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Getting Started With Asterisk
Version 0.1a

Written by
Andy Powell

If you would like to utilise my skills on a professional basis please visit Red Dot Systems

Feeling generous? Want to help me buy bit's n bobs to connect to Asterisk and get working? Why
not

[_ Make aDonation J

Want to just have aquick play with asterisk? Try the Asterisk Live! CD which I've put together. Add
aUSB key or USB CF card reader and you can reload your configs automatically at boot..
NEW: CF card version What about a PXE boot version?

Y ou can aso take alook at the extended guide (work in progress) after you've done your install
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Introduction

Who is your daddy and what does he do?

Oh my! A hugely funny reference to start off... well ok perhaps not, but anyway a little background
on me and reasons for writing the guide. | used to work for a Swiss bank here in Amsterdam, up until
December 2002 that is, when | was made redundant. Having searched for a job everywhere and
finding nothing — more accurately getting no interviews - | thought I’ d get myself some new skills.
Asterisk caught my eye as I’ d been messing about with Free World Dialup, and had even splashed
out on a couple of IP phones. Asyou probably know by now, finding some documentation was, well,
alittle difficult to say the least. The official guide, athough it makes sense to me now, wasjust a
collection of gibberish. In the end | decided to do something about it, not only to stop me going
insane but to try and help others on those ‘first steps’ to setting up and running what must be the
Linux PBX software.

Anyway, enough about me, you didn’t even read that bit anyway did you...

What is Asterisk?

Asterisk PBX, from now on just called Asterisk, is Linux based, Open Source and free PBX
software. Or to quote from the Asterisk website http://www.asterisk.org (with corrected spelling ;) )

Asterisk isacomplete PBX in software. It runson Linux and provides all of the features you would
expect from a PBX and more. Asterisk does voice over IP in three protocols, and can interoperate
with almost all standards-based telephony equipment using comparatively inexpensive hardware.

Asterisk provides Voicemail services with Directory, Call Conferencing, Interactive Voice
Response, Call Queuing. It has support for three-way calling, caller ID services, ADSI, SIP and
H.323 (as both client and gateway). Check the Features section for a more complete list.

Asterisk needs no additional hardware for Voice over IP. For interconnection with digital and

anal og telephony equipment, Asterisk supports a number of hardware devices, most notably all of
the hardware manufactured by Asterisk's sponsors, Digium. Digium has single and quad span T1 and
E1 interfaces for interconnection to PRI lines and channel banks. In addition, an analog FXO card is
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available, and more analog interfaces are in the works.
Also supported are the Internet Line Jack and Internet Phone Jack products from Quicknet.

Asterisk supports awide range of TDM protocols for the handling and transmission of voice over
traditional telephony interfaces. Asterisk supports US and European standard signaling types used in
standard business phone systems, allowing it to bridge between next generation voice-data integrated
networks and existing infrastructure. Asterisk not only supports traditional phone equipment, it
enhances them with additional capabilities.

Using the IAX Voice over IP protocol, Asterisk merges voice and data traffic seamlessly across
disparate networks. While using Packet VVoice, it is possible to send data such as URL information
and images in-line with voice traffic, allowing advanced integration of information.

Asterisk provides a central switching core, with four APIs for modular loading of telephony
applications, hardware interfaces, file format handling, and codecs. It alows for transparent
switching between al supported interfaces, allowing it to tie together a diverse mixture of telephony
systems into a single switching network.

Asterisk is primarily developed on GNU/Linux for x/86. It is known to compile and run on
GNUY/Linux for PPC. Other platforms and standards based UNIX-like operating systems should be
reasonably easy to port for anyone with the time and requisite skill to do so. Asterisk isavailablein
the testing and unstable debian archives, maintained thanks to Mark Purcell.

Who Made Asterisk?

Asterisk was originally written by Mark Spencer of Digium dba Linux Support Services, Inc. Code
has been contributed from Open Source coders around the world, and testing and bug-patches from
the community have provided invaluable aid to the development of this software.

Document Conventions

Just to clear up any confusion that may occur here are the conventions used in this guide.

Text that appearsin grey boxes like this contain the text that should be typed in, or output depending
on the context; however you should omit the leading # character as this simply represents the shell
prompt.

[#1s Jetc/asterisk |

Installing Linux for Asterisk

In order to use Asterisk you are going to have to use Linux. If you areaLinux ‘guru’ then you might
want to skip this section and just take alook at the dependencies. This section deals with installing a
Linux system for use with Asterisk. | make no excuses or arguments for the chosen distribution, Red
Hat 8; | have no intention of discussing the pros and cons of the many different distributions
available. In other words, if you don’t like Red Hat, stop bitching and find a windows user to
torment.
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Getting the ISO images

I’m not going to tell you how to create the CD’ srequired to install Linux, there are other sites for
this. You can find the | SO images required from places like http://www.linuxiso.org. Download the
SO images and burn them. For Thisinstallation you only actually need disks 1, 2 and 3 (the
assumption is you are using the default |anguage settings)— If you are pushed for a network
connection you can get away with only downloading and burning those, however, | would
recommend getting the whole set for the sake of completeness.

Installing Linux

Thefirst stepistoinsert CD 1 of your freshly burned | SO images into the target machine’s CDROM
drive and boot. At this stage I’ m going to make an assumption that you are either installing Asterisk
on a new machine or overwriting the disks of whatever was there before. If you want to dual boot
into Asterisk, please look elsewhere for initial configurations. Y ou might want to consult your
physician too. | make no apologies that this section is going to treat you like a moron; thisis
intentional. Since we want to be sure that you have no problems running Asterisk we need to make
sure that your installation matches the one | used to build and runiit.

The first thing you will need to do on your target machine is ensure that you can boot directly from
CD. Most modern (if not all) will alow this, it isusually just a setting in your BIOS. If you don’t
feel comfortable with messing in the BIOS the simplest test you can do to check and see if booting
from CD isenabled is, funnily enough, to put CD 1 into the drive and reboot the machine. If the
machine starts to boot and eventually shows a screen like the one on the following page, then you are
ok. If you are happy fiddling with the BIOS then just enable booting from CD and make it the first
device to attempt to boot from.
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In either case you should have something like this appear on your screen:

Red Hat Linux &40

Linux in graphical mode,

Linux in text mode, type:
linux tewmt (ENT

Use the function ]-:-_":._l'-. lizted below for more information.

At thispoint all you need to do is press ENTER. After ashort while, you will be presented with the
following introductory screen:

Online Help Weldome

Welcome to Red Hat | |
Linux

Welcome! This installation

process is outlimed in detail in

the Red Har Linux Installason
Guide available from Red Har,

Inc. Please read through the

entire manual before you begin —
this installabon process.

HTML and PDF copies of the
manual are available online at
hnpefaww redhat.com/docs.
There is also an HTML copy en
the CD set.

li you have purchased an
official boxed set, be sure o
register your product through
our website (hitpfww redhat,
comfappsfactivate/).

Themiiakaa thia inaallsiag waii EI

(Erode tie| [ Betease votes

Click the NEXT button
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Oriline Help Language Selection
Lﬂ.ng uage Selection ‘what lar_:gm.gr would you like to e during the installation
poCEss
Choose the language you would §
like: to use during this installation, | chineseimplified) 5508 =
Chinese(Tradional) (5 @70
Czech (Cefrinay
Danish (Dassk)

Dutch (Nederdands)

French (Frangais)

German [Dewnschl

Ieelandic ([slenska)

Halian {Italand)

Japanese (H 318

Korean (2430} ®
Sonwegian (Morsk)

Potuguese (Portugubs )
Russian {Pyccowit

Slowenlan (skovend dina) 14
Spanish (Espaholl

Crasnrli by I smserar bk =i

) pace pip| |0 e potes | | Bk | [ b |

Select the language you want to use during the installation. Since | used the default on English, all
the following screens will aso bein English. Then Click NEXT.

Orline Help Eeyboard
g
Keyboard Configuration gl Seiect the sporopate keyboard foc the system
Choose the layout type for the Russian (Wic rosalt) =
keyboard (for example, U5, Russian (ral)

English) that you would like o use
for the system.

Foussian (nu)
Russian wind
Shervralian

Slovrenian

Spanish

Speakup

Speakup (lapbop)
Swedish

Swiss French

Swiss French fasinl)
Swiss Gorman
Swiss Geiman (lafind)
Turkish

Uirainian

Linied Kingdom

U5, inberational

=]

(B rade tieip| | Betease Netes @ Back | (% nea |

Select the keyboard layout for your particular PC. Most keyboards in the English speaking world
tend to be U.S. English but check yours.
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Orline Help
|

Mouse Configuration

Choose the comect mouse type
for your system.

Do you have a P52, USE, Bus
or senal mouse? (Hint: If the
connector your mouse plugs
into s round, itis a PSR ora
Bus mouse; if rectangular, itis a
senal mouse.)

