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Preface

This book is for anyone who wants to learn how to install and configaB&xa(Private Branch
eXchangebased on Asterisk PBX.6. Asterisk is an open source telephony platform capable to use
VoIP and TDM channels.

Thisis the forthgeneration of thednk Asterisk Configuration GuideThe material that | present in
this bookhashelpedmeto prepare for theCAP certification from Digium irMay 2006 and to pass
it in the first try.

The Asterisk Open Source PRXnceptis revolutionary. For many years, telephony has been
dominated by huge companies wjtioprietary systems. Finallysers can recover theiuying

power by having access to an open telephony platform. Thus, things that were not possihle before
because they were not economically viable are likely to start happening. Examples include resource:
such asCTI (computer telephony integration, IVR f@nactive voice response), ACD (automatic call
distribution), and voicemail, that are now available to everybody.

This book was not designed to teach every single detail of Asterisk. In fact, you will probably not
become a guru simply by reading thimok. However, you will be able to build and configure a PBX
with advanced featuresich asroicemail, IVR an ACD by the end of reading. | hope you enjoy as
much learning about Asterisk as | have enjoyed writing about it.

Notes about this edition

In this ediion we had changed all the chapters to reflect the changes for the Asterisk version 1.6. A
new chapter about Asterisk Now was included and all the formatting of the book has changed. For
ecological reasons, we tried to reduce the number of pages as snpas$sible reducing the
unnecessary white spaces. So even increasing the amount of content in the book we still got an
approximate reduction of 20% in the number of pages compared to the last formatting.

License

This eBook is licensed by the author using the creative commons licengkttiyipation-
NonCammerciatNoDerivs 3.0 Unporte¢iCC BY-NC-ND 3.0). Read more at
http://creativecommons.org/licensesfingnd/3.0/

Twitter
http:/Mww.twitter.com/asteriskguide

Flavio E. Goncalves
CEO
V.Office Networks
flavio@asteriskguide.com
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Audience

This book is intended for those who are new to Asterisk. We assume your are familiar with Linux,
Linux shell commands ardnux text editors. You could test Asterisk using a Linux system with a
graphical interface which may be easier for Linux newbies. Some users will try to execute Asterisk
using VMWare and this is really not a problem, except for poorer voice qualityréergion

systems we do not encourage VMware or Linux with a graphical user intetfas@lso desirable

that the reader has some knowledge of IP networks, voice over IP (VolP) and telephony concepts.

Mistakes and errors in the e-Book

We always try tdind and eliminate errors and mistakes. Please, if you find something wrong, give us
feedback and we will act on it immediatelyniail address for feedbackavio@asteriskguide.com

Use as a training material

We use this book for Asterisk training. Iby are interested to use it in your training center, please
send an enail toflavio@asteriskguide.com

Sponsorship

If you want to sponsor this free eBook, please send an enflilto@asteriskquide.conh can
allocate a footer to promote your brand or product.

Printed version and Kindle version
You can get a hardcopy of this book at amazon.com:

http://www.amazon.com/LearninuideAsterisk1-6-Learn/dp/1452889368/
The kindle version can be found at
http://www.amazon.com/ConfiguratiecGuide AsteriskPBX-ebook/dp/B00403N2VM
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Cover Work:
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Reviewers:
Luis F. GoncalvesGuilherme Goes dCAHMEdit Avenue, professional proofreaders
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Introduction to Asterisk PBX

The popularity of readyo-run distributions such as TrixBox and Asteris<BW has

recently grown. In this book, we will cover the classic Asterisk, which is the foundation
for understanding these distributiodsterisk PBX is opersource software capaldé
transforning an ordinary PC into a powerful multiprotocol PBX. In this chgpte will
learn about the possibilities of this new technology and its basic archite&siités

much simpler to install Asterisk from a reattyrun distribution, the last chapter will
coverAsteriskNOWand its graphical interface called FreePBX.

Objectives
By the end of this chapter you should be able to:

1 Explain what Asterisk is andhat itdoes

f Describe the role of Digiufn;
1 Recognize the basic architecture of Asterisk and its compgnents
9 Point out several usage scenarisd

=

Identify sources oinformation and help

What is Asterisk

Asterisk is an opesource PBX software once installed in adP@ardware along with the
correct interfacas can be used as a fdi#atured PBX for home users, enterprises, VolP
service providersand phone companieAsterisk is also both aspensourcecommunity
and a commercial product from Digilim You are free to use and modify Asterisk to suit
your needs.

