern for the DID and Caller ID. When
you write 4465X in all Caller ID, it include all caller IDs with pre number

of 4465.
PIN Sets Source None ||
Paging and Intercom
Parking Lot Fax Detect
System Recordings
VoiceMail Blasting .
Detect Faxes: 2 1o Y Yes
Callback
Language
DISA
Unembedded freePBX Language:

Set Destination

|fI‘u’R |L| Unnamed |~ |

Submit Clear Destination & Submit

At last a destination should be determined for identified calls. You should
set your destination in that field. Bear in mind that defined items are
shown here. For example if you don’t define any announcement, there is
no option for that.
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Attention: if you don’t need to separate the incoming calls or you just
have one urban trunk and want to direct them to the specified
destination, you don't need to define DID or Caller ID and keep the fields
empty. Just determine one destination and click on submit. In this case
system creates an outbound route, Any DID/ Any CID, which include all
the incoming calls to the Elastix.

5.9 Time Conditions
This feature is used for this purpose that you could use several pattern
in different time for inbound routes of system. For example you want
IVR numbers 1 in working hours and IVR number 2 in closure of the
company respond with 2diffrent algorithm.

To use this system in two parts the following settings must be applied:
Definition of response time:

In order to define in “call center”, telephony system configuration of
menu, choose the option of response time conditioning and click on Add
Time Condition.
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Extensions
Feature Codes
General Settings
Outbound Routes
Trunks

Inbound Routes
Zap Channel DIDs
Announcements

Add Time Condition

Add Time Condition

Time Condition name:

Time Group:

--Select a Group-- ;I
--Select a Group--

Day/Might Mode Association

Blacklist
CallerID Lookup Sources
Day/Night Control

Follow Me
VR Destination if time matches:

Associate with: No Association | |

Queue Priorities
Queues == choose one == |»|
Ring Groups

Time Conditions
Destination if time does not match:

Time Groups

Conferences == choose one == E|

Languages

First, specify a name for it, in second field you should choose the
determined time group. Time group is a specified interval such as
month, weeks, days and hours and by choosing a group you determined
that this situation belong to which interval.

Attention: for specifying the interval of time group, there is no menu in
Elastix. It should be done through Freepbx. So from the menu go to call
center, telephony system setting and choose Unembeded PBX. For
entering to freepbx, use your admin user and password. (if you use
Elastix version 1.6, the password is admin)
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PBX Configuration

m

Extensions
Feature Codes
General Settings
Outbound Routes
Trunks

Inbound Routes
Zap Channel DIDs
Announcements
Blacklist

CallerID Lookup Sources
Day/Night Control
Follow Me

IVR

Queue Priorities
Queues

Ring Groups

Time Conditions
Time Groups

— A =

ternal Options & Configuratiorn
Conferences
Languages

group for them either.

In freepbx, choose the time group.

Add Time Group

Time Group

Description Work

Hew Time

Time to start: 08 | 00[=|

Time to finish: 17 |=[| 00 [=|

Week Day Start |Monday [~

Week Day finish: | Friday [

Month Day start: | 1 =

Month Day finish: |31 =]

Month start: January x|

Month finish:  December [x]
Submit

For example in above figure, we determine the group for working hours
-8 am to 5pm- and the whole weeks of the month. Just consider that if
you want to have plan for other hours, you should determine a time
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Now back to the time condition, you see a defined group in list of time
group. Also In the lower part you specified the destination if time
matches and if it doesn't.

5.10 system recording
In some part of Elastix you can add recording to the system and use
them in menus and different system format. This part is in call center,
telephony system setting in menu of system recording.
System Recordings Add Recording

Built-in Recordings
Add Recording

Step 1: Record or upload

It you wish to make and verify recordings from your phone, please enter your extension number here Go

Alternatively, upload a recording in any supported asterisk format. Note that if you're using wav, (g, recorded with Microsoft Recorder) the file must be PCM
Encoded, 16 Bits, at 8000Hz

| LEELcmsa.J Upload

Step 2: Name

Mame this Recording

Click “SAVE™ when you are satisfied with your recording|  Save

In this way you can transfer audio file to the telephony system. The first
one is recording extensions and it lower the sound quality but it is
essential. So enter your extension number to the specified place and
after clicking on Go, your extension will ring. After recording you can
name and save it. But if you want to put a prepared audio file on your
system, choose your file on browse and upload it. After that you can
name it on Elastix.

Attention: your audio file should have this format for uploading:

PCM Encoded, 16Bits, at Mono 8000Hz.

5.11 final destinations
Any call from trunk that enters to the Asterisk should have a destination
by Asterisk which is called final destinations. These destinations can be a
simple extension, a complicated IVR or a written program by you. There
are some common final destinations:

EIastiansy by Haamed Kouhfallah




the page.

PBX Configuration

Extensions
Feature Codes
General Settings
Outbound Routes
Trunks

Inbound Routes

Zap Channel DIDs
Announcements
Blacklist

CalleriD Lookup Sources
Day/Night Control
Follow Me

VR

Queue Priorities

Queues

5.12 digital receptionists (IVR)
(IVR) interactive voice response is said to digital receptionist. An IVR
plays the recorded text to the caller and ask them to press the key to
connect to an organization, work group, a person or etc. then IVR send
the call to the destination. It accepts any key to determine the call
destination (ring group for the sale). In addition, 2 options of “I” and “t”
can be defined. “"T” is used for timeout and “I” for incorrect input. For
having digital receptionist, you can click on IVR link on the left side of

Digital Receptionist

Instructions

You use the Digital Receptionist to make IVR's, Interactive Voice Response systems.

When creating a menu option, apart from the standard options of 0-9.* and #, you ca
invalid button, and 't' is used when there is no response. If those options aren't suppli
and the default ' is to say 'Invalid option, please try again' and replay the menu. Afte

2part of setting of digital receptionist is shown. IVR options which is
shown in the figure below with 12 adjusted options.
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Extensions
Feature Codes
General Settings
Outbound Routes
Trunks

Inbound Routes
Zap Channel DIDs
Announcements
Blacklist

CallerID Lookup Sources
Day/Night Control
Follow Me

IVR

Queue Priorities
Queues

Ring Groups

Time Conditions
Time Groups

Conferences
Languages

Misc Applications
Misc Destinations
Music on Hold

Digital Receptionist

Edit Menu Unnamed

Save

Delete Digital Receptionist Unnamed

Change Name

main-ivr

main-menu E|

Announcement
Timeout 10
Enable Directory
Directory Context default v
VM Return to IVR [
Enable Direct Dial
Loop Before t-dest @
Timeout Message None B
Loop Before i-dest ]
Invalid Message None Bl
Repeat Loops: 2 [=|
Increase Options Save Decrease Options

1 Extensions

E| <1101> Haamed E|

2 [‘u’nicemail

|E| =1102> Samira {busy)

Yo—

=]

Change name: this option is for recognizing the menu and is not

translated by freepbx.

Announcement: it is used for recorded messages for IVR. It should be
recorded already and added to the message list of freepbx from system

recordings.

Timeout: the entered number here is equal with the time that IVR
waited for pressing the key by caller. If it doesn’t receive any, the call
will be transferred to the “t” part and the call will be terminated.
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Enable directory: If this option is selected, it allows the caller to press
“#"” key and entered to the directory system and search by name. By
pressing the key pound, it plays a message to the caller that contains
the entry stages.

VM Return to IVR: if it chooses, the transferred call from the IVR to
the voicemail turns back to the IVR finally, after finishing with the
voicemail and messages. If you don’t select this option, the call will be
terminated.

Enable Direct Dial: by this the caller can connect directly with dialing
extension. Otherwise by entering the extension-even it exists- you hear
that your number is wrong.

Loop Before t-dest: if you select this option, after considered period
for timeout, menu will start playing again. It will be repeated with the
specified number in Repeated Loops. If you don’t select this option, the
caller will be transferred to the determined destination in "“t”
immediately or the call terminated.

Repeat Loops: the number of iterations of IVR

Timeout message: the message played for the caller when no key
were pressed after the time entered to timeout. And it will be played
when there is no destination for “t”.

Loop Before i-dest: its performance is like loop before t-dest and
check the key entry error. If you don’t choose this option, the caller will
be sent to the determined destination in “I” or the call terminated.

Invalid Message: it is the message played when the caller make a
mistake in IVR menu. Consider that it will be played when there is no
destination for “I".

Repeat Loops: it determined the number of repetition of voice menu if
there was an incorrect incoming and after that the call will be
terminated. The maximum repetitions number is 9.
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The next part is IVR destinations that mapped the pressed key of caller
to the intended destination. It is as follow:

VR Loop Before i-dest
Queue Priorities Invalid Message None [~
Queues

. 2=
Ring Groups Repeat Loops: D
Time Conditions
Time Groups Increase Options Save Decrease Qptions
Conferences 1 Extensions El <1101> Haamed EI Return to IVR ﬁ:
Languages 2 Voicemail El <1102> Samira (no-msg) El Return to TVR ﬁ.
RS 3 Extensions El <1103> Farhad EI Return to IVR i
Misc Destinations .
Music on Hold q Terminate Call El Hangup EI Return to VR ﬁ.
PIN Sets Increase Options Save Decrease Options

In this example, key 1 sends the caller to the queue of technical
support. “t” destination terminates the call an "“I” destination is
transferred to the voicemail of 501. The options can be increased by key
of Increase Option. An IVR can have multi-digit options. Consider that
IVR wait a while for one-digit incomings (for example, when a caller is
allowed to enter the 1, 10, 11, 12 options, the user should wait for
option 1 to be sent to its destination).

5.13 Ring Group
Ring group is a group of extensions that ring by external incoming calls
simultaneously. You can add your mobile number if you want (you
should have a trunk and a route, if you want your mobile phone
ring).you can have a ring group for per incoming trunk or have one ring
group for all trunks. For start we assume that we just have one ring
group which is for all incoming trunks.

We consider the ring group 33 which is including project manager,
network manager and deputy manager (one-digit numbers are not
recommended for ring groups; try to dedicate at least two-digit
numbers). If none of the managers reply, Asterisk will terminate the call.

Use this way to enter to the ring group:

Call center, telephony system setting, and ring group
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After entering to this part, you will see this page:

Click on add ring group.
Extensions
Feature Codes
General Settings

Outbound Routes
Trunks

Inbound Routes
Zap Channel DIDs
Announcements
Blacklist

CallerID Lookup Sources
Day/Night Control
Follow Me

IVR

Queue Priorities
Queues

Ring Groups

Time Conditions
Time Groups

=

nternal Options & Confic
Conferences
Languages
Misc Applications

Micr~ NMactinatinno

The options are:

Ring-Group Number: it is the number for accessing to the ring group.

Add Ring Group

Add Ring Group

Ring-Group Number: 600

Group Description: Support

ringall E|

Ring Time (max 60 sec) 20

Ring Strategy:

Extension List: 1101

1102

1103
Extension Quick Pick | (pick extension) B
Announcement; MNone B2

Play Music On Hold? Ring [v]
CID MName Prefix:

Alert Info:

Ignore CF Settings: [

Skip Busy Agent: [l

Confirm Calls: [l

Remote Announce: Default =]
Trn-l ate Annnininca- Default [=|

It is like extension number, both endpoints and users can dial it.
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Group Description: it is used for recognizing the ring group and it
doesn’t have more efficiency than that. The users cannot be seen by
callers.

Ring Strategy: it determines that how Endpoints should call. Endpoints
will be ringing by one of the following ways:

Ringall: all the groups determined in extension list can ring at one time
and together.

Ringall-prim: in this case if the first number in the list wasn’t busy, all
the numbers would start calling. If the first extension was busy or be in
the do-not-disturb mode, none of the extensions ring and the call
directly sent to the determined part in destination if no answer.

Hunt: if one of the group member replies, the others that specified in
Extension list field starts ringing until one of the members answer.

Hunt-prim: it's the same with ringall-prim. If the first extension was
busy or was in the do-not-disturb mode, none of the extensions would
ring; otherwise it has the same process as hunt.

Memoryhunt: the first extension in the list rings and if there was no
response, the second extension would start and similarly to the end
(until one of the extensions reply or be timeout).

Memoryhunt-prim: if the first extension was busy or be in the do-not-
disturb mode, none of the extensions ring otherwise it has the same
process memoryhunt.

Firstavailable: the first available extension in the list will ring. If call
waiting activated for the extensions, it would be consider available,
however it is on another call.

Firstnotonphone: the first available extension in the list will ring. Call
waiting setting is not consider here. If one extension was busy, without
considering the activation of call waiting, press the submit changes key
and Apply Configuration Changes Here
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5.14 Queue

5.14.1 What is queue
The meaning of queue is the same that we all know. Whenever your
request is more than the resources or service providers, you need a
gueue. In the other word, in call center if you want to reply to the callers
with limited number of receptionists, you need a queue. When the
receptionists are busy, you keep the callers in queue until one can
answer. This is the main task of queue.

5.14.2 Kind of queue

There are 2kinds of queue: static queue and dynamic queue. This
division is not because of their function but it is according to those who
are responsible to reply. In static queue, the extension in queue is
responsible to answer and connect the incoming calls queue to the
defined extension. In dynamic queue, the agent is responsible to answer
instead of extension. You can have a static queue call center with
Elastix, definition of queue and extension but for having a dynamic
queue call center you need a call center module of Elastix in addition to
definition of queue because it makes up the necessary equipment for
defining agent and working situation. By the way for having a call
center with any queue, you need its definition and familiarity with its
capabilities. In next chapter, we will discuss more about the queue and
its performance.

5.14.3 Making queue
Whether you want to have PBX or any kind of call center; you need to
define a queue. It is one of the powerful features of the Asterisk which
can consider a powerful tool for selling products. Facilities of queue are
so complete that can set up an expensive call center and Enterprise and
sell it.
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PBX Configuration
Extensions Add Queue
Feature Codes
General Settings T
Outbound Routes
Trunks
nbound Call Contro Queue Number: 800
Inbound Routes Queue Name: Sales
Zap Channel DIDs Queue Password:
Announcements CID Name Prefix:
Blacklist N |:|
i i . 9] -
CallerID Lookup Sources SEETE RS
Day/Night Control Alert Info:
Follow Me Static Agents:
1101, 0
VR 1102, 0
Queue Priorities 1103,0
Queues
Ring Groups : :
Time Conditions Extension Quick Pick (pick extension) |Zl

In setting page of queue there are lots of features and parameters that
some of them may be useless but in this chapter we try to explain then.
At first we deliberate on Add Queue.

- Add Queue:
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PBX Configuration

Extensions Add Queue
Feature Codes
General Settings

Add Queune
Outbound Routes
Trunks
Queue Number: 800
Inbound Routes Queue Name: Sales
Announcements CID Name Prefix:
Blacklist N |:|
o - o B
CallerID Lookup Sources SEETE RS
Day/Night Control Alert Info:
Follow Me Static Agents:
IVR 1103,9
1102, 0
Queue Priorities 1103,0
Queues
Ring Groups

Time Conditions Extension Quick Pick | (pick extension) El

The name and the extension to reply are determined.

- Queue Name: a name for queue but try to choose a name
associated with the purpose of the queue such as selling queue

- Queue Password: this is for agents who deal with dynamic queue in
call center, so if you want if you want to work without call center
module of Elastix and have a call center with this queue, don't fill it.

- CID Name Prefix: you can add a prefix to the number of caller for
example queue name. In this case if your agent was the member of
some queue, can be found from the number that this call is
transferred from which queue.

- Static Agent: you should write the extension numbers that are
responsible for answering this queue. You can also help from
Extension Quick Pick for choosing extensions.
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You should consider that if you want to use call center module, the
number of defined agents should be written in that module which will be
explained later.

Attention: when you use Extension Quick Pick for your extensions, it
added a “"0” number in front of the extension, writing that number is not
required. That number is fine that its use is not mandatory. You can put
a fine number. The more the number was bigger, the more calls will be
connected to that extension.

System Recordings Queue Options
VoiceMail Blasting
Agent Announcement: | MNone El
Callback
DISA Join Announcement: None El
Music on Hold Class: inherit ||
Unembedded freePBX Ringing Instead of MoH: []
Max Wait Time: Unlimited L=
Max Callers: 0 [
Join Empty: Yes [+
Leave When Empty: No [
Ring Strategy: ringall =
Agent Timeout: 15 seconds [v|
Retry: E seconds E|
Wrap-Up-Time: 0 seconds [»|
Call Recording: No  [x]
Event When Called: No [
Member Status: No |-
Skip Busy Agents: No &1
Queue Weight: 0 |=
Autofill: [l

Agent Regex Filter
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e Queue Options
The most important and most attractive part of a queue! Each of
these parameters can take you close to a big contract so each
function will be always remembered.
Agent Announcement: playing a message for extension or agent
before connecting call. It is possible that your agent be a member
of some queue; by leaving a message for each queue such as “this
call is from queue sale”, then your agent know the incoming queue
before getting the call.
Join Announcement: playing a message to the caller upon
entering the queue. It will be played once. It can be a welcoming
message like” hi, welcome to the sell part of X company, please
wait for connecting a call”.
Music On Hold Class: determining a music for the Callers who are
waiting in queue. This is the chosen music for Music On Hold of a
system as a default.
Ringing Instead of MoH: the ring sound will be played instead of
music for those who are waited in queue.
Max Waited Time: the maximum time that a caller waited in
queue. When it finished, the caller
Will be out of queue and sent to the determined destination in Fail
Over Destination.
Max Callers: determining the capacity of queue for admission. For
example you consider the capacity of your queue 10, the 11 caller
is not allowed to enter and after hearing the message of full queue,
come back to the queue of previous menu.
Join Empty: default of this option is “yes” it means if the defined
extensions and agents were not activated, should the caller enter to
the queue? But if you don’t want the caller enter to the queue when
there is no activated receptionist in queue, change this option to

A\Y n

no”.
Leave When Empty: it is the same with join empty but there is a
difference that in this case if someone waited in queue and suddenly
the agent was not available, the waited one should be thrown out of
the queue or not.
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Ring Strategy: This option includes algorithms for how to connect
the caller to the extensions of the queue.