Try 1o find an exact match. If an
exact match cannat be found,
chease one which is compatible
with yours, (therwise, choose
the appropnate Generic mouse

type.

Hyou have a senal mouse, pick
the device and port itis
connected 1o in the mext box.

Tip: lf you have a scroll mouse, (=]

I 1 = 1
:@Hﬂe Help EEjﬂgltasemlul

Mouse Confiquration

@ Select the approprate mouse for the syitem,

Moset

ATl Bus Mouse
= Generic
2 Button Mouse (P5/2)
2 Button Mouse (sedal)
2 Button Mouse (LISB)

3 Button Mouse (sedall
3 Button Mouse (LUISB)
Wheel Mouse (F5/2)
Wheel Mouse (USEB)

[ Gl

| Emudate 3 bunions

IQI Back .

[ e |

Since we are not going to be installing a windowing system on this machine, in all honesty we don’t

care about the mouse. Click NEXT.

Cmiline Help

Installation Type

Choose whether you would like
to perform a full installation or
an upgrade.

A full installation will destroy
any previously saved
information on the selected

partitions. B

An upgrade will preserve
existing Red Hat Linux system
data.

If you want to perform a full
installation, you must choose
the type of the installation. ¥our
options (Personal Deskop,
Workstation, Server, or Custom)
are discussed briefly below.

A personal desktop installaton
will create a system for your

i@}ldeu:lp| ir_’;mlusemi

=]

Imstallation Type

o i

Personal Deskiop

insiall a graphic al deskiop emviroament and creale 3 Tysiem ideal for
home of deshiop use.

Waorkstation
This opson el 3 graghical des kg erdronmen win oo loe
Saffwant develnmenl and v Liem adming b ation

Server

Selat this s ralasgn oype i vou would B 1 ser up He sharng, pent
sharing, and Web vervices. Addinnal Servioes Can ao be enibied,
s you £an choos e whether o not b3 inatal 3 graphicsl esvironment.

- Custom
] Srlec] this e By e 85 gain Cosplets Conirol eeef The ifdLalaten
ooess, i software packase feleclion and suthentic Mon
pefeences.

£ @ Upgrade Existing System

i'ﬁ Back

Perfect for personal compuiens of liptops, select the. s talason type o

& e |

Since we are going to build a custom installation select CUSTOM and click NEXT.
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Orilinge Help Disk Partitioning Setup

Disk Partitioning

Setup

Omne of the largest obstacles for

a new user dunng a Linux Automatic Partitioning sets partitions based on the selected
installaticn is partitoning, Red installation fype. Yiou also can customize the panitions once
Hat Linux makes this process they have been created.

much simpler by providing an

aption for automatic pantitioning. The manual disk panitiening tool, Disk Druid, allows you to

create partitions in an interactive environment. You can set the
il system by pes, mount points, panition sizes, and mone.

By selecting automatic

parﬁ[—igning1 you wi.l! not have to The pamitioning 1o, fdksk, is a text-based ity ﬁ'll"'
use partitioning tools to assign recommended for advanced users who need to perform
mount points, create paritions, APACIARE NG IRERE.

af allocate space for your ®) Automatically partition

installation. (71 Manually panition with Disk Druid

) Manually partition with {disk (expens onlyh
To partition manually, choose
either the Disk Druid or fdisk
(recommended for expens anly)
partitioning tool,

Use the Back button to choose

a differant installatinn ar | 2

| rude telp| | ) etease Notes | @ gack | & meu |

This bit might seem alittle scary, there’s nothing to worry about, since we have aready established
that we are NOT going to dua boot and there is nothing that we want to keep on the disksin this
machine. You did check that right? Click NEXT.

O Helpy Désk Parmiticning Setup

Disk Partitioning

Setup

One of the largest obstacles for

a new user during a Linux Automatic Paritioning sets panitions based on the selected
installation is partiionin hartitions coce

Hat Linux makes this pr

much simplar by peoict The partision table on device sda was uneadable. To create  Bows you o

option for autornatic par rewe parfitions it must be intalized, cawsing the loss of ALL  You can set the
E ; DATA on this deive. |, and mone.

By selecting automatic

paritianing, you will not Wioukd wou like to initialize this dive? by anly

use paritioning tools 1o —— | padom

mMaunt points, create pa i “!‘P I alﬁ |

or allocate space for yol

installation, I () Manually partiticn with Disk Druid

() Manually partition with fdisk (expets only)
To partition manually, choose
either the Disk Druid or fdisk
(recommended for expens anly)
pariboning tool.

Use the Back bution to choose |
a diffarant inctallannn nr i_':

| i - ' l :
) rice piwtp| | ) Release Motes | ®  Back |
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If you get the previous screen, don’t worry too much just click YES. Y ou many note that the
message box refersto ‘hda’ not ‘sda’, don’t worry about this either, it’sjust the type of disksyou are
using. If you have IDE disks then this would say ‘hda’.

Oitline Help Automatic Panitioning

-

Automatic Partitioning

Automatic pamitioning allows
you to have some control Before autcmatic partitioning can be set up by the
concerning what data is SRLEESME PRV, FUMTRISELCOOUS T Bt 1ok

removed (if any) from your R 3t o s W

sﬁmm' | want to have automatic pﬂ."[ﬂll'.'ll'll'lg:

Ta remove anly Linux paritions ) Remnove all Linux Panitions on this system
(partiions created from a # Remove all partitions on this syst

previous Linux installatan), () Keep all partitions and use existing free space
select Remove all Linux

partitions on this system. Select the driveis) to use for this installation:

To remove all partiions on your =
hard drive(s) (this includes
partiions created by other
operating systems such as
Windows 95/08MNT/2000), [] Rewjew (and modify I needed) the partitions created
select Remove all partitions

on this system.

To retain your current data and
partitions, assuming you have [«|

:'@ll-hdeﬁﬂni .jﬁeluieNmes. .-.‘.3 Back | .ﬂ Mot |

Depending on the state of this machine and the disks before you started this install you can either
select ‘Remove all Linux Partitions on this System’ or ‘Remove all Partitions on this system’

If the disks have been previously used for another Operating system then select the * Remove all
partitions on this system’ option. If your disks are brand new and have not been used before then
either of the first two optionsisfine.

The box below these options will list the hard drives available on your system, leave the selections
alone.

Click the NEXT button. If you chose to remove all partitions on the system you will see the message
box on the following page. Again the disk name /dev/sda may and most likely would be /dev/hda. ..

Click YES...
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Oatline Help Auboenalic Pamitoning

]

*

Automatic Partitioning

Autematic pariioning allows
you to have some control
conceming what data is

Before automalic partitioning can be sef up by the
installaticn program, you must choose how fo use

! T L s e
emoved ) oy T S

system,
5 You have selected o remove all panitions (ALL DATA) on the
To remove only Linux | Following diives:
(parttions created from
previous Linux installa [dev/sda

select Remove all Limi

partitions on this sys Are you sune you want 1o do this?

To remove all pamiticn:

hard drivels) (this inclu
pantitions created by other
operating systems such as
Windows 95/98NT/2000),
select Remove all partitions
on this system.

To retain your cument data and
parnitions, assuming you have

ol

rabem

B space

| @ o || @ yes |- 1.0

[+ Reyiew (and madity if needed) the panitions created

|@Hde&dp| Ihﬂﬂ(‘lll H:Iu| ¢l

ma | (9 e |

Y ou should see the following screen showing how the disks will be laid out, click the NEXT button.

Online Hilp | Panitioning
Disk Setup
Choose where you would like Drive jdevisds 1 52225 ¥ (Model: VMware, Viware Virtual 51.0
; : sgsda? sdad
Red Hat Linux to be installed. 103741 B 51
If you do not know how to
panition your system ar if you
fieed help with using the
manual partitioning tools, refer New | Edit Delete || Reset || RAID | LvM |

to the Red Har Linux nstallation

Guide,

If you used automatic
partiioning, you can either

accept the cument partition fdevisdal  [boot et wr 1 13
seftings tclu:_k Next), or modify evjedsz | Ea 7 a5 1 480
the setup using the manual ; .
parnbioning wol. Jdevisdad swap 51 491 522
If you used fdisk 1o partition,
you must define mount points L
for your partiions. Use the Edit
button, once you have selected :
a partition, to define its mount =] [ Hide RAID device/LvM Volume Group members
|ﬁjmem| aﬁﬂu“mu| @ pack [ Mot

Click NEXT
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Drdire Help

[¥]

Boot Loader
Configuration

By default, the GRUB boot
loader will be installed on the
system. If you do not want to
install GRUB as your boot
loader, select Change boot
loader.

You can also choose which 05
(f you have more than one)
should boot by default, Select
Default beside the prefered
boot parition to choose your
default bootable O5. You will
not be able to move forward in
the installation unless you
choose a default bootimage,

You may add, edit, and delete
the boot loader entries by
selecting a partiion with your

mmirias and thon rlickina an tha :L-I

(@ race tietp| [ melease notes |

Cmiline Help

Network Configuration

Any network devices you have
on the system will be
automatically detected by the
installation pregram and shown
in the Network Devices list.