Asterisk allows reatime connectivity between PSTN and VolP networks. Since Asterisk
is much more than a PBXou not onlyhavean exceptional upgrade to your existing
PBX, but you caralsodo new things in telephony, such as:

1 Connect employees working from home to an Office PBX over broadband
Internet
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1 Connect several offices in different places over anework, private
network, or even through the Internet itself

1 Give your employees a voicemail integrated with the web amdik

9 Build applications like IVRs that allow connections to your ordering system
or other applications

1 Give traveling usrs access to the company PBX from anywhere with a
simple broadband or VPN connecti@and

 much more....

Asterisk includes several advanced resouptesiouslyonly found in highend systems,
such as

1 Music for customersn holdwaiting in call quees, supporting media
streaming and MP3 files

Call queues, wheby a team of agents can answer calls and monitor queues
Integration with texto-speech and voice recognition

Detailed records transferred to both text files and SQL datglmsds

PSTN connectivity through both digital and analog lines.

=A =4 =4 =4

What is AsteriskNOW

Asterisk in its purest f ®ebmmpnpackdgso known as fdcl
denomination) is considered marka development tool than a finished product by itself.

AsteriskNOW is an initiative to transform Asterisk in a safipliance. The distribution

includes CentOS as the operating system an8rgwPBX which isthe most used

graphical interface. This distribution is licensed according to the GPL arubdagely

downlaaded In 2007,Digium acquired a product called Switchvox targeted to

commercial users in the SMB marketichit has been promoting vigorouslyou can

check out thigood piece of software at www.digium.com.

Rol e of DigiumE

Digium, a company located Huntsville, Alabama, is the creator and primary developer
of Asterisk.In addition tobeing the primary sponsor of Asterisk development, Digium
also produces telephony interface cards and other hardware for Asterisk's PBX.

Digium offers Asterisk under the types of license agreement

1 General Public License (GPL) Asterisk. This is the most used version. It
includes all features and is free to be used and modified according to the
terms of the GPL license.
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9 Asterisk Business Edition israorerecent version of Asterisk. Some
companis use the business edition because tleegotwant orcannotuse
the GPL licensé usuallybecause they don't want to release their source code
together with Asterisk. The GPL license requires that any further code
developmenbf a GPLlicensed code be relsed to the source code.

1 Asterisk OEM.This version is rostly used by PBX manufacturers who do
not want to reveal to the public that their software is based on Asterisk.

The Zapata project and its relationship with Asterisk

The Zapatgrojectwas developed by Jim Dixon, who walso responsible for the
development of this revolutionary hardwéoe use with Asterisk. Note that the hardware
is opensource topas suchit can be used by any compaiiyday, gveral companies
producecards compatible with this architecture. Mor¢adls about the project can be
seerat

<http://www.asteriskdocs.org/modules/tinycontent/index.php?id=10>)

The Zapatgrojectproduced an architecture called Zaptel (recently renamed Digium
Asterisk Hardware Drivers Interfa¢@AHDI] ). One of the maiberefits of this

architecture is thability to use the PC CPU to process media streaming, echo
cancellationand transcoding. In contrast, most existing cardsligital signal processors
(DSP to perform these tasks. The usehe PC CPU instead of dedied DSPs reduse

the board's price dramatically. Thus, these cardssignificantlycheaper than previously
available interfaces from other manufactur@athe other hand, these cardgjuirea lot

of CPU a misuse of the PC CPU caignificantlyimpactvoice quality.Recently, Digium
launched a coprocessor card that uses DSPs to encode and decode G.729 and G.723,
allowing better scalability for a large number of channels.

Why Asterisk?

I remember my first contact with Asterididsually, he first readon to something neév
especially somethinthat competes witlvhatyou already know is to reject it!This is
exactly whathappened in 2003. Asterisk was competing with a solution that | was selling
to a customer (4 E1 VolP Gatewaghd it was ten times Is®xpensive thawhatl was
charging for the solution | already kneWhis disproportionate pricked me tostart
studying Asterisk in order to identify potential pitfatladdrawbacksFor example)
foundthat the PC CPU at that time would not supp@f 4.729 simultaneous sections
At the end of the day, | won the proposal with @ateway solution. However, this
exercise led me to the discovery that Asterisk could solve a variety of very expensive
problems for my customer base. We were in trouble gifiensive quotes for IVR,
unified messaging, call recording, and diglevgh appropriate dimensioning, the CPU
problems could be worked arouniddeed;n just three yearAsterisk became the
flagship product of my company (I actually decided to opemhe@na@ompany just for the

-3-
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Asterisk business). In my opinion, Asterisk is a revolution in telecommuniddbn
represents to IP telephony what Apache represents to web services.

