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1. Preface

1.1 The history

Asterisk is an open source software applicationggesl to run on a standard PC under Linux
environment. It can vest in a PC the typical feaduwsf an hybrid PBX (RTG-VoIP). Mark Spencer, an
American computer engineer, wrote the first relezs&sterisk to promote Digium’s hardware
interfaces and choosing a GPL license he ticklethamttention of a lot of users.

Today, Asterisk is a milestone in VolP. The comgiheiss and the reliability of the software make it
an ideal platform for a wide range of applicatiangl it's often used as building-block in a lot of
complex solutions (RTG/IP PBXs, Centrex systemdl, Centers management software, and still
more.

1.2 The easyAsterisk software

Asterisk is managed through a set of text files sehcompilation is not very intuitive and can take
time also for highly experienced peopdasyAsteriskis a package that offers a totally automated
installation process and a management portal Hrabe used to configure and maintain Asterisk’s
configuration files. The management portal is ggditin two sections: “Admin”, normally used by
system administrators, and “User”, where each esed can manage his own telephone extension
adding and configuring servicemsasyAsteriskis today available in two sets, free and professio

1.3 free easyAsterisk

Free easyAsterisk is tailored to cover the standagdirements of the middle-small sites. It alldws
access all the featuresedisyAsteriskand it can handle every type of standard Telceriate
(Analogical, basic ISDN, primary ISDN) and IP trinkising freeeasyAsteriskyou can setup a
complete hybrid PBX RTG/IP for small enterprise anelate a little, private telephone net by
interconnecting two freeasyAsteriskto communicate in VPN for free. freasyAsteriskcapabilities
are limited to a maximum of 5 phone extensionsaidnks. Fre@asyAsteriskcan be freely
downloaded as an ISO image fromtp://www.easyasterisk.org/

1.4 easyAsterisk Professional

easyAsteriskProfessional is targeted to the professional ntadesigned to manage the most
complex installations, it is equipped with a tedahisupport service directly provided by the aushor
of easyAsterisk easyAsteriskProfessional can manage complex requirementsnaddsservices

and high number of users. The technical supporiechwith easyAsteriskProfessional let the user to
access all the technical sources and software epdéetime. ObviouslyeasyAsteriskProfessional
lets to activate a boundless number of extensi@hsne VPN, VolP carrier, outbound routing, and so
on.
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2. Architectures

easyAsterisk can be used to deploy advanced logicdigurations to cover pratically all user's
requirements. Some of these architectures letgbeto exploit a lot of existing hardware (PBX,
telephones, answering machines, and so on) addsyfsterisk's advanced features without
hardware replaces.

2.1 Hybrid PBX RTG/IP

easyAsterisk was developed to replicate the stan@BX behaviour adding on top IP trunks and
advanced performances (voicemail, IVR, meetme roamd so on).

This kind of solution is perfect for any new sattlent, when existing hardware recovery isn't a
mandatory goal and it's necessary to keep glolssaathin a reasonable range.

Phone terminals (IP phones) are connected to etaygisvia LAN and easyAsterisk can be
configured to manage both the traditional TELC@girfanalogical or ISDN) and new IP connectivity

trunks.
I
e
B e e
Figure 2.1 — Hybrid PBX RTG/IP
2.2 Satellite IP

"Satellite” architecture helps to recover existivagdware. This kind of solution needs the existing
PBX to be equipped with a dedicated digital inteeféusually called ISDN SO Bus) to connect to the
easyAsterisk machine. Then, the existing PBX néed® "reprogrammed" in order to use the SO Bus
- in red in the figure - to divert to easyAster@ktgoing IP addressed calls.

This kind of solution can be deployed when it's whaiory to recover existing hardware or when the

PBX isn't expandable.
-""'"rl--h = TELECOM

=
B e @

Figure 2.2 — PaBX Satellite IP
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2.3 |IP Router

"IP Router" is totally transparent for the PBX thamains unaware of easyAsterisk’s existence. One
or more outgoing lines are simply "cut" and divdrte easyAsterisk. The figure shows the simplest
setting: easyAsterisk machine is equipped with ceateRTG cards to manage "incoming from PBX"
calls (the PBX continues to address outgoing ¢alisard Telco lines) and diverts calls to IP trunks.
The same schema can be used to manage IP incoalisgtbe PBX will receive each call as if it was
coming from standard Telco lines).

In this way all hardware premises underlying thexR8totally recovered. Finally, the PBX can
preserve a backup connection with the standard TEli@es for temporary backup purposes (Internet
failure).

IP Router is also the configuration that allows dilser to build private VPN to talk between
company's branches almost for free.

:

.l

3

Figure 2.3 — Router IP

ﬁ.a

& <&
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3. Installation

3.1 Obtaining the software

easyAsterisk is distributed as a self installingtable CD, or as an ISO image ready to burn with
your favourite burning software. The ISO imageviaikable for the download on the internet site
http://www.easyasterisk.org. The installation psxcis totally automated and pratically requires no
interaction with the end user. When booted up, Astgyisk’'s CD will automatically install the
operating system (CentOS), Asterisk and all its monents (compiling when needed the source code
included in the installation CD), and our WEB masagnt portal (including all related software such
as php, apache server and mysq|l).

You have to rememberthat the installation processll automatically partition and format the

hard disk; this means that all the previously stord data will be lost.

3.2 Hardware requirements

easyAsterisk requires a standard PC equipped ®&ithit8 processor, hard disk starting from 2 Gbhytes
minimum and CD-ROM reader. PC hardware requestsyliat concerns Cpu and Ram, may depend
on installation goal (number of contemporary vaibannels, number of trunks and so on). Today’s
hardware (let’s say starting from Pentium 1V) ismally able to support even the greater
deployments.

Note:some users have reported problems on PC equipipledPantium 4 with Hyper Threading
technology activated (BRI, PRI and Analogical telcterfaces management). We therefore
recommend to disable Hyper Threading before instatasyAsterisk.
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3.3 Start up

It's obviously mandatory to cofigure the host syst® boot from CD (generally through the BIOS
options of the machine, priority to the BOOT fror®)Cand then reboot the machine. At the end of the
boot process the screen will show thigure 3.1 which gives general warnings about the instaliati
process (the hard disk will be formatted; the fidedault IP/Netmask will be
192.168.0.1/255.255.255.0).

easyAsterisk

<ENTER>

Figure 3.1 — Installation boot up
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Please pressenter>to begin the installation; first of all, it will beecessary to configure the
keyboard layout(figure 3.2).

elcome to Cent05-4 i386

Keyboard Type

What type of keyboard do you have?

gr
hu

huiBi

iS latini

{Tab>-<Alt-Tab> between elements | <Space> selects i <{F1Z2> next screen
Figure 3.2 — Keyboard layout configuration

Then declare the desiredot passwordfigure 3.3)

ent05-4 i386 Released wia the GPL

| Root Password |

Pick a ruut password. You must tgpe it
twice to ensure you knouw what it is and
didn’t make a mistake in typing. Remember
that the root password is a critical part
of system securityt

Password: _

Password (confirm):

{Tab>/<fAlt-Tab> between elements i <Space> selects i <F12> next screen
Figure 3.3 — Root password configuration
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After that, the filesystem will be formatted ane tinstallation will begir{figure 3.4).

ent05-4 i386 Released wia the GPL

| Fackage Installation |

Mame : libstdc++-devel-3.4.6-3-i386
Size @ 45328k : : . w
Summary: Header files and libraries for C++ development

63

Packages
Total : 426
Completed: 78
Remaining : 356

Zin

{Tab>-<Alt-Tabh> hetween elements i

{Space> selects i <F12> next screen
Figure 3.4 — Package copy on hard disk
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When the formatting process ends the system witebeoted (please remember to remove the CD to
avoid a new CD reboot) and easyAsterisk’s instaltasecond step will begifiigure 3.5).

The installation script needs easyAsterisk’'s Cddmplete the process; so it will prompt the user to
re-insert it.

easyfisterisk Installation

Insert easyfAsterisk CD and press <ENTER> to continue...

Figure 3.5 — Second installation step

11 di 64



easyAsterisk — operating manual http://www.easyasterisk.it

Some Linux elements will be updated and configuvadipus Asterisk components will be compiled
(this phase could take some time according to tiveep of the system in use). The user will be
prompted to pressenter> key to proceed with the next stéfigure 3.6).

echo "loptions1” ; N\

echo “"uniguename = “hostname’" ;N\
echo "silence_suppression = yes" ;N\
) > retcrasterisksasterisk.conf ; N

echo "Skipping asterisk.conf creation”; \

-p svar/librasterisk/sounds ; N
in sounds/demo-=: do N
if grep —g ""x basename $x'x" sounds.txt: then N\
install -m 644 $x svarslibrasteriskssounds ; N\
else N\
echo “Mo description for $x"; N
exit 1; N\
fi: s

-p svars/librasterisk/mohmp3 ; N
in sounds/=*.mp3: do N\
install -m 644 $x svars/librasterisk/mohmp3 : N

one
m -f rvarslibsasterisk/mohmp3/sample-hold.mp3
kdir -p svar/spool-asterisksvoicemailsdefault 1234 INBOX
:> nvarsspoolsasterisk uwoicemail default 1234 unavail .gsm
or x in vm-theperson digits/1 digits-2 digits-3 digits-4 vm-isunavail: do N\
cat ~vars/librasterisk/sounds/§x.gsm >> svar/spool-asterisk/woicemailsdefault 1234 unavail.gs

> narsspoolsasterisk vnicemailsdefaunlt 1234/busy.gsm
or x in vm-theperson digits-/1 digits/2 digits/3 digits/4 um-isonphone: do N\
cat svarslibrasterisk sounds/Sx.gsm >> svars/spoolrsasterisksvoicemailsdefault 1234 busy.gsm ;

ASTERISE installed.
Press <Enter> to continue.