To configure the network

device, first select the device

and then chick Edit. In the Edit
Interface screen, you can

choose to have the IP and
Netmask informabon configured
by DHCP or you can enter it
manually. You can also choose

o make the device active at

boot ime.

lfyou do not have DHCP client
ACCEess OF are unsure as 1o what
this information is, please
contact your Network
Administrator.

o
;@Hdr:ﬂl:lp| ;:’]Bglum Mates

Boot Loader Configueation

The GRUB boot loader will be installed on /dew/sda. ;hango- boot loader

‘You can configure the boot loader to boot other cperating
systems. It will allow you to select an operating system to
boot from the kst To add addrional opetating systems,
which ame not austomatically detected, chick “Add." To
change the operating system booted by default, select
Dedlaclt’ by the detinsd operating Syitem.

|Defaut |Label |oevice I e
@ Red ot e foescaz T!

Delete |

A bood lnader password prevens users from changing
options passed 1o the kemel. For greater system
securty, it is recommended that you sef a passwaord.

[ W a boot loader passwond passwd

] Configune advanced boot loader gptiors

Mebwork Confeguration

hetwork Devicos

Active on Boot |Device |IPNetmask Egr |
othd  DHCP

Hosiname
Sel the hostname

) putomatically via DHCP

&) manually
Miscellaneouws Setings

[ & Back B Ment |

Now comes the hard part. If you know nothing about your network then we are going to be alittle
stuck. Thisisthe part that is specific to your installation. | am not going to attempt to explain how
networks function, if you have one they you should at |east understand the terms in the next couple

of paragraphs.

As shown on the screenshot on the previous page, the default for a Red Hat installation is to use
DHCP. If you are using a DHCP server on your network then you can click NEXT. If you are not
then you will need to click the ‘edit’ button, then deselect DHCP and enter an | P address and subnet
mask for this machine. As a side note most home run networks tend to use the address range
192.168.0.x and a subnet mask of 255.255.255.0 — The x being replaced with the individual 1P
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address of a particular machine. Y ou can establish this by looking at one of your other machine’s,
and its configuration settings. Again, generally, the Gateway and DNS are usually going to be
something like 192.168.0.1 for both. Thisis however VERY SPECIFIC to your network. Y ou much
make the setting match your existing network.

If you are using DHCP then for the hostname you can let DHCP handle it. If not then select
‘manually’ and type a name for this host.

Enline Help Iekwnek r!_'u:\-n.'lgumhnn

i =l Metwork Devices
Network Configuration | -
|Active on Boot [Dn'l:t |IF.'M|:im-uh | Edn ]
Any network devices you have i : 521651 12! ;
on the system will be
automatically detected by the
installation program and shown
in the Network Devices list.
To configure the network AR
device, first select the device R :
and then click Edit. In the Edit ; il
Interface screen, you can iasl=
choose to have the IP and 5 iy vt

Metmask information configured
by DHCP or you can enter it

Miscellansous Sefnings
manually. You can also choose —

to make the device active at Grareway {192 L8 1 200
boot ime. Prmary DNS: 1192 J168 U1 « 108
i Secondary DNS.
If you do not have DHCP elient
ACCesS or are unsure as to what Iemm DREs:
this information is, please &
contact your Network
Administrator. v
|ED de tielp| |3 Belease Notes | (@ Back | | Next |

Again, for anon-DHCP environment fill in the Gateway and Primary DNS fields. Do NOT use the
settings in the above screenshot unless they match your network. Once you have done this click
NEXT
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Enline Help = Firewall {_'-:.n!ll;a.lr;lhon
i ) =l Select a security level for the system:
Firewall Configuration €) High C) Medum N frewalt
&
A firewall sits between your (3 Use gefaul finewall
computer and the nemwork, and ® Cust

determines which resources on
YOUF COMPULEr FEMOLE USErs on
the network are able o access.
A properly configured firewall

can greatly increase the out-of-
the-box secunty of your system.

10

Choose the appropriate securty
level for your system.

1000

High Security - By choosing
High Security, your system will
not accept connections that are
not explicithy defined by you. By
default, only the following
connections ane allewed:

= DNS replies
* DHCP - s0 any network [

fome s e

(€ rude taeip E&mmm]

Select ‘no firewall’ and click NEXT.

Online Help Additbonal Language Suppon
1~| Select the default language for the system: | English (USA) |L|
Additional Language
Su pport Select gdditional languages to install on the system:
L IR (LA AR A .:J F iﬂ-ﬂ-‘.raﬁ -]
Select a language 1o use as the [ English iGreat Briain) :

default language. The default

! [ Enghish (Hong Kong) |  select Defaul Qniy |
language will be the language Oe
| English {India) g il
used on the system once Reset |
English {lseland)

installation is complete. If you L.
choose o install other [ English iMew Tealand)
languages, itis possible to [ English (Philippines)

O

O

change the default language English (Singapone)

afer the installation. English iSouth Africal
e e

Red Hat Linux can altermaiely =

install and support several L Engksh @im ;
[ Estonian

languages. To use more than
ane language on your system,

Farpese (Faroe Islands)

choose specific languages to
be installed, or select all
languages o have all avalable

] Finnish
| French (Belgivm)
1 French (Canada)

languages installed on the } rench Enncel

OoooOOncC

syslem. ;
| French (Luxembugh I
llea thea Racal hutton tooraneal 'El i Ll
R by e el el ———— —
|@H1¢¢-He|p [ Release ml @ aa:t—| |_¢ phet |

Click NEXT. If you want to use additional languages, select the ones you want first.
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Oviline Halp Time Zone Selecton
I " =
| | Location |UTC OMset

Time Zone Selection

You can set your ime zone
either by selecting your
computer's physical location, or |
by your time zone's offset from
Universal Time, Coordinated,
(alse known as UTC).

MNotice the two tabs at the 1op of
the screen. The first tab offers
you the abality to configure by
lecation. With this option, you
can choose your view. In
choosing View, your options

Antarctic aP almer - Palmer Station, Amvers 14land

are: Word, North Amenca, Lecakion Descrigtion =]
South America, Pacific Rim, AT A FEN WELTE ALSTRANE
Europe, Afnca, and Asia. AusiraliaSydney Mew South Wales - most locations |
From the interactive map, you Eurmﬁﬂdm.]. = 1
can click on a specific city, as SR ol
indicated by the yellow dots, [x] 7 = |
and a red X will appear at your [ System clock ises UTC
selection. [=]
T e T f y -
i@“d'-‘ﬂf-“P| [ Belease Nates |® Back | ® Next |

Select your location or at least the nearest place to you that islisted and click NEXT.

Ownline Help Account Conliguiation

Account Ennﬁgu ration | O Entar the reot (administratos) password for the system.

Note: Semting up a root Root Password: | R
account and password is one of Confim
the most illnp-nna.nt steps during Root password accepled.
rinstallation. Your
pouCEsmiakon. Loutmol by It s recommended that you create a personal account
account enables you to install [@" for pormal (non-administrative) use. AcCoums can
packages, upgrade RPMz and =" alse be created for additional users.
do most system maintenance. E.ﬂ.:cnum PR |.F"" Hama I A
Logging in as root gives you = B 1
complete control over your
system and is very powerful. A |

Use the reot account only for
administration. Create a non-
root account for your general
use and su - o gain root
access when you need to fix
something quickly. These basic
rules will minimize the chances
of a typo or incormect command
daoing damage to your system,

Enter a password for the reot %]

i@“ﬂtﬂﬁﬂl .:'IB.rltho!H| (@ Back | :; [ |

Enter a password for the ‘root’ user. If you were unaware, the root user is like the administrator
account on a Windows machine, the big boss account.. Use TAB or the mouse to move between the
fields. Once you' ve done that (and remembered the password!) click NEXT.
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Orline Help —_Authentication Configuration
' 1] Enable MDS passwords

-

Authentication =
'
Configuration _Em ‘f"f’” "“"f"“”" :
NS |lD.I’|E' |Kerberns 5 | SMB |
You can skip this sectionifyou | | |[7] Enable NS
will not be setting up netwaork IS Domair
passwords. f you are unsure, & Use

ask your system administrator
for assistance,

Unless you are sefting wup an
NIS passwaord, you will notice
that bath MD5 and shadow are
sebected. Using bath will make
your system as secure as
possible,

+ Enable MD5 Passwords -
allows a long password to be
used (up to 256 characters).

+ Use Shadow Passwords -
provides a very secure method
of retaining passwords for you.