Extreme cost reduction

If you compare a traditional PBX with Asterigkregard todigital interfaces and phones,
Asterisk isslightly cheaper than those PBXs. However, Asterisk really pays off when you
add advanced features such as voicemail, ACD, IVR and CTI. With these advanced
features, Asteriskecomes significantliess expesive than traditional PBXén fact,
comparing Asterisk PBXs with lovend analog PBXs is unfair becaussterisk offers so
manyfeatures not available in leend analog systems.

Telephony system control and independence

One ofc u s t omuost pfeAguotal benefitsof asteriskis the independence thiat

provides. Some of todadymanufacturers do not even give the customer the sg§stem

password or the configurat i-ibyno drocailmfedntapg p roma c KA
the user achieves total freedoas a bonusthe usethas access to a standard interface.

Easy and rapid development environment

Asterisk can be extended using script languages like PHP and Perl with AMI and AGI
interfaces. Asterisk ispensourceand its source code can be modified bg tilser. The
source code is written mostly in ANSI C programming language.

Feature rich

Asterisk has several features that are either not found or optional in traditional PBXs (e.g.
voicemail, CTI, ACD, IVR, builin music on hold, and recording). The tosf these
features in some platfornexceedhe price of the platform itself.

Dynamic content on the phone

Asterisk is programmed using C language and other languages common in today's
development environment. The possibility to provide dynamic coig@nactically
limitless.

Flexible and powerful dial plan

AnotherAsterisk breakthrougts its powerful dial planin traditional PBXs, even simple
featuredike leastcostrouting (LCR) are either not feasible or optional. With Asterisk,
choosing the &st route is easy and clean.
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Open-source running on top of Linux

One of the greatest features of Asterisk is its community. Several resources are available
includingthe Asterisk wiki www.voip-info.org <http://www.voipinfo.org>), email

distribution Ists, and forumsAs Asterisk becomes increasinggoped anybugs found

and fixed quickly. Asterisk is probably the most tested PBX software in the world. From
versions 1.0 to 1.2, more thaf@B0 changes and bugs in the source code were corrected
therdy ensuing a code that is both stable and almost error free.

Asterisk architecture limitations

Some limitations in Asterisktemfrom the use of the Zapata telephony design. In this
design, Asterisk uses the PC CPU to process voice channels insteditafatigigital

signal processorgDSPS9, which are common in other platforms. Although this allows for
a huge cost reduction in hardware interface, the system becomes dependent on the PC
CPU. My recommendation is to run Asterisk in a dedicated machinkeacghnservative
about hardware dimensioningou canalso use Asterisk in a separate VLAN to avoid
excessive broadcasts that consume the CPU (broadcast storms caused by loops or
viruses). Some newer interface cards from several vendors are now incll8Rsg®
process echo cancellation, codeun®d other featuresvhichwill make Asterisk even

better.

Main objections to Asterisk PBX

It is common to hear objections adoptingAsterisk which we will address here.

A st e rmagkdt $hare is too small

Themarket share igsuallymeasured by the number of PBXs sold. These statistics are
generallyacquired from the biggest distributors. Asterisk is free softiatloes not

appear in sales statistics. Howeviem d e pendent number ssther ov e
wor |l do. Ac c-®updly, mage tharo300dQsyskems run Asterisand Digium

has sold more than 4 million voice interfaceast year, the Eastern Management Group
concluded that opesource PBXs account for 18% of the market shaité, the \ast

majority ofthem beingAsterisk.In fact, 85%of the opersource PBX market is based on
Asterisk whichnowrankssecond irtermsof lines connected to an IP PBX.

If it is free, how does the manufacturer survive?

Actually, there is no such thing as ogsource software manufacturer. Digium is a
software development comparas well asa communityand has beedeveloping

Asterisk since 1999. With more than a hundred employtlesas revenues attached to the
sales of telephony interface cards, PBX systsuch as Switchvox, and related software.
The company has madeprofit in the last 24 quarters

-5-
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It is hard to find technical support!

Digium provides technical support for those who buy the Asterisk Business Edition.
Recently, technical support fopensource Asterisk hasecomeavailableas well
Hundreds of professionals have already been certified as Digium Certified Asterisk
Professiona(dCAP) and serve athe first line of support and professional services,hmuc
like any IT company.

Does Asterisk support more than 200 extensions?