Figure 3.6 — Components compilation
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A message will appear confirming the completiothef installation process; it's now time to remove
the CD and pressenter> to reboot the systerfrigure 3.7).

Codec G.729 Installed e

Italian audio files installed sseeoe

SUDD Conf igured =seoesx

Apache Configured e
tarting MySQL:

MySOL Conf igured s
hanging password for user backup.
passwd: all authentication tokens updated successfully.
Adding password for user sqladmin

Web Manager Installed e

FTP Server Conf igured wsseoes

rc. local Configured sssses

ASTERISKE Installation Completed
Please remove the installation CD

Press <ENTER> to Reboot System

Figure 3.7 — Last step of the installation
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Fine! It's now possible to start to use easyAsk&simmanagement portal using an Internet browser
pointing to the default IP addreggtf://192.168.0.1L If you need to change the default IP address
you have to login aoot user (the password has been defined during thalletsdn) and typeetup

[root@pbx ~] #setup

The command will start the tool to configure seVsystem elements, including the network
configuration(Figure 3.8).

Figure 3.8 — CentOs Setup utility

As usual, please use arrows to select “Networkigardtion” and pressenter>to open the TCP/IP
protocolconfiguration scree(Figure 3.9).
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Figure 3.9 — Configure TCP/IP

Enter the desired IP address and confirm the n&mgeTo make the settings active you have to
restart the system typing the commaealoot

[root@pbx ~] #reboot

15 di 64



easyAsterisk — operating manual http://www.easyasterisk.it

4. PBX first set-up

4.1 The administration panel

To access easyAsterisk’s administration panel plegaen your browser and point to the default PBX
IP address. A simple page will ask for “Usernammd d&Password” to autenticate the user. The
standard settings are:

Usernameadmin
Passwordadmin

When the preferred user interface language is @masasyAsterisk’'s home page is shown:

Figure 4.1 — The administration panel home page

The page is splitted into 3 sections, as showigire 4.1

1. Title SectionThe selected menu item is shown on the left gidehe right side the username
of the logged in user id shown.

2. Menu Sectiontocated in the left part of the screen, this mdets the user to move among
the various sections of the software. Select ary @éataccess the underlying submenus useful
to manage the different sections of the configoraprocess.

3. Configuration Sectiontn this section the various configuration itemsath submenu are
shown.

In this page you can also find some general inftiona such as software release level, running
Asterisk server release level, running Linux kemeétase level, and — for the PRO version - the
customer of the software licence.

We will now shortly explore the items of the MaireRl to understand better their contents.
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UsingGeneral Settinggou can set some PBX’s global characteristics;gamny for instance,
configure the supported IP protocols (SIP, IAX2 &8P3), you can set up the services extensions
(call forwarding, voicemail, etc.), you can manageaudio files repository (music on hold, queues,
IVR Menus, etc.), you can set the Operator Pangldnitor, in real time, the PBX’s elements state
and finally manage a system-level address book.

PBX Settingscan be used to manage typical PBX elements, sufdtal extensions, local groups,
conference rooms and queues with relative ageintgalfax (receipt only).

Calls Managementets you define the routing rules of incoming andgoing calls, and LCR (Least
Cost Routing) policy.

In Trunks Management sectioare defined some connection parameters relatd®l ¢arriers along
with some configuration parameters of installed TELinterfaces.

TheDialplan Managements dedicated to the high-skilled Asterisk user wants to merge
easyAsterisk generated dialplan with his own caistard personalized macros.

System Managemergives access to some general system settingdedatdions (hardware and
software); backup management, security managesygstem monitoring and log files inspection.
Logoutis obviously used to exit the application.

Every time you modify one or more PBX settingsuétdn will appear at the bottom dftle Section
informing you that to make those changes actii®enecessary to reload the system configuration (to
reload you have to press the button). When you fpdlgé configuration of some particular elements,
such adHardware Settingdt is necessary to reboot the Asterisk serveu ¥Wdl see a warning button
but, once pressed, you will be prompted to confiefore rebooting the PC. Please note that, during
reboot, all running phone calls are lost.

4.2 SIP protocol general settings

easyAsterisk can support SIP, IAX2 and H323 prdgdbis possible to define the general settinigs o
these protocols through ti@&eneral Settingmenu. Let’s analyze these options in detail, istgufrom
SIP:

Port: Bind UDP port. For SIP default port is 5060.

Bind address: Bind IP address0(0.0.0indicates the bind to all system IP address).

Channel language: | Default language of the protocol. The default ilat®n includes english
and italian templates but it's possible to add @ustemplate¢Chapter
4.9).

Realm: Realm to be used for the authentications procediirgenerally
corresponds to host name or to the domain named@&faeilt realm will be
"asterisk, if not specified.

Srvlookup: Enable the DNS SRV lookups for outbound calls. Wélisabled it won't
be more possible to effect outbound calls basedioomain name.

Maxexpirey: Maximum duration, given in seconds, for incomingamelings. Default
3600 (1 hour)

Defaultexpirey: Duration of incoming and outgoing recordings, défeweasure second.
Default120

User Agent: Allows to set the string "User-Agent” used in paibheaders. Default:
Asterisk PBX

Nat: Enable NAT Mode. Use if clients are behind to a Nd€Vice.

Accepts not If set allows to accept anonymous incoming catisnfmot authenticated

authenticated calls: | users.

Tos: Defines Type of Service. It is possible to selewt of the default values or
declare a personalized value.

Localnet: Indicates the subnet address, netmask includeexample

192.168.0.0/255.255.255.0
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ExternlP: If Asterisk server has a private address and isdedn NAT, Externlp
indicates the public IP address the server usékeohig internet.
Context: Defines the default SIP protocol context for incogicalls. It is possible to

choose among one of the system contexts or totsesrsonalized
context created via tHeialplan Managementenu. The default value is
"incoming" that sends all the incoming calls to #tendant console, or to
an alternative destination defined in a DID.

Music on hold:

Define the default class of music on hold.

Checkmwvi:

Interval, expressed in seconds, used to checkrdsepce of new messag
in the vocal box. On IP phones the MWI allows tloéfication of the
incoming new vocal messages through a warning.light

Default codec:

Indicates the list of the enabled default codet® [isting order also sets
the usage priority.

Advanced:

In this section it is possible to define some adeainsettings that will be
inserted in the general section of the protocadsfiguration files (more
precisely, inf/etc/asterisk/sip-general.conf’file). The correct syntax for
every line is:

key=value

4.3 IAX2 protocol general settings
Let’s now analyze the general settings relateti¢dAX2 protocol:

Port:

Bind UPD port. For IAX2, default port is 4569.

Bind address:

Bind IP address0(0.0.0indicates the bind to all system IP address).

Channel language:

Default language of the protocol. The default itst@n includes english
and italian templates but it's possible to add @stemplate¢Chapter
4.9).

http://www.easyasterisk.it

Delayreject:

Enable this option to prevent brute force attattksill be delayed the
sending of some packets, such as "authenticatjeattefor the
authentication applications.

Tos: Defines Type of Service. It is possible to selew of the default values oy
introduce a personalized value.

Jitterbuffer : Enables or disables tligterbuffer, that is a portion of memory where are
allocated the incoming packets or the outbound @iackvith the purpose
to compensate possible net latencies and to magithezaudio quality. If
Jitterbuffer is enabled, you can configure a setsgbarticular parameters.

Dropcount: Maximum frames number that can be eliminated indake2 seconds for
supply to possible net latencies.

Maxjitterbuffer : A maximum size for thditterbuffer.

Maxexcessbuffer In case of latency problendgterbuffercould increase over the necessary.
If the maximum threshold overcome the planned valldaxexcessbuffer
Asterisk will arrange to bring back the buffer teaue in the norm.

Minexcessbuffer Sets up the least value of thi&erbufferfree space. If the free space had|to

increase over this value, Asterisk will enhancetthal of thelitterbuffer

Jittershrinkrate :

Number of milliseconds required to increase ordordase thditterbuffer.
It is convenient use short values.

Context:

Define the default context for IAX2 protocol. Log&the same described
for the SIP protocol.

Default codec:

Indicates the list of the default codecs enabldw drder with which the

various codecs are listed also represents thatgneith which they will be
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used.

Advanced:

Advanced options for IAX2 protocol. Logic is thensadescribed for the
SIP protocol.

4.4 H323 protocol general settings
In this release we apply the H323 protocol devedapeJeremy McNamara; let's see its general

settings:

Port:

Bind UPD port. Default port value is 1720.

Bind address:

Bind IP address. Unlike SIP and IAX2, it is reconmuied (mandatory) to
specify a valid IP address and not to leave thee/4.0.0.0", because this
might cause the protocol malfunction.

Tos: Defines Type of Service. It is possible to selewt of the default values or
introduce a personalized value.

Dtmf: Indicate the type of default Dtmf tones for thetpowl.

Context: Define the default context for H323 protocol. Logiche same described fo

=

the SIP protocol.

Default codecs:

Indicates the list of the enabled codecs. Thenlistirder also represents the
codec’s usage priority.

Advanced:

Advanced options for H323 protocol. Please condigeisame logic
described for the SIP protocol.

4.5 Extensions management

easyAsterisk can now support SIP/IAX2 capable IBngls. Standard, analogical phones can be used

installing special adapters, or using an analogiaed (e.g.: Digium TDM400P with FXS modules).
PBX local extensions are managed throGgimeral Settingsenu inLocal Extensiongem (figure
4.2). In this page the user can manipulate a tabléagung the list of the previously configured local
extensions. As you can note, a default test lad&insion (100) is shown: that is the attendant alens
(the dafault termination of all incoming calls -epse see the chaptBiCOMING CALLS
MANAGEMENTof this manual).

Some operations are possible:
Create a new extensionpress theddd' button to access the page where the new extension
properties can be defined.