Ringall: all the groups determined in extension list can ring at one time
and together.

Ringall-prim: in this case if the first number in the list wasn’t busy, all
the numbers would start calling. If the first extension was busy or be in
the do-not-disturb mode, none of the extensions ring and the call
directly sent to the determined part in destination if no answer.

Hunt: if one of the group member replies, the others that specified in
Extension list field starts ringing until one of the members answer.

Hunt-prim: it's the same with ringall-prim. If the first extension was
busy or was in the do-not-disturb mode, none of the extensions would
ring; otherwise it has the same process as hunt.

Memoryhunt: the first extension in the list rings and if there was no
response, the second extension would start and similarly to the end
(until one of the extensions reply or be timeout).

Memoryhunt-prim: if the first extension was busy or be in the do-not-
disturb mode, none of the extensions ring otherwise it has the same
process memoryhunt.

Firstavailable: the first available extension in the list will ring. If call
waiting activated for the extensions, it would be consider available,
however it is on another call.

Firstnotonphone: the first available extension in the list will ring. Call
waiting setting is not consider here. If one extension was busy, without
considering the activation of call waiting:

Agent Timeout: the frequency (second) that the extension of the
agent rings until the system timeout.

Call Recording: recording the conversations of the queue. Audio files
will be saved in /var/spool/Asterisk/monitor. Never forget that
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recording the put extra pressure on server, so select a server
capacity in terms of both processing power and disk space.

- Queue Weight: you consider a weight for a queue. You extension
could be in extension of some queues simultaneously. So the weight
of queues determines the priority for sending a call to an extension.

Caller Position Announcements

Frequency: 0 seconds =]
Announce Position: Mo E|
Announce Hold Time: Mo E|

Periodic Announcements

IVR Break Out Menu: None [«

Repeat Freguency: 0 seconds E|

Fail Over Destination

== choose one == E|

Submit Changes

e Caller Position Announcements

- Frequency: determining the period for playing a message in
second (choosing 0 for inactivation)

- Announce Position: declaring the position of a person in queue for
example “you are the 5™ person in the queue”
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Announce Hold Time: declaring the estimated time for waiting. If
it was less than 1minute, it wouldn’t announce. If you choose once,
the message will be played just once.

e Periodic Announcements: you can choose an established IVR in
menu of IVR to be played for people in queue alternately. It can be
used in this way: for example you want that an IVR played for the
waited people who say “for returning to the main menu press key
1, otherwise wait”. You can play any IVR for people in queue.

Fail Over Destination: if for any reason the queue functions
wrong, you can send the people in queue or those wanted to be, to
the final destination and don’t miss any call. Bear in mind that in
final destination, you always will see the items in a list you've made,
for example if there is no announcement on your system yet, you
won’t have it on destination.

5.15 Announcement

Sometimes it is necessary for you to play a message for the caller in
telephony system, for example you want that if someone presses key
8 on IVR, the address plays for them or agents play an address or a
message with transferring a call to a number so they use
announcement.

In menu in “call center”, “telephony system setting” choose
“announcement”.
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PEBX Configuration

Extensions Add Announcement

Feature Codes
General Settings Description: new-address

Outbound Routes Recording new-address [+
Trunks _

Repeat Disable |~ |
Inbound Routes Allow Skip
Zap Channel DIDs Return to IVR [0
Announcements Don't Answer Channel [C]

Blacklist

CallerID Lookup Sources Destination after playback:

Day/Night Control

Follow Me
IVR
Queue Priorities

[IVR |E| main—in|

9 Submit Changes
Ueues

At first choose a name for it. The other configuration is:

Recording: from list choose a message which was loaded through
menu of recoding.

Repeat: choose a key to repeat a message when a caller entered.

Allow Skip: if it was activated by pressing any key the message can
be cut and directly send to a next destination.

Return to IVR: if the caller was sent by an IVR to this message, the
next determined destination (last option) cancelled and the caller will
be back to the IVR. So we determine in Destination after playback
that after playing message caller directed to which destination.
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5.16 Call back

A callback will hang up on the caller and then call them back,directing
them to the selected destination. It is used in situation that the caller
cannot access to the VoIP endpoint and don’t want to pay the cost of
long distances. This is useful for reducing mobile phone charges while
inbound calls are significantly cheaper than outbound calls.
Destination of callback can be any resources defined in PBX (like
extension, voicemail, IVR, queue or...) or be used like a complex with
DISA, which explained later, that caller receive a beep sound and be
able to dial.

For having a callback click on callback in internal option and
configuration and you should fill four options in next part.

A) Callback description

B) Callback number

C) Delay before call back

D) Destination after callback
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PBX Configuration

Extensions Add Callback

Feature Codes ,
A callback will hang up on the caller and then call them back,

General Settings well as other applications. Outbound calls will proceed accorc
Outbound Routes

Trunks
Add Callback

Inbound Routes

Zap Channel DIDs Callback Description: callback
Announcements Callback Number:
Blacklist Delay Before Callback: 10

CallerID Lookup Sources

Day/Night Control

Follow Me Destination after Callback:
IVR
Queue Priorities VR [=] | main-ivr =]
Queues

Ring Groups

Time Conditions Submit Changes

In callback description a name is determined for call back setting.

In call back number a telephone number is put that a system dials it for
connecting a call. But you should consider that the number format
should be the same with one of the formats of call back (for example if
you don’t have any format or pattern for 11-digit humbers and enter
09121111111, callback setting doesn’t work and assumed as incomplete
number). If you put this part empty, the number of the caller ID of the
caller is used for calling (be sure that the caller ID be correct and don't
registered like “unavailable” or "unknown”.

If you set a time in Delay Before Callback, there will be a delay (in
second) between cutting a call and the process of starting the next
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callback. It is obvious that this part is optional and you can leave it
empty. But consider that most of the telephony systems have some
seconds wasting time to be ready for call back after cutting a call, so it is
good to wait some second that the phone (mobile) accept the next call
and not to be busy. Destination after callback is used for setting a call
target that should transfer the caller to it after terminating the call. In
this part any call destination is usable.

After setting click on submit changes and apply configuration changes.
So the call back is saved and activated.

A few cases of application of the callback can be summarized in the
following:

e Consider a company that its employee could access to the
voicemail from everywhere. Calling with toll-free of company for
checking the voicemail cost a lot for company. In this case after
hanging up on any caller, call them back and direct the
conversation to the (Misc Destination) 98*. The callers receive a
call from the number they dialed and they extension number and
the password is asked from them, so they can access to their
voicemail.

e There are some companies that the cost of their VoIP trunks of the
calls is cheaper than calling with mobile of staff with company.
Mobile of the staff doesn’t have the fee of dialed calls. In this case
a callback is set for each of employee that after cutting the call, call
back to their mobile phone and DISA destination give a beep sound
from PBX; in the other words, by dedicating one of the VoIP trunks
of a company, he is allowed to call with no cost with his mobile
phone. In next chapter we will discuss fully about DISA.

e Large companies need to collect calls from all over the world (for
example a credit card company that needs to get all the missing
contact card, forgetting the password or stolen password). By using
the VoIP trunks of the country that caller called it reduce the
international cards significantly. In this case it calls back to the
caller and put him in the call queue. Callers receive a call from the
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number they called and connected to the representative of the
company once prepared.

5.17 Accessing to dial tone from outside (DISA)

DISA is used when a free line (beep sound) is dedicated to a caller from
PBX. By having beep sound a caller can use all the accessible endpoints
of VoIP. It means that a caller that hear beep sound can dial any
extension he wants, check the voicemail or even dial from the attached
line of PBX. For having DISA or the service of accessing to dial tone from
outside, click on menu in left side of the page on the DISA, below the
internal option and configuration as follow:

PBX Configuration

Extensions Add DISA

Feature Codes
General Settings

Add DISA
Outbound Routes
Trunks

DISA name: disa
Inbound Routes PIN 1123456
Zap Channel DIDs Response Timeout 10
Announcements Digit Timeout -
Blacklist _ . .

Require Confirmation [
CallerID Lookup Sources
Day/Night Control e
Follow Me Context from-internal
VR Allow Hangup [
Queue Priorities
Queues :
RiNg Groups Submit Changes

Tirma Manditicno

In the following eight options will:
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DISA name: it is used for specifying the settings of DISA in different
part of system as call destination.

PIN: it is used for recognizing the caller when accessed to the DISA call
destination. If it is not empty, it will ask to enter pin code from the
caller. If it isn’t equal with the pin, the call will be terminated and the
caller is not allowed to access to the DISA call destination. By the way,
PINs can be separated by comma. (For example by entering 9012, 5678,
1234, caller will hear beep sound by using each of 9012 & 5678 & 1234
numbers).

Response Timeout: it determines the time (in second) that system is
waiting for receiving an entrance from the caller before terminating the
call. This time is for entered and to be entered numbers. This time is
considered 10 second as a default but it is not enough and the caller will
be in hurry. 15 or 20 second is enough for entering the numbers without
waiting too much.

Digit Timeout: it determines the time that system should wait between
entering the numbers and dialing. It means after entering the numbers
by caller and the time he is waiting for connecting, how long (in second)
a system should wait to send the numbers to Asterisk for connecting a
call? The default time is 5second and it is enough for the callers to enter
the numbers. The caller won't last more than 5second for entering the
numbers.

Require Confirmation: when this option selected, system ask the
caller to press key 1 whenever he hear beep sound. If it doesn't, the call
will be terminated. This option is usually used when the caller is sent to
the DISA from inbound route directly. In this case the caller immediately
will be sent to the destination without any beep which timeout quickly
and the call terminated without the caller being aware of what
happened.

Caller ID: it is used when we want to consider that the outbound route
be something other than caller ID of the caller for the DISA call
destination. The format of this option should be like <##########>
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“caller name” that instead of the caller name should be the name of the
caller and instead of <##########> telephone number of the caller
(for example <09111234567> “ Saeed”). If the option was empty, the
number of the caller should be sent for destination as Caller ID. (Likely
the number that you put in this option won’t be sent to destination. So it
is better to leave it empty, this setting depends on your trunk, for more
information refer to “trunk” subject).

Context: it determines the context that Asterisk put the caller in it in
DISA calling. (More information)

Allow Hang up: if it was chosen, the caller can enter the terminating
code (** as a default) and cut the call and in this case hear the beep
sound. It can assure the caller that the call is terminated.

After finishing the setting, click on submit changes and for confirming
(click on orange border of DISA) apply configuration changes and it is
activated.
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6. Fax Server

As you know Elastix have a good and powerful server for sending and
receiving fax. This fax server use Hylafax software. Elastix can receive
faxes from difference ports such as LAX, SIP & ZAP trunks.

6.1 Making a IAX Extension
First of all you should define an IAX extension. This extension is like a
modem for connecting Asterisk and Hylafax. For any fax server you need
a lax extension so go to the call center, telephony system setting, and
extension.

Choose Generic LAX2 Device and click on submit.

The only setting that should be entered or changed is as follow:
User Extension: extension number

Display Name: a name

Secret: extension password

Record Incoming: put it Never

Record Outgoing: put it Never

Now click on submit, your extension or your modem is ready!

6.2 Visual Fax

In second step you should make a visual fax. Go to this menu. Fax,
visual fax. There is some information required for making a visual fax
which is your fax server either:

Visual Fax Name: “a name”

Visual Fax Name (LAX): “"The lax extension you made”

(LAX) password: “the lax password you made!!”

Destination Email: “"the email you want to use for sending fax to it”

Code of Country: “can be 98"
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Code of Area: “can be 021"
Caller Name: “name of your company”
Caller Number: “phone number of your company”

After making this, go to the list of visual fax. That should be shown here
and Running and idle on ttyLAX1 should be written in “position” field.
Now your system is ready to receive fax. For testing you can call to the
lax extension and hear the sound of fax. On your IVR you can consider a
key like 6 for the fax, anyone press the key 6 will be connected to your
fax. You can use this way for making more faxes and have several visual
fax system.

6.3 View the Faxes
Received faxes are like PDF and after receiving in fax menu, view the
fax can be seen.

6.4 Programs of sending fax

e Sending fax by Winprint HylaFAX:
Winprint HylaFAX is a windows GUI interface for sending fax
through server. By using this software you can fax your data, as
easy as printing, with giving destination fax number. For receiving
this software please refer to VoIP-IRAN in sourceForge, files,
utilities and fax.
https://sourceforge.net/projects/vaak/files

By installing this file port of WinPrint HylaFAX is added. After setting
up the exe, go to control panel, add printer and click on printer add a. I
the page below choose Local Printer but since it's not a printer don’t
choose install my plug and play printer automatically detect and.
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https://sourceforge.net/projects/vaak/files

Add Printer Wizard

Local or Hetwork Printer
The wizard needs to kaow which bwpe of printer to zet up.

Select the option that describes the printer you want to uze;

{+ Local printer attached to this computer

[T Automatically detect and install my Plug and Play printer

™ i metwork, prinker, or a printer attached to anather cormputer

i To zet up a network: printer that iz not attached toa print zerer,
\’) uze the "Local printer’’ option.

< Back I Mest > I Cancel |

Click on Next and in Select printer port, choose create a new port
type. If it is successfully installed, you should see the Winprint Hylafax in
the list. Select it and click on Next.

mElastiansy by Haamed Kouhfallah



Add Printer Wizard

Select a Printer Port
Computers communicate with printers through parts.,

Select the port you want your printer to use. IF the port ig not lizted, you can create a
new pork.

" Use the following part; ILF'T1: [Recommended Frinter Part] j

Hiate: Mozt computers uze the LRTT: port to communizate with & lozal printer.
T he cannectar fiar thiz pork shauld ook something like thiz

K

- — Pl
-~

% Create a new port:
Type af part;

The naming box will appear as above. The name is
it is better to use :HFAX1 to determine it.

o,
% Configure HylaFAX Client

3 Part zettings

ak Cancel |

Choosing the type of printer, as it was shown choose Apple

not important but

LaserWriter 12/640 PS from Apple.
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Add Printer Wizard

Install Printer Software
The manufacturer and model determing which printer software to uze.

i : X Select the manufacturer and model of your printer. |f pour printer came with an installation
dizk., click Hawe Disk. [F vaur printer iz naot listed, consult paur prinker dacumentation for

compatible printer software,

bl anufacturer | || Printers | -

Agfa — | 5¥ Apple Color L 12/660 PS =

ilpsll Eﬂ”.ﬁ.pple Color Lagerafnter 12/500

gE; B A pple Laserwiiter 12/640 PS5

APS-FS S Apple Laserwiiter 16/600 PS

ATT j ‘.‘L-."!i' EE N N B R e s =(n [y | ;I
b This diiver is dighally signed Windows Update | HaveDisk.. |

Tell e why driver signing i imporkant

< Back I Mest > I Cancel |

You can name whatever you want.

Add Printer Wizard

Mame Your Printer
ou muzt azzign a name to this printer.

Type a name for thiz printer. Becauze some programs do not zuppart prinker and server
name combinations af more than 31 characters, it iz best to keep the name as short az

pozzible.

Frinter name:
Wimprink HylaF

Do you want ta wze this printer az the default prinker?

™ Yes
* Mo

< Back I Mest = I Cancel
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have made.