Yes,absolutely Asterisk has been used in installations with more tha®00Qusers. It is
largely scalable using load balancing and failover systems. It isncommorio see
more than a thousand users on a singlesserv

Only figeekso are able to instaldl

With AsteriskNOW and freePBX, even professionals with limited knowledge about Linux
are able to install and configure a PBX of medium complexity. With the help of aitGUI
is possible to configure an entir8R in just a few hours.

What if the server fails?

One of the main advantages of Asteiisks capability to run in faultolerant systems. It
is relatively simple and inexpensive to have two servers running in parallel. | dare you to
try this with a comentional PBX

Our company does not use open-source software

Your company probably uses opgource softwaraithout evenrealizingit. Several
appliances use Linux as their operating systdoreover you can still license Asterisk
commercially using thésterisk Business Edition.

Using the PC's CPU to process signalling and media is not
recommended

Asterisk uses the server's CPU to process signaling and media for voice channels instead
of having dedicated DSPAIlthoughthis allowsa cost reductioof up to five times, it

makesthe system dependent on the performance of the main CPU. With the correct
dimensioning, Asterisk is capaldéhandlinglarge volumes. If you still want to release

the main CPU from these tasks, you can also use hardware echiatemmcand even
transcoder cargsuch as the Digium's TC400B based on DSPs.

Ast
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Asterisk Architecture

This sectionwill explain how Asterisk architecture works. The figure below shows the
basic Asterisk architecture. Next, we will explachitecturerelatedconceptsincluding
channels, codecand applications.
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| Asterisk channels AP

ADTRAN VOFR - ISDN -
i SIP — H.323 Voice
Modem, Custom
Hardware

Channels

A channel is the equivalent of a telephone line, batdigital format. It usually consists

of an analog or digital (TDM) signaling system or a combination of codec and signaling
protocol (e.g. SIP-GSM, I1AX-uLaw). Initially, all telephony connections were analog

and susceptible to echo and noise. Later, most systems were converted to digital systems
with the analogical sound converted iatdigital formatusing pulsecodemodulaton

(PCM) in most cases. This format allows voice transmission in 64 kilobits/second without
compression.

Channels interfadng with the Public Switch Telephony Servic PSTN)
9 chan_dahdi: Supports cards from Sangoma, Digium, Xor¢camd others
1 chan_mISDN: Suppors ISDN cards based in the Linux ISDN drivers
Channels interfadng with Voice-over IP

9 chan_sip: Supports voiceover IP using SIP protocdDial string: sip/channel

9 chan_iax Supports voiceover IP using IAX2 protocolDial string:
iax2/chanel

1 chan_h323:H.323 is one of the oldest and most implemented voieaz IP
protocols. It's usefuior connecing to existing H.323 networks. There are
-7-
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different flavors of H.323 in Asteriskncludingchan_h323 , chan_oh323 , and
chan_ooH323 . The channethan_h323 can be used in Asterisk as a gateway.
Asterisk can point to a gatekeeper, baimnotwork as one. Dial string
h323/hostname if using a gatekeepem323/extension@hostname  if going
directly to the gateway.

9 chan_mgcp:Supports the voic®ver IP protocol using MGCP. Currently
Asterisk supports MGCP phones, but it cannot connect to a VolP provider
using MGCP. Dial stringvGCP/aaln/1@hostname

 chan_skinny:Supports Gover tPeknnywmtocoleDial String:
skinny/channel

Miscellaneous channels

1 chan_agent:Used forautomaticcall distribution(ACD). It is not related to
specific hardware or protocol. It can also be used for mobility, allowing any
person to use any phone just by logging in to the agent.

9 chan_local:ls a pseudo chaehthatsimply loops back into the dial plan in a

different context. This is useful for recursive routing. Dial string:
Local/extension@context

Codec and codec translation

We usually try to put as many voice connections as possible in a data networts Code
enable new features in digital vojdecluding @mpressionwhichis one of the most
importantfeatures a# allows compression rates larger than 8 to 1. Other features include
voice activity detection, packet loss concealmant comfort noise geraion. Several
codecsareavailable for Asterisk and can be transparently translated from one to another.
Internally, Asterisk uses slinear as the stream format when it needs to convert from one
codec to another. Some codecs in Asterisk are supportethgrdgsthrough modgthese
codecscannotbe translated. Twaerify which codecs are installed in your system, you can
use the console command:

| CLI>core show translation |

The following codecs are supported:

G.711 ulaw (USAY (64 Kbps).
G.711 alaw (Europe)(64 Kbps).
G.722 (High Definition)i (64 Kbps)
G.723.1- Only passthrough mode
G.726- (16/24/32/40kbps)

G.729- Needs licensing (8Kbps)
GSM- (12-13 Kbps)

iLBC - (15 Kbps)

= =4 =4 =4 4 4 -8 A
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1 LPC10- (2.5 Kbps)
1 Speex (2.1544.2 Kbps)

Protocols

Sending data from one phone to another should be easy provided that the data find a patl
to the other phonen their own Unfortunately, it doesn't happen this way, and a signaling
protocol is necessary in orderdstablish connections between phones, discover end
devices and implement telephony signalifghasrecentlybecomeextremelycommon to

use SIP as a signaling protocol. IAX is another option becoming popular because it works
well with NAT traversal andome bandwidth can be saved in trunk mode. Asterisk
supports the following protocols.