[=]
;@Hdel_-nlp| :D&du;!m ‘1\‘ Back B et
Click NEXT
Cwline Hiekp Package Group Selection
W (I ON TNE SySTEm, =]
Package Group [ FTP Server fo72)
Selection Qi These tools allow you to un an FTP server on the system,
Select the package (application) [[] s0OL Database Server fars
groups that you want 1o in 5_‘1"7'”- To ; This package group allows you to run an SQL server on the
select a package group, click on @1 system.
the check box beside it. [ Mews Server [0
I
Omce a package group has been @1 :e'“m‘-:_”"""a O Ou S0 CONr |y S

selected, click on Details w view
which packages will be installed
by default and to add or remove % These packages Include network-based senvers such as
optonal packages from that group. @7 e, DHCP, and telnet,

[] Metwork Servers L]

To select individual packages,

check the Select Individual [} Development Tools [35/45]  [erals =
Packages box at the bottom of the . These tools Include core devebapment tools such as
SCrEen. astomake, goc, perd, python, and debuggers.

[+ Kemel Development [4r4] Detalls

@ Install these packages to recompile the Kemel,

[«]

i P P O AR (Y Ao

[# '.-_id:h;:ct individual p{l.!:k.ly:-‘.'* Total mstall size: S83M
:@ Hide: l_-ldr-‘l. -|:'| Release Notes | @ paxk | |¢ [ |
Now we have to select the applications that we want to install. The only things you need to select

are:

Development Tools
Kernel Development
Text Based Internet (optional but advised)

Make sure you also have ‘ Select individual packages’ selected (see cursor on previous page
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screenshot).

Now click NEXT

Crrfline: Help Individual Package Selection

al OT (] &
. H Oleevien ©pmvien [Ty, Toseomr |2
Individual Package e .
Selection [ sash \
[ samfish [
You can choose to view the [0 screen 1
individual packages in tree [ scrolikesper 1
view or flat view. O sou 1
[ soL-devel 2
Tree view allows you to see the E_! = :
packages grouped by L e
application type. I. | SDL_image-devel 1
[] soi_mibxer 1
Flat view allows you to see all [ SDL_miver-devel 1 —
of the packages in an ] SDL_net 1
alphabetical listing which will [ SDL_net-gevel 1
appear on the nght of the pa iy R
SCreen. e =
1 spndmailcf 1 =]
Using Tree view, you will see a Total install size: BS4M [ ed i oo R T e i |
listing of package groups. When - :
you expand this list and pick u:f:;gf 1;":? ;
one group, the list of packages SaX (Sound eXchange) is a sound fle formal comeerted, SoX can conven between
in that group will appear in the many differan digitized sound formats and perform simple sound manspulation
panel on the nght. ol functions, including sound effects.
=
!@Hﬂeuﬂu' |Dﬂgeleasemte-s| ¥ Back | |¢‘ [ |

Select ‘Hat View’ and ensure that the following ADDI TIONAL items are selected:

OpenSSL-Devel
Readline41
Ncurses4

Ncurses C++ Devel
SOX

Now click NEXT
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Orline Help

About to Install

Caution: Once you click Next,
the installation program will begin
writing the operating system o the
hard drive(s). This process cannot
be undone. If you have decided
not to continue with this
installaton, this is the last point at
which you can safely abor the
installation process,

To abort this installation, remowve
all installaton media, and press
your computer's Reset button or
reset using Control-Alt-Delete.

!;ﬂ Hide uelul |Dﬂeﬁease Mobes |

About 10 [nsrall

Click next 1o begin installation

of Red Hat Linux.
A complete log of the

rootjinstall.log file after
rehaoting your system,

System,

Installation cam be found in the |

A kickstan file comaining the
Installation options selected can
be found in the froolfanaconda-
ks.cfg file after reboating the

Ok, thisisit, we are about to do theingtall, Click NEXT

Crrfline: Help

Installing Packages

We have gathered all the
information needed to install Red
Hat Linux on the system, it may
take a while to install everything,
depending on how many
packages need 1o be installed.

E Help | |Dﬂeﬁeaseﬂmes|

Installing Packages

Package:
Size:

Summary

Package Progress:

Tozal Progress:
|5-l:a|1us I Patkages Size Time
Total o oM (oo
Lh
Comiy Formating [ file system... D - 000
Remd = o oM O 0o O

& oo |

%

The first ting you'll see is the disks being formatted and partitioned, once complete the various
packages will beinstalled. Y ou will be prompted to insert disks, change the CD, and then click OK.
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Online Help Instadling Packages
Package: pcl-8.3.3-74
Installing Packages Size: 6,609 KByles

Summary: An embeddable scnpiing Language.

We have gathered all the
information needed o insall Red Package Progeess:

Hat Linux on the system. tmay o proge,,

take a while to install evenything,

e o rrrates, R i T
packages need to be installed.

254 M 28:35
TZTM LU
5 Pleate insen disc 2 1o continue. 157 M 0:05-05

v [P

Bringing Linux to your enterprise.

Thie highest levets of performance, stability, and
rediability in one subscription,

Learn mare: winiw redihaloomiodhvancecene’

H i :| !I:‘]Eelemmes| & gak | B p |
Cidine Halp Bosol Disk Creation

Boot Diskette Creation @

Thee boot diskethe allows you bo boot your Red Hat Linux

To create a boot diskete, insen a system from o floppy diskette. A boot disk allows you to boot
hl;nlc di s’meu_e Inte your ﬂnpg\r your system if your bootioader configuration siops working, if
drve, and click Mext to continue. you chose ot 1o install & boot loader, oo if your third-pasty boot

loader does not suppost Linux,

It is highly recommended you creste a boot disk.

) Yes, | would like 10 create a boot disk

® Mo, lﬁnnmwn;wtrmrcahwrﬁsi

[Erace o] [ melease nots | (@ s | [® men

You don’t really need to create a boot disk. Select no and click NEXT.
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Congratdations

Congratulagions, the installation ks complete,

Remove any installation media idisketies or CD-ROMs) used
d"nru; the installation

1 you created & boot disketie v boot the system, inser it
before reboating.

For information om Emata (updaies and bug foes ), visit
Titepc ) Peeen Pecthat. C oemyferral sy

For information on aulomatic updates through Red Hat
Metwork, visi
Fttpe v redhat. comy)

Far information om wsing and configuring the system, visi
It/ v redhad. comydoc s/
npc/ e, edhat. comfapps,'s uppony

Ta register the product for Suppodt, wisit
Fll!p_-.'m-m.rlzdlm.ﬁ‘ql_'.mp‘.;u.{Iw.]li"_-'

Click "Exit’ 10 reboat the $ysiem.

= | ) Belease Notos wl wl e

Do NOT remove the CD, theinstall will gject it for you, Click EXIT and your machine will reboot.
Once complete you will be presented with something like:

Red Hat Linux release 8.8 (Psyche)

Kernel 2.4.18-14 on an 1:15

myphx login: _

Y ou may now dance around the room alittle; you have completed the Linux install part of
Adsterisk...

Get a coffee, tea, colaor drink of your choice and bask in this glorious moment. Then read the next
section on installing Asterisk.

Additional Installs

Y ou may also need (depending on your desire to have music on hold) mpg123 which can be found at
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http://www.mpg123.de/mpgl23/mpgl23-0.59r.tar.gz

From your Linux box you can also type

# cd /usr/src
# wget http://ww. npgl23. de/ npgl123/ npg123-0.59r.tar.gz

Extract it and compile

# tar -zxvf npgl23-0.59r.tar.gz
# cd npgl23-0.59r

# make |inux

# make install

Once compiled make sure there isacopy in

[ usr/ bin/ npgl23

Note that the copy of mpgl123 that comes with Red Hat 8 is of no use to you, it will not work with
Asterisk.

Obtaining Asterisk PBX

Y ou can run Asterisk without any of Digium's hardware but unless you have some sort of PSTN
gateway/card you' Il only be making network calls.

From the Asterisk website download page:

The best way to obtain Asterisk isto check out afresh copy from the CVS Server.
To check out code from our CV S repository:

# cd /usr/src

# export CVSROOT=: pserver:anoncvs@vs. di gi um com /usr/cvsroot
# cvs login - the password is anoncvs.

# cvs checkout zaptel |ibpri asterisk

Thiswill create four directories, zaptel, libpri, and asterisk. Compiling them is generally quite
straightforward. Just change to each directory and type make install, in this order. Compile zaptel,
then libpri, and then asterisk.

# cd zaptel

note if you do not have any Digium hardware and you want to use music on hold etc you may find
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that you need to modify the Makefile in this directory. Near the end of line 82, change # ztdummy to
ztdummy
(i.e. remove the #) then continue

# make clean ; make install
# cd ../libpri

# make clean ; make install
# cd ../asterisk

# make clean ; make install
Remember to do a

# make sanpl es

to generate the basic configuration files. Hopefully everything compiled ok, you can test that
Asterisk will run by typing

# asteri sk —vvvvc

And hitting return, you should see screens and screens of information that means nothing to you at
al. Thisdoesn’'t matter at this point, at least Asterisk works! Type

STOP NOW

And hit enter in the Asterisk command line, Asterisk will exit.