é_ Winprint HylaFAX Properties

Generall Sharing Forts |.-’-'-.u:|vanu:eu:|| Securit_l,ll Device Settingsl

)
E_' = 9 Winprint HylaFdk

Don’t share it. You can install Winprint HylaFAX on any system and
directly connected to the server of Hylafax. Don’t print the test page
because you have not set the printer yet. When you install it, right click
on it and choose properties. Find the tab of ports and tick the port you

2x

Prinit to the following port(z). Diocuments will print to the first free
checked paort,

Puort | D escription | Printer

LI LPT2:  Prirter Port
L COMI: Serial Part
U] COMZ: Serial Part
L coM3: Serial Part
L] com4: Serial Part
LI FILE:  Print ta File
RHFA . WwinPrint Hylafaw Port

Winprint HuylaF d,

Add Port.... Delete Port

Configure Port.... |

™| Enatle bidirectional support
" Enable printer pooling

o |

Cancel |

Apply
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Configure HylaFAX Server

N7~ Configure HylaFAX Client

-

f’ -

HuylaF&k Server &ddress I bwlafas server. addresd

|lzermame IrDDt

Paszward I

Default Motify Imstuwe@baddumain.mm

b odem I

Addrezs Book Directory Ic:\prugram fileswinprinthulafas

Page Size ILIS Lether j
M atification I Failure and Success j
k. Cancel |

Enter IP of the server in hylafax server address and write the
username and password of the server. One of the problems that may
occur is not having permissions to access the hylafax server. To solve
this problem go to var/spool/fax/etc/hosts.hfaxd/ and add IP of your
computer. Now you are ready to send a fax. For testing choose any
application you want and click on print and choose your printer,
winprinthylafax. Whenever you send something to this printer, the page
below appears:
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Send FAX To

| "‘j Send FAX

LT
had

Document: Test Page

Fax Murmber I S awve Mumber |
ISeIect from AddrezzB ook, j Delete Entry |

Matify E-Mail Imstuwe@baddnmain.cnm

Send Cancel |

Enter the fax number totally. Fax will be sent by halafax and its server
send an email to confirm the address entered to Notify E-mail.
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7. Callcenter module

7.1 introduction

Call center module is one of the add-ons of Elastix that can be
installed optionally. This module allows having a call center with dynamic
gueue by defining an agent. This module has different part and services
such as browser page of agents, do automated calls advertising
(Telephone marketing), Very detailed reports of agents, their operation
and performance and many other useful items that will be explained in
next chapters.

7.2  Concept of call center

Generally the concept of call center is systems that can service the
callers with limited number of receptionist. Normal Pbx systems are not
in this category. The most important feature that distinguishes a call
center with a normal pbxs, is Queue. It allows the system to service the
callers with much greater number of receptionists.

7.3 installing call center module

After installing Elastix go to add-ons menu and wait until it connects
to the Elastix. Note that it may take several minutes; by the way be sure
that your server is connected to internet. After connection click on
Install.
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Version = About us = Help = Logout (admin)

) clastix
System Agenda Email Fax PBX iM Reports Extras Addons

e ‘ Installed l

Available
First Previous (1 - 6 of 6) Next | Last

Call Center v2.0.0-12

Developed by: PaloSanto Solutions
Description: This addon is an Elastix component
that allows to create telephone campaigns for
generating calls that are attended by agents.

[ Install OK

Developer v2.0.0-3

Developed by: PaloSanto Solutions [ Install OK
Description: This addon is an Elastix component
that allows to create and remove modules.

Web Conference v0.0.0-10

Developed by: PaloSanto Solutions
- Description: This addon is an Elastix component [ 1nstall oK

" ’ that allows to do real-times conferences to
H m m communicate in chat, calls and presentations
o o — between users.

After finishing the installation you can see the added menu of call center
in main menu.

7.4 use of call center
Call center module has two applications:

e Management of ingoing calls: it is receiving call from queue and
accountability of it to agents, in this operation there are some
application for agents which will be explained later.

e Outgoing calls: in this section you can determine some numbers;
call center automatically call them and connected them to the
agents. About the application and how to activate will discuss later.

7.5 making agent and its configuration

I'll try to explain the menu based on priorities and performance. In
first step we should make an agent. Go to call center menu, agents, click
on New Agent. The page below will be open.
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- 0
elastix j

Agent Console Qutgoing Calls Ingoing Calls Agent Options | Breaks Forms Reports Configuration

. & New Agent

Agents |

ECCP Users  save ] cancel |
Agent Number: * 9001 Name: * Haamed
Password: = seee Retype password: * sses
ECCP Password: Retype ECCP password:

- Agent Number: unique number for agent that can be entered to
the agent console. It is good that your agent number be more than
3 digits (it is not required).

- Password: password for agent number.

- Retype Password: enter it twice for reducing the risk of confusion.

- Name: a name for your agent. It can be good.

After filling out and saving, you will see your agent. It will be offline
because you don’t enter through console.

Dutgoing Calls Ingoing Calls Agent Options | Breaks Forms Reports Configuration
Status: | Al [~ New Agent »

With selection: | Disconnect | | Delete |

“* First ~ Previous (1 - 1 of 1) Next | Last Iy

| Configure | Number | Name | Status | Options

v 9001 Haamed Off Line [Edit]

7 First - Previous (1 - 1 of 1) Next I Last [

It is the important section and cause many cannot install a call
center. In this stage you should enter your defined agent in a predefined
queue in menu of telephony system of PBX.

For this purpose we enter to the queue and write the agent number with
an A character before that in a static agents as follows:
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PBX Configuration

Extensions Queue: 800
Feature Codes
General Settings
Outbound Routes

Delete Queue

Edit Queue
Trunks
Inbound Routes SlElE e Sales
Zap Channel DIDs Queue Password:
Announcements CID Mame Prefix:
Blacklist Wait Time Prefix: No [
CallerID Lookup Sources
Day/Night Control SLETE T
Follow Me Static Agents: BI001
IVE.
Queue Priorities
Queues
Ring Groups

Extension Quick Pick (pick extension) [»|

Dynamic Members:

Time Conditions
Time Groups

Conferences
Languages
Misc Applications

Birr MaAactimatiamne

Extension Quick Pick (pick extension) [= |

Your agents are in the queue, but still there is something to set up a
call center with the least setting and it is adding your queue to call
center module.

7.6 ingoing calls

It has two sub-menus which one of them was used to define queues
in call center and the other for entering the names and numbers you
work with (your clients).
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7.6.1 Queues
Queue is a part of a system that manages the ingoing calls and
connected to the agents. In this section you can add the queues that are
defined already in telephony system menu (PBX) & Queue and active or
inactive them.

@elastlx
---| Call Center [

Agent Console | OQutgoing Calls | Ingoing Calls | Agent Options

Queues » . i) Select Queue |

Clients |@||£|

Ingoing Campaigns Select Queue :* 800 Sales E|
[Style] [=] tFont] [=] [sizel [=]
B/ US=E=-E=EEEFA>8EHG0
Sales Quene

Script: =

A.Select queue:
Select queue: select the queue from the list.
Script: text played for agent.
B.View the queue:
Queue list: Queue list that transferred the ingoing calls.
Queue: name of queue
Status: being the queue active or inactive
Options: there are 2 selection: one of them is “view” for viewing
the details and likely changes in queue and the other is “activate”
for activating the deactivating queues.

7.6.2 Clients
In this section you can save list of clients and their phone numbers.
In fact you make a phonebook. Call center module use this when
receiving calls to show the details of the caller.
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You can load your list in a CSV file in this format:

nmn mn”n

“"Phone number”,”company”,”name”,”last name”

elastix’

A R T

Agent Console QOutgoing Calls Ingoing Calls | Agent Options Ireak Forms

Queues :=| Upload File

L s y Select file to Upload

Ingoing Campaigns File: | Browse
|_Upload |
Format File: "telefono”,"cedulafruc”,"nombre”,"apellida™

Download contacts =

7.7 Breaks

In Break you can clear a reason for resting or exiting the agent.
Agents can be free for a while by choosing Breaks for example we define
Breaks for lunch time of an agent.

elastix’

T T

Agent Console Qutgoing Calls Ingoing Calls Agent Options Breaks Forms

=) New Break

| « cancel || save |

Name: = lunch

30 min for lunch
Description: ®

Elastix is licensed under GPL by PaloSanto Solutions, |
e

2parameters is asked for making Breaks:

- Name: name of your Breaks such as lunch time, resting,
emergency!!
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- Description: an explanation about the Breaks

After making Breaks you can active or inactive it in options which
activated as a default.

, elastix’

nt Console | Qutgoing Calls | Ingoing Calls | Agent Options | Breaks Forms Reports | Configuration |

=] Breaks List

Create New Break »

“* First

| Activate || Desactivate | Name Description Status

lunch 30 min for lunch Active

“ First

7.8 Forms

You can make a form with objects you have. Use of a form is when a
call is connected to an agent, and he can select a form during a
conversation with client and include information in it. For example you
design a form for order product and agent can fill it during the call.

A.Form designer

In this sub menu, by clicking on Create new form you can enter the
necessary information for designing a form. The details are shown here:
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System Agenda Email

Call Center

Ingoing Calls | Agent Options Configuration |

| save || cancel | * Raquired
Name: = Sale-Form Description:  |Get Sale Reguest
New Field | Add Field Add Field Successfully: tel
Field Name: = Order: *
Type: = Type Text (=
|| Delete || Order | Field Name | Type Values | Options

[} 0 name Text Edit

|:| 1 company Text Edit

|} 2 product List Card,Ipphone, Ippbx, Edit

0o 3 tel Text Edit

Name: select a name like: selling form
- Description: a short explanation about the form such as selling
form of phone card
- Name of Field: the name of field which is supposed to be shown.
- Order: Show the priority of field in the form
- Type: type of your field. You can have different type of field
according to your needs such as:
e Type label: it is used for showing a text such as description or
giving an attention to an agent
e Type text: a field with capability of filling a text, short texts
such as name and last name or name of company
e Type list: it can list your products or anything which an agent
wants to select one of them.
e Type date: date field
e Type text area: it's a field for entering the long texts such s
address or description.

A designed form is shown for selling a phone card:
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elastix’

FRECEDONM TO COMUNISATE

Form Designer

B. Form preview:

In this sub menu you can see the forms as agent can see. Image
below is the form Preview that we made.

A T T

Agent Console | Outgoing Calls | Ingoing Calls | Agent Options | Ireak Forms

|- =) Form

Form Preview

Mame: Sale-Form

name

A. campaigns:

company

product

tel
. Ipphone

bix

7.9 outgoing calls

In this section system calls the lists you have given automatically and
connect it to your queue. They name it campaigns because the most
widely use of this application is group call or campaigns. Another use of
this example can be expressed: campaigns help you to declare an
announcement, warning or new services to your pervious customers.

B. Making campaign:

After clicking on Create New Campaign, a form with required field for
making a campaign will be open.
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elastix’

EECOH TO SO

System Agenda Email

Agent Console | OQOutgoing Calls | Ingoing Calls |  Agent Options

Campaigns ¥

. =) New Campaign

Do not Call List

| save || cancel |

Name: = |Campaign

RangeDate: * | 28 Nov 2011 | Stat | 29 Nov 2011 |=End

Schedule per Day: = | 08 [=]:/00 [=|Starttime

09 [¢]: End time

- Sale-Form =
=

Form: =

Manage Forms

<

Trunk: = ' DAHDI/g0  [=|
Manage Trunks

Max. used channels: = 23

Context: * |from-internal

£

Queue:

800 Sales [=|

Description of the field is as follow:

Name: a name for this call group such as * new cards of sangoma”
Range Date: determining a time-span for calling, start date for
starting the calls and end date so that if the calls didn’t end until
that date, system wouldn’t continue the call.

Schedule Per Day: calls for daily schedule

Form: you can choose either form you have made for collecting
information. After connecting to the agent, the selected form will be
shown to insert necessary information.

Trunk: selecting the trunk that you want the system use for
outgoing calls.

Max Used Channels: it is possible that you dont want the
campaigns have negative impact on whole lines of the company. So
you try not to busy the lines and consider some restrictions. In this
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field you determine the number of trunk channel that system has
right to use for this purpose.

Context: for this campaign the name of context is Form-Internal
and there is no need to change it.

Queue: determining a queue for accountability. After calling,
system put this numbers into the queue.

Retries: the frequency that system tries to call a number (System
for various reasons may not be able to call numbers such as: being
the line and the number busy, wrong number and the number not
respond...)

Call File: a text file of CSV which includes phone numbers.

E c:\Documents and

Settings\haam\Desktop\Tels.txt - Notep.... = T X);

rie. £a >eard VIEW ENcoding Language Setungs

LOBERGA DD e A s E >
B Tebste |

1 33568689
33525252
33456586
33454545
77545252
66565223

Ln:& Col:9 Sel:0 (0bytes)in0ranges Dos\Windows = ANSI

Example: a simple phone file

Note: phone numbers should place in a column. If they have titles, the
first line should start with %,”.

Note: first column should always include phone numbers. So if you have
several columns, you don’t need to write the title of the phone numbers.
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X

g4 C:\Documents and Settings\haam\Desktop\Tels.csv - Notep... = | [0

s/

File Edit Search View Encoding Language Settings Macro Run TextFX
Plugins Window ? X

LOHERGR DB de nE aa B >
ETels.csvl

,hame, address

33568689, "Haamed Kouhfallah","Tehran Khiabane X"
33525252,"A1i","Shiraz Khiabane Y"

33456586, "samira”, "Tehran Bolvare III"

33454545, "A1li Moradi","Esfehan Khiabane IV"
77545252, "Farid Rahmani","Tabriz Khiabane IHJ"
66565223, "Naghi Emami”, "Shiraz Khiabane IIVﬂ

=] oW N

Ln:7 Col:45 Sel:0(0bytes)inOranges  Dos\Windows & ANSI INS

Example: file of customer list with the name and address

- Script: a message for agent when a call is connected.
C. View and change:

The example is as follows:

Campaigns List

Campaign state: Create New Campaign »
With selection: | Activate | | Desactivate | | is |

17 1-1) L3 7 gapbof ) OLE N Sam MY

Name Range Date Schedule per Retries Trunk Queue Completed Average Status Options
Day calls time
Sale New  2011-06-27 - 09:00:00 - S [ swlws] [CSV
O Cards 20110628 10:00:00 7 DAIDLEX0 A WA Actve  patal

[ 1-1) old 7 gopdof 1) GLL DN Samy N

As you can see you can activate or deactivate this Campaign.

10.8 Console Agent:
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Console agent is an environment that a made agent can enter with a
number and extension. As soon as the agent entered, he is responsible
for accountability of the calls in queue.

A. Entrance:

elastix’

Agent Console | Outgoing Calls | Ingoing Calls | Agent Options | Breaks Forms | Reports | Configur|

' 0 Agent Console

» Welcome to Agent Console

Please select your agent number and your extension

Agent Number: |9001 - Haamed E|

Extension: |SIP/1101

| Enter |

Elastix is licensed under GPL by PaloSanto Solutions. 2006 - 2011.

- Agent number: it is the same number you made in agent menu.
- Extension: an extension number that agent wants to be
accountable.

After pressing Enter, the entered extension starts to ring. After
answering, the system asks your password that you entered in agent
number and console page will be open and you will hear music in your
phone until you connect to the first call. In fact an agent should never
hang up the phone!!!l So agents use headset.

7.10 Console environment:

After entering the password through phone, console of agent will be
open as follow.

(In next version of the book will be completed)

ElastixEasy by Haamed Kouhfallah




8. Custom Context Module

This module is a side add-ons of freepbx which is not installed on
Elastix as a default. You should receive it from Freepbx.org or VoIP-IRAN
on sourceforg.net:

http://mirror.freepbx.org/modules/release/contributed modules/

You can classify the extensions with this module and added
application to freepbx and supervise on their calls separately. This
module is appropriate for those wanted to do have several separated
group work on an Elastix server. Other features of this module are:
classifying the extensions for having different group on a telephony
system, restrict to access some of extensions to other system resources
such as trunks, fax systems and...

For installing this module you should download the link and then enter to
freepbx. Go to menu of “call center”,"telephony system configuration”
and unembedded freepbx. For entrance use admin user and password (if

you use Elastix version 1.6 or older, the password is admin too).

In freepbx for installing the new module you should go to “tools”,
“module admin” and click on Upload Module.
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http://mirror.freepbx.org/modules/release/contributed_modules/

FreePBX System Status
Module Admin

Module Administration

Check for updates online | Upload module

English

Asterisk Logfiles Reset | [ Process
Online Support Module Type Version
FreePBX Support -
sasic
Asterisk API

> Erfs Care setup 2521 Enabled
Asterisk CLI -

_ Feature Code Admin setup 2504 Enabled

Asterisk Info
B erik Phoncha FreePBX ARI Framewark setup 2523 Enabled
Backup & Restore FreePBX FOP Framework setup 2.5.01 Enabled
Custom Destinations FreePBX Framework setup 2522 Enabled
Custom Extensions FreePBX Localization Updates setup 2520 Enabled
DUMDI Lookup System Dashboard tool 20507 Enabled
Java 55H oicemail setup 25186 Enabled
PHP Infr

Contexts.

After clicking on Upload Module you can load the received file of Custom
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I mePBX@ Admin Reporis Pane| Help

.. . English
Module Administration
FreePBX System Status
IModule Admin Manage local modules | Check for updates online
Support
Asterisk Logfiles You can upload a tar gzip file containing a FreePBX module from your local
Online Support system. If a module with the same name already exists, it will be overwritten.
FreePBX Support
| Biowse. | | Upload
Asterisk AP
Asterisk CLI F PBX Let
Asterisk Info I:Mee Freedom
Asterisk Phonebook Ring
FreePBX is 3 registerad trademark of Bandwidth. com
Backup & Restore FreePBX 2.5.2 is licensed under GFL

— & — & A

After loading, in menu of Module Admin and list of Modules and in Third
Party Add-on, custom contexts is added. Select it, click on install and
then process.
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PHPAGI Config tool 2503 Enabled
Phonebook tool 25073 Enabled
Weak Password Detection tool 2504 Enabled

Third Party Addon

Custom Contexts setup Mot Installed (Locally available)
O No Action
Description & Instal
Changelog
Customer DB tool 2504 Enabled
Gabcast tool 2502 Enabled
Inventory tool 2002 Enabled
Print Extensions tool 2505 Enabled

Reset Process

After installing in set up menu, at the end of the list, in third party add-
on custom contexts is added. You can define new contexts there. In
defining a custom context you may face the following:

Context: select a name. It is used in defining an extension and
determining contexts.