Clone an existing extensionallows to create a new extension maintaining some
characteristics of an existing extension. Usefutmwbxtension shares some properties (for
instance, outbound calls permissions). USepy from.." button and select the extension that
you want to clone. _

Change an existing extension propertiesSimply click on the“. icon or on the extension
number that you want modify to access the propeeig¢ension’s page.

Delete an extension Click on the icorfa? to delete an extension.
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Figure 4.2 — Local extensions management

When adding a new extension you will have to defioeme parameters to set the new extension
propertiegfigure 4.3)
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Figure 4.3 — Creation of a new local extension

GENERAL.:

Number: Local extension’s number.

CID Name: Caller ID in alphanumeric format. It will be visuedd on telephone display
that support this functionality.

CID Number: Caller ID in numeric format, generally it correspsrto the extension
number.

CID Outgoing It represents the suffix that you desire to adthéoTrunk caller ID used for

Suffix: the outbound calls. If left blank, only the callBrassigned to the trunk
will be used. This option is useful when you stgiala direct inward dial
contract service with your telephone carrier and gesire that some loca
extensions are shown on the public network withr il DID number
rather than with the reduced GNR.
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Protocol:

Setup the used protocol. If you are configuringl&i extension, this value

can be SIP or IAX2. If FXS boards are installeds ipossible to choose
ZAP (analogical telephones) with the correspondiogrd-configured
hardware channel.

Dtmf (only SIP):

Setup the Dtmf type tones used by the telephoeatdin use.

Host:

Lets to chosse between static or dynamically assigR address. When
static, the address must be declaredhAddressfield. When dynamic,
it is necessary to choose a username/passworsparet)that should be
used for server subscribing.

Ringtime:

Timeout, in seconds, to activate unanswered céitips (voicemail
activation, call forwarding, etc).

Record Outgoing

Enables the calls recording into a Sql database.

Calls on CDR:
Accountcode: Account code that will be recorded in CDR for outgpcalls coming from
this extension.
CALL Shows and sets up the calls forwarding and the Didéidagement. If a cal
FORWARDING: | forwarding is enabled the destination extensiohaypear in this mask.
Voicemail is an answering machitieat allows to record messages in au
VOICEMAIL.: files and can be activated for each extension diffierent activation rules
(busy number, unavailable, not responding...). Thex nan heard the
recorded messages later (using the phone, or rgmusieg easyAsterisk’s
dedicated interface). It's also possible to sertiafiles as e-mail
attachments, with various rules. This field is matody also if voicemail is
disabled (you can use dummy data).
Full name: User name that will be reported in the notificateemail when message
recording occurred.
Password: Access password to the answering machine. User namesponds to
extension number.
Attach msg: If this option is enabled, a wav file, with the oeded message, will be

attached to the e-maiil.

Delete msg after
notification:

Delete the message from the answering machine asaditer notification
via e-mail.

Play busy msg:

Play a message to inform the caller that the sskusy in an other
conversation. It is possible customize this mes$ageach user.

Play unavailable
msg:

Play a message to inform the caller that the senavailable. It is
possible customize this message for each user.

Play instructions

Play an intro/usage message to the caller.

msg:
USER Enables the user panel. User’s login is similgh&admin’s login (point a
INTERFACE: browser to server’s IP address).
Password: Password used to access the User panel. Norma#lyname corresponds
to the local extension number.
Enable FOP: Enables the user to access to Flash Operator Panel.

System address
book:

Enables the user to READ od READ AND WRITE the sysiaddress
book.

Change attendant
console:

Allows the user to modify the incoming calls managat rules.

Enable personal
CDR:

Enables the user to view the incoming and outbaatld details (related t(
its extension).

Privacy option:

When “Privacy option” is enabled, the last 3 digit<CDR will be hidden.

dio

D

O
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ADVANCED
OPTIONS:

Enable MWI: EnableMessage Waiting Indicatoil he option allows to receive a warning
on the telephone display when a message is leavibe ianswering
machine. This service can work if the user phomestgport the feature
and is correctly configured.

Nat: Enable this option when the client is behind ana#.

Qualify: When enabled, Asterisk will periodically check #tate of the client.
Generally this option is used to keep an UDP sasgien when clients ar
behind a nat.

Callgroup: Pickup groups, listed as a numerical, comma-sepatet, whose the local
extension belongs. Each item of the list represampoup predefined as a
dedicated extension itservice Extensions’ “General Settings”

Pickupgroup: Groups on which the local extension is enableddkyp calls.

Advanced: Advanced options to insert ffetc/asterisk/sip-exten.conf'The correct
syntax for each row is:
key=value

ENABLE
CODECS:

Default: Uses the standard settings configured in geneodbgol settings.

Customize: Customize the codecs settings.

LOCAL SERVICE | Enables or disables user access to service extsngimong these,

EXTENSIONS: “Custom Exten”allows access ttcustom-exten”context, used by
experienced administrators to configure customreseas.
OUTBOUND Sets client permissions on outbound calls (for eaake and routing).
ROUTING:

4.6 Voicemail general option
In this section it is possible to set up some oifor voicemail services.

Max message
length:

Maximum message duration, expressed in second.

Min message
length:

Minimum message duration, expressed in second. When ageessa
duration is shorter than this value that messagfjdowiautomatically erased
from the answering service without any notificattorthe user.

Playback allowed:

Allow the caller to play the recorded message lmfhre hanging up. If
set, lets also the user to delete the leaved messag

e-mail server:

e-mail address that will be used as sender fofication e-mails.

e-mail user name:

User name that will be used as sender for notiioat-mails.

VoiceMail Main
Extension:

Extension to dial to enter the answering systemagament service,
through witch it is possible to play and erase ragss.

e-mail language:

Choose the default language for the notificationaal.

Maximum number
of message:

Maximum number of messages that can be storednail@ox.
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4.7 Service Extensions

In this section it is possible to configure the rauimal codes used to enable or disable some ssrvice
Let’s briefly analyse them:

Attended transfer: | Allow the call transfer with announcement. Aftealéhg this code, the system
will ask for the destination extension using a preerded message.

Blind transfer: Allow the call transfer without announcement. Aftialing this code, the
user must immediately enter the destination extensi

Recall: Allows to recall a call during the transfer procddseful if the destination
user doesn't replies.

Direct pickup: Allows the pickup of an extension-terminated célhen enabled, to pickup a
call the user needs to enter the pickup code fa@tbly the ringing extension.

Group pickup: Allows the pickup of a group-terminated call. Trseuneeds to enter the

pickup code followed by the group extension. If emtitan one extension in
the group is ringing this function can have unpeeble results.

Call forwarding: If enabled, lets the user to configure a follow-seevice. The forwarding
process can be immediate, on busy, on unavailatiknfled after the delay
defined inringtime). To set up a forwarding the user needs to type th
forwarding code followed by the destination extendit's also possible to
configure external or mobile numbers). A beep iatés that the follow-me i
correctly set up. Simply type in the activation e@hd wait for the beep to
remove the service.

\"ZJ

DND (Do Not Enabling “DND” a phone will not receive calls. Toable or disable the
Disturb): service, simply type in the activation code andtviaithe beep.

Please note that the greatest part of the stanBagrtdones also let the user to set up follow-me
services through their internal management software

4.8 Audio section: repository and music on hold

easyAsterisk can to manage a wide set of audi. fileese audio files are structured in two
categories: wav files, used in queues management/dh menu management, anmgp3files, used
during music on hold services setup. Wav fileslvaisimply recorded using a phone or can be
uploaded from another resource (files must be gszbm mono, 16 bits / 8000 Hz). Extensions used
to record and playback Wav files are defined inSb#tingssubmenu. The following figure explains
how to manage Wawv files using the phone: fiRapositorymenu figure 4.9 type the desired file
name, compose the configured recording extensidrspeak after the beep (to end and playback
press the # key). Pre$&dd" to write the record and the new file should appedane files list. Use
the appropriate icon to dele@]i, playback ") or download ") each file.

To upload external files use method 2: assign #menand pres®rowse...”, to select the desired
file, as usual.
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Figure 4.4 — Repository audio files creation
Musi On Holdis managed through the following mg§igure 4.5).Please note that the Default class
can't be deleted; in this example we have a sinolglss default,with three files recorded. As usual,

pressBrowse.. button to choose the file to upload in the classse the icons to delete, playback,
download audio files.

Figure 4.5 —Music on hold class changes
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4.9 Audio section: templates

Asterisk uses some audio files to play some apjbicd messages, such as voicemail and queues.
English and Italian audio templates are installpddfault and it's possible to add custom templates
for other languages. Every template is identifigdddName a string used to identify the language in
use, and ®escription When a template is created related audio filestrine uploaded manually on
the server on these directories:

Ivar/lib/asterisk/sounds/templatename
Ivar/lib/asterisk/sounds/dictate/templatename
Ivar/lib/asterisk/sounds/digits/templatename
Ivar/lib/asterisk/sounds/letters/templatename
Ivar/lib/asterisk/sounds/phonetic/templatename

Each templatenantesubdirectory is automatically created by easyAske When a template is
deleted. all subdirectories are removed. Some $réadse” audio files in various languages can be
founded following this link:

http://www.voip-info.org/wiki/view/Asterisk+soundités+international

4.10 Groups

A Group is a set of extensions with an associatedtifier. When a caller dials thet identifier gile
extensions included in the group will ring. Thesfiphone that hook the phone will answer the
incoming call.

For each group it is possible to define a fallbdektination to define the PBX’s behaviour when none
of the xtensions in the group hooks the phone whemlefined timeout expires. The groups are
managed ilPBX Settingd ocal Groupsmenu. The following table describes the settings:

GENERAL.:
Number: Extension associated with the group.
Ringtime: Time in second to wait before to activate the fadkpolicies.
LOCAL The left list includes all PBX extensions; the tigine only those belonging

EXTENSIONS: to the current group. To include or remove, simplyve an extension
using arrows.