Voice Over IP Phone Calls Ip Pbx New - Eicon for Voice VolP Phones, W
Unlimited Calling $19.95/mo. Deploy open, standards-based Diva Server Voice Boards & Soft-  VolP Phones -Wirele
.Clear Connection. First month _business communication system. _IP 4/8/BRI/E1/IP with Royalty .802.11 Plantronics -
Free! Free SDK 888.431.5575

Adding Digium Cards

Digium sell anumber of cards for use with Asterisk, these range from single FXO in the guise of the
X100P through to fully fledged quad E/T1 cards. If you are setting up Asterisk at home then an
X100P (or two if you have 2 lines) should be enough for your needs. Y ou might also want to get an
FXS card so that you can get standard analog phones working with Asterisk.

My own configuration at home consists of a single X100P and a dual port TDM20B card —
TDM400P is the generic name for the card, specific names exist for the number of ports on the card
i.e:

TDMxO0B where x iseither 1, 2, 3 or 4 —denoting the number of ports.
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There are a couple of things to note about the X 100P. Although the card should work in your country
things like caller id detection may not. In the USA you should have no problems at all, but in
Europe/rest of the world you should consider searching the archives for information.

At the time of writing the following countries appear to have either full or rudimentary support for

calerid:

USA Full

UK Not on BT, * SOME* cable companies may work.
FR/DE Just being implemented (patched)

RO Y es (patched)

Those that don’t work include:

NL/DK (although some preliminary work has been done on these locations and hopefully they will
be supported soon)

If anyone has any other locations that are known to work/not work please let me know. If you are not
going to be adding cards to your system you may want to skip this section to get started, although it
is recommended that you read the entire document for compl eteness.

In the machine | use for Asterisk; a Dell Optiplex GX115 | have disabled the soundcard since | do
not need it. Y ou may wish to keep it enabled but bear thisin mind if you get IRQ conflicts.

X100P Installation

| hope | can make the assumption that you are capable of adding anew card to your system, if not
get someone who knows what they are doing to help out. Oh and please wear awrist strap.

The X100P card is what we call an FXO (Foreign Exchange Office) card. Unless you know about
telecoms then that probably didn’t mean much. What it means to you and meis that you can plug a
cable into the phone socket on your wall and into the back of the X100P; thisis your incoming line
from your telecoms provider (KPN/BT/Bell etc).

Y ou may have noticed that there are 2 sockets on the back of the X100P; one marked astheline
interface and the other as a phone interface. Plug in an appropriate cable between the wall socket and
the line interface on the card. If you have a spare phone then plug this into the phone interface on the
card too. It isaways good to have a phone plugged into this interface because in the event of asterisk
failing, or a power cut the card actually till allows access to the PSTN line. Obvioudly if you decide
to use a phone that is not powered from the phone line, if you have a power cut, it will not work.

TDMA400P Installation

The TDM400P card is an FXS (Foreign Exchange Station) card; it’swhat you plug standard analog
phones into to use them with asterisk.

For those using phones from the UK you may need an adaptor that provides a ring capacitor to
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actually get the phone to physically ring. | have both a BT Easicom 1000 and a Panasonic KXTCD-
777 (thisisa DECT base station and 2 handsets sold in one box). The Panasonic phones do not
require the adaptor with ring capacitor but the BT Easicom does.

If you are using phones from the USA (aside from any power requirements they may have) you
should just be able to plug themin.

Configuration

Once the cards have been physically plugged into your Asterisk machine, power it up again. Once
you'velogged in you' Il need to configure the cards. It’sworth pointing out that you do not have to
have one of each card type but this section will make the assumption that you have got one of each
so that we can cover a much fuller configuration.

The first thing you'll need to do is modprobe for the cards, basically this makes your linux system
poke' the card viaitsdriver

nodpr obe zapte
nodpr obe wcf xo
nodpr obe wcf xs

The order in which you do the modprobe’ s 1S important. If you modprobe the FXO (modprobe
wcfxo) card first then it will be channel 1, if you modprobe the FXS (modprobe wcfxs) card first
thenitsfirst port will be channel 1, the second channel 2 and so on...

Now you need to tell asterisk which ports are for what... edit /etc/zaptel.conf

# vi [etc/zaptel.conf

Noteto exit vi hit the escape key then type : wq to write thefile and quit. If you want to quit without
saving use q! instead of wq

My zaptel .conf consists of the following

f xsks=1

f xoks=2

f xoks=3

| oadzone=nl
def aul t zone=n

The loadzone and defaultzone are fairly obvious and are ssmply your SO country code — Not all
country codes are available, but to be honest | was running with ‘us' for a couple of months herein
Holland with no issues..

Thefirst 3 lines are very important so pay attention.
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Just to confuse you more FXO ports use FXS signaling and FXS ports use FXO signaling. So from
the above configuration you can see that port 1 (fxsks=1) is actually an FXO card (X100P) and ports
2 and 3 are on the FXS card (TDM20B). Note that you do not have to have the cards in this order,
but they must match the order you modprobed them. Since | have a single port FXO card and a2
port FXS (with the ability to add 2 more ports) it makes sense to put the FXO card as the firgt,
otherwise I’ d have to change my configuration files a bit when (if) | added more FXS ports.

Save your file and then edit /etc/asterisk/zapata.conf

# vi [etclasterisk/zapata.conf

Thisiswhere you set the configuration for each of the channels on the cards (you can think of the
channelsaslinesif you like). It’ simportant to note that the configuration in zapata.conf iswhat |
would call ‘backwards' —i.e. you set the features for a channel, then

you assign the channel to them. There is actually a very good reason for this. We are only dealing
with a couple of channels so it’snot abig deal, but imagineif you were dealing with 128, 256 or
more... Doing it ‘backwards' allows you to set the configuration for al the channels and assign them
all at once (making dight modificationsif required)

When you edit the file you may see things like

[ channel s]

rel axdt nf =yes

cal l wai ti ng=yes

cal lwai tingcall erid=yes
t hreewaycal | i ng=yes
transfer=yes
cancal | f or war d=yes
usecal | eri d=yes

these are al pretty specific to your environment, they take either yes or no as the argument.
Hopefully what they do is obvious, for example:

cal l wai ti ng=yes

givesyou a call waiting tone if you are on the phone and someone else rings. Many of these features
need to be supported by your local telco (Bell/BT/KPN..etc)

At the bottom of this section are example zaptel and zapata config files that should work
immediately if your configuration MATCHES mine —i.e. you have 1 X100P and 1 TDM 20B.

Some of the options available in this configuration file are asfollows:

More than likely you will want to turn on echo cancellation

echocancel =yes
echocancel whenbri dged=yes

http://www.automated.it/quidetoasterisk.htm 01/07/2005
PDF created with pdfFactory Pro trial version www.pdffactory.com



http://www.automated.it/guidetoasterisk.htm
http://www.pdffactory.com

Getting Started With Asterisk Pagina 25 di 44

The gain options allow us to increase or decrease the ‘volume’ if the devices we have appear to quite
or loud — to be honest you should not really need to change the rx/tx gain settings under normal
circumstances.

rxgai n=0.0
t xgai n=0. 0

Groups allow us to bundle devices together to act more or less as one, got examplein Dial strings
you can use g<device-group-number>. A dial string would look something likethis:

Di al (ZAP/ g1/ 1234567890, 60)

There isa good reason for this, if for example, you had 10 outgoing lines, you would normally want
to dial out on any line that was available, not a specific one. Using the group option will allow
asterisk to search for afree line within that group.

group=1

Pickup groups allow you to group devices, phones or lines together so that you can pick them up
using * 8. For example if a phone connected to FXS port 1 rings you may want the phone on FXS
port 2 to be able to pick it up.

pi ckupgroup=1-4

The immediate feature iswhat | like to call theBatphone option. If thisis set to yes, when you pick
up the line it will automatically dial the ‘s extension for the context thislineisin. Think back to the
TV show Batman, when Commissioner Gordon was in his office and needed to talk to Batman, he
smply picked up the receiver on the red Batphone and it rang in the Batcave. So you see, even super
heroes can use asterisk!