Description: an explanation for contexts.

Dial Rules: if it defines you can run the rules for dial plan. You can use
dial patterns, for example if you put 2xx, it means the entire dialed plan
are 3-digit and start with number 2.

You can see a list of telephony system application that by Allowing them
you let extensions with this contexts use them.
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Edit Context: test

Delete Context test
Duplicate Context test

Context

Context tast

Description  test
Dial Rules

Set All

Set All To: v

Default Internal Context

English

Add Context

After defining custom contexts go to extensions. You will see an
extension or changing in defined extension, custom context is added
that you can determine this contexts or this extension. In fact you will
put an extension in a specific group that you defined.
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qualify yes

callgroup

pickupgroup

disallow

allow

dial SIP100

accountcode

mailbox 1100@device

deny 0.0.0.0/0.0.0.0

permit 0.00.0/0.00.0

Custom Context - ALLOW ALL (Default)iv|

. . ) ALLOW ALL (Default)
Dictation Services
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9. Instant messaging with OpenFire

It is a popular chat program and use Jabber/XMPP protocol for
exchanging data. After installing this program you can have services
such as Google talk, yahoo messenger and etc. name of client program
installed in staff computers is SPARK which they will have these features
by the configuration you did:

Chat

Exchanging the file

Calling an extension by pressing a key

By installing add-ons you can add your friends with Yahoo ID, MSN
ID and ... in fact by having a proper configuration and internet you
can add your friends in yahoo messenger and chat with them.

9.1 Installing Openfire
After clicking the instant messaging tab (openfire) you will see this
message, because it is not installed on Elastix as a default.

ZJ

System Agenda Email Fax PBX M Reports

OpenFire ‘

The Openfire service is not active at this moment. If you want to activate it please
dick here

“Click Here” and installation progress will start.
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Setup

Setup Progress
| J
» Language Selection
s Welcome to Setup
Server Settings
Datab Sett Welcome to Openfire Setup. This tool will lead you through the initial setup of the
SaNAst SoriuS server. Before you continue, choose your preferred language.
Profile Settings

Admin Account
Choose Language

O Czech(cs_C2)

O Deutsch (de)

® English (en)

O Espaiiol (es)

O Frangais (fr)

O Nederlands (nl)

O Polski (pI_PL)

O Portugués Brasileiro (pt_BR)

O da3Z (f)4%) simplified Chinese (zh_CN)

[Continie
In first stage you should select the language.

Setup

Setup Progress
——

v’Language Selection

Server Settings
» Server Settings
Below are host settings for this server. Note: the suggested value for the domain is

Database Settings based on the network settings of this machine.

Profile Settings

Admin Account Domain: |210.12.0.33 |®
Admin Console Port: |gpgo @
Secure Admin Console Port: |g091 @

Corinie”

In this section you should fill the domain part with the name of Host or
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your IP server which is recommended don’t change the name system
recognized! You can change the console ports if you want but it is better
to use default ones.

Setup

Setup Progress
. 23200 0 |

v'Language Selection

Database Settings
v Server Settings

Choose how you would like to connect to the Openfire database.
» Database Settings ! ;

Profile Settings ;
(O Standard Database Connection

Admin Account Use an external database with the built-in connection pool.

(& Embedded Database
Use an embedded database, powered by HSQLDB. This option requires no
external database cenfiguration and is an easy way to get up and running
quickly. However, is does not offer the same level of performance as an
external database.

In next stage you should select how you want to be connected to
database. The first one asks you a lot of question about connecting to
the database which waste your time!! Select the second one and
continue.
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Setup

Setup Progress
s oo Profile Settings

v'Server Settings

«Database Settings Choose the user and group system to use with the server.

» Profile Settings
(® Default

Admin Account Store users and groups in the server database. This is the best option for
simple deployments.
(O Directory Server (LDAP)
Integrate with a directory server such as Active Directory or OpenLDAP
using the LDAP protocol. Users and aroups are stored in the directory
and treated as read-only.

(O Clearspace Integration
Integrate with an existing Clearspace installation. Users and groups will
he pulled directly from Clearspace. Clearspace will also be used for
authenticating users. Please be aware that Clearspace 2.0 or higheris
required.

In this stage it is asked that where do you want to store users item 2
and 3 is used when you want to store them in a directory server or
clearspace otherwise select Default.
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Setup 7

Setup Progress

—
#1Omme Solecion Administrator Account
v Server Settings

Enter settings for the system administrator account (username of "admin”) below. It

v'Database Settings is important to choose a password for the account that cannot be easily guessed —

vProfile Settings for example, at least six characters long and containing a mix of letters and
numbers. You can skip this step if you have already setup your admin account (not
» Admin Account for firsttime users).

Admin Email Address: Iinfo@voip-iran_com ]
A valid email address for the admin account.

New Password: [ssesee |

Confirm Password: [sseess ]

Skip This Step Continue

Determining an email for admin user and select a password for admin
user (this password has nothing to do with your email), try to choose a
password you can remember!! Because its retrieving is very difficult.

Setup ‘

Setup Progress

——
v’Language Selection Setup Com p|ete!
v'Server Settings
P St This installation of Openfire is now complete. To continue:
v'Profile Settings

v’Admin Account Login to the admin console '

Built by Jive Software and the IgniteRealtime.org community

Congratulation!! Your openfire installed now by clicking on “Login to the
admin console” go to the page of management.
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6 openfire’ Administration Console

Iadmin H""“l H—.@&-]

username password

Enter with admin user and password you have selected in previous
stage.

m Users/Groups ‘ Sessions ‘; Group Chat ‘ Plugins l

Server Manager | Server Settings | Media Services |

» Server Information

; Server Information
System Properties

Language and Time
Below you will find server information, ports being used and latest news about Openfire.

Clustering

Cache Summary Server Properties 3

Dakibase Server Uptime: 45 minutes — started Jun 20, 2011 8:55:53 AM Ignite

Logs Version: Openfire 3.5.1 Realtime News

Email Seftings Server Directory: /opt/openfire m
Server Name: 210.12.0.33 feed is currently

Security Audit Viewer unavailable.

Environment The Ignite Realtime

Java Version: 1.6.0_03 Sun Microsystems Inc. — Java HotSpot(TM) fope s creaty

Server VM unavailable.

Appserver: jetty-6.1.x
Host Name: voip-iran
OS / Hardware: Linux/i386
Locale / Timezone: en/lIran Standard Time (3 GMT)
Java Memory [ 7.06 MB of 63.31 MB (11.1%) used

Don’t be sad! You are not supposed to change all the setting! And never
try to update an openfire, this program will be update with any new
versions of Elastix. Updating manually may cause many problems so
don't risk.
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Now we go to plugins to install some add-ons (in this stage you need
internet, if you don’t access, you need to download the add-ons and
upload here).

() Openfire  Administration Console

server  Users/Groeps  Sessions  Growp Chat RTINS Lagaut [admin]

Pl di
o A Available Plugins

Flugins

m Phaging add new funclionslity 1o the server. The kst of plugins avslable 10 instel is below, Once a plugn s downloaded & may take » moment to be installed. The plugin wil stll appess
m the bst urdd o o s<tuddly instaled

Open Source Plugins Description Yersion Author File Size Install
¢ astensk-IM Copenfire Plugn 13 Integration for Asterick and Openfire 140 e Software $260K A
£ Broadcast 3 Broadcasts MAssAges to USars. 1.70  Jwe Software 197K o
Y Content Fiker ! 08 Scans message paccets for defimed patterns 150 Cenor Mayes 170K 4]
& IMGROwSY :rog:gxzoatowoy connectivity Lo the cther publc mstant mes2dging 31223  Daniel Heaninger 10 O
& MotD {(Moz3age of the Day) 3 Arl‘hw'. admins to have a message sent to users sach tima thoy log 1.03 FRyan Graham 119K '+
I Prasence Service 1 3 Fxposes presence mformabon through WTTP. 1490 e Software 175K o

After clicking on available plugins, lists of add-ones will appear. For
installing the add-ons (Asterisk-IM openfire plugins) click on green sign
(+), after installation, these add-ons will be added to the list of plugins.

Install these add-ons either:

SIP Phone Plugin, Presence Service, and IM gateway

Server | Users/Groups | Sessions | Group Chat [JIITFIER AsteriskIM |

Plugin Admin |

s Plugi
Available Plugins uglns

Plugins add new functionality to the server. The list of plugins currently installed is below. To download new plugins
please visit the Available Plugins page.

r

LPlugins Description Version Author Restart Delet:

(¥) Asterisk-IM Openfire Plugin Integration 1.4.0 Jive Software & [x]
for Asterisk
and
Openfire.

@, Search @ Provides 142 Ryan Graham & [x]
support for
Jabber
Search
(XEP-0055)

By installing new plugin, Asterisk-IM will be added to the menu. Enter to
in to change some part of it.
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Asterisk-IM |

» General Settings

Phone MADINgGs General Settings

Use the form below to edit Phone integration settings. Changing settings will cause the
plugin to be reloaded.

AsteriskIM: O Enabled ® Disabled

Name Address Port Username Options

Asterisk IM Not Enabled

Configure Phone Manager
Asterisk Queue Presence: O Yes ® No

Drop-down device selection: ® Yes O No

Asterisk Context:

Default Caller ID:

Dial Command Variables:

Firstleg Timeout:

Enable Asterisk-IM and in change the Asterisk queue presence and drop-
down device selection to “Yes” and save it.

Asterisk-IM has a bug that should be fixed before using! We should have
small change in file. For convenience you can use Winscp for editing the

files and console environment or nano program. But for changing, open
the file below:

/opt/openfire/plugins/Asterisk-im/database/Asterisk-
im hsqgldb.sqgl

You will have something as follows:
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create table phoneServer (
serverID bigint not null,
serverName varchar(255) not null unique,
hostname wvarchar(255) not null,
port integer not null,
usernanme varchar(255) not null,
password varchar(255) not null,
constraint phoneServer pk primary key(serverlID)

)

create table phoneDevice (
devicelD bigint not null,
device wvarchar(255) not null,
extension varchar(255) not null,
callerID varchar(255),
isPrimary integer not null,
userID integer,
serverID bigint not null,
constreint phoneDevice pk primary key (devicelID)
):
create table phoneUser (
userID bigint not null,
username varchar(255) not null,
constraint phoneUser pk primary key (userID)
):
create unique index pheonelUser username idx on phoneUser (username);

INSERT INTO jiveVersion (name, version) VALUES ('asterisk-im', 2):

Omit the word unique in third line.

After changing the file should be like that:
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create table phoneServer (
serverID bigint not null,
serverName varchar(255) not null,
hostname wvarchar(255) not null,
port integer not null,
username varchar(255) not null,
password varchar(255) not null,

):

create table phoneDevice (
devicelD bigint not null,
device wvarchar(255) not null,
extension varchar(255) not null,
callerID varchar(255),
isPrimary integer not null,
userID integer,
serverID bigint not null,

)s

create table phoneUser (
userID bigint not null,
username varchar(255) not null,

):

example it is voip-iran.

- Port: 5038
- Username: admin

Configuration should be as follow:

constraint phoneServer pk primary key(serverlID)

constraint phoneDevice_pk primary key (devicelD)

constraint phoneUser pk primary key (userID)
create unique index phoneUser username_ idx on phoneUser(username);

INSERT INTO jiveVersion (name, version) VALUES ('asterisk-im',

The bug is fixed! Now reboot Elastix to continue.

After rebooting, go to the Asterisk menu, general settings and click on
Add Server and make the necessary adjustments.

- Server name: name of your server which is the Host name. in this

- Server address: IP number 127.0.01

- Password: as a default is “Elastix 456"
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Asterisk-IM |

» General Settings

. Create Phone Server
Phone Mappinags

Add a connection to a new phone server.

Server Name:  |voip-iran

Server Address: [127,0.0,1

|

|

Port: [5033 ’
{ |

|

Username: admin
Password: Loooooooooo

| Cancell

Create Server

After clicking on Create Server, the server should be made and shown
with a green ball. If there was nothing after creating server, be sure that
you made a mistake in fixing bugs and rebooting the system. If it was
created but it was shown with a gray ball, so probably registering on
Asterisk is the problem. Once more check your server settings,
especially the password. To ensure that the password, Elastix456, is
correct you can check the correctness in the following file:

/etc/Asterisk/manager.conf
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Asterisk-IM |

» General Settings )
: General Settings
Phone Mappings

Use the form below to edit Phone integration settings. Changing settings will cause the plugin to be
reloaded.

[0‘ Server created successfully

‘Astelisk-lﬂ: ® Enabled O Disabled

Name Address Port Username Options
@ voip-iran 127.0.0.1 5038 admin gl
© Add Server
Configure Phone Manager
Asterisk Queue Presence: ® ves O No
Drop-down device selection: ~ ® ves © No

Now we are going to define a new user, the user that should be defined
on SPARK and registered on the server. Go to users/groups menu. As
you can see there is a default user which is admin.

Openfire 3.5.1
openfi re- Logged in as admin - Logout

w Sessions Group Chat |‘ Plugins Asterisk-1M

Users | Groups |

» User Summary

Create New User User Summary

User Search
R L Total Users: 1 — Sorted by Usermname — Users per page:
Online Username Name Created Last Logout Edit Delete
1 & admin Administrator ;l(j)q 128’ @ o

Click on Create New User.
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~ Openfire 3.5.1
Openﬁ re- Logged in as admin - Logout
Server Users/Groups Sessions Group Chat Plugins Asterisk-1M

Users Groups

User Summary

» Create New User Create User

User Search

Advaniced ider Search Use the form below to create a new user.

Create New User

Username: * |haamed |
Name: lHaamed Kouhfallah |
Email: ]haamed@voip-iran.com I
Password: * [e0ssee ]

Confirm Password: * |eesess ]

[ Create User |

Fill the necessary fields. For convenience it is better to enter your
username with small words. You will see following page after filling and
clicking on Create User.
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6 openfire

Openfire 3.5.1
Logged in as admin - Logou

Server Users/Groups Sessions Group Chat Plugins Asterisk-IM

Users | Groups
User Summary

User Options
» User Properties
Roster
Password
Lock Out
Delete User
Create New User
User Search

Advanced User Search

User Properties

Below is a summary of user properties.

0 New user created successfully.

User Properties

Username: haamed
Status: 8 (Offline)
Name: Haamed Kouhfallah
Email: haamed@uvoip-iran.com
Registered: Jun 28, 2011
Groups: Norne
[ i : ]

We have a user but if we want to connect our user with one of the
extensions of telephony system, we should make a map (in fact we want
to consider an extension for this user). go to Asterisks-IM below the

Phone Mappings.
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Server Users/Groups Sessions Group Chat Plugins Asterisk-IM
Asterisk-IM

General Settings

Phone Mappings

» Phone Mappings

Total Users: 0 — Sorted by Username - Users per Page:

Username Device Extension Caller ID Options

No User/Device Mappings

Add User/Asterisk Phone mapping

* Username: [haamed l

* Device: Select [s] or [s1P/1101

* Extension: [1101 l

Caller ID: | ]
Primary: O
LAdd | [LCancel |

* Required fields

Username: the user we already made.

- Device: defined extension in telephony system which SIP/ Protocol
is set there. You can use from the extension of the list.
- Extension: Intercalate the extension number.

The other 2 items don't need any changes. Now click on Add.
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6 Openﬁ I'E' Logged in as adm‘in - Logout

Server Users/Groups Sessions Group Chat Plugins Asterisk-IM
Asterisk-IM |

General Settings

e Phone Mappings

Q Operation completed successfully.

Total Users: 1 —- Sorted by Username - Users per Page: I 15 vl

Username Device Extension Caller ID Options

haamed SIP/1101 1101 g x )

Well we have done here. Now we should install a SPARK IM client and
test it.

9.2 Installing SPARK
As we mentioned earlier, SPARK is an IM client that you can be
registered on openfire and communicate with others exactly like Yahoo

Messenger. Receive the latest version of SPARK from this link and install
it.

http://www.igniterealtime.org/projects/spark/index.jsp

After installation you will see the first page.
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http://www.igniterealtime.org/projects/spark/index.jsp

® SPArK it vessenge

Username [haamed Ib

Password loooooo I
Server (21012033 |

A save password

b Auto login

Accounts Advanced Login

Enter username and password, for server also enters IP of your
telephony system and then login.