FALLBACK This is the destination of the fallback policy; rmaletails in the following
DESTINATION: configuration items.
Destination: The ement type to activate aftargtime If Hangup is selected the call will
be closed and the following parameter (Detail) ningsteft blank.
Detail: The destination extension to activate aRargtime Incoming calls can be

router to another extension, an external numbelyYRaand so on.
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4.11 Conference rooms (MeetMe)

MeetMe rooms are a sort of phone chat where maltigers can speak all together. Each room is
identified by a code and can have an authentic&ibh A room can have a predefined list of allowed
users each having its own properties (e.g.: anasebe configured to partecipate in a MeetMe room
as a simple listener). Let’'s analyze the variousoop:

GENERAL
OPTIONS:
Room code: Univocal numerical code that identifies the roontteAtion, this isn’'t an
extension.
Pin: Optional numerical code that the user must typge imccess the
conference.
LINKED This section defines the properties associated @t extension linked to
EXTENSIONS: this room. Use the icons to aédl or removeld an extension.
Extension: Extention number.
Language: Language to use during audiomessages playback ‘flease enter your
PIN number”).
MOH: Sets on/off the music on hold used when just oee isdogged to the
room. When enabled, it's mandatory to select tlerelé audio class.
Actions: Lets choose the permissions granted to the useetiers a room from the
extension being configured (only speak, only listasth).
Quiet Mode: When enabled, it suppress the audio warning tharis& sends to all
logged users when an user enters or leaves the room
Exit with #: Enable a user to leave the conference room byipess

4.12 Agents and queues

Queues is a way to keep on hold an incoming catinggfor a free operator. It's a feature oftendise
in callcenters. They are normally managed usingraFterion, in which calls are assigned to a free
operator following their arrival order.

The group containing the answering operators castdiee (users that constantly belongs to a defined
gueue) or dynamic (users that decide to partedibadequeue logging themselves — using username
and pin - to the queue for a given time. In thisosel case we’re talking about Agents). Agents are
defined inPBX SettinggAgentsmenu.

GENERAL
SETTINGS:

Login extension: Extension used by an agent to logon to a queugngido receive phone
calls.

Logout extension: | Extension used by an agent to logout from a queberWequested, simply
type # to disconnect.

Autologoff: Time to wait, in second, before disconnecting aem®ghat seems dead. To
disable (wait indefinitely) set it to zero.

AGENTS:
Id: Agent identification code (must be a numerical eqlu
Pwd: Password (in numeric format).
Name: Agent name.
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Queues are managed HBX Setting®Queuestem:

GENERAL.:
Queue name: The name of the queue.
Extension: Local extension to enter the queue. Optional parame

Prefix CID Name: | Prefix that will “mark” an incoming call as comirfigpm a given queue.
This works with phones equipped with a displaycairse.

Audio on entering: | Audio message played to the caller normally fosspreation purposes. It's
possible to use a prerecorded message (repository).

Music on hold: Class of audio files that callers will listen dugithe wait.
Ring Strategy: Defines the ringing policy applied to queue’s mersbe
- Ringall, all telephones contemporarily ring until an opara
answers.

Roundrobintelephones ring up in turns, one at the time| anti
operator answers.

Leastrecentmakes to ring the most-inactive operator.
Fewestcallsassigns the incoming call to the operator witls les
completed calls.

Randomyandomly assigns the call to an operator.
Rrmemorystrategy similar to the round robin, but queuetstaom
the last involved operator.

Timeout ringtone: | Maximum time in second for a phone to ring withamswer (timeout).

Retry: Inactivity time before retrying to transfer theldal an operator.
Wrapuptime: Inactivity time to wait before readmitting an opterain queue after a call
completion.
Maxlen: Maximum allowed number of queued calls. (Set tortbbundless queue)
Call Recording: Enables the calls recording in audio files. To éadhs function is
necessary to specify one of the recording formats:
Wav
Wav49 (wav compressed)
Gsm

To manage the recordings files it is necessargtess the queue
management main page and select the related iterated files names
include the date and the time of the recording.

STATIC Using apposite arrows, move from the global loc&tesions list (left
MEMBERS: column) to the right column to define a new statember.
AGENTS: As for static members, configure in the same wayatents for the queue.
FALLBACK: Defines the rules applied to the calls that remadregieue, unanswered,
until a timeout happens.
Timeout: Maximum time, in minutes, that a call can wait iqueue. Set it to zero fqr
unlimited wait.
Destination: Sets the destination type to consider afteneout as we saw before. If

Hangupis selected the call will terminate and the folilogvoption Detail)
must be blank.

Detail: Select the destination extension.
ANNOUNCES:
Current position: Enabling this option Asterisk will periodically iofm caller in queue about
its position within the queue.
Current position Time in seconds to wait between an announce andetkteone.
frequency:
Periodic Lets select an audio file that will be periodicabhayed to the callers
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advertisement: during their wait in queue.

Periodic Announce | Sets the number of seconds between an advertisemerhe next one.

Frequency:

Holdtime: This option will cause Asterisk to inform a calldyout the expected
waiting time in queue.

Agent Announce: A massage can be played to an agent just befoteasfer of a call; this
could be useful to inform the agent about the qubeealler is coming
from (originating queue).

AUDIO Lets the experienced used to customize some askerint default audio
MESSAGES: files. Use with caution, some system files are ined!

4.13 Virtual Fax

easyAsterisk can manage incoming faxes. Once regdeimd stored, faxes can be viewed using via the
User Panel;RBX Setting®/irtual Faxitem). A fax can also be forwarded via e-mail & é&md of the
receiving process. Unfortunately, until today Astkeican’t affordably send faxes.

GENERAL.:
Name: Identifier of the virtual fax.
Type: Defines the format used to save received faxesplissible to choose
between “Tif” and “Pdf”.
E-MAIL:
Notify: Enables (or not) the forwarding of an incoming ¥ e-mail.
Name: Sender’s name of the sent forwarding e-mail.
E-mail: E-mail address used to forward the fax.
Language: E-mail notification language.
Server e-mail: E-mail address visualized as e-mail sender.
Signature: E-mail signature (text string).
Notify failed fax When this option is enabled a notification email e sent when the
receipt: receiving of a fax fails.
MANAGEMENT Lets to configure the users granted to receivesaedhe incoming faxes. Us

ENABLE USERS:

the same rules previously described (choose anars#diove it from the leff
list to the right one).

1

4.14 Hardware settings

Asterisk can be connected to fBeneral Telephone N#trough a certified telephone cards (POTS,
Isdn BRI, Isdn PRI). easyAsterisk lets to configupeto 3 cards on the same system choosing within
the following comptibility list:

Digium TDM400P (POTS card up to 4 FXS/FXO ports)
Digium X100P, 1 port analogical caf@dXO.

Digium TE110P, TE2XXP, TE4XXP, 1/2/4 portPRI card, compatible with T1/E1 protocols.
Junghanns QuadBri, 4 ISDNBRI ports.

Junghanns QuadGSM,GSM PCI adapter (1, 2 or 4 ports).
Generic 1 porBRI card with chipseHFC-S (very cheap).

Please take care of some limitations: Digium X108R't be installed with other adapters and up to 2
generic 1 BRI are allowed at the same time. Allalied interfaces can’t share the IRQs with other
peripherals. To visualize the IRQs assignment iggd®/ console:
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[root@pbx ~] #cat /proc/interrupts

Let’'s now examine the parameters to configure #reus cardsystem Managememenu,

Hardware Settinggtem). Please note that some of them, apparerghningless, are reserved to the

experienced user. If you don’'t know what a paramisieglease accept the default value.

SETTINGS:

Channel language:

Default language of the protocol. The default itst@n includes english
and italian templates but it's possible to add @ustemplates

Zone Tone: “Zone tones” that will be loaded for the hardwarterfaces.

Indications: Normally, some tones are directly created fromRB&. Indications sets
the Zone to use for that tones.

CallerlD: Enables or disables the CallerlID management onafee

Usecallingpres Enables or disables ti@aller ID Presentations

Switchtype: The European standardEsirolSDN.

Pridialplan: Defines the called extension format. Defaldtal

Prilocaldialplan:

Defines the caller extension format. Defanktional

LBO: (only PRI)

Line Build Out. DefaultO

Protocol: (only PRI)

Select E1 for the European standard, T1 for AmariBefault: E1

Framing: (only PRI)

“Framing and coding” defines communication paramsetgth the
connected premise. For E1 it is possible to chbeseeerncasor ccs for
T1 betweerd4 or esf Default:E1/ccsandT1/d4

Coding: (only PRI)

For E1 can bamior hdb3 for T1amior b8zs Default:E1/hdb3and
T1/ami

Enable CRC: (only
PRI)

If aline E1 is used it is possible to enable tiC3control only if the
telephone carrier provides this service.

Busydetect: When using POTS lines, lets to identify the busye®and to detect the
(analogic only) line disconnection signal.
Busycount: If busydetect is enabled, busycount sets the anmafunisy tones to get

(analogic only)

before assuming a busy line. Defadlt:

Telephone num.:
(QuadGSM only)

Phone number of the used SIM.

PIN: (QuadGSM
only)

SIM’s PIN code (if the SIM haven't PIN, leave thelfl empty).

Signalling: Defines the signalling type. Generally udewhen connected to a
telephone line andlT when connected to a PBX.

EC: EchoCancelEnable the echo cancellation process.

ECWB: EchoCancel When BridgeBnables the echo cancellation for bridged
TDM calls.

ET: EchoTraining.Enables EchoTraining, a feature useful to improve
Asterisk’s echo recognition. To disable, leavdainlx; to enable, sets a
value between 10 and 4000 (that is the delay, sspckin milliseconds,
Asterisk has to wait before to evaluate the amot@ineceived echo.

Overlap: Enables the sending of digits in overlap mode.

Timing: For each port, sets the priority or totally disatilee timing. Allowed

values are:
0 don’t use this port as a synchronization source
1 use this port as primary synchronization source
2 use this port as secondary synchronizationceg@and so on...