In thisinstance it’s of no real use to us, as we are defining the PSTN line..

i medi at e=no

The context is the place in extensions.conf that calls on thisline will jump to. It'sa good idea to
identify the 2 types of card in using this. Setting the FXO care to jump to the Bell context when a
call comesin...

cont ext =bel

As| said before, FXO devices use FXS signaling so we need to set that here too, it needs to match
what you had in your zaptel.conf file BUT, and the reson is unknown to me, instead of fxsks we need
to use fxs_ks. There are of course other signaling methods (see the draft manual for all the options)
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signal I i ng=f xs_ks

If we have callerid we can passit on to asterisk’s extension logic

cal |l eri d=asrecei ved

All the settings above have not been assigned to a channel yet, so we do that next

channel =1

It’sworth noting that all the values (above the channel=1) now become the default values for all
other channels, this means you only need to change those you want and all otherswill be taken from

above.

cont ext =hone
group=2
signal I i ng=f xo_ks

cal | eri d="Phone 1" <2468>
channel =2
signal I i ng=f xo_ks

cal | eri d="Phone 2" <3579>
channel =3

mai | box=2468 ; you will need to create this mail box!

mai | box=3579 ; you will need to create this mail box!

o, finally we have the zapata and zaptel config files complete, they should look similar to this:

/etcl/zaptel . conf

f xsks=1

f xoks=2

f xoks=3

| oadzone=nl
def aul t zone=n

[ etc/asterisk/zapata. conf
[ channel s]

busydet ect =1
busycount =7

rel axdt nf =yes

cal l wai ti ng=yes

cal lwai tingcall erid=yes
t hreewaycal | i ng=yes
transfer=yes
cancal | f or war d=yes
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usecal | eri d=yes

echocancel =yes
echocancel whenbri dged=yes

rxgai n=0.0
t xgai n=0.0

group=1
pi ckupgroup=1-4

i medi at e=no
cont ext =bel

signal I i ng=f xs_ks
cal |l eri d=asrecei ved
channel =1

cont ext =hone

group=2

signal I i ng=f xo_ks

mai | box=2468

cal | eri d="Phone 1" <2468>
channel =2

signal I i ng=f xo_ks

mai | box=3579

cal | eri d="Phone 2" <3579>
channel =3

Y ou will need to restart asterisk completely if you make changes to these files at alater date. At this
point we can also run ztcfg with —vv (v v not w)

[ root GASTERI SK asterisk]# ztcfg -vv

Zaptel Configuration

Channel map:

Channel 01: FXS Kewl start (Default) (Slaves: 01)
Channel 02: FXO Kewl start (Default) (Slaves: 02)
Channel 03: FXO Kewl start (Default) (Slaves: 03)

3 channel s confi gured.

The next stage is to modify our extensions.conf to configure the numbers for the cards...

[coming soon...]

Rush Hour lll — | need something quick
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Setting up SIP
The configuration files for Asterisk are stored in /etc/asterisk so go there:

# cd /etc/asterisk

the fileswe are particularly interested in are sip.conf and extensions.conf. The first thing we will
need to do is edit sip.conf - Use whichever editor you are familiar with under Linux - | use vi. — Note
to exit vi hit the escape key then type : wq to write thefile and quit. If you want to quit without
saving use q instead of wq

# vi sip.conf

If you've ever looked at a windows .ini file you'll notice the format is very similar. In the [general]
section you need to add aline to register asterisk with your sip proxy (eg ix66), you should end up
with something like the example below.

[ general ]

port = 5060 ; Port to bind to

bi ndaddr = 0.0.0.0 ; Address to bind to

context = sip ;default Default for incoming calls

An important point here, if you do not have asip aware firewall and are just using port forwarding
then ensure that your context points to somewhere like ‘invalidcals'. If you do not do this then
someone could call one of your extensions direct from the Internet. If you had an FXO card in the
machine, this could lead to them being able to make PSTN calls!!

regi ster => nme@ysi pproxy.com 1000

A couple of things to note here, obviously the sip address "me@mysipproxy.com" is one that
someone would normally call you on. The /1000 at the end of the 'register =>' lineis actually the
extension that asterisk will use for this address, ie when someone calls me@mysi pproxy.com
extension 1000 will ring.

If you re registering with FreeworldDialup then you will need to add your password to the register
line too: e.g.

regi ster => 21103: nypasswor d@ wd. pul ver. com 1000
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[ mysi pproxy. com

t ype=peer

host =192. 168. 72. 2
fromuser =andy

secr et =mypasswor d

f romdomai n=mysi ppr oxy. com

That part isfairly straight forward using these guidelines:

[section name] - the section name is the bit after the @ in your 'register =>' line
type= - thisisapeer.

host= - the ip address of the ASTERISK server.

fromuser - username used for registration

secr et - password for this account if required, if no password is required comment it out

using a; in front

fromdomain - the domain that the usernameis from.

For FreeworldDiaup use

[ fwd. pul ver. com
type=friend

secr et =mypasswor d

user name=ny fwd nunber
host =f wd. pul ver.com

We now need to define a couple of phones. | use Snom 100's, but you may just want to use §phone

(http://www.sjlabs.com) or something like that.

[ phonel]

type=friend

host =dynanmi c

defaul ti p=192.168.1. 4

; user name=bl ah

; secr et =bl ah

dt nf node=rf c2833 ; Choices are inband, rfc2833, or info
mai | box=1000 ; Muil box for nessage waiting indicator
context=sip

cal l erid="Me" <2124>

[ phone2]
type=friend
; secr et =bl ah
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host =dynanmi c

defaul ti p=192.168.1.3

dt nf rode=rf c2833 ; Choices are inband, rfc2833, or info
mai | box=1000 ; Muil box for nessage waiting indicator
context=sip

callerid="Mni M" <2123>

Since the configuration for both phones will be similar I'll only deal with 'phonel’. First of al the
[phonel] isimportant, it's what you will use in your extensions file to identify this physical phone
when issuing Dial commands. (e.g. Dial (SIP/phonel,20,tr) - we'll get to thislater).

The type=isgoing to beafriend in thisinstance, peer is used when Asterisk is contacting a proxy,
user is used for phones that can only make calls, and friend acts as both a peer and a user.

Set your host=dynamic and the |P address in the defaultip= entry too. If your host has an entry in
your DNS then you just enter the machines name in the host= field. Unless you have a good reason
to leaving it as dynamic and using the IP given to the phone (fixed or DHCP allocated) is perfectly
ok.

The username and secret fields are only used when the username is not the same as the client. You
should be able to safely ignore this for the moment.

dtmfmode= is somewhat trial and error, it depends on your physical phone or software, 1've found
that my Snom 100's need rfc2833 for DTMF tones to be heard, and SJphone needs inband.
Essentially it'strial and error, but once you establish which is needed for what type of phone, it
appliesto al. This should not be installation specific, ie I've just told you that Snom 100's use
rfc2833, so you can use those too..(for the Snoms also change the phone config.

mailbox=is the voicemail mailbox that is checked for messages, thisinformation is then passed to
the phone, on a Snom 100 phone it resultsin an envelope icon. Usually you'll have more than one
mailbox, one for each user or extension.

context=is extremely important you should, in the first instance make this the same for all your sip
clients. If aphoneisnot in aavalid context you will not be ableto useit. I've used 'sip' you can use
whatever you like, but make sure they are the same, you will need to make an entry in your
extensions.conf file (which we will get to later)

callerid=is pretty self explanatory, however, note that the callerid must be in the format above, ie
"text" <number> it's the whole line that's the callerid, not just the bit in quotes. Essentially the name
goes in the quotes and the number between the < and >.

Once you've set up these phones you'll need to add some information in your extensions.conf file:

# vi extensions. conf

You'll seethereisalot of information here, for the moment ignore this. Go to the bottom of thefile
and add [sip] and press return. This needs to be the same as the context= section for your phones
defined in sip.conf surrounded by square brackets. If | had set the context= to wibble
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(context=wibble) then this section would be called [wibble].

Next we'll add a couple of extensions for the phones defined in sip.conf

exten => 1,1, Di al (SI P/ phonel, 20,tr)
exten => 2,1, Dial (SI P/ phone2, 20,tr)
exten => 1000, 1, Di al ( SI P/ phonel&SI P/ phone2, 20, tr)

Add the above lines in the [sip] section. The format of the exten linesisfairly smple:

exten => extension number, command priority, command

Since an extension may have anumber of commands there may be multiple entries for an exten.
WEe'll do some more complex stuff later but for the moment save thisfile.

Asterisk® Ready PCI Cards Migrate to an IP PBX Avaya IP Office IP-Enabled PBX
Sangoma AFT-series T1/E1 PCI Next Generation IP PBX's can help Specialists in IP Office Telephony  Full function PBX sy:
.with Linux/FreeBSD/Windows _reduce call costs .and Systems Integration. .VoIP & various netw
drivers

Ads

When you start asterisk without any parametersit runs as a daemon. Enter the following command:

# asterisk

If you get the error

ERROR[ 8192]: File asterisk.c, Line 1249 (main): Asterisk already running on /var,

then asterisk is aready running and you should use the command

# asterisk —r

to connect to the daemon, adding vvvvvvvvvgc to this will give us debug information too ie:

# asterisk —vvvvvvvgrc
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If the daemon was running and you got the error type

rel oad

and hit enter at the prompt. If you did not get the error you do not need to do anything, however you
might want to attach to the daemon anyway using.