At first go to menu contacts and add others with their users. Of course
other side should allow to be added. You can have conference with this
program, exchange the file and more other features. It is a very

exciting service for any company, I hope enjoy.
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Spark Contacts Actions Help
haamed
© Online ¥

¥V offline group
samira
zizi
¥ Unfiled
There are no online contacts in this group

s Contacts | % Conferences |

I& Search for other people on the serl q
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10. RoomX Module
10.1 Configuration

e General
Setting operating mode.

Operating Mode : | qotg) -

Here, you could select 2 operating mode. (Hotel, and Hospital). Today,
only one operating mode is enable.

Functions

Locked when Check Out: [7
Calling between rooms : |7

Room must be clean: [7

e Functions
You could select 3 basic functions in RoomX application.

Locked when checkout. When the room will billed, this room will
locked. So impossible to calling a number.

Calling between rooms: When checked, the room is able to call
another room, but only if this room is included into the same group as
the called room.

Room must be clean: The room appear into the list of available room
only if the room is cleaned. Else, the room will not appear into this list.
However, this room could appear if you need to make a booking about
this room.

Company.
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Company

Logo : I Parcourir

e
ROOM

Company : Horel California
56 Route de Wannes
56400 La Foche Eernard
Tel : (33)2937565656
Enmail:

hotel.californiaforange. fr

Mail : |3 drming@exarnple.com

You can customize your company header, like the logo (png, or jpg file
extension), the company address, and the professional mail of company.

¢ RoomX Dial Plan

PoormnX Dial Blan
Mini-bar Prefix : 37

Room Clean Prefiz : *30

Reception : 100 #

You can customize or change the prefix of each RoomX function. 3 Prefix
exist right now.

Mini-bar, is able to add some drinks on the room, and will used during
the billing. When the chambermaid will cleaned the room, she could
check the mini-bar and enter all drink used by the guest.

Eg: ¥37122%*
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(1 could be a Coca, and 2 could be a Whiskey). So 1 Coca and 2
Whiskey, total 3 drinks.

Room Clean Prefix will used when the room will cleaned by the
chambermaid.

Reception is here to giving a phone number to the reception..

Tax
Y.AT1: 19.60

Y.ATZ2: C S0

e Tax

Two tax values can be entered. The first value is used by the outbound
calls during the billing.

10. 2 Models
e Model List

First Previous {1 - 2 of 2) Mext |~ Last
Delete | Models | Prices | Additional Guest | ¥.A.T

Simple 60.00 0.00 19.60 %

Double 100,00 10.00 19.60 %

First Previous {1 - 2 of 2) Next [ Last

Models display all models already recorded into RoomX configuration.
You could delete a room or more just selecting the checkbox at left of

FOwW.

e Add Model
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ES] Add Model
Save Cancel * Required field

Model: & Price: = Additional Guest: = vaAT: 19860 (="

Before to add any room, you must create some models to putting them
on each room.

Just putting a model with its price, and why not, enter a price to
additional guest if you want, and select the V.A.T used by this room. (2
V.A.T. are enabled).

= Add Room m

Save Delete Cancel * Required field

Search:  Ewtension |» showr

First Prewvious (1 - 3 of 3) Next » Last

Room | Extension | Name | Model

=l

10z Chambre 102 Simple =

=

101 Charmnbre 101 Double =

[} 100 Accueil Double |«

First Previous (1 - 3 of 3) Next ™ Last

e Add Rooms

With this module, you can select the rooms that you want from Freepbx,
and into each line, select the type model for room. Don't forget, try to
prepare a good list of name for each room. (eg: room 100, room
101..etc). This name will be used by RoomX if no name is entered.

10. 3 Mini-Bar
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EE] Mini Bar
Save Cancel
Digits Products Prices without VAT VAT for every products : | 15,60 [+
1: Coca 2,00
2: |sprite 2.00
3 wittel 1.00
0.00
0.00
Q.00
0,00
0.00

0.00

= L=} @ ~l =] t &

0.00

This menu affecting a product on each key with its price. You can enter
10 different products on this module.

2 V.A.T can be selected.

When the chambermaid check a mini-bar, she dials the prefix (*37 by
default) and presses the number of product used. The entering is ended
by the * key. If the # key is pressed, all products will not billed.

10. 4 Checking
Check In y

ES] Check In
Save Carncel Al rooms * Required fisld
Room: MNoO Room! = Date: ] Date Checkout: @ Booking:

Last Name: * First Name: w Additional guest: Check

Address:

CP: City:
Phone: Mobile:

Mail: Fax:

You can making a checking with this menu. You can see some fields to
enter different values.

Room, displays all available rooms into this list, and all cleaned room (if
this options is enabled or not into config parameters).
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Date, it's the Checking date ( the current date by default).

Date Checkout, is needed to have a reference in the case where
another room will booked. This information is not used for the billing.

Of course, you must enter a last-name and first-name to making a
checking.

This first part is required and needed to making a checking. The others
fields below are facultative.

However, only one field is needed in the case where you want to sending
the billing by mail. In this case, you must enter this field. (mail). No
billing will sent by fax yet.

If you want to make a booking, you must click on Booking and why not,
maybe click on

Alreems | to have the full list of rooms (free and not cleaned).

When no room are into the list, check if all rooms are cleaned and
available. If it's done, then your hotel is full.

10.5 Room List

o Export v First ~ Previous {12 of ) Next ~ Last

Name | Room Name | Extension | Model | Group | Free | Clean | Mini bar | DND

Danard Franck Chambre 101 101 o Dauble x x
First Previous (1- 2 af 2) Next ™ Last

You can see the room's status currently in your hotel. The guest name,
the room name, if it's free or busy, cleaned or not. If the guest used the
mini-bar or not. If the room is on DND status or not ( Do Not Disturb ).
And you can see if the room is included in a group or not.

If the phone device is a SIP phone, you can know if the phone is
connected or not. In this case, you have a small yellow triangle beside
the phone number.
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10. 6 Group List.

=] Add Group
Save Cancel

Mame:

Chambre 101

Rooms:

Here, you can see all group already existing, and you can add lots of
rooms into a group in the same time. Just selecting several rooms
maintaining the [shift] key and click on the rooms that you want.

10. 7 Checkout
Checkout n

2 CheckoOut
Save Cancel * Required field

Room: Chambre 101 |= Group: Mo Group |= Paid: [} Details: [ Sending by mail: [}

You can do 2 types of checkout. A classic checkout by room, and a
checkout by group.

Checkout by group will take all room in group, and will make the

Paid: [ I

checkout, room by room.

If paid is checked, the billing is paid by the guest, else, this billing is
taken like not paid.
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Details: [] I

Sending by mail: [} |

If you want to have all calls details for the room, check this box.
If you want that guest receive its billing by mail, check this box.

When you click on save button, these information will appear:

Checkout done

A

WARMNIMNG 111!
The phone in this room is unreachable,
Going werify this room to see if the phone still there,

If the phone is unconnected, you could see this information:

Else, you will have only:

Checkout done |

0 Callis) Total : 229.20 £ Display |

Next, you will there information below:

Click on display to see the billing, and you could print this billing by the
way.
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Billing at Wed 30 Nov 2011 Number : 4220111130

€
Room

Hotel California

56 Route de Vannes

56400 La Roche Bernard

Tel : (33)297565656 Danard Franck
Email: hotel.californiai@orange fr

Sale
Service Q.T. PUHT VAT Price
Mights with room Deuble 2 100.00€  3920€ 239.20£
Total
HT- Z0000€
VAT - 3920£

Total -  233.20€

10. 8 Billing Report

| & Biling report n

| save | | cancel |
Search: Checkin Date  |» | show |
o Export v M4 First 4 Previous (21 - 25 of 25) Mext » Last |4
Checkin Date | Checkout Date | Room | Guest | Paid | File
2011-09-12 10:28:23 2011-09-12 10;29:59 Chambre 101 Franck Danard |
2011-09-1Z 10:30:58 2011-09-127 10:48:40 Chambre 101 Franck Danard D
2011-09-19 10:39:16 2011-09-12 10:438:40 Chambre 101 Franck Danard il
2011-09-12 10:47:58 2011-09-12 10:45:40 Chambre 101 Franck Danard |
2011-10-14 05:57:15 2011-11-30 05:17:39 Chambre 101 Danard Franck |

M First 4 Prewious (21 - 25 of 25) Mext ™ Last [

When a guest will paid its billing, then you could check the paid box.

Checkin Date | Checkout Date | Room |

Guest | Paid | File
2011-05-18 09:33:06 2011-05-18 09;41:40 Chambre 101 Karine Danard v
2011-05-18 10:15:02 2011-05-18 101615 Charnbre 101 Karine Danard v

10. 9 Booking
e Booking Status
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Booking Status m

:=| Booking Status
Save Cancel * Required field

Date Start: * Date End : *

ednesday 38 Noghursday 81 DedFriday 82 DecBaturday 83 De
0000 | 12:00 | 00200 12:00 | 0000 12:00 [ o000 12:00

Chambre 101

Here, you have all booking which currently entered into RoomX. You can
do a view between 2 dates.

e Booking List

o ExXportv First Previous (1 - 1 of 1) Mext | Last
Checkin | Canceled | Rooms |  First Name | Last Name | Additional Guest | Date Checkin | Date Checkout
[ [ Chambre 101 Karine Danard * 2011-11-30 2011-12-03

First Previous {1 -1 of 1) Mext © Last

To make a checking on a booked room, check the checking box, and if
you want to cancel a booking, check the canceled box.

e Company report

Save Cancel * Reguired field

Date Start: 2011-05-17 @ Date End: 2011-06-15 o Type of Report:  “heckin Checkout [»

M Checkin
[ checkout.

CheckIn / Out by Day

o H
T
201 -05-19 !
2011-05-20 :
2011-05-21 [
2041-05-23
[—
2o1-o5-25 [
2011-05-26
[—
2011-05-31 [
B011-06-02 ———
2011-06-11 :_

‘ .
F— 5 = 5 8 @ 8 = 7 z 8 ¥ 5 8 3 = PR
F 3 3 3 yo& a8 3 T8 8% 8% 3 I
- b 4 I N & O S A G R Y
i % § % ¥ 888 3 LA S S S S § 8033
I3 i i I3 L d i A K
33 3 3 33 3 3 3 3 8 28 2 8 8 % 38 3 3
§ 8 ] g g8 H B 5 § § 8 8 8 F B § B F B
5 R 3 B & R B R S & B BEEREE R B 5 R B R
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You can realize some company report, like how many checking and
checkout by day between two dates.

| Save | | Cancel | * Reguired field

Date Start: | 2011-05-17  |5* Date End: | 2011-08-15 |5 Type of Report: | Sum Rooms -

Sun of Roons by Day

630

GO0

550 -
500 -
430 -
do0 -
350
00
250 -
200 -
150
100 -
50
o L L L L L L L L L L L L L L L L L L L L L L L L L L L L

mmmmmmmmmmmmmmmmmmmmmmmmmmmm
O O S SN S N N S N . S S SN, SN S A S N S B S A B
mmmmmmmmmmmmmmmmmmmmmmmmmmmmmm
A A A S S S S A S A A A A A A S S A N S A S A A A
ﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁﬁ
HHHHHHHHHHHHHHHHHHHHHHHHHHHHHH
oooooooooooooooooooooooooooooo
NNNNNNNNNNNNNNNNNNNNNNNNNNNNNN

Sum Rooms, mini-bar, calls, and billings.

(The details will coming soon with the next versions)

10. 10 Home

Potentially full BiSiss
‘ =] Home
| R (
RoomX
The Hotel module for Elastix .
Version : 0.9-13-86.
Rooms Free: 1 Rooms Busy : 1 1 Booking Today Number of Rooms : 2

On the Home page, you can see some information directly on this page.
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How many available rooms (rooms free), or not (rooms busy), if you
have some booking today, the total rooms, if your Hotel is full or
potentially full (caused by the booking).

If there's a booking today, just click on the button to going to booking
menu directly.
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11. Asterisk AGI Programming

11.1 What is AGI?

The Asterisk Gateway Interface, or AGI, provides a standard interface
by which external programs may control the Asterisk dialplan. Usually,
AGI scripts are used to do advanced logic, communicate with relational
databases (such as PostgreSQL or MySQL), and access other external
resources. Turning over control of the dialplan to an external AGI script
enables Asterisk to easily perform tasks that would otherwise be difficult
or impossible.

Asterisk AGI enables an IVR developer to develop IVR structures that
are sometimes, bordering on the absurd, as applications tend to become
more and more complex by using AGI. However, there are some
scenarios where common dialplan practices are no longer applicable, and
the use of an external logic is a must.

11.2 Calling an AGI Script from the Dialplan

In order to work properly, your AGI script must be executable. To use an
AGI script

inside your dialplan simply call the aAGI () application, with the name of
the AGI script.

You can do it by adding your code to extensions_custom.conf file in
/etc/asterisk

as the argument, like this:

include => test

[test]
exten => 123,1,Answer ()

exten => 123,2,AGI (agi-test.agi)
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AGI scripts often reside in the AGI directory (usually located

in /var/lib/asterisk/agi-bin), but you can specify the complete path
to the AGI script.

11.3 AGI, EAGI, DeadAGI and FastAGI
In addition to the AGI () application, there are several other AGI
applications suited to

different circumstances. While they won't be covered in this chapter,
they should be

quite simple to figure out once you understand the basics of AGI
scripting.

The EAGI () (enhanced AGI) application acts just like AGI () but allows
your AGI script

to read the inbound audio stream on file descriptor number three.

The DeadAGI () application is also just like xc1(), but it works correctly on
a channel

that is dead (i.e., a channel that has been hung up). As this implies, the
regular AGI ()

application doesn’t work on dead channels.

The FastAGI () application allows the AGI script to be called across the
network, so that

multiple Asterisk servers can call AGI scripts from a central location.

In this chapter, we’ll first cover the sample agi-test.agi script that comes
with Asterisk

(which was written in Perl), then write a weather report AGI program in
PHP, and finish
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scripting:

up by writing an AGI program in Python to play a math game.

- To get a list of available AGI commands, type show agi at the Asterisk
command-line interface. You can also

refer to Appendix C for an AGI command reference.

11.4 AGI scripting frameworks

As with any other open source project, the number of frameworks
built for the development of AGI scripts is amazing. Considering the fact
that the AGI language consists of less than thirty different methods, the
existence of over thirty different scripting frameworks is amazing.

The following list contains some of the more popular frameworks for AGI

Language

Framework

URL

Asterisk PERL

PERL . http://asterisk.gnuinter.net/
Library
http://sourceforge.net/projects/phpagi/
PHP PHP-AGI
http://py-asterisk.berlios.de/py-
Python py-Asterisk asterisk.php
http://www.open-tk.de/libagiNow/
C libagiNow
http://qundy.org/asterisk
NET MONO-TONE
JAVA Asterisk-java http://www. asterisk-java.org
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http://asterisk.gnuinter.net/
http://asterisk.gnuinter.net/
http://sourceforge.net/projects/phpagi/
http://sourceforge.net/projects/phpagi/
http://py-asterisk.berlios.de/py-asterisk.php
http://py-asterisk.berlios.de/py-asterisk.php
http://www.open-tk.de/libagiNow/
http://www.open-tk.de/libagiNow/
http://gundy.org/asterisk
http://gundy.org/asterisk

11.5 The ten rules of AGI development
Rule #1: An AGI script should terminate as fast as possible

First-time AGI developers tend to develop their entire application within
an AGI script. As you develop your entire application within an AGI
script, you may gain the power of the scripting language, but will incur a
cost of performance. Always make sure that the AGI scripts that you
develop terminate their execution as fast as possible, returning to the
dialplan as fast as possible. This concept dictates that each AGI script
being run should behave quickly as an atomic unit—hence the name
"Atomic AGI".

Rule #2: Blocking applications have no place in AGI

As a direct continuation to rule #1, you should never execute a blocking
application from within an AGI script. Initiating a blocking application
from within an AGI script will make your Asterisk environment explode
slowly. Why is that? Because for every blocking application that you run
from within the AGI script, you will have both your AGI script and the
blocking application running for the duration of the block. Imagine that
you were to initiate the Dial application from within an AGI script, and
the call created would last over thirty minutes. For those thirty minutes,
your AGI script is still active. This isn't much of a problem when dealing
with small-scale systems. But when trying to run 50 concurrent scripts,
be prepared for failure.

Blocking applications include the following: Dial, MeetMe, MusicOnHold,
Playback (when dealing with long playbacks), Monitor, ChanSpy, and
other applications that have an unknown execution duration.

Rule #3: Asterisk channels are stateful—use them

An Asterisk channel, once operational, is like a big bucket of information.
Channel variables can be used to carry information from your AGI script
to the dialplan and back. The variables remain as part of the channel
until the channel is terminated, when memory is then freed.
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Using this "bucket" enables you to carry variables and information
obtained via an AGI script and then pass these to an application in the
dialplan. For example, imagine that you are developing a pre-paid
platform. A decision on the call timeout is taken via an AGI script.
However, the actual dialing of the call is performed from the dialplan
itself.