1 SIP

H323

I1AX2

MGCP

SCCP (Cisco Skinny)
Nortel unistim

= =4 4 -8 -9

Applications

To bridge calls from one phone to another, the applicatiaa;m is used. Most Asterisk
featureqe.g.,voicemail and conferencifigre implemented as applications. You can see
available Asterisk applications by using tlaee show applications console

command.

CLI>core show applications |

You can add applications frofsteriskaddons, thirdparty providersor eventhose you
develop yourself.

Overview of an Asterisk system

Asteisk is an opersource PBX that acts like a hybrid PBX, integrating technologies such
as TDM and IP telephony. Asterisk is ready to implement functionality suictiesactive
voicerespons€lVR) andautomatic call distributiodACD); moreover aspreviowsly
mentionedlit is open to the development of new applications.
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( IP Phones Analog Phones )
\
-;é?';
* Inside

/ \ Softswitch

Media Gateway

Telco or PBX Voice Mail
Conference

Music on hold

. J

This figure shows howAsterisk conneatto the PSTN and existing PBXs using analog
and digital interfaceas well as supportmalog and IP phones. It can act as aswftch,
media gateay, voicemailandaudio conference aralsohas builtin music on hold.

Comparing the old and the new world

In the old softswitch model, all components were sold separateBaningyou had to
purchase each componeamparatelyand then integrate toefPBX or softswitch
environment. The costs and risks were high and most of the equipment proprietary.

-10 -
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s ~

IP Phones

Telco or PBX

Softswitch Music on hold

Analog telephony
Adapter

PSTN Gateway

Telephony using Asterisk

All functions are integrated in the Asterisk platform in the same or in different boxes
according to the dimensioning, aaltlare GPL licensed. Sometimes it is easier to install
Asterisk than license some of the mainstrearRBXs

e

J

IP Phones

Unified ;
Messaging ! jnside

PSTN . . ! |hs.<de POTS
Gateway 1 Softswitch Telephony

%7{ 3 " Gateway
Inside >§ Inside
Telco
Or PBX 5 J
| |
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Building a test system

When implementing an Asterisk solution, our first step is generally to build a test
machine. The easiest test machine islttie PBX includingat least one phone and one
line. There are several ways totthis.

Internet
VolP Ser.vice Provider

Telefone

Internet
Connection

PC with Linux and
Asterisk

“
N - /u].

Analog
(ol Telephony

| kel Adapter
2 Noley
P S

Analog phone

N\

Telco or PBX

One FXO, one FXS

The first and simplest way to build a test machine is to purchase a card with one FXO and
one FXS interface. Connect the FXO port to an existimg dindconnectone FXS to an
analog phoneThus,you have a 1x1 PBX.

VolIP Service Provider: ATA

This is the VolIP option. In this casgu would sign up with a voice service provider to
have the SIP trunks and will have to purchase a SIP analog teleptapter. You will
probably spend less than a hundred dollars if you already have the PC.

Inexpensive FXO card or ATA

| startedwith an inexpensive FXO car@ome inexpensive V.90 fax/modems work with
Asterisk as an FXO card. Some of the first Digium cavdee created usintpese cards
(e.g.,X100P and X101Rwhichare old modems based on Motorola and Intel chipsets
(Motorola 6820251, Intel 537PU, Intel 537P@ndIntel Ambient MD3200 are known to
work). These modems aoftenincompatible with new mothboards Recently some

-12 -
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manufacturers started to sell these cards as X100P clones. Some of the incompatibilities
can be solved using a patch, more information can be found at:

1 http://www.asteriskguide.com/mediawiki/index.php/Asterisk_patch_for_the_X10
OP_card

Asterisk scenarios

Asterisk can be used several different scenarios. We will list some of them and explain
the advantages and possible limitations of each.