# asterisk —vvvvvvvgrc

Y ou will need to configure your phones to connect to the asterisk machine. This varies from device
to device hereis an example for Snom phones:

Under Hone > Settings > SIP > Lines

Add the Name as phonel, the Account as phonel and the Registrar as the IP of your asterisk pbx and
click save. Do the same for your second phone, replacing ‘phonel’ with ‘phone2'.Y ou should now
have 2 phones registered to asterisk (it may take afew seconds to actually happen). If you like you
can check by typing:

si p show peers

from the asterisk console, this should result isadisplay alittle like the one below

Name/ user nanme Host Mask Port Status
phonel/ phonel 192.168.1.4 (D) 255.255.255.255 5060 Unnonitored
phone2/ phone2 192.168.1.3 (D) 255.255.255. 255 5060 Unnonitored

Go to 'phonel’ and dial '2', phone2 should start ringing. If not double check everything. If it does,
hang up and then go to phone2 and dial '1'. phonel should start ringing. When someone calls the
address in your sip.conf (eg me@mysipproxy.com) both phones should ring. Of course all thisis
wonderful if you only want to talk internally, but how can you talk to other people over the internet?
If you've registered with a proxy for example FreeworldDialup add an entry like this:

[ fwd]
exten => 8.,1,Dial,SIP/ ${EXTEN-1} @wd. pul ver.comtr

Next add
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i nclude => fwd

in the [sip] section of your extensions.conf. Thiswill allow you to dial 8 then the users
FreeworldDialup number e.g. 8100001 would dial FWD's voicemail. On hard phones, thisis much
easier than having to type afull sip address. Got some friends you call often over the internet? just
set up an exten line for them:

exten => 4002,1,Dial, SI P/ keith@i s-si p-address. com

Now you just dial 4002 and it will call them...

Voicemail - Please leave a message after the tone...

Ok, so you've got the basics going, and it's great - if you happen to sit by you phone al the time.
What happens if you are out/away from your desk/sleeping you'll miss those vital calls. We need to
set up voicemail to capture all those messages if we miss them.

Thefirst thing we need to do is create the mailbox for Asterisk to use, thankfully thereis alittle
utility to do this:

# Jusr/src/asterisk/addmail box

You'll be prompted for amailbox number,

Ent er mmi | box numnber:

for now enter 9999 and hit return. Thiswill copy a number of files required for the mailbox.
Voicemail files can be found in

/var/ spool /asterisk/vm

each mailbox has is a subdirectory from this point, so mailbox 9999 is

[ var/spool / ast eri sk/ vnm 9999/

Y ou don't really need to worry about these files, but at least you now know where they are on your
system. The next thing we need to do is modify afew files so that the mailbox can be used. We need
to edit the config files, so go to their location:
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# cd /etc/asterisk

Thefirst of the files we are interested in is voicemail.conf, edit thefile

# vi voi cemnil . conf

The section we areinterested in is [default]. If, which islikely, you have the sample configs
installed then you will see a number of entriesin thisfile. Y ou can comment them out if you like by
placing a semi-colon ;" in front of theline.

[defaul t]
; 1234 => 4242, Exanpl e Mail box, r oot @ ocal host

Addtheline

9999 => 1234, <your nane in here>, <your emmil address here>

The format of thefileis pretty ssimple:

mai | box nunber => nail box password, nailbox description, nmailbox user
emai | address

Once you have added the line for the 9999 mailbox, save the file. Next we'll need to edit out sip.conf
to make sure that the phones we set up earlier are going to use the correct mailbox for notification.

# vi sip.conf

find the entries for [phonel] and [phone2] and change the lines that read:

mai | box=1000 ; Mail box for message waiting indicator

to read

mai | box=9999 ; Mail box for nmessage waiting indicator

Note that thiswill be of most use if your phones support either a message waiting indicator of some
sort.
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Savethe file. For the moment we are going to use the same mailbox for both phones, but you can set
up one for each if you like. Now edit your extensions.conf file

# vi extensions. conf

locate the [sip] section where you added the entries for your extensions earlier in this document, the
lines should ook similar to these:

exten => 1,1, D al (SI P/ phonel, 20, tr)
exten => 2,1, D al (SI P/ phone2, 20,tr)
exten => 1000, 1, Di al (Sl P/ phonel&SI P/ phone2, 20,tr)

we are going to add a few more lines to the exten => 1000 entry to add voicemail:

exten => 1000, 2, Voi ceMni | , u9999
exten => 1000, 102, Voi ceMni | , b9999

add these lines after the entry for exten => 1000, it should look like this

exten => 1000, 1, Di al ( SI P/ phonel&SI P/ phone2, 20, tr)
exten => 1000, 2, Voi ceMni | , u9999
exten => 1000, 102, Voi ceMni | , b9999

What have we done? Well, the exten entries are like alist of things to do when we get acal. In this
case we have said:

exten => 1000, 1, Di al ( SI P/ phonel&SI P/ phone2, 20, tr)

When extension 1000 rings (exten =>1000) , the first thing we do (exten =>1000,1) is dial phonel
and phone 2 (exten =>1000,1,Dia (S P/phonel& SIP/phone2,20,tr)) and make it ring for 20 seconds.

exten => 1000, 2, Voi ceMni | , u9999

If the extension is not answered in the 20 seconds, the second entry will be executed, whichis
voicemail. The mailbox is specified by the u9999 at the end of the line. Now, thisis all ‘fine and
dandy' but what if you are actually on the phone when the call comesin? Well, thisis what the next
lineisfor

exten => 1000, 102, Voi ceMni | , b9999
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There are 2 things to note here, the first is that the priority number has jumped way up to 102. Thisis
afeature of Asterisk, and a useful one at that. When the call comesin and Asterisk triesto dial the
extension 1000, if you are on the phone, Asterisk will jump to the current priority + 101 (n + 101).
Thisgives us apriority of 102. The second thing to note is that the mailbox number at the end of the
lineis preceded by ab (b9999) this indicates that the busy message should be played to the user, and
then the user should be allowed to leave a message.

Thisisal very well, people can leave you messages, but at the moment you can't listed to them! Not
really useful isit. We need to set up an extension so that you can actually get to the messages. there
are 2 ways to set thisup. Thefirst is useful in home environments where you are only really going to
have one mailbox or where you trust people completely: | say this because the first way to doitisto
effectively not use the password.(I'll show you the other was in a moment). Under the exten =>
entries you've just added add the following lines.

exten => 1001, 1, Ri ngi ng
exten => 1001, 2, Vi t (2)
exten => 1001, 3, Voi cemni | Mai n, s9999

I've 'padded' this out so that you can follow the chain of events when extension 1001 is dialed.
Follow this sequence in this document (don;t actually try it on your phones yet)

When extension 1001 is dialed the following things happen in the following order,
1. The phone gets aringing tone

2. Thereisa 2 second wait (the phone is still getting the ringing tone)

3. The call isanswered and goes straight to the voicemail menu for mailbox 9999

Note the user doesn't get asked for a password.

The second way to do thisisto omit the ',s9999' from the line giving:

exten => 1001, 3, Voi cemai | Mai n

When extension 1001 is dialed this time the following things happen in the following order,

1. The phone gets aringing tone

2. Thereisa 2 second wait (the phoneis till getting the ringing tone)

3. The cal isanswered and asked the user to enter a mailbox number, then a password. In our
examples above you would enter 9999 as the mailbox and 1234 as the password (remember, we
added the entry in voicemail.conf)

Save your extensions.conf file ... Sorry but we've been doing quite a bit here and | want to make sure
you remember to save thefile.

None of the changes you have made are functional yet, if you went to one of your phones and tried
to dial extension 1001, you'd more than likely get a message telling you that the number was
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unavailable. We need to tell Asterisk to reload our .conf files.. So as before (and yes, | used cut and
paste :P):

When you start asterisk without any parametersit runs as a daemon. Enter the following command:

# asterisk

If you get the error

ERROR[ 8192]: File asterisk.c, Line 1249 (main): Asterisk already running on /var,

then asterisk is aready running and you should use the command

# asterisk -r

to connect to the daemon, adding vvvvvvvvvgc to thiswill give us debug information too ie:

# asterisk -vvvvvvvgrc

If the daemon was running and you got the error type

rel oad

and hit enter at the prompt. If you did not get the error you do not need to do anything, however you
might want to attach to the daemon anyway using.

# asterisk -vvvvvvvgrc

Now go to phone 1 and dial extension 1000, let phone 2 ring, don't answer it... Y ou should hear a
voice announce that

"The person at extension 1000 is not available..."

After the beep, leave yourself a message and then hang-up. Then dial extension 1001 and listen to
your own message, make sureit all works.. Remember, when we first started, we set up aregistration
with FWD and allocated extension 1000 to it? Well, you've now added voicemail to your FWD
number!