Rule #4: AGI scripts should manipulate data—no more

Most developers tend to think of AGI scripting as a functional unit,
meaning that they enclose multiple functionalities into the AGI script.
While AGI is fully capable of performing telephony functionality, it is best
to leave this functionality to the dialplan.

Utilize your AGI script to set and reset channel variables and
communicate with out-of-band information systems. The concept of
allowing out-of-band information flow into Asterisk's operational flow of
channel, enables new functionality and possibilities. Not all logic should
be handled by your AGI script. Sometimes, it is better to use the AGI
script as a data conduit, while letting an external information system
handle the data manipulation.

Rule #5: VM based languages are bad for AGI scripting

Virtual machine based programming languages are bad for AGI scripting.
Putting aside the rules #1 and #2, imagine that your application is built
using an AGI script using the Java programming language. If you are
familiar with Java, you most probably know that for each program that
you execute using Java, a full Java virtual machine is invoked.

While this practice may seem fairly normal for information systems,
Asterisk and IVR development vary. Imagine that our system is required
to handle a maximum number of 120 concurrent channels, which means
that the maximum number of concurrent AGI scripts will be 120.
According to this concept, our Java environment will be fully invoked for
each of these 120 instances. In other words, too many resources are
being used just for the VM.
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If you really feel that you want to develop AGI scripts using Java,
FastAGI is the way to go for you.

Rule #6: Binary-compiled AGI is not always the answer

While evaluating rules #1, #2 and #5, we can't but reach an almost
immediate conclusion that we need to have our AGI script binary
compiled. While in terms of efficiency and performance, a binary
compiled AGI may provide better performance, the time required to
develop it may be longer. In some cases, scripting languages such as
PHP, PERL, and Python may provide near-similar performance at a lesser
cost.

Also, when using binary compiled AGI scripts, you are always in charge
of the memory allocation and cleanup. Even the most experienced
developer can commit errors while dealing with memory allocation, so
binary compiled AGI need not be the solution always.

If your system truly requires the performance edge of a binary compiled
AGI, we encourage you to develop a prototype using a scripting
language. Once you have your prototype working, start developing your
binary version.

Rule #7: Balance your scripts with dialplan logic

While evaluating rules #1, #2 and #4, we must keep in mind that
developing IVR systems with Asterisk resembles a high-wire balancing
act. The fine art of balancing your dialplan with AGI scripts proves to be
a powerful tool, especially when developing complex IVR systems.

Many developers tend to externalize functionality from the dialplan into
AGI, while the same functionality can be achieved by writing dialplan
macros or dialplan contexts. Using Asterisk's branching commands
(goto, gotoif, exec,, execif, gosub and gosubif) can easily remove
redundant AGI code, passing the control from the AGI back to the
dialplan.

Rule #8: Balance your scripts with web services
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When evaluating rule #4, one may ask: "What is an out-of-band
information system?" We shall explain now. Most Asterisk developers
tend to develop their systems with the data information system—either
embedded into their Asterisk server or communicating with an
information system installed on the same server with the Asterisk
server.

While, for small systems, this proves to be both efficient and economic,
when developing a high-end system that requires scalability and
redundancy, this methodology proves to be counter-productive. One of
the methodologies (although many others exist) for interconnecting
Asterisk with an out-of-band information system is web services.
Communication to the web service is performed via AGI; the web-
service protocol—you can use your favorite one.

The choice of protocol isn't that important, as almost any protocol type
used for web services would do. Be it SOAP, WSDL, XML-RPC, WDDX or
any other, take your pick, and the performance and scalability should be
similar in any of these.

Rule #9: Syslog is your friend—use it

Every developer knows that using log files for debugging and monitoring
purposes is a must. Be it for using a binary compiled AGI or a scripting
language based AGI, make sure to utilize the logging facility. Trying to
debug an AGI application from within the Asterisk console, though
possible, can prove to be a tedious task. Sending log entries to a well-
formatted log can save you much time and headache.

Scripting languages, such as PHP and PERL, do not offer a direct
debugging facility, making the debugging of such AGI scripts even
harder. Using log files as a debugging point for your AGI script will prove
very useful when developing highly complex systems.

In order to make your syslog more readable, assign a self-created
unique ID to each of your calls. When writing to your log, make sure
that the unique ID appears in each log entry, so that you can trace a
specific session flow through Asterisk. Remember, an Asterisk channel is
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stateful. The unigue ID will remain as part of the channel until it is
removed from the system.

Rule #10: The Internet is for Asterisk

As bad as the following may sound, if you have a problem or an idea,
remember that someone else had almost definitely come across it before
you did. I don't want to discourage you, but actually, I want you to
make use of the multitude of Asterisk resources available on the
Internet.

The amount of information relating to Asterisk and platform
development that has been accumulated by search engines is
staggering. Over the course of the past two years, the amount of
information available has multiplied two times (at least), making it the
best source to find answers to your questions.

Asterisk user forums exist today in almost every country around the
world; in some countries, there is more than one forum. These forums
provide fast answers and professional guidance, allowing you to
concentrate on your development, instead of concentrating on obtaining
information.

11.6 AGI Commmands
* answer: Asserts answer

* asyncagi break: Break Async AGI loop (since Asterisk 1.6)
* channel status: Returns status of the connected channel

* control stream file: Send the given file, allowing playback to be
controlled by the given digits, if any. (since Asterisk 1.2)

* database del: Removes database key/value
* database deltree: Removes database keytree/value
* database get: Gets database value

* database put: Adds/updates database value
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* exec: Executes a given Application. (Applications are the functions you
use to create a dial plan in extensions.conf ).

* get data: Gets data on a channel

* get full variable: Gets a channel variable, but understands
complex variable names and built-in variables. (since Asterisk 1.2)

* get option: Behaves similar to STREAM FILE but used with a timeout
option. (since Asterisk 1.2)

* get variable: Gets a channel variable

* hangup: Hangup the current channel

* noop: Does nothing

* receive char: Receives one character from channels supporting it
* receive text: Receives text from channels supporting it

* record file: Records to a given file

* say alpha: Says a given character string (since Asterisk 1.2)

say date: Say a date (since Asterisk 1.2)

say datetime: Say a formatted date and time (since Asterisk 1.2)
* say digits: Says a given digit string

say number: Says a given number

* say phonetic: Say the given character string.

say time: Say a time

* send image: Sends images to channels supporting it

* send text: Sends text to channels supporting it

* set autohangup: Autohangup channel in some time
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* set callerid: Sets callerid for the current channel
* set context: Sets channel context
* set extension: Changes channel extension

* set music: Enable/Disable Music on hold generator, example "SET
MUSIC ON default"

* set priority: Prioritizes the channel

* set variable: Sets a channel variable

* speech activate grammar: Activates a grammar (since Asterisk 1.6)
* speech create: Creates a speech object (since Asterisk 1.6)

* speech deactivate grammar: Deactivates a grammar (since Asterisk
1.6)

* speech destroy: Destroys a speech object (since Asterisk 1.6)

* speech load grammar: Loads a grammar (since Asterisk 1.6)
speech recognize: Recognizes speech (since Asterisk 1.6)

* speech set: Sets a speech engine setting (since Asterisk 1.6)
speech unload grammar: Unloads a grammar (since Asterisk 1.6)

* stream file: Sends audio file on channel

* tdd mode: Activates TDD mode on channels supporting it, to enable
communication with TDDs.

* verbose: L0gs a message to the asterisk verbose log
*wait for digit: Waits for a digit to be pressed

Note: When Asterisk starts an AGI script, it feeds the channel variables
to the script on standard input. The variable names are prefixed with
"agi_" and are separated from their values by a colon and a space.
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Though the actual channel variables may be in the upper case, the
names passed to an AGI script are all lower case. Global variables are
not passed to the AGI script in this manner.

* agi_request - The filename of your script

agi_channel - The originating channel (your phone)

agi_language - The language code (e.g. "en")

agi_type - The originating channel type (e.g. "SIP" or "ZAP")

agi uniqueid - A unique ID for the call

agi version - The version of Asterisk (since Asterisk 1.6)
agi_callerid - The caller ID number (or "unknown")

agi_ calleridname - The caller ID name (or "unknown")
agi_callingpres - The presentation for the callerid in a ZAP channel
agi callingani2 - The number which is defined in ANI2 see Asterisk
Detailed Variable List (only for PRI Channels)

* agi_callington - The type of number used in PRI Channels see
Asterisk Detailed Variable List

* agi_callingtns - An optional 4 digit number (Transit Network
Selector) used in PRI Channels see Asterisk Detailed Variable List

* agi_dnid - The dialed humber id (or "unknown")

* agi_ rdnis - The referring DNIS number (or "unknown")

agi_ context - Origin context in extensions.conf

agi_extension - The called number

agi_ priority - The priority it was executed as in the dial plan
agi_enhanced - The flag value is 1.0 if started as an EAGI script, 0.0
otherwise

* agi_accountcode - Account code of the origin channel

* agi threadid - Thread ID of the AGI script (since Asterisk 1.6)

X ¥ X %X ¥ X % ¥ X

* X X ¥

Using the "get variable" AGI command to get values above.

11.7 simple PHPAGI example
at first make extension 888 in extension_custom.conf like this
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include => test

[test]

exten => 85,1,Answer

exten => 85,n,Wait (2)

exten => 85,n,AGI (test-php.php)
exten = 85,n,hangup ()

secondly make your test.php file in this path /var/lib/asterisk/agi-bin
and don't forget to give it execution permission.

#!/usr/bin/php -9

<?

set time 1limit (30);

require ('include/phpagi.php');

error reporting(E ALL);

Sagi = new AGI();

Sagi->answer () ;

$agi->stream file ("demo-congrats","#");

do

{
$agi->stream file("enter-some-digits","#");
$result = Sagi->get data('beep', 3000, 20);
Skeys = S$result['result'];
S$agi->stream file("you-entered","#");
$agi->say digits (Skeys);

} while(Skeys != '"111");
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Sagi->hangup () ;

2>
Now reload asterisk and call 888 from your extension.

11.8 Interact with MySQL inside PHP-AGI

The following AGI retrieves asterisk extensions from Asterisk database in
MySQL and displays them as verbose.

#!/usr/bin/phpb5

<?php

set time 1limit (30);

require ('phpagi.php');

error reporting(E ALL);

$agi = new AGI();

mysqgl connect ('localhost', 'root', 'SmartPBX"') ;
Sagi -> verbose ('connection set');

mysgl select db('asterisk');

$sql = "select extension, name from users";

Sagi -> verbose($sqgl);

Sresult = mysgl query($sql);

ElastixEasy by Haamed Kouhfallah




while (Srow = mysqgl fetch assoc(Sresult))
{

Srows = "Ext # :{Srow['extension']} " . " *x*x* Kok ok
"Name : {Srow['name']}";

$agi->verbose ($rows) ;
}
mysqgl close();

?>
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12. Tips and tricks

12.1 connecting 2 servers of Elastix together
It is possible to connect two servers with different ways, the easiest and
most reliable way is connecting with IAX protocol. The following will
express how to define this relationship. The first step in the trunk of
IAX2 is drawing a picture from whatever you need. Here we have a
simple connection between two PBX, for convenience name them 101
and 106 (according the IP of two PBX).

All the extensions of PBX 101 start with 1xxx and all the extensions of
PBX 106 start with 3xxx.

This is good for creating outbound route.

PBX 101 PBX 106
192.168.1.101 192.168.1.106
IP Phone PC ‘
Extensions 1xxx Extensions 3xxx
PBX PBX
Ext 1001 . ':;;‘g;"
X
PBX 101 Trunk it

PBX 106 Trunk

Configuration Configuration

106-Peer IAX2 Trunk
Outbound 106-Peer 2 Inbound 101-user

101-Peer IAX2 Trunk
Inbound 106-user € Outbound 101-Peer

Trunks of IAX2 are named according to their destinations and are shown
with arrows.

There is information for configuration in two sides of PBXs, as it is shown
in PBX 101 it is needed to have outbound trunk which is peer-106 and
user-106. Similarly, in PBX 106 some information for configuration is
needed for having an outbound trunk with peer-101 and user-101.
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We start by having a trunk when both PBX have IAX2 trunk, we define
outbound route.

e Setting trunks of IAX2
IAX2 trunk in PBX101 & PBX106

A. Select add trunk in main menu of FreePBX

PBX Configuration | Operator Panel | Voicemail = Monitoring | Endpoint Configurator | Conference

Basic
Extensions Add a Trunk
Feature Codes
General Settings @ Add SIP Trunk
Outbound Routes
- @ Add DAHDI Trunk
runks
Inbound Call Control @ Add Zap Trunk (DAHDI compatibility mode)
Inbound Routes
Zap Channel DIDs = @ Add IAX2 Trunk
Announcements i
———— © Add ENUM Trunk

CallerID Lookup Sources © Add DUNDi Trunk
Day/Night Control

Follow Me @ Add Custom Trunk
IVR

Queue Priorities

B. Select add LAX2 Trunk
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elastix

EODM TO COSMUNIOATE

PBX Configuration

Basic

Extensions
Feature Codes
General Settings
Cutbound Routes
Trunks

Inbound Call Control
Inbound Routes
Zap Channel DIDs
Announcements
Blacklist
CallerID Lookup Sources
Day/Might Control
Follow Me
VR
Queue Priorities
Queues
Ring Groups
Time Conditions

Time Groups

Operator Panel

Call Center

Voicemail Monitoring Endpoint Configurator | Conference  Batch of Ex

Add IAX2 Trunk

General Settings

Trunk Name: [
QOutbound Caller ID:

CID Options: [ Allow Any CID [«]
Maximum Channels:

Disable Trunk: ["] pisable

Maonitor Trunk Failures: ["] Enable

Dialed Number Manipulation Rules

(prepend ) + prefix | ‘match pattern i

+ Add More Dial Pattern Fields Clear all Fields
Dial Rules Wizards:  |(pick ene) [l

Outbound Dial Prefix:
Outgoing Settings

C. Don’t change anything, in Outgoing Settings for configuration of

PBX 106 and PBX 101 do as follow:

ELASTIX-SERVER1(192.168.1.101)
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Trunk Name: 106-TAX
PEER. Details:

ho=st=1592.168.1.10&6
unsername=101-I4Xu=ser

secret=101-IAXpassword
type=peer
qualify=yes

Incoming Settings

USER Context: 106-IAXuser
USER Details:

secret=106-IAXpassword
CYVpe=user
context=from-internal

Registration

ELASTIX-SERVER1(192.168.1.106)
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Trunk Name: 101-IAX
PEER Details:

host=192.168.1.106
username=106-IAXus=ser
secret=106-I8Xpassword

type=peer
qualifyv=ves

Incoming Settings

USER Context: 101-IAXuser
USER. Details:

secret=101-I&Xpassword
LYpe=user
context=from-internal

Registration

D.Outgoing setting will be configured by basic information that is
destination of IAX user.

Configure outgoing settings and incoming settings in PBX 101.
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Outgoing Settings:
*Trunk Name: 106-IAX it can be any name.

*192.168.1.106:host__ it is the name of domain or address of
destination trunk.

*username=101-IAXuser it is LAX2 user which is made in destination
PBX.

*secret=101-IAXpassword password used for confirming the trunk
connection in destination PBX.

*type=peer kind of LAX2 connection. This connection is from one PBX
to another PBX.

*qualify=yes it register connection with the destination.

Incoming Settings:
*user context: 106-IAXuser it can be any name.

*secret=101IAXpassword password used for confirming the trunk
connection in destination PBX.

*type=user kind of IAX2 connection. Peer is confirmed by user account.

For configuring the outgoing settings and incoming settings in PBX106
follow the configuration in image.

E. Click on submit, update and reload it. And check it with webmin or
other management softwares. File of / etc/Asterisk/iax-
additional.conf in PBX101 should be configured as follow:
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; do not edit this file, this is an auto-generated file by freepbx
; all modifications must bhe done from the web gui

[106-peer]
host=192.1658.1.106
username=101-user
secret=1234
type=peer
qualify=yes
trunk=yes

[106-user]
secret=1234
type=user
context=from-trunk

And file of /etc/Asterisk/iax-additional.conf in PBX106 as below:

; do not edit this file, this is an auto-generated file by freepbx
; all rmodifications must be done from the web guil

[101-peer]
host=192.1658.1.101
username=106-user
secret=1234
type=peer
qualify=vyes
trunk=yes

[101-user]
secret=1234
type=user
context=from-trunk

[3002]
F. Go to the next level and test the trunks of IAX2
e Testing the trunks of LAX2:

Go to Asterisk console for testing the trunks (CLI), you can do it with
several ways.

v' Through console of PBX
v' Through doing SSH by using Putty SSh
v' Through FreePBX/Webmin SSH

Enter the following command in Linux.
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root@pbx~$ Asterisk —rvv
(One r & two v)

In Asterisk click on command of iax2 show peers.

2008 Digium, Inc. and others.

; type 'core show warranty' for detail
software, with components licensed under the GHNU General Public
1 are welcome to redistribute it under

1se! for details.