Timing is normally enabled on ports conncted todaeier (POTS, BRI,
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PRI) and disabled on ports connected to another.PBX

Rxgain: Sets the volume during receipt. Values can varwéetn +100.0 and -
100.0. Default valued.0
Txgain: Sets the volume during transission. Values can batyween +100.0 and -

100.0. Default valued.O

easyAsterisk will show a warning message when anfeguration of ZAP local extensions or trunks
are needed. This normally happens when a cardriswed or added, for instance. This ico™() is
shown when an extension or a trunk need a recaafiigun.

4.15 Extensions Summary

In “PBX Settingsa table showing all currently configured extemsidias been introduced. This table
lists configured extensions for local extensionsu@s, queues, ivr menu, meetme, fast dial and pbx
applications. UsingFind” button specific extensions can be quickly found.

5. Incoming calls management

5.1 Attendant console

The “attendant console” is normally a standardpietame station with some services / features added.
In some configurations, all incopming calls arertierated to the attendant console that provides in
their forwarding and management. With easyAstdtigkpossible to arrange different destination to
incoming calls according to days of week or différeéme slots. easyAsterik’s attendant console
configuration is made by means@dlls Managemenittendant Consolgem (figure 5.1)

Figure 5.1 — Attendant Console configuration
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As the image shows, it is possible to define défgrdestinations: forRegular Hours, that is
normally intended as working hours received caltg] "After Hours, for all other calls. Generally,
when an attendant console is used the greateopiatoming, regular hours calls are diverted ® th
attendant console operator or to specific serVibgs, for istance); After Hours are normally
diverted to IVR or advertising services.

OPTION:

Record incoming Enables or disables the recording of incoming dalks database for
calls on CDR: following inquiries.

REGULAR Defines working hours and days. Up to 3 rangesabfes can be defined
HOURS: here. Unset ranges will be considered as “Afteridou

DESTINATION: Defines the destination type element for calls inaszkin “regular hours”.
REGULAR
HOURS:

DESTINATION: Defines the destination type element for calls ikeszkin “after hours”.
AFTER HOURS:

5.2 Direct Inward Dial (DID)

Direct Inward Dialing (DID, also called DDI in Eype) is a feature offered by telephone companies
for use with their customers' PBX system, wherélgytelephone company (telco) allocates a range of
numbers all connected to their customer's PBX.as are presented to the PBX, the number that the
caller dials is also given, so that the PBX candkwhich person in the office to route the call to

In easyAsterisk the DID configuration is made byameofCalls Management/Direct Inward Dial

(DID) item.

GENERAL.:
DID number: The local extension to be configured.
Record calls on Enables or disables the CDR recording of the cavatems of the
CDR: extension.
DESTINATION: Defines the destination extension.

5.3 Interactive Voice Response (IVR)

easyAsterisk let users to create a series of IVRum¢hat will drive the incoming caller to the \ars
services assigned to each extension. IVR menusianaged by alls Managemefinteractive Voice
Response (IVRdem.

GENERAL.:

Name: Identifyier of the IVR menu’.

Extension: Local extension associated to the menu.

Audio: Audio files played to the caller for welcome purpssSelect an audio file
from the repository; normally, this file containg@ef instruction on IVR’s
usage.

Audio No-Sel: Audio file to play if the user doesn’t effect artyoice untilResponse
Timeout

Audio Invalid-Sel: | Audio file to play if an invalid choice was made.
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Response Timeout: | Maximum time, in second, for the user to make aagho
Digit Timeout: Timeout to consider during extensions keyin, if tlader is too slow.
Description: Text field to describe the IVR meaning.

PressingAdd" key a series of options will appear. It is pokestb set up to 3 timeslots to consider in
IVR management.

HOURS: Defines the IVR activity timeslot.
AFTER HOURS: | Defines the policy to activate duridgter Hours
OPTION: The Option field contains the extension the usertbaligit to make the
choice. Once configured, preﬂ;to make it active.

6. Outbound calls management

Outbound calls management involves several op@&stio

Definition of one or more trunks. You can think to a trunk as a group of communazati
channels used by the PBX for calls managementinstance, a trunk can be a connection to
an IP carrier, a link to another PBX or a grouga@imunication ports on an hardware
interface.

Configuration of one or more outbound routes A route can be defined as a logical group of
numerical classes that define what types of caltsle effected by the clients (for instance
national numbers, international, mobile phones,sndn). easyAsterisk lets to configure a
boundless number of routes, everyone identified dialing prefix code (a code that the user
must digit before the destination number to sedespecific route). Using routes it's also
possible to configure LCR services.

Route’s permissions managemenOnce the routes are defined, each user can beedram
access or not any route; in this way it's possibldefine a detailed outbound calling
permission plan.

6.1 Hardware Trunks (ZAP)

As we said before, it's possible to connect easgvsit to theGeneral Telephone Net (RTGging
some hardware interfaces. To do that its’ manddtmoyreate one or more trunkgnks
Managemeninenu,Trunks ZAHFtem). Let's see some details:

GENERAL.:

Name: Textual label identifying the trunk being created.

Caller ID: Caller ID that must be used when an outgoing aadlsgacross the trunk. I
not specified the generating Client Caller ID viodl used.

Max channels: Maximum number of contemporary opened outgoing chknfor the
trunk. If not set, the physical limit will be assat

PORTS: The following image shows the physical ports awddan the system; you

can choose which ports must be included in thekthaing defined (e.g.:
you can set a new trunk using only two of the fpoirts provided by a
Junghann’s 4BRI card).
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Figure 6.1 —ZAP Trunk creation

6.2 Trunks IP SIP and IAX2

An IP trunk defines a connection to a IP telephcereier or to another PBX. IAX2 protocol,
compared to SIP protocol, is more easily managdadiend a firewall/NAT because it uses a single
port (default 4569 UDP) for both signaling and Ridfce traffic, while SIP uses (by default) 5060
UDP for the signaling and a variable range poruélly in the range between 10000-20000) for RTP.
IP trunks are managed starting from h@nagement Trunksienu that lets the user to define 3 items:
Peer,that defines the parameters to use for outgoirlg.CEHhe most important parameters are
the destination host (generally the IP server tmeat), username and password.
User, used to authenticate incoming calls coming fromhibst defined in the peer.
Register, mandatory if a dynamic IP is used to let the renfmst know easyAsterisk’s IP
address..

A brief discussion can be made on how to receigerring calls on a trunk IRJser configuration is
going to disuse because it's often possible toomégpeerconfiguration.
When Asterisk receives a call it evaluates to aicoepot using these criteria:
Tries to find ausermatching the caller name (from: username fiefdjpund, the call is
accepted.
Tries to find gpeermatching the caller's IP address; if found, tHeisaccepted.
Incoming call is otherwise rejected unless difféisespecified inProtocol General Settings
(choosing to accept unauthenticated incoming calls)

GENERAL.:

Name: Textual label identifying the trunk being created.

Caller ID: Caller ID that must be used when an outgoing aadlsgacross the trunk. If
not specified the generating Client Caller ID viodl used.

Max channels: Maximum number of contemporary opened outgoing sanfor the trunk.
If not set, the physical limit will be assumed.

PEER:

Name: The name assigned to the peer.

Host: Remote server IP address to which address outgaiigy If a dynamic IP is
used set todynamic” (without quote).

Username: Remote server’s authentication user name.

Secret: Remote server’s authentication password.
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Fromuser: (only
SIP)

Specifies the user to put in the "from" field irapé of callerID (only for SIP
protocol).

Fromdomain: (only
SIP)

Some IP carriers needs to know the originating Dapfar authentication
purposes. Set it into this field.

Type:

If set totype=friend, the peer also act as an user; therefore it wiept
remote host’s incoming calls.

DTMF: (only SIP)

Here you can define how to manage DTMF tones.

Nat: (only SIP)

Enable this option if the peer is behind to a reatice.

Qualify:

Checks periodically that the peer is online.

Canreinvite: (only
SIP)

Enabling this option a client will try to send maditreams directly to the
peer. Setting it to off all media streams will sdke Asterisk server.

Notransfer: (only
IAX2)

Similar ascanreinvitebut applied to IAX2 protocol. Settingptransfer=yes
Asterisk will prevent the client to send audio fodirectly to a peer.

Trunk Mode: (only
IAX2)

Enable the trunk mode (useful to save bandwidth).

Insecure:

Enable this option it will be possible to receiadls from peer without
authentication process.

Context:

When the peer needs to manage incoming callagdsssary to define a
context. Leave it blank if the peer manages ontgoing calls:
Incoming: incoming calls will be addressed to the attendanisole.
It is possible to set routings by means of theatlineward dial rules.
Local: the calls will be addressed to the local extemsi@xtension,
groups, etc...). Useful if you want to let clientstab interconnected
easyAsterisk (each one with its own extensionseaatgcall each
other.
Custom: it is possible to use customized contexts defimethe
Dialplan Managementenu.

Codecs:

Select the codecs used for this trunk. Selat@ultto use the one defined in
General Protocol Parameters.

Deny / Permit /
Priority:

It is possible to define some rules to limit theess to the peer. It is
necessary to define the subnet address with taBweihet mask and the
priority with which the rules must be activatedr lestance:

deny = 1P 0.0.0.0 NETMASK 0.0.0.0
permit = IP 1.2.3.4 NETMASK 255.255.255.255
priority = deny

Denies all access except 1.2.3.4

Advanced: Section reserved to experienced users to inseidmired peer values.
USER:

Name: Name to assign to the user that we are creating.

Secret: Authentication password.

Context: Incoming calls context. Please consider the sarmeglegic.

Codecs: Defines the enabled codecs.

Deny / Permit / Defines restrictions to be applied on incomingsalldresses. Please consider

Priority: the same peer logic.

Advanced: Section reserved to experienced users to inseimiged user values.
REGISTER:

Username: Username.

Password: Password.