If you are using Snom phones and the voicemail sounds ‘funny’, like the person is underwater add the
following linesto your sip.conf under the general section
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di sal | ow=al
al | ow=ul aw
al | ow=al aw

Savethefile, go to the Asterisk console and type

rel oad

and try calling the voicemail again...it should sound alot better. Sadly this uses more bandwidth, but
Snom has assured me that there will be afix for thisin their next firmwarerelease.. (I have no date
on when that will be)

Y ou're probably getting quite caught up in Asterisk by now, so take alook at the documentation, see
if the sections we've covered make more sense to you now...Well, that's all for now, next time well
look at Call parking, and meetme extensions.

http://www.automated.it/quidetoasterisk.htm 01/07/2005
PDF created with pdfFactory Pro trial version www.pdffactory.com



http://www.automated.it/guidetoasterisk.htm
http://www.pdffactory.com

Getting Started With Asterisk Pagina 39 di 44

Parking Zone....

Call parking is awonderful invention, the best way to explain how useful it can beisto use area
world example.

Imagine the scene, you're on your own in the office. Y our desk is on the 2nd floor and the computer
room is on the 4th. Y ou are working late to fix a problem on one of the servers, but you need some
help. You call another support team - they say they are busy but will call you back in 5 minutes.

When they call you back they ask you to fiddle with the server.
So, now you have a number of options

1. Say "hang on", run up stairs and do what they ask then run back and say "done that" only to hear
them ask you to do something else.

2. Say "hang on, I'll transfer the call upstairs’, you transfer the call to the computer room, run up
stairs, pick up the phone in the computer room, run downstairs hang up, run upstairs and talk to the
support team.

3. Say "hang on, I'll transfer the call upstairs’, you park the call, hang up, run upstairs to the
computer room and pick up the parked call.

Now, it's clear that option 3 is the best for us. Parking the call, basically involves transferring the call
to a'fictional' extension that will hold the call until we either pick it up, the caller hangs up, or the
timeout period expires.

Call parking is awonderful thing... embrace it with open arms

So How do we do thiswith Asterisk? Well, it's simple. In your Asterisk config directory isafile
called parking.conf. Let'stake alook at it:

# cd /etc/asterisk

Edit thefile

# vi parKking. conf

Y ou should see something similar to below. Let's take a closer look at it:

[ general ]
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parkext => 701 ; What ext. to dial to park

par kpos => 702-720 ; What extensions to park calls on

context => parkedcalls ; Which context parked calls are in

par ki ngti me => 1355 ; Nunber of seconds a call can be parked for (def:

It should be self explanatory, but we'll go through it just to be sure you understand.
parkext => is the extension you will dial to park acall. Y ou will probably note that your

parking.conf file has this number set at 700. I've changed mine to 701 because | was having an issue
with Asterisk - although it would 'see’ (looking at the console) | had tried to transfer to 700 it
appeared not to believe that | had dialed it. This was essentially due to the 00 in the 700, changing it
to 701 eliminates the problem completely.

parkpos=> is the range of numbers used to park calls in the extract above | get 19 parking
extensions, enough for me but you might like to expand it if you have more users.

context=> isthe context that you need to include to allow types of call to use call parking, this
prevents external users parking Y OU on your own system!

parkingtime => is the length of time in secondsto park the call. Once this time expires the original
extension will be called again.

So how do you actually park a call? Well first of all, if we look back at the extensions we first
created:

exten => 1,1, D al (SI P/ phonel, 20,tr)
exten => 2,1, D al (SI P/ phone2, 20,tr)

you'll notice a couple of thingsthat | haven't yet talked about. After the '20' (the number of rings) we
havea't' and an 'r'. The't' means that the called user can transfer the call, the 'r' just means tell the
calling party that the extension is ringing, but only send audio when the call is answered. We can
actually modify these 2 lines, changing the 'tr' to "Ttr'

exten => 2,1, D al (SI P/ phone2, 20, Ttr)

The 'T" allows the calling user to transfer the call aswell. Be careful. you don't want an external user
to be able to transfer your call around the system.

Note: Thisis only 'SAFE' here because the 2 extensions we set up are not accessible from the outside
world. In our current setup, all calls are sent to extension 1000 - just because it's physically the same
device doesn't mean anything. So, do NOT add a'T" to your 1000 extension line unless you
REALLY REALLY want someone from the outside to transfer you on your system.

| can't stress this enough, you don't want external callers messing with your setup.

Edit your extensions.conf file and include the parking context in your [sip] section, so add
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i ncl ude => parkedcal | s

just under the include => fwd line, it should look something likethis...

[sip]
i nclude => fwd
i ncl ude => parkedcal | s

Make these changes, save the file and go to the Asterisk console and type:

rel oad

Now dial from extension 'phonel’ to extension ‘phone2'. Pick up both ends of the call.. Now on
phonel pressthe # key. Y ou should hear a voice saying ‘Transfer'. Dial the number you have in your
parking.conf file that parkext =>pointsto. In my configuration that would be 701. If you don't dial
the extension quickly enough the voice will say that it didn't recognize the extension number. If you
dialed the extension number quickly enough then the voice will come back and give you an
extension number, in the range specified in parkpos=> . Go back to phone2, if everything isworking
you should be hearing some music*, or avoice talking.

Since we've only set up 2 phones, go back to phonel and dial the extension that you were given
when you parked the call. Once you dial that extension you should be connected back to phone 2. If
you dial the wrong extension, the voice will tell you thereis no parked call at that extension an hang
up. In al honesty unless you have multiple parked cals, it's more than likely going to be the first
extension specified in your parkpos=> range.

* we haven't added any music to the system, so unless you have done so yourself you'll get the
default music on hold file, amildly comical sentence.

Meetme behind the bike sheds...

Meetme is even easier to set up, there's very little to do here. There are however some potential
pitfalls, everything tells us that a Zaptel card is required to use the Meetme functions, | have such a
card so | cannot confirm that the use of ztdummy will be enough (remember we modified the
Makefile at the top of this document to use ztdummy - effectively faking the presence of a Zaptel
card) - | would however be interested in results from people who have tried only using ztdummy..

The Meetme function of Asterisk islike a conference call, multiple users can call in and either listed
to a conference (one way) or actively take part (two way). One was conferencing can be useful if you
don't want other participants to be heard, perhaps when someone is giving a presentation.

WEe'l just set up asimple conference, abit like a coffee room where everyone can talk and listen too.
Y ou should have got the hang of where the config files are, and how to get there and edit afile:

# cd /etc/asterisk
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Edit thefile

# vi neet nme. conf

The file actually explains all you need to know, again we'll go through it to double check your
understanding

[ roons]
Usage is conf => confno

conf => 1234

Ok, it'ssimplereally, for each conference room you want to set up add aline

conf => <room nunber >

where <room number> is a unique number add the following lineto thefile:

conf => 54321

Savethefile, now edit your extensions.conf file again,

# vi extensions. conf

At the bottom of your [sip] section add a new extension:

exten => 5557, 1, Meet ne, 54321

The format of the Meetmelineis:

exten => <extension to dial> Metne,<roomto enter>

So when <extension to dial> is called, the M eetme application takes you to room <room to enter>.
Save thefile, and go to the Asterisk console and type
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rel oad

Now from phonel dial, 5557. Y ou should be told that you are the only one in the conference. Go to
phone2 and also dial 5557. On phonel you should hear atone, signifying that someone has entered
the room, phonel and phone 2 should now be in a conference. If you hang up phonel phone 2 will
hear an exit tone signifying that someone has |eft the conference.

All these tones are fine for two or three people, but if you had 20 people coming and going it would
get quite annoying. Thankfully we can turn this off. Edit your extensions.conf file again (you should
still be in the /etc/asterisk directory )

# vi extensions. conf

find the line you just added,

exten => 5557, 1, Meet ne, 54321

and changeit adding |q - it should look like this:

exten => 5557, 1, Meet me, 54321| q

Savethefile, and go to the Asterisk console and type

rel oad

Now call the conference number from both phones, note that the first phone gets no announcement
that they are the only caller in the conference, and when the second phone enters no toneis played.

Configs! Configs? We don’t need no stinkin’ configs
Well of course you know you do. Asterisk comes with alarge number of configuration files, enough
to daunt all but the most experienced. This next section will deal in detail with the main
configurations that you' Il need to know aboui.

Thefiles covered in this section are:

musiconhold.conf Music on hold configurations

cdr_mysqgl.conf Call record logging using mySQL

manager.conf Remote management configuration

adsi.conf ADSI phone support
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meetme.conf Conference configurations
o0ss.conf o]

enum.conf

mgcp.conf

parking.conf Call parking configurations
voicemail.conf Voicemail configurations
agents.conf Call agents
extensions.conf Extension definitions
modem.conf Modem configurations
phone.conf phone config

vpb.conf

alsa.conf

festival.conf

modul es.conf

privacy.conf

iax.conf

musiconhold.conf

zapata.conf

asterisk.conf

indications.conf

rpt.conf

logger.conf

sample.call
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