: nf': Found
1 currently running on phx (pid = 2753)

558.1.106 (3)
558.1.108 (D)
online, 0 offline, 0 unmonitored]

UK (1 ms)

Above image shows the connections of PBX 101 IAX peer. Pay attention
to its important parts:
v Above image shows that peer-106 is connected by user-101

v' Status should be ok, change it if it was something else.
v Client of 1002 and IAX2 are connected and are 2 high peers.
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3 Digiwm, Inc. and others.

¥:; type 'core show warranty' for detail

you are welcome to redistribute it under

OK (1 ms)

OK (1 ms)

online, 0 offline, 0 unmonitored]

Above image shows the connection of PBX 106, IAX2 peer. The
important parts are:

Above Image shows that peer-101 is connected by user-106

v' Status is ok, check the setting if it was something else.
v Client of 3002 of IAX is connected.
v And 2 peers are online.

Next stage is definition of outbound route for PBX 101 & PBX 106.
e Setting outbound routes

There are 2 options for setting the outbound routs: Direct call to the
extension or entering number 7. Both will be described.

Outbound routs in PBX 101

There are 2 ways for outbound routes, select one of them and start with
outbound route in the menu.
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PBX 101
Add Route

Route Name:

Route Password:
Emergency Dialing: I
Intra Company Route: ™

106-dial3xx

Music On Hold? | default v|
Dial Patterns
Ixxx
Clean & Remove duplicates

Dial patterns wizards: | (pick one) =]
Trunk Sequence

| 1Ax2/106-peer ||

I |

Submit Changes

First_ calling directly to the extension, PBX101&PBX106

PBX 106
Add Route

Route Name:

Route Password:
Emergency Dialing: I
Intra Company Route: ™

101-dial-1xox

Music On Hold? Idefault v|
Dial Patterns
1xXXX
Clean & Remove duplicates

Dial patterns wizards: | (pick one) =]
Trunk Sequence

1Ax2/101-peer [¥]

I K

Submit Changes

Rules of outbound allow PBX 101 call the extensions of PBX 106 directly.
For example for calling to extension 3001, dial 3001,PBX 106.and also
rules of outbound allows pbx 106 to call directly to extensions of
PBX101. For example for calling to extension 1001, dial 1001,pbx 101.
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PBX 101 PBX 106
Add Route
Add Route

Route Name: 101-dial-7ext
Route Password:

Emergency Dialing: T

Intra Company Route: ™

Route Name; 106-dial7ext
Route Password:

Emergency Dialing:. I

Intra Company Route: I

Music On Hold? oot 5 Music On Hold? Idefault vl
Dial Patterns Dial Patterns
HE L
Clean & Remove duplicates Clean & Remove duplicates
Dial patterns wizards: | (pick one) 2 Dial patterns wizards: | (pick one) |
Trunk Sequence Trunk Sequence

[ 1a%2/106-peer x|

| #

|IA><2,-"1 01-peer zl

| =

Submit Changes
Submit Changes

Configure these in PBX 101:
*route name: 106-dial7ext_ it can be anything
**|7_ shows that everything after 7 will be forward to destination trunk.

*trunk sequence: IAX2/106-peer_ this trunk is made for going to the
PBX 106.

Configure these in PBX 106:
*route name: 101-dial7ext: can be anything.

**|7_ shows that everything after 7 will be forwarded to destination
trunk.

*trunk sequence: IAX2/101-peer_ this trunk is made for going to the
PBX 101
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You should send IAX or POST to peers of each PBX from any SIP
extension.

You can check status of online phones, trunks through FreePBX window.

Internal calls 0

FreePBX Connections

In making trunk, there is no limitation in number of channels that can
use trunk. In above window, 6 channels were connected in 3 connections
through a trunk of IAX2. Three IP phones, two IAX2 s100i POSTS
attached to adaptors of IAX2 and a FXS pots phone.

12.2 Video call on Elastix

Powered by Xten
o -
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For having video call on Elastix you should do following configuration. Go
to this link. Open the file of “sip_general_additional.conf” for edit. If
there was no file, make it: “vi /etc/Asterisk/sip_general_additional.conf”

Add this configuration:
Videosupport=yes
Maxcallbitrate=384
Allow=h261
Allow=h263
Allow=h263p

Allow=h264
And reload it with this command:
Asterisk -rx "module reload”

in freePBX version 2.7 you can set it easily from graphical environment.
So go to Elastix menu, PBX configuration and click on sub menu of
Unembedded FreePBX to enter freepbx program. Then go to Tools, sub
menu of Asterisk SIP setting or Asterisk IXA setting and enable the video
support.

Video Codecs

Video Support @ Enabled © Disabled
h264 h263p h263 [C] h261
Max Bit Rate 384  kbis

MEDIA & RTP Settings

Some of softphones that supports video are listed:

Bear in mind that you should activate video support on any softphone
you use.
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software url platform

Ekiga http://www.ekiga.org Linux

Adore http://www.adoresoftphone.com/softphones/soft Window
Video phone-video.html s

Eyebeam http://www.counterpath.com/index.php?menu= Window
Products&amp;smenu=eyeBeam S

Bria 2.0 http://www.counterpath.com/index.php?menu= Window
Products&amp:;smenu=bria S

12.3 Limiting the conversation time
A way for limiting and categorizing the extensions is using custom-
context module which will be explained later. But it’s using has trouble
because of the complexity. Now if you want to limit time of conversation
for all the user you can use this trick. Go to PBX, PBX configuration,
General setting and add L(3600000:300000) in Asterisk outbound dial
command options.

Your configuration will be like this:
trL (3600000:300000)

The above command is L (x:y). x is the time allowed for conversation in
milliseconds and call will be terminated in this time and y is remaining
time of the call for announcing the warning for disconnecting it. In fact
this example means that a call will be terminated in 60 minutes and
5minute remaining to the end of the call, a warning announced. For
more information see the following reference.

http://www.voip-info.org/wiki/view/Asterisk+cmd+Dial

12.4 put your Asterisk server behind NAT
e Manually: it is possible that you want to enter your extensions on
internet and be registered on your server. Maybe you don’t have
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valid IP and put your server behind NAT and you should have
access to internet through that sever. In this case you should have
some configuration on your Asterisk to operate properly behind
NAT and with valid IP, extensions registered on it and contact
establish correctly.

Put these items in “sip_nat.conf” in “etc/Asterisk” branch:

nat=yes

externip=<your fixed external IP> or
externhost=<myAsterisk.freedns.com>
localnet=192.168.1.0/255.255.255.0

externrefresh=10

Extern ip is your valid ip and is map to you. If you use ADSL, it is
your modem IP. In addition, you should forward these ports to the
ip server on your ADSL modem or router.

tcp: 5060
udp: 10000-20000

e Graphical: these can be done through SIP setting in freepbx.
These features is set on freepbx from version 2.7 so go to the pbx
configuration from Elastix menu and click on unembedded freepbx
to enter the freepbx program. Then go to Tools and sub menu of
Asterisk SIP Setting and you will see this page:

FreePBX o e o s %‘i“ | 23

Setup  Tools . . English -
h Edit Settings

FreePBX System Status

Module Admin
m MAT Settings
Asterisk Logfiles

Online Support

FreePBX Support NAT @ yes @ no @ never © route
IP Configuration @ PublicIP @ StaticlP © DynamicIP
Asterisk I1AX Settings
Asterisk SIP Settings External I

Local Networks [|255.255.255.0

Asterisk AP
Asterisk CLI

Asterisk Info Auto Configure || Add Local Network Field
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All the parameters that were written in this file can be easily entered
here. Don’t forget there are always an easy way!!!!

12.5 Installing Codecs of g729 & g723
Every call that is established use a protocol to talk and a compactor
codec for compressed audio packets. It will use less bandwidth if the
packages become more compressed by codec but you will have more
processing load on the processor and the quality of voice will be less.

cd /usr/src
Service Asterisk restart

wget  http://Asterisk.hosting.lv/bin/codec g723-ast 14— icc-glibc-

pentium4.so

mv codec g723-astl4-icc-glibc-pentiumé.so/usr/lib/Asterisk/modules

chmod +x /usr/lib/Asterisk/modules/codec g723-astl4-icc-glibc-
pentium4.so

wget http://Asterisk.hosting.lv/bin/codec g729-ast 14- icc-glibc-
pentiumé.so

mv codec g729-astl4-icc-glibc-pentiumé.so/usr/lib/Asterisk/modules

chmod +x /usr/lib/Asterisk/modules/codec g729-astld4-icc-glibc-
pentium4.so

Asterisk -rx "module load codec g729-astléd4-icc-glibc-pentiumé4.so"
Asterisk -rx "module load codec g723-astléd4-icc-glibc-pentiumé4.so"
Service Asterisk restart

Sleep 2

Asterisk -rx "core show codecs

After installing the packages, you should allow the VoIP protocols use
these codecs. Add "“Allow = g729” & "“Allow = g723” to
“/etc/Asterisk/sip_custom.conf “"&” /etc/Asterisk/sip_custom.conf”.
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You can add these from graphical environment. For this go to Elastix
menu, PBX configuration and click on Unembeded FreePBX and entered
to FreePBX program. Then go to Tools, sub menu of Asterisk sip setting
or Asterisk IXA setting. You will see following page:

Audio Codecs

Codecs ulaw gsm alaw [ Ipc10
[C] speex [C] g722 [7] jpeg [C] adpcm
[l png Ol g723 [ slin [C] g726
[C] g729 [T ilbe [C] g726aal2

Non-Standard g7 26 @ Yes @ No

T38 Pass-Through @ Yes @ No

12.6 Asterisk command-line interface (CLI)
Asterisk has an environment that can be changed by some commands or
be a suitable device for controlling Asterisk. For accessing to this
environment which is called CLI, you should enter this command after
entering to Linux.

Asterisk-rvvv

A\ g/
r

means performing the environment and “v” means view details of the
system. The more the number of “v”, the more you can see details from
log of Asterisk, but for normal items, 3 “v” is enough.

In this environment you can see whatever Asterisk does like a log. In
addition, you can configure by using commands or view more details.

For seeing the list, enter the “Help” on CLI environment.

This allows you to run a command as if it was typed into the asterisk
CLI. Examples:

* sip show peers

o This displays all the known SIP devices, and their state, according to
Asterisk

* show channels
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o0 Show any channels that are in use at the moment
* soft hangup Zap/1
o Hangs up the Zap/1 channel

General commands

abort halt: Cancel a running halt

add extension: Add new extension into context

add ignorepat: Add new ignore pattern

add indication: Add the given indication to the country

debug channel: Enable debugging on a channel

don't include: Remove a specified include from context

help: Display help list, or specific help on a command

include context: Include context in other context

load: Load a dynamic module by name logger reload: Reopen log files.
Use after rotating the log files.

no debug channel: Disable debugging on a channel

pri debug span: Enables PRI debugging on a span

pri intense debug span: Enables REALLY INTENSE PRI debugging
pri no debug span: Disables PRI debugging on a span

remove extension: Remove a specified extension

remove ignorepat: Remove ignhore pattern from context

remove indication: Remove the given indication from the country
save dialplan: Overwrites your current extensions.conf file with an
exported version based on the current state of the dialplan. A backup
copy of your old extensions.conf is not saved. The initial values of global
variables defined in the [globals] category retain their previous initial
values; the current values of global variables are not written into the
new extensions.conf. (:exclaim:) Using "save dialplan" will result in
losing any comments in your current extensions.conf.

set verbose: Set level of verboseness

show agents: Show status of agents

show applications: Shows registered applications
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show application: Describe a specific application

show channel: Display information on a specific channel
show channels: Display information on channels

show codecs: Display information on codecs

show conferences: Show status of conferences

show dialplan: Show dialplan

show hints: Show registered hints

show image formats: Displays image formats

show indications: Show a list of all country/indications
show locals: Show status of local channels

show manager command: Show manager commands
show manager connect: Show connected manager users
show parkedcalls: Lists parked calls

show queues: Show status of queues

show switches: Show alternative switches

show translation: Display translation matrix

soft hangup: Request a hangup on a given channel
show voicemail users: List defined voicemail boxes
show voicemail zones: List zone message formats

Server management

restart gracefully: Restart Asterisk gracefully, i.e. stop receiving new
calls and restart at empty call volume

restart now: Restart Asterisk immediately

restart when convenient: Restart Asterisk at empty call volume

Note: Restart is more like a reload, not a real restart it just runs the
reload routines (thus open ports are not closed). Often you don't need to
really restart asterisk, instead just e.g. 'unload chan_sip.so' and 'load
chan_sip.so'.

reload: Reload configuration

stop gracefully: Gracefully shut down Asterisk, i.e. stop receiving new
calls and shut down at empty call volume

stop now: Shut down Asterisk immediately
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stop when convenient: Shut down Asterisk at empty call volume
extensions reload: Reload extensions and only extensions
unload: Unload a dynamic module by name

show modules: List modules and info about them

show uptime: Show uptime information

show version: Display Asterisk version info

AGI commands
show agi: Show AGI commands or specific help
dump agihtml: Dumps a list of agi command in html format

Database handling commands

database del: Removes database key/value
database deltree: Removes database keytree/values
database get: Gets database value

database put: Adds/updates database value
database show: Shows database contents

IAX Channel commands

iax2 debug: Enable IAX debugging

iax2 no debug: Disable IAX debugging

ilax2 set jitter: Sets IAX jitter buffer

iax2 show cache: Display IAX cached dialplan
iax2 show channels: Show active IAX channels
iax2 show peers: Show defined IAX peers

iax2 show registry: Show IAX registration status
iax2 show stats: Display IAX statistics

iax2 show users: Show defined IAX users

iax2 trunk debug: Request IAX trunk debug
iax debug: Enable IAX debugging

iax no debug: Disable IAX debugging

iax set jitter: Sets IAX jitter buffer
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iax show cache: Display IAX cached dialplan
iax show channels: Show active IAX channels
iax show peers: Show defined IAX peers

iax show registry: Show IAX registration status
iax show stats: Display IAX statistics

iax show users: Show defined IAX users

init keys: Initialize RSA key passcodes

show keys: Displays RSA key information

H323 channel commands

h.323 debug: Enable chan_h323 debug

h.323 gk cycle: Manually re-register with the Gatekeper
h.323 hangup: Manually try to hang up a call

h.323 no debug: Disable chan_h323 debug

h.323 no trace: Disable H.323 Stack Tracing

h.323 show codecs: Show enabled codecs

h.323 show tokens: Manually try to hang up a call
h.323 trace: Enable H.323 Stack Tracing

SIP channel commands

sip debug: Enable SIP debugging

sip no debug: Disable SIP debugging

sip reload: Reload sip.conf (added after 0.7.1 on 2004-01-23)
sip show channels: Show active SIP channels

sip show channel: Show detailed SIP channel info

sip show inuse: List all inuse/limit

sip show peers: Show defined SIP peers (clients that register to your
Asterisk server)

sip show registry: Show SIP registration status (when Asterisk
registers as a client to a SIP Proxy)

sip show users: Show defined SIP users
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Zap channel commands

soft hangup Zap/1: Hangs up the Zap/1 channel
zap destroy channel: Destroy a channel

zap show channels: Show active zapata channels
zap show channel: Show information on a channel

MGCP channel commands

mgcp audit endpoint: Audit specified MGCP endpoint
mgcp debug: Enable MGCP debugging

mgcp no debug: Disable MGCP debugging

mgcp show endpoints: Show defined MGCP endpoints

skinny channel commands

skinny debug: Enable Skinny debugging

skinny no debug: Disable Skinny debugging

skinny show lines: Show defined Skinny lines per device

CAPI channel commands

capi debug: Enable CAPI debugging
capi no debug: Disable CAPI debugging
capi info: Show CAPI info

Sirrix ISDN channel commands

srx reload: Reload channel driver configuration; active calls are not
terminated!

srx show ccmsgs: Disable / enable output of incoming callcontrol
messages.

srx show chans: Show info about B-Channels

srx show globals: Show info about global settings

srx show groups: Show info about configured groups

srx show layers: Show info about ISDN stack (Layer 1, 2, 3)
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srx show sxpvts: Show private info about active channels
srx show timers: Show info about running timers

vISDN ISDN channel commands (Driver which supports Euro ISDN
for HFC chipsets)

visdn reload: Reloads vISDN configuration from the
/etc/asterisk/visdn.conf file

show visdn calls: Shows active calls going through a vISDN channel.
show visdn huntgroups: Shows vISDN huntgroup information
configured correctly in visdn.conf.

show visdn interfaces: Shows configured and available vISDN
interfaces.

debug visdn generic: Enables generic VISDN debugging
debug visdn q921: Enables q.921 debugging

debug visdn q931: Enables q.931 debugging

no debug visdn generic: Disables generic vVISDN debugging
no debug visdn q921: Disables q.921 debugging

no debug visdn q931: Disables q.931 debugging

12.7 Asterisk feature codes
There are some codes on Asterisk as a default. Each of them has a
feature and you can dial them as extensions:

## - Transfer (during conversation)

70 - Park Extension

*30 - Blacklist a Number

*32 - Blacklist the Last Caller

*31 - Remove a Blacklisted Number

*72 - Call Forward All Activate

*73 - Call Forward All Deactivate

*74 - Call Forward All Prompting Deactivate
*90 - Call Forward Busy Activate

*91 - Call Forward Busy Deactivate

*92 - Call Forward Busy Prompting Deactivate
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*52 - Call Forward No Answer/Unavailable Activate
*53 - Call Forward No Answer/Unavailable Deactivate
*70 - Call Waiting Activate

*71 - Call Waiting Deactivate

** - Call Pickup (dialing another extension)
555 - ChanSpy ( hearing all the channels)

7777 - Simulate Incoming Call
666 - Simulate Incoming FAX Call
*12 - User Logoff

*11 - User Logon

888 - ZapBarge (hearing urban lines)

*35 - Email completed dictation
*34 - Perfom Dictation

*78 - Do Not Disturb Activate
*79 - Do Not Disturb Deactivate
*¥422 - Connect to Gabcast

*69 - Call Trace

# - Directory

*43 - Echo Test

*65 - Get Your Extension

*60 - Get the Time

*80 - Intercom Prefix

*54 - User Intercom Allow

*55 - User Intercom Disallow
411 - Phonebook dial-by-name directory
*99 - Check Recording

*77 - Save Recording

*75 - Set user speed dial

*0 - Speeddial prefix

*98 - Dial Voicemail

*97 - My Voicemail

12.8 Reading asterisk log files

Perhaps the most important skill required to troubleshoot is reading the
log files. Like other Linux services, asterisk writes the logs in

/var/log/asterisk
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To enable a full log you should edit the /etc/asterisk/logger.conf and
uncomment the full line. Afterwards you must run this command to
apply changes:

# asterisk -rx “logger reload”

Here are examples of tracing in logs:

cat /var/log/asterisk/full | grep ERROR

cat /var/log/asterisk/full.l | grep 9878 | grep “some text”

cat /var/log/asterisk/full|grep “user-callerid: “|grep 9899 >
/var/log/asterisk/9899.1log

cat /var/log/asterisk/full.l| grep “[22435]” > 9864.1log

tail /var/log/asterisk/full | tee log exmpl.txt

12.9 Asterisk integration with Cisco Call Manager

Laptop F Fhone

) &) b
| Clowd ]
= N [

CMECLE

Why integrate Cisco CallManager and Asterisk?