Host: Remote server.
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Contact: Specific local extension to be addressed whenlascadceived. Optional
parameter.

6.3 Trunks IP H323

H323 protocol configuration is similar to the orsed for SIP and IAX2 protocols: it's mandatory to
define apeerfor the outbound calls and aserfor those incoming calls but it isn’t supported a
remote host registration processgjste).

If a binding address isn’t defined in Protocol’'sréeal Settings, a worning message will be shown
when configuring an H323 trunk. Asterisk doesriude a gatekeeper management: so, it's
necessary to add and configure manually a thiratygaoduct to do this.

6.4 Outbound routing and LCR

It's now necessary to defines routes and routimhgsrusingCalls Managemef®utbound routing
item. The first parameters to set up are the namigeaoute and the dialing prefix to addres@igure
6.2).

Figure 6.2 — New route adding.

And pressing the “Add” button to access the roatefiguration pagefigure 6.3.

Figure 6.3 — Route attribute setting
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The example shows a route nangedlault with a dialing prefix cod@. Please note that 3 trunks are
defined (one probably pointing to one or more poftan ISDN card and 2 IP connections). Using
patternsit’'s now necessary to define route’s routing rukeatterns are alphanumerical strings
defining outgoing addressable extensions and amposed by these chacarcters:

X indicates an any digit from 0 to 9

Z indicates an any digit from 1 to 9

N indicates an any digit from 2 to 9

It is possible to use parentheses to indicatesdigitge:

[1246] indicates digit 1,2,4 and 6

Separating two digits with a hyphen will mean adjit$ in that range:
[1236-9] indicates digit 1,2,3,6,7,8 and 9

. (dot) indicates any digits for an indefinite numbéfollowing digits

Some practical examples will help us to better ustded patterns’ structure:

PATTERN: DESCRIPTION:

00. Indicates numbers starting with a double zero afidved from any digit
for an indefinite number of digits. This patternesf indicatesnternational
prefixes.

0Z. All numbers starting with 0, a second digit fronol9 and then any digit
for an indefinite number of digits. Normally indtealong-distance
prefixes.

3. Normally indicates a mobile phone.

335. In this case a particular mobile prefix is declared

X. Any type of number, limitsless.

BOOXXXXXX Toll-free numbers: in Italy they are starting wah 800 prefix.
[1,8]. All numbers beginning with 1 or 8 followed by anigiti for an indefinite
number of digits.

Let’s now analyze the various options:

OUTBOUND
ROUTING:

Pattern name: Assign a name to the pattern that we are creating.

Pattern: Define the pattern according to the criteria expgdi before.

Trunk: Select the desired outgoing trunk.

Prefix: It is possible to add a numerical prefix to selémt,stance, a specific
telephone carrier.

Cut Digits: Sometime it's necessary to cut some digits befmmadke a call. This field
declares the number of digits to cut.

BLACKLIST: It is possible to define some extensions, or soateems, that will be never
dialed (or istance, avoinding international calls).

WHITELIST: The opposite of blacklists. It's possible to deglarlist of numbers that the
users will be able to call (for istance, the intgronal number of another
company’s branch). It is necessary to specify ithiekt used to place
outgoing calls.
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Let’s now continue with our example:
We define a route that picks all local calls rogtthem on thearrier-sip trunk. To do this w have to
configure:

Pattern Name:short_distance

Pattern: 0Z. (it's also possible to use the alternativeation 0[1-9])

Trunk: carrier-sip

To add the defined routing it's necessary to pthe@ key

We should see the following status (§gere 6.4)

Figure 6.4 — Outbound routing setting

Through the drop-down menu it's possible to setrtheing’s activity time (always active or only in
some days/hours). Please use"®Beheduled’'menu item to set the preferred hours and days (to
confirm the settings, press thed icon).

Clicking on the arrows next to the pattern namdiguare 6.4it’s encircled in red) it's possible to
configure some alternative trunks on which thesclliback if the first in list is not availablégure

6.9.

Figure 6.5 — Advanced property of a route object
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The order of trunks represents their priorityfijure 6.5we add the trunk ISDN as secondary trunk
with addition of the “1055” prefix on outbound ertgons. To add trunks to the list is analogous but
the box inside the table must be used. Througlelye encircled in red ifigure 6.5is possible to
change the trunks priority or eliminate them frdma tist.

Let’s now analyze the situation figure 6.6

Figure 6.6 — Advanced route setting

Two routings had been added:
Mobile, identifying calls to mobile operators. It usedyotihe ISDN trunk without prefixes and
it's always active.
France,that manages all calls toward France (internatipnafix 0033). This also uses ISDN
trunk without prefixes or cut digits but it is schubed from 09.00 hours till 18.00 o'clock from
Monday to Friday. This simply means that it wor& possible to call France during the
remaining hours.

Looking at theBlacklist setting it is interesting to note that, despite thobile operators calls are

always allowed, the given blacklist will block aallstarting with 333 and the whole number
3351234567. The same for the whitelist; also whepecific route to Germany is not defined, the
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user will call the extension 0049987654321 using ttunk carrier-iax. Please note that when a
number or a pattern of a Whitelist is defined itist possible to modify outbound routing with
prefixes or cut digits.

To begin to use the route it's now necessary tesggte permissions to the various local extensions.
Pressind'Allow all local extensions to usdutton, all the configured local extensions wil énabled

to use all the outbound routings. As an alternatitves possible to access to the attributes ofreve
local extension®BX Settinanenu,Local Extensionstem) underOutbound Routingand enable the
desired accesséigure 6.7)

Figure 6.7 — Local extension enabling to the routss

The order with which outbound routing configuragsoare listed in each definition represents the
priority in their management. The following examm@leows better this concept: let's analyze the
situation inFigure 6.8

Figure 6.8 — An example to understand the routimmgsrity
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In this route we see 2 routingéyng_distance"and"france", with " long_distance'listed for first and
with priority on"france". The users wants all international calls routetté&rier-sip” and France-
addressed calls téSDN” . This configuration isn’t correct because the selcdefinition is a subset
of the first one and so it will be never activated.

To make a correct configuration it's enough to givere priority to the second setting using the blue
arrows. Alternatively, it's also possible to deléte unused setting pressing&hkey. TheFigure
6.9 shows the correct configuration.

Figure 6.9 — The correct configuration of the prepd example.

6.5 Fast Dial

Fast Dial is a list of short codes, normally congabef a limited digits, easy-to-remember numbers,
with some long extensions associatédl(s Managemennenu,Fast Dial item). To call the
associated extension it's possible to type thetstoate, allowing a faster and better dial. easydsite
allows to configure two categories of short numbers

Trunk type, defining a correspondence between the short nuariter long extension and

preferred trunk;

IP type, linking a short code to a specific IP Host.

Let's see the configuration in detail.

TRUNK TYPE:

Extension: The short number we need to configure.
Destination: Associated extension.

Trunk: Defines the trunk to use to place the call.
Description: Optional text field to describe the configuration.

IP TYPE:

Extension: The short number we need to configure.
Destination: Real extension to call.
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Protocol: The protocol we want to use.
IP: Detination host IP address (the host on whichek#gnsion is defined).
Description: Optional text field to describe the configuration.

6.6 Remote PBX

TheRemote PBXonfiguration (reachable vi@aalls Managemeninenu) lets the user to call the
extensions of another PBX as if they were loca¢esions. It's the standard configuration used to
make PBXs VPN, letting different remote branchethefsame company to communicate pratically
with no cost.

Let's make an example: in a company with two renfwésches we have two interconnected
easyAsterisk. The first branch used extensionsimgrigom 100 to 199, the second ranging from 200
to 299.

The configuration is very easy, because it's omgassary to declare, on each easyAsterisk, thk trun
to be used and the range of the other PBX’s extassi

Pattern: Defines the pattern of remote extensions (in tkagle, 2XX for the first
PBX and 1XX for the second).

Trunk: Selects the trunk to use to place calls.

CDR Record: Enables or disables the details recording the oallse internal database.

6.7 Hints about Outbound Caller ID management

The management of outbound caller ID is splittethio sections:

- If a fixed CallerID has been defined on the truGleferal Option®f trunk properties) that
CallerID will always be used. If for the local erggon that places the callGiD Out Suffix
has been defined, that suffix will be added todbtgoing CallerID.

If no fixed CallerID has been defined, the numedrZallerID of the calling local extension
will be used.

Please pay a good attention to the correct cordtgur between these parameters and the
configuration of Carrier’s outbound lines: it's yasften a cause of mistakes.

6.8 Router IP

With "IP Router" architecture it's possible to rewalls coming from traditional PBX on routes
configured on easyAsterisk. This is very useful whiee user wants to recover all the existing
hardware (standard PBX and phones) but also wantse an IP Carrier. This scheffigure 6.10)
lets to understand better:
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Figure 6.10 — Connection of easyAsterisk to a tiadal PBX

This particular configuration often needs a pafBIX reconfiguration. easyAsterisk machine and the
PBX are connected through an ISDN interface (BiPo) configured adlT in easyAsterisk andiE

on the PBX.

The existing PBX also must be set to route all oung calls to that interface to allow their routiog

IP net.

Note:due to specific technical characteristics on ISDiérface it's advisable to disable the timing
management on the ISDN PBX'’s port.

Looking at the configuration from Asterisk side yoan see that incoming calls, received by
easyAsterisk from the ISDN interface, are conventeoutgoing calls via the IP Trunk:

1. Configure a ZAP trunk including the ports used @arect the PBX.
2. Configure the IP trunks to connect easyAsteristh&IP Carrier.

3. Configure a route to address outbound calls todRi€r.

4. Redirect the calls coming from the ZAP trunk to lReoute.

To manage the fourth point (the first three poares described in the previous pages) we will use th
Calls Managemenmenu under thRouter IPitem (figure 6.11)

43 di 64



easyAsterisk — operating manual

Figure 6.11

— Router IP configuration

http://www.easyasterisk.it

Name: The name of the IP Router.
Trunk: The trunk from the calls to be routed are receivenh the PBX
Route: The destination IP route

Emulate ringing:

Setting this option, easyAsterisk will emulateraging phone signal, so
that the traditional PBX will be aware that thel @ehs correctly placed out.