IP PBX

The most common scenario is the installation of a new or the replacement of an existing
PBX. If you compare Asterisk with some other alternatives, you will find it to be cheaper
and richer in features ah most PBXsurrently available othe market. Several

companies are now changing their specifications to Asterisk instead of othemianaad
PBXs.

e ™

{ Telco 3
Softphone Softphone
Analog
= =)

Phones = ==
T1/Analog &. 1
ATAs

Ethernet

Inside J J
Asterisk PBX

IP phones IP phones

IP-enabling legacy PBXs

Thefollowing image illustrates one of the most commonly used setups. Large companies
generally do notvant to takesignificantrisk when investing in new technologies and
simultaneouslyvish to preserve their investmernih legacy equipment. {Enabling

legacy PBX can be very expensitieus, connecting an Asterisk PBX using T1/E1 lines

-13-
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can be a good alternatifer costconscious customers. Another benefit is the possibility
of connecting to a VolIP service provider witétter telephony rates.

g ~

olP Service
Providers

Softphone IP phones

Analog
Phones Softphone SOftphone

C—m ¢
T1/Analog I Inside @
Asterisk
PBX IP phones IP phones

Toll Bypass

A very useful application for VolIP is connecting branch offices over the Internet or a
WAN. Using an existing data connection allows you to bypass toll charges incurred in
telecommunication connections between headgrs and branch offices.

s N

Rio de janeiro
Branch

Los Angeles
Headquarters
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Application Server (IVR, Conference, Voicemail)

Asterisk can be used as an application server for the existing PBX or be directly
connected to PSTN. Asteriskfers services such as voicemail, fax reception, call
recording, YR connected to a database, andudio conferencing server. If you
integrate voicemail and farto an existing anail server, you wilhavea unified
messaging system, which is usually an expensive solution. Using Asterisk as an
application server prosles extreme cost reduction compared to other solutions.

s N
” T1/Analog

-
-
Inside

T1/Analog
Asterisk PBX

IVR Server
Conference Server
Voice Mail
Unified Messaging

Media Gateway

Most voiceover IP service providers use 8IP proxy to host allegistration location

and authentication of SIP usef$eystill have to send calls to the PSTN directly or route
it through a wholesale call termination provider usam@IP or H.323 voicaver IP
connection. Asterisk can act as a béeback user agerfB2BUA) or mediagateway,
replacing very expensive soft switches or media gateways. Compare the price of a four
E1/T1 gateway from the main market manufacturers with Asterisk. The Asterisk solution
can cost several times less than other solutions and is cap#taleslaing signaling
protocols (H.323, SIP, | AXé) and codecs
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s N

VolP
Provider

T1/Analog

VolP
Provider

\ SIP
Ethernet

Proxy

¥ o

Costumers
| v

Contact Center Platform

A contact center is a very complex soluttbatcombines several technologigsich as
automatic call distributioGACD), interactive voice respong®/R), andcall supervision.
Basically, three types of contact centars availableinbound, outboundand blended.
Inbound contact centers are very sophisticatetisuallyrequireACD, IVR, CTI,
recording, supervision, and reports. Asterisk has a-louliCD to queue the calls. IVR
can be done using Asterisk Gateway Interf@®@l) or internal mechanigss such as the
applicationbackground() . Computer telephony integrati¢@TI) is achievedusing
Asterisk Manager Interfad@MI); recording and reporting are builtto Asterisk. For an
outbound contact center, a predictive or power dialer is one ofalreanmponents.
Although several dialers are available for tpenrsourceAsterisk, it is not hard to build
your own for the platform if you so desire. A blended contact cetitars simultaneous
inbound and outbound operation, saving monegisuringoetter use of the agent's time.
It is possible to use Asterisk and its ACD mechanism to implement a blended solution.
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4 ™\

Call Queue

—1-800->( O
ACD

Ringall,RoundRobin,Rrmemory,
LeastRecent,Priority

Agent1 Agent2 AgentN

Finding information and help
This sectiorwill provide some of the main sources of information related to Asterisk.

T Ast eri sk ods :ghittd:/Mmow.astériskwergideseiydu ean find information
about:

0 Support> <http://www.asterisk.org/support>

Knowledgebase> <http://kb.digium.com/>

o]
o0 Forum><http://forums.digium.com/>
0 Bug tracking><http://bugs.digiuncom/>

Additional references: Non-official websites
These sites are not officjddut they provide usefutontent.

1 <http://www.voipinfo.org>

1 <http://www.asteriskguru.com>

1 <http://svn.digium.com/svnfcheck the doc directory on each branch)

Mailing lists
Mailing lists arequitehandy when you have questions. Usually, you will receive answers
for your questions. Try to gather as much information as possible before posting to the

-17 -
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list. Nobody will help you if you haven't done your homewdrkother wods, try at least
once to solve the problem by yourself.