. Features: Asterisk provides features that CallManager by itself does
not.

. Migration: Allow a gradual migration from a closed source PBX to
open source PBX.

There are two ways to accomplish this:

1. Using H.323: In CCM Asterisk appears as a H.323 Gateway.
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2. Using SIP (only in CCM 4.X+)

+ Claco 311 Routm

o 08w 140002

o Call v
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Here is instruction on how to integrate asterisk with Cisco Call Manager
using SIP trunk.

Stepl) On your freePBX create a new SIP trunk and set the following
(remain the rest as is):

host=10.200.214.10
port=5063
fromdomain=10.200.214.10
fromuser=

username=

secret=

type=peer

qualify=yes
canreinvite=no

nat=no
insecure=port,invite
context=from-internal
disallow=all
allow=ulaw
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Outgoing Settings

Trunk Name: to-ccm
PEER Details:

host=ccm-IP
usernames

secrets

fromuser=
fromdomall=ccm-IP
type=peer
insecure=port,invite
qualify=8000
dtmnfmode=rfc2833

ncoming Settings

Step2) you should define your outgoing calls to cisco
Step3)

1. Open up the CallManager Administration web page.
2. Since a SIP trunk requires MTP, make sure you have one:
1. Service -> Media Resource -> Media Termination Point
2. Normally your CallManager server should appear there if you
do an empty query
3.if not, go to the CallManager Serviceabilty web page, and
activate the Cisco IP Voice Media Streaming App service
3. Select Device->Trunk from the menu.

Device User aApplication

Add a Mew Device
i oint

D th_':e Settings k-
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Select the “"Add a New Trunk” link from the upper right hand corner of
the “Find and List Trunks” page.

Add a New Trunk

Select “SIP Trunk” as the "“Trunk type” and "“SIP” as the "“Device
Protocol”. Click on the “"Next” butto

o Ui S WN

0

Add a New Trunk

Select the type of Trunk you would like to create:

Trunk type® I Trunk W
Device Protocol™® slF ad
* indicates required item et

. Enter a name in the "Device Name”. Valid characters are letters,

numbers, dashes, dots (periods), and underscores. The device
name is only used internally in Call Manager so it can be anything
you want.

. Enter a description in the “Description” field.
. Select a device pool.
. Enter the IP address of your Asterisk server in the “Destination

Address” field.

. Select "UDP” as the “Outgoing Transport Type”.
. Modify any other settings as needed for your

(CiscoCallManager|CallManager) installation.

. Click on the “Insert” button.
. Add route patterns in CallManager that send calls to Asterisk using

the SIP trunk that you just created.

Cisco Call Manager 6.1

It’ very similar to 4.1, but you must change the UDP protocol of sip in
this menu:

System > Security Profile > SIP Trunk Security Profile
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Outgoing Transport Type: UDP

Cisco Unified CM Administrabion
Vo Cone @ Urafve.

4 smasaiiies stians Salutians

e : Change This
-~ = : From TCP
to UDP

Source: http://www.voip-
info.org/wiki/view/Asterisk+Cisco+CallManager+Integration

12.10 Customized chanspy
Here is a customized chanspy. It first asks for the password and then
the extension number you want to monitor.

Add this custom extension in /etc/asterisk/extension_custom.conf

[from-internal-custom]

exten => 1234,1,Playback (demo-congrats) ; extensions can
dial 1234

exten => 1234, 2,Hangup ()

exten => h,1l,Hangup ()

include => agentlogin

include => conferences

include => calendar-event

include => weather-wakeup
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include => chanspy

[chanspy]

exten = 556,1,Authenticate (1234)

exten = 556,2,Read (SPYNUM, extension)
exten = 556, 3,ChanSpy (SIP/${SPYNUM}, q)

; end of [app-chanspy]

12.11 Tips and tricks of reading log files
Perhaps the most important skill required to troubleshoot is reading the
log files. Like other Linux services, asterisk writes the logs in
/var/log/asterisk

To enable a full log you should edit the /etc/asterisk/logger.conf and
uncomment the full line. Afterwards you must run this command to
apply changes:

# asterisk -rx “logger reload”

Here are examples of tracing in logs:

cat /var/log/asterisk/full | grep ERROR

cat /var/log/asterisk/full.l | grep 9878 | grep “some text”

cat /var/log/asterisk/full|grep “user-callerid: “|grep 9899 >
/var/log/asterisk/9899.1og

cat /var/log/asterisk/full.l| grep “[22435]” > 9864.1log

tail /var/log/asterisk/full | tee log exmpl.txt
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13. Troubleshooting and Maintenance

3.1 Heavy Asterisk Log

Over time Asterisk log can become so heavy and space consuming, not
to mention the time you have to spend reading through tons of lines of
log files. The way to organize the log files is to rotate them using
logrotate facility.

Asterisk has 5 different main log files:

g d w b

./var/logs/asterisk/messages
. /var/logs/asterisk/queue log
./var/logs/asterisk/event log
./var/logs/asterisk/debug
./var/logs/asterisk/full

Here are some parameters description:

missingok: If the log file is missing, go on to the next log file
without issuing an error message.

copytruncate: Truncate the original log file to zero size in place
after creating a copy, instead of moving the old log file and
optionally creating a new one

rotate 7: Log files are rotated 7 times before being removed or
mailed to the address specified in a mail directive. If count is 0, old
versions are removed rather then rotated.

compress: Old versions of log files are compressed with gzip to
save disk space.

size: Rotate only if the log file reaches the specified limit
notifempty: Do not rotate the log if it is empty

sharedscripts

postrotate

/etc/init.d/lighttpd reload

endscript: The lines between postrotate and endscript (both of
which must appear on lines by themselves) are executed after the
log file is rotated. These directives may only appear inside a log file
definition. In our case we are reloading lighttpd. Other opting could
be send HUP single using kill command.

There are different ways you can configure the rotation:
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e Sample 1

/var/log/asterisk/debug /var/log/asterisk/event log
/var/log/asterisk
/messages {
weekly
missingok
rotate 9
size 2000k
copytruncate
endscript
}

e Sample 2

/var/log/asterisk/cdr-csv/Master.csv /var/log/asterisk/debug
/var/
log/asterisk/event log /var/log/asterisk/messages {
weekly
missingok
rotate 4
sharedscripts
postrotate
/usr/sbin/invoke-rc.d asterisk logger-reload
endscript
}
e Sample 3

# cat /etc/logrotate.d/asterisk

/var/log/asterisk/queue log {

missingok

rotate 7/

notifempty

daily

create 0640 asterisk asterisk

postrotate

/usr/sbin/asterisk -rx 'logger reload' > /dev/null 2>¢&1
endscript

}

/var/log/asterisk/event log {
missingok
rotate 7
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notifempty

daily

create 0640 asterisk asterisk

postrotate

/usr/sbin/asterisk -rx 'logger reload' > /dev/null 2>¢&1
endscript

}

/var/log/asterisk/full {

missingok

rotate 7/

notifempty

daily

create 0640 asterisk asterisk

postrotate

/usr/sbin/asterisk -rx 'logger reload' > /dev/null 2>&l1
endscript

}

/var/log/asterisk/messages {
missingok

rotate 7

notifempty

daily

create 0640 asterisk asterisk
postrotate

/usr/sbin/asterisk -rx 'logger reload' > /dev/null 2>&l1
endscript

3.2 How to tackle Jitter issue
In an environment with old LAN cabling, chances are so high that call
get interrupted, words drop every now and then, and at the worst case,
the sound quality gets terribly unbearable. This is mainly caused by the
issue commonly referred to as Jitter.

In voice over IP (VoIP), jitter is the variation in the time between
packets arriving, caused by network congestion, timing drift, or route
changes. A jitter buffer can be used to handle jitter.

But what exactly does jitter buffer do?
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It trades a slight bit of latency to compensate for jitter, allowing a sort
amount of time for late packets to be added into the stream that would
otherwise have been dropped.

To fix the jitter issue, we must first get to know where we have jitter,
that is, SIP <-> SIP or SIP <-> PSTN

In case of SIP <-> SIP do the following:

1) edit /etc/asterisk/sip_general_custom.conf
2) add the following:

Jjbenable=yes
Jbforce=yes

Jbmaxsize=20

3) reload SIP in asterisk:

ippbx*CLI> sip reload

Here are more parameters involved with jitter buffer:

;Enable Jitter Settings
Jitterbuffers=4
Jbenable=yes

Jbforce=no

Jbimpl=fixed
;Jbimpl=adaptive
Jbmaxsize=500
Jbresyncthreshold=100
Jblog=yes

;tos=0x18

3.3 Echo on POTS lines
Using fxotune will help echo canceller to work better.

Do this before setting up echo canceller, it means to disable echo
canceller options in /etc/dahdi/system.conf and
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/etc/asterisk/chan_dahdi.conf, and to stop asterisk but dahdi still
running.

follow the following step by step:

1. Stop asterisk: /etc/init.d/amportal stop

2. Stop dahdi: /etc/init.d/dahdi stop

3. Remove echo related options to disable echo canceller:

3.1. edit /etc/dahdi/system.conf and set echocanceller=none for all
channels

by default it’s like this: echocanceller=oslec,1

change to this:
fxsks=1
echocanceller=none
fxsks=2
echocanceller=none

3.2. edit /etc/asterisk/chan_dahdi.conf and set the echo parameters like
this:

;echotraining=800 ; disabled when using OSLEC
echocancel=yes ; yes=128. you can use any power of 2 such as
128,256,512,1024

echocancelwhenbridged=no

4. Start dahdi: /etc/init.d/dahdi start

5. Plug the line to FXO

6. To get echoes information on FXO lines run # fxotune -i 4 (use 4, its
any number, but 4 is on all over documents)

7. Once done (2-3 minutes per line/per FXO port), take a look for
/etc/fxotune.conf and read the content, it should have some sort of
configurations or options

8. To apply tuning run: # fxotune -s (this will be automatically
executed by dahdi init, so you dont need to do this everytime)

9. Enable echo canceller options (do not enable on dahdi if you're using
hardware echo canceller, only echocancel=yes)
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10. Run asterisk, normal execution, reboot the server or just run
/etc/init.d/amportal start

3.4 Essential Linux commands
Here is a list of some must-know commands in linux with examples:

e grep Command

Option -v, will display all the lines except the match. In the example
below,

it displays all the records from /etc/password that doesn’t match John.
Note: There are several lines in the /etc/password that doesn’t contain
the

word John. Only the first line of the output is shown below.

# grep -v John /etc/passwd

jbourne:x:1084:1084:Jason Bourne:/home/jbourne:/bin/bash
Option -c shows the number of lines that the pattern matches.
# grep -c John /etc/passwd

2

You can also get the total number of lines that did not match the specific
pattern by passing option -cv.

# grep -cv John /etc/passwd

39

Use option -r (recursive) to search all subdirectories for a text matching
a specific pattern. In the example below, it will search for the text “John”
by ignoring the case inside all the subdirectories under /home/users.
This will display the output in the format of “filename: line that matching
the

pattern”. You can also pass the option -I, which will display only the
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name of
the file that matches the pattern.

# grep -ri john /home/users
/home/users/subdirl/letter.txt:John, Thanks for your
contribution.

/home/users/name list.txt:John Smith
www.thegeekstuff.com

/home/users/name_list.txt:John Doe

# grep -ril john /root
/home/users/subdirl/letter.txt

/home/users/name_list.txt

e find Command

The following command looks for all the files under /etc directory with
mail
in the filename.

# find /etc -name "*mail*"

The following command will list all the files in the system greater than
100MB.

# find / -type f -size +100M

The following command will list all the files that were modified more
than 60
days ago under the current directory.

# find . -mtime +60
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The following command will list all the files that were modified in the last
two days under the current directory.

# find . —mtime -2

How to delete all the archive files with extension *.tar.gz and

greater than 100MB?

Please be careful while executing the following command as you don't

want

to delete the files by mistake. The best practice is to execute the same
command with Is —-| to make sure you know which files will get deleted
when

you execute the command with rm.

# find / -type f -name *.tar.gz -size +100M -exec 1ls -1 {} ;

# find / -type f -name *.tar.gz -size +100M -exec rm -f {} ;

The following command finds all the files not modified in the last 60 days
under /home/jsmith directory and creates an archive files under /tmp in
the

format of ddmmyyyy_archive.tar.

# find /home/jsmith -type f -mtime +60 | xargs tar -cvf

/tmp/ date '+%d%m%Y' archive.tar’

e xargs Command

xargs is a very powerful command that takes output of a command and
pass it

as argument of another command. Following are some practical
examples on

how to use xargs effectively.

a. When you are trying to delete too many files using rm, you may get
error

message: /bin/rm Argument list too long - Linux. Use xargs to avoid this
problem.
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# find ~ -name ‘*.log’ -print0 | xargs -0 rm -f

b. Get a list of all the *.conf file under /etc/. There are different ways to
get

the same result. Following example is only to demonstrate the use of
xargs.

The output of the find command in this example is passed to the Is -I
one by

one using xargs.

# find /etc -name "*.conf" | xargs 1ls -1

c. If you have a file with list of URLs that you would like to download,
you can
use xargs as shown below.

# cat url-list.txt | xargs wget -c

d. Find out all the jpg images and archive it.

# find / -name *.jpg -type f -print | xargs tar -cvzf
images.tar.gz

e. Copy all the images to an external hard-drive.

# 1s *.Jpg | xargs -nl -1 cp {} /external-hard-
drive/directory

3.5 job scheduling in linux using crontab
I think if you wanna be a Elastix Professional you should know Linux
abilities as best, one of these abilities is cron job.

crontab allows tasks to be automatically run in the background at
regular intervals. You could also use it to automatically create backups,
synchronize files, schedule updates, and much more.

run .

sudo crontab -e

This will open the crontab using the default editor.
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Here is the format to add cronjobs:

* % & % x /bin/execute/this/script.sh

As you can see there are 5 stars. The stars represent different date parts
in the following order:

minute (from 0 to 59)

hour (from 0O to 23)

day of month (from 1 to 31)

month (from 1 to 12)

day of week (from 0 to 6) (0=Sunday)
e examplel

So if we want to schedule the script to run at 1AM every Friday, we
would need the following cronjob:

01 * * 5 /bin/execute/this/script.sh
e example2

if we want to schedule the script to Monday till Friday at 1 AM, we would
need the following cronjob:

01 * * 1-5 /bin/execute/this/script.sh

e example3
Execute 10 past after every hour on the 1st of every month
10 * 1 * * /bin/execute/this/script.sh

o example4

What if you’d want to run something every 10 minutes? Well you could
do this:

0,10,20,30,40,50 * * * * /bin/execute/this/script.sh
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But crontab allows you to do this as well:

*/10 * * * * /bin/execute/this/script.sh

e example 5
reboot the system every day at 3 am

0 3 * * * /sbin/reboot

e example 6
Using the @reboot cron keyword, this will execute the specified
command once after the machine got booted every time.

@reboot CMD
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