Saves in CDR as:

Sets the kind of recording used to mark in CRDaigoing calls
(INCOMING or OUTGOING)

In figure 6.11we are creating a IP router calldtbm-PBX"that redirects the calls coming from
"ISDN" trunk on the routédefault".

Another architecture made possible by easyAstéifiguting capabilities is the one represented in
figure 6.12 where an easyAsterisk server can place outgailig @sing the resources of another
remote easyAsterisk connected via a SIP or IAX8Krun this case it's only necessary to specify, in
Asterisk 2the IP trunk used to conneksterisk las the outgoing default trunk.

| r |

ASTERISK 2 ASTERISK 1

D L G D L G

Figure 6.12 — Connection of two servers easyAdtehough Router IP
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7. Calls detail record

easyAsterisk can record a complete list of detailsncoming and outgoing calls in a Sqgl database. T
manage the database you can use the i@alls ManagemeninderCalls Detail Recordtem (figure
7.1).

Figure 7.1 — Call Detail Records

Through this panel it's possible to perform somerggs to extrapolate data from the database.

Date (From): Sets the date range scope for the query.

Date (To):

Caller: The caller’'s number (or a portion of that numbergonsider in the query.

Destination: The addressed number (or a portion of that nuntbexdnsider in the
query.

Accountcode: Account code to use in the query.

Destination Name of the opened channel (during the call).

Channel:

Status: Status of the call (all, answered, not answereslybu

Direction: Can be INCOMING, OUTGOING, or a external forwardiftgXT FW). In
the last case, the forwarding local extensionssiaiized too.

Duration: Sets the desired minimum duration for the call.

The dataset reported by the query will be showauker can export the data (PDF or CSV format) or
he can decide to erase the records from the daabas

It's now possible to record CDR data on a plairt fée. In this case, the resulting filename wiél b

“Ivar/log/asterisk/cdr-csv/Master.cs\ut’s advisable to enable tHeog Rotationfor this file to avoid
unpredictable results.
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8. The operator panel

easyAsterisk integratédash Operator Panelan application developed by Nicolas Gundifio
(http://www.asternic.org@/that allows to visualize through a browser the tene status of local

extensions, queues, conference rooms and extaraal FOP configuration is made througbneral
Settinganenu,Operator Panel Managemeitem. In this section there are some subme8atings

lets to manage some general options, the other snEmtension, Queues, MeetMe, Peer/Uktets

to manage various FOP’s elements.

Language: The language to be used in FOP.

Layout: Sets the dimension of the buttons to be configured.

Security Code: It's a password (default value: “password”) thed bperator can use to
force the disconnection of a call or to activatal between two
extensions (simply dragging the caller’s icon om &élddressed user’s icon).
If these operation are done at runtime, FOP wilfas this password.

Hide Caller ID: Hides the CallerIDs for the calls in progress.

Show IP: Visualize the IP address of the extension and@iRhtrunks.

Show Agent Code: | Enable this option to visualize the code of theeegion-logged agent.

Show Agent Name:

Enable this option to see the logged in Agend name.

Change led color
for queue
members:

Enable this option to let the extension icon cédochange when an agent
logs in.

Show external lines
(bri and analog):

This option is available only for POTS and ISDN BReEs; when enabled,
shows the status of the external line.

Let’'s now see some other options:

Show: Shows/Hides the element in the panel.
Label: Assigns a label to the element.
Icon: Assigns an icon to the element. The available i@as

Icon 1: @ Icon 4:

{E@ Icon 5: i":"

Icon 3: @ Icon 6: :ﬁ

Icon 2:

Admins can open the Operator Panel usksmeral Settingmenu’,Operator Paneltem. Users will
be able to open FOP from their user interface arign granted of Administrator’s permissions.
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Figure 8.1 — The operator panel
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9. PBX management

By means oSystem Managememienu it's possible to manage our IP PBX and gerrmétion on its
status

9.1 Network settings

UsingIP menu it's possible to modify the parameters relabethe net address configuration.
Normally, a system reboot is needed to apply tlenghs, nevertheless it's not necessary when only
the DNS address has been changed.

Figure 9.1 — Network settings changes

9.2 Date and time set-up

By default, easyAsterisk activates an NTP servadett IP telephones to syncronize their clock
directly with easyAsterisk. NTP takes the currémietfrom the server’s system time; it can be
modified using théate / Timemenu.

Figure 9.2 — Date and system time settings
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9.3 System information

easyAsterisk integratézhpsysinfpan opensource application that gives a detadeds of
information on the hardware status, on mountedygéeems, on the memory usage and on the network
usage littp://phpsysinfo.sourceforge.net/

Figura 9.3 — System Information

9.4 Asterisk server information

UsingAsterisk Infomenu it's possible to access a series of subm&musging the real-time status of
the PBX. To update a page simply press the broWwsgesh” button. Let’'s see in detail what
informations are given:

Active Channels: Lists the opened channels.

SIP/IAX2 Registry: | Shows the status of SIP/IAX2 registrations on rensarver (for instance,
an IP telephone carrier).

Queues: Status of queues and operators. For each quesiedd logged in users is
shown; some statistics about answered or unanswatsdare given too.

Agents: Here we can see the status of Agents.

MeetMe: List of the logged-in users in every meetme room.

9.5 System status

ThroughSystem Statugs possible to get informations on some mairvieess while they’re running.
Every service can be stopped or restarted pressifgxplaining buttons; it's not possible with
services such as Apache, Mysqgl, Sendmail and @nahis section, we find useful informations such
as easyAsterisk’s Uptime; finallAsterisk Monitoris a script that checks periodically Asterisk
behaviour and, in case of problems, restarts tlageie services and reloads the TELCO hardware
device-drivers.

49 di 64



easyAsterisk — operating manual http://www.easyasterisk.it

Figure 9.4 —System Status

9.6 Backup and Restore

UsingBackup and Restoiiés possible to manage PBX configuration and Csdekup files. This
section is divided in 3 parts:
Backup: a simple, two-buttons panel to instantly perforimaakup of the selected element.
The resulting file is added into the underlyingts®tand the given name will include the
system date/time.
System Backup Fileslists all the previous PBX backup files. All filean be downloaded,
deleted or restored using the relative button.
CDR Backup Files:lists all CDR backup files.

To re-upload a file locally saved it's necessargpen an FTP connection with the server using the
following username and password:

Usernamebackup
Passwordbackup

When the connection is estabilished two folderssavn:
systemthat takes system backup files
CDR, that takes CDR backup files.
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Figure 9.5 — Backup and restore

When restoring a system backup, the user must tedlwants to update also the database’s structure
This feature is normally used when a backup wagmgad with a previous release. To use this
feature it's mandatory to give SQL administratgr&gmissions (user/password); these fields can be
leaved empty if the SQL root default password haseén changed.

9.7 Database management via Phpmyadmin

The whole PBX configuration is recorded on a Mydafiabase, calleastconf, that represents the
source of each easyAsterisk configuration. easysstentegrates Phpmyadmin utilit$gystem
Managemeninenu) that is useful to manage, when neede, tHegWyatabase. We recommend
nevertheless to use this utility only when striectcessary, because a wrong operation could cause
unpredictable results. In that deprecated caselgirastore a previously saved working configunatio
using the yet-discussed utilities. With this uilis also possible to access the CDR database
(asteriskcdrdh.

To use Phpmyadmin it's necessary to complete dreatitation process using:

Usernamesgladmin
Password:sgladmin

It is also possible to modify the password usirgpecial option of Phpmyadmin’s access menu.
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Figure 9.6 — Phpmyadmin access menu

9.8 Users management

easyAsterlsk can manage up to three levels of sisecurity:
ADMIN: can access all functionalities with no limitations
PBXMANAGER: can manage all PBX elements but can’t modify thetesy configuration.
E.g.: this kind of user can add or remove exterssigroups, conference rooms, agents,
gueues, virtual fax, can modify the operator paoeffiguration and manage system-level
address book.
STATS: can only access CDR files, normally for accounpugposes.

At least one admin user must be defined. The Usésisagement panel can be reached through the
System Managememtenu Users Manageitem).

Figure 9.7 — Users Manager menu

9.9 System address book

easyAsterisk can manage two types of address b8gktem-levehvailable for all users, and
Personaj particular and available for each single usemg/the User Panel and browsing the address
book simply click on the desired item to place k €anally, it's also possible to search withireth
address book entries (thentact$ using the special text box and pressing‘thed” button. Please
note that the search process spans over all tis fa¢ each record.
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Figure 9.8 — Contact insertion in index book

9.10 API Manager

Asterisk API Managelet authenticated user applications to connecttamdmmunicate with
Asterisk using TCP/IP protocol. Their administratis made vié&gystem ManagememenuAPI
Manageritem. This menu is divided in two sections:

- Settings:this section is used to configure the Managerdjiifel address (TCP 5038 port is
used by default) and it is possible to choose betwie?7.0.0.1 (the loopback) or 0.0.0.0. This
second option is deprecated for security reasons.

Users:this section is used to define some parametemdcn consigured Manager (username,
password, permissions and so on) to let the Martagateract with Asterisk.

More information on Asterisk Manager are availainhethe following web site:
http://www.voip-info.org/wiki-Asterisk+manager+API

9.11 Log management
Asterisk server uses 3 different logfiles, normédlyated in fvar/log/asterisk”

event_log :used to record Asterisk’s runtime informations
messages used to log Asterisk’'s messages
gueue_log :queue’s messages logfile

It's possible to visualize these files using a gpemen’ item (to find it, followSystem

ManagemeriLog Viewer) Rotation of these LogFiles can be enabled f8®tiingssubmenu’, along
with the detail level of messages.
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9.12 Update Database Structure

When updating easyAsterisk, a database structahigmenent is often needed. To use this feature it's
mandatory to give administrator’s permissions ((msesword); these fields can be leaved empty if the
SQL DB'’s root default password hasn’t been changed.