1 <http://www.asterisk.org/support/mailidists>

Summary

The Asterisk is software licensed according to the GPL that enables an ordinary PC to act
as a powerful IP PBX platforn i g i ManldoSpencer createsteriskin the late

1990s. Digium survivedy selling hardware related to Asterisk. Hardware is epen

sourcel as welland originated in the Zapata project developed by Jim Dixon. The

Asterisk architecture has the following main components:

1 CHANNELS: Analog, digital, or voic@ver IP.

T PROTOCOLS: Communication protocgl, which are responsible for signaling the
calls,can be SIP, H323, MGCRnd IAX.

1 CODECs: Translate digital formats of voice allowing compressions, packet loss
concealment, silence suppressiamd comfort noise generation. Asteridkes
not support silence suppression.

1 APPLICATIONS: Responsible for the Asterisk PBX functionality. Conference,
voicemail, and fax are examples of Asterisk applications.

Asteriskcanbe used irvariousscenariosfrom a small IP PBX to a sophisticatedntact
center. You can easily find hesppwww.asterisk.org

-18 -



How to download and install
Asterisk

In thefirst chapter, we learned a laibouthow Asterisk is useful in the telephony environment. In this
chapter, we will covehow todownload and instbAsterisk. Before starting, it is essential to learn

how to compile and install it. The compilati
WindowsE users, but it is fairly common in t
code for youthardware when compilingsterisk whichis what wewill do here. Asterisk runs in

several operating systems, but we chose to keep things easy and start with only onelafitixem

We chose Debian as the LinuxE dasgtoinsialbandtieon b
distribution is stablewith a low footprint. If you want to use another distribution, please change the
name of the dependencies accordingly.

Objectives
By the end of this chapter you should be able to:

91 Determine the hardware regaiments for Asterisk

Install Linux with the required dependengies

1
1 Download a stable version using ETP
1 Compile Asteriskand

1

Learn how to start Asterisk at boot time

Minimum Hardware Required

Asterisk does not need a lot of hardware to run, howevee Hrersome tips to choose the
best hardware for your requirements. You should take into consideration the following main
factors when choosing your hardware:
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f Total number of registered users. Define how many registrations per second you need to
support

f Total number of simultaneous calls. Define how many network conversations you need to
process in the network adapter and bridge on the Asterisk server

1 Which codecs you need to support. High complexity codecs will require a lot of CPU/FPU
power in your serer, a single iLBC session can require as much as 18MIPS

1 Echo cancellation. Echo cancellation may take a lot of CPU/FPU, in some cases you should
choose hardware echo cancellation using DSPs in the telephony interface card

{1 Availability. Use RAID1 or 5 tancrease availability. Remember, Asterisk is 24x7
application.

1 Redundancy on the telephony interfaces. Xorchottp(//www.xorcom.cojand Reefone(
http://www.redfone-com) have very good solutions for this.

The main component for an Asterisk Server is the network adapter. A good server network
adapter is recommended. CPU is important when you need to support high cogmplexit
codecs such as g.729 and iLBC and echo cancellation. You may choose to use dedicated
DSPs, Digium provides a DSP card named TC400B capable to support 120 g729
simultaneous calls.

The best practice is to choose a new, server class, computer from arkaowiacturer. To
know exactly how many simultaneous calls or how many registered users an specific
machine can support, you should test this hardware with a stress test tool such as SIPP
(http://sipp.sourceforge.netSome hardware manufacturers such as Xorcom
(http://www.xorcom.compublish its results in the website.

Note: Some Asterisk applications, such as meetntemusic on hold, requires a clock
source. Usually, the clock source is an telephony interface card. If your system does not use a
telephony interface card, you will have to load dahdi_dummy to provide a clock source.

Hardware configuration

The Asteriskhardware does not need to be sophisticated. You don't need an expensive video card or
numerougeripheralsSome tips about hardware configuration;

9 Disable unused USB, serial and parallel ports to avoid the consumption of unnecessary
interrupts.

1 A robustnetwork interface card is essential.

9 Take particular care if you are using telephony interface cards. Some cards use a 3.3 volts
PCI bus, and it is not easy to find motherboards for them. In these days, PCI express is
more easily found.

1 Pay a close attgion to the hard disk, PBX used to work in a 24x7 regime while desktops
work 8x5. Do not use desktop hardware for a PBX, usually the hard disk fails before the
- 20 -
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first year if used intensively. My recommendation is to use a server machine or an
appliance dgigned to run 24x7 applications.