10. Dialplan customizing

This section is addressed to expert users. USiafplan Managemenit's possible to modify the
easyAsterisk’s system macros or to create custahmmeros and contexts.

10.1 Changing a system macro

Since a wrong operation in this area can seriodatgage our PBX, easyAsterisk provides the ability
to restore an original macro. When a System maasdideen modified an icon will appear on its side
to remember that the macro waas modifiéidu¢e 10.)

Figure 10.1 — System macro customizing

Let’s briefly see system macros:

[macro-stdexten-novm] Defines an extension with disabled voicemalil

[macro-stdexten-vmbu] Defines an extension with voicemail activated whagy or
unavailable.

[macro-stdexten-vmb] Defines an extension with voicemail activated whany.

[macro-stdexten-vmul] Defines an extension with voicemail activated wheavailable.
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[macro-fix-cdr] Modifies the Caller ID recorded in CDR when a ¢allirectly
transferred to another extension.

[macro-fix-dial-options] Sets the call options for the incoming and outgaalls.

[macro-dialout-trunk] Macro used when an external call is made.

[macro-dialout-trunk- Used for calls made via a QuadGSM linked trunk.

gsm]

[macro-dialout-router] Used when a call is received from an IP routeris(fiossible to
customize this macro only in the professional warki

[macro-dialout-router- Used when an IP incoming call, having tlgmulate Ringing'option

emuringtone] enabled, is received. (It is possible to custorthEmacro only in the
professional version).

[macro-dialout-ip] Called when afilP type” short number is defined.

[macro-queue] Defines a queue.

[macro-agentslogin] Defines the agents’ login extension.

[macro-CFIM-ON] Activates an immediate forwarding.

[macro-CFIM-OFF] Disables an immediate forwarding.

[macro-CFBS-ON] Activates a on busy-forwarding.

[macro-CFBS-OFF] Disables a on busy-forwarding.

[macro-CFUN-ON] Activates a on unavailable-forwarding.

[macro-CFUN-OFF] Disables a on unavailable-forwarding.

[macro-DND-ON] Activates“Do Not Disturb” service.

[macro-DND-OFF] Disables'Do Not Disturb” service.

[macro-blacklist] Defines a blacklist route.

[macro-play-audiomsg] Plays an audio file.

[macro-meetme] Defines a conference room.

[macro-voicemailmain] Defines the extension of the voicemail messagetecéanswering
service).

[macro-faxreceive] Defines a virtual fax.

10.2 Contexts and macro customizing

Customized contexts, as seen before, can be uskd IR trunks configuration, in the general sgtin

of the IP protocols, in the DIDs and in the IVR meWhen a customized context is created, a leading
underscore will be added to its name to avoid daptid names. By default, a customized context
called ‘custom-extehis available after the first installation of teeftware.

Using Customized context it’s possible to defingalcextensions to which the PBX local extensions
can refer to obtain common services or behavidet's; see a brief example to make things more
clear:

[custom-exten]
exten => 123,1,Playback(demo-congrats)
exten => 123,2,Hangup

In this example, the 123 extension will play theiadile “demo-congrats” just before to hangup the
line

10.3 Global Variables

This section lets to set up global dialplan vaesalthat maybe used when compiling custom contexts
and macros. For every new global variable it's seagy to typ@mameandvalue Global variables
will be inserted in the DialPlan’globals’ section .
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11. User panel

11.1 General view

easyAsterisk has a specific panel the enduserssmto simplify the management of their own local
extension. As we seen in theapter 4.5t is possible to define the extensions alloweddoess it, for
every extension, enable, or not, the access Tmilogin, users have to point the PBX’s local IP
address using theaxtensioras login and thepasswordas password.

Figure 11.1 — User panel

The screen looks like the Administrator’s paneiof@abar with the current menu, a left section with
the menu list, a right section with the options).
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11.2 Extension Management

UsingExtension Managemesrsch user can simply configure the behaviour ®ektension adding
forwardings, configuring voicemail, and other opsdfigure 11.1) Let’s see it in detail:

CALL Using this item it's possible to set a number @aletension or an external
FORWARDING: number provided with all necessary prefixes) taresd all incoming calls.
Another similar service is the DND (Do Not Distuthpat when activated
let the user not to receive any kind of call.
OPTIONS:
New Sets or changes the user’s password.
password/Confirm
password:
Ringtime: Indicates the time, express in second, after wtucrctivate the forwarding
or the voicemail services (if enabled).
Dial with: Sets the route to use when the user calls numtmeexsn system or
personal address books.
VOICEMAIL: Enables or disables the voicemail. Settings aresdnee as described in the
chapter 4.6

11.3 Private call detail record

UsingCall Detail Recordnenu it's possible to search the local extensti@idR Database. To make
a query the user can follow the same rules destiibéhechapter 7;results can be exported in PDF
or CSV document. Records can't be deleted fronddtabase.

11.4 Web voicemall

Web voicemail is a web interface that lets the tig@enanage all audio messages recorded in his owm
mailbox. figure 11.3.

Figure 11.2 — Web Voicemail
Using this interface, messages can be listenedtetkldownloaded, forwarded to other users or

moved into folders. The default INBOX is callddbox" while other available folders atEriends",
"Family", "Work" and"Old”.
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11.5 Managing the address book

Address Boolet the user to manage his own personal addredsdm to access the system-level
address book. Items can be called simply clickinghem; the user’s extension will start to ringiunt
off-hook and the user can start to talk with theced number. Using the opti@nal Within the
menu’ Extension Managemeitts necessary to set the default route to usé¢hf@routgoing calls.
Using theFree Callitem it's possible to digit in a text box the desi number to diaFind Contact
searches within the contacts stored in the add@siss.

11.6 Attendant console and operator panel

Attendant ConsolandOperator Panemenus will appear in the user panel only if theyenbeen
enabled by the administrator in the extension ogtigeehapter 4.4. As described befordttendant
Consolelets modify the routing of incoming calls whiperator Panekhows the real time status of
extensions, conference rooms, queues and extaraal |

11.7 Managing virtual Fax

If Virtual faxes have been configured it's possitdeaccess received documents using a simple
interface. When a user has permissions to manags fee will see an additiona icon on the left &f th
panel bar; clicking on it the virtual faxes listivappear figure 11.3.

Figure 11.3 —Fax Management
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12. Practical examples

12.1 Two Asterisk PBX connected via trunk ip

In the following example we suppose to have two BB)¢ want linked together via IP TRUNK.
PBX1 (IP Address: 192.168.1.1) manages local exdaasanging from 100 to 199

PBX2 (IP Address: 192.168.1.2) manages local exdaasenging from 200 to 299.

We need to create an IP link (in this case we wg# the sip protocol) to let each local extensaails
the other PBX’s local extensions. In other words,want to build a small PBX Virtual Private
Network.
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PBX1 (192.168.1.1) PBX2 (192.168.1.2)

The configuration of local extensions should folltws scheme:

That's the SIP trunk creation:

You can note that we create only feerthat handles incoming and outgoing calls. Usernantke
password are not set becauseitisecureoption is enabled (that options lets to receiuts athout
caller authentication). The selected contexbesl to directly address the calls coming from the peer
selectingncomingas context, calls are routed to attendant conaMe.must now to route the calls
usingRemote PBXtem/Calls Managementhenu.
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O

Please note that we simply redirect the other nmechiextensions patterns to the created trunkdih
cases the trunk name is pbx-remote).

12.2 "IP Router" set-up

Let’s suppose the following scenario: a traditioRBIX equipped with two PRI cards, the first one
connected to Telco lines and the second one coethémtan easyAsterisk PBX.

easyAsterisk has to be configured asRaRouterto accept calls from the standard PBX and to route
them to an IP Carrier. To do that, traditional PBM be configured so that extensions will engage a
line using “0” or “9” depending on the user’s w(ltaditional call, IP call). On easyAsterisk it's
necessary to configure PRI cardsHigrdware Settings (figure 12.1).

Figure 12.1 — PRI Card Configuration

As you can note, the signalling mustgremaster (NT).Most oftenOverlapsetting must be enabled
to instruct Asterisk to consider all the receivegitd. If echo is experienced, it's possible to nfiypd
RxgainandTxgainvalues making some tests. It's then necessametiea ZAP trunk (in our
examplecalled from-pbx, figure 12)2
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Figura 12.2 — ZAP Trunk creation

We configure two SIP trunks to connect two IP @sffigure 12.3)without setting limits in the
outbound channels.

Figure 12.3 — SIP Trunk configuration

We have to set an outbound Route, in this exantiplealledRoute] with a fictitious dialing prefix
code.

Figure 12.4 — Route configuration

Then we have to configure routings for the jusated route. We decide to route all internationdisca
to carrierl trunk and local calls toarrier2 (figure 12.5)
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Figure 12.5 — Configuration routings

The last step is IP Router creation, to instrusy@aterisk to redirect all the calls coming frone th
ZAP trunk from-pbx to routel(figure 12.6)

Figure 12.6 — Router IP creation

Well, the configuration should be complete. Lodabpes can use "0" to place a traditional call and
"9" to place an IP call.
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13. References

easyAsterisk’s reference sitehp://www.easyasterisk.orgDn that web site several useful items
such as FAQs and FORUM are available.

Please find a small list of some other Asterislated internet sites:

http://www.asterisk.org/ Official home page of the famous PBX open source.
http://www.digium.com/ Digium home page.
http://www.junghanns.net/ Bristuff developers, support for ISDN BRI cards.

http://www.voip-info.org/wiki/  Site containing technical informations about Asteiand the
VolP world in general.
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