IRQ sharing

Telephony interface carde.g.,X100P) generate large quantities of interruptions. Serving these
interruptionsrequiresprocessor time. The drivers can't do this processing if you have another device
using thesame interruption. In a single CPU system, you should avoid IRQ sharing between devices.
We recommend the use of dedicated hardwaranAsterisk. Don't forget to disable any foreign or
unnecessary hardware. Some hardware can be disabled in the natth&@ibs setup. Once you have
started your computer, see your assigned interrupts in /proc/interrupts.

#cat /procfinterrupts

CPUO
0: 41353058 XT - PIC timer

1:1988 XT - PIC keyboard

2:0XT -PIC cascade

3:413437739 XT -PICwctdm< -- TDM400
4:5721494 XT -PICet hO

7:413453581 XT -PICwcfxo< -- X100P
8:1XT -PICrtc

9:413445182 XT -PICwcfxo< -- X100P

12: 0 XT - PIC PS/2 Mouse
14: 179578 XT - PIC ide0
15:3XT -PICidel

NMI: 0

ERR: 0

Hereyou can see three Digium cards, each in their own IRQ. If thigeisasein your systemgo
ahead and install the hardware drivers. If this istinetase, go back and try something else to avoid
IRQ sharing.

Choosing a Linux distribution

Asterisk was initially developed to run on Linux. However, it can also run on BSD Unix oOac

X. If you are new to Asterisk, try using Linux first since it is much easier. Several Linux distributions
were successfully tested with Asterisk (e.g., Fedora, Redhat, SuSe, Debian, and Gentoo); choose ol
for your system. You can download the Debiastritiution from the address below:

http://www.us.debian.org/CD/netinst/#netinst - stable

Required dependencies
The followingdependencieare requiredo compile Asterisk.
I bison
1 libssl-dev
-21-
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1

openssl|
libasound2dev
libc6-dev
libnewt-dev
zliblg-dev

gcc

g++

make
libncurses&dev
doxigen
libxml2-dev

Required by DAHDI

1

kernel sources

meetme().

Caution:DAHDI packages are necessary to compile some Asterisk applications like
If you have compiled Asterisk before DAHDI, you will have to recompile it
again toincludethe applicationneetme() as well as certaiothers.

Required by Xorcom Astribank

T
T

Installing Linux for Asterisk

libusb-dev
fxload

Install your Linux as usual, without a gtagal user interfacdnstall and configure the email server
as well We will need the email server (exim4) to send voicemail notifications later in this book.

Caution: This installation will format your PC. All your disk data will be erased. Please 1
sure to backip all data before stamg.

nake

Step 1:Put the CD in the CHROM drive and boot your PC. Most questions are very simple to
answer.

-22-
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Preparing Linux for Asterisk

Immediatelyafter installing Asteriskye will install the packages required foetBubsequent
compilation of Asterisk anBAHDI drivers.First, we will indicate to Debian where the packagai
be downloaded from. This is done by using thessgptp utility.

Step 1:Login as roat

Step 2:Install the kernel headers.

apt - getinstall linux -headers - “uname dr
In - s/usr/src/kernel - headers - “uname -r /usr/src/linux

Step 3:Install the required packages

apt - get install bison openssl libssl -dev libusb - dev fxload libasound2 -devlibc6 -
dev libnewt - dev libncurses5 -devzliblg -dev gcc g++ make doxygen libxml2 - dev

Which version to choose

As a rule of thumb, you should use the version with the required features. Versions 1.2 and 1.4 are
more stable than the newest Wiile the newer versions include the new featumnesaningl.2 and

1.4 are featre frozen. TheéAsterisk team has changed the version system for 1.6. Now, instead of
having major versions each year, they are releasing major and minor ver$iemewest version is
1.62; it is undergoing just bug fixes, too. All new development isgrated in the trunk. With 1.6

you will have at least three versions maintaisigdultaneouslywhich allows you an extended period

to upgrade from one version to anothHeecently they announced the change back to the old
versioning system.

All examples n this book were created or converted to Asterisi2ltit most should work
in1.4.

Obtaining and compiling Asterisk

The next step is the installation of Asterisk. To obtain the sources, you should download them from
www.asterisk.org. We will use theget utility to download them. Create a directonyr/src  to
receive the files. You should consukvw.asterisk.ordgo verify which version is the newest.

For Asterisk 1.4
Download the source files from the Asteriglpository. Please, check for a newer version.

cd /usr/src

wget http://downloads.asterisk.org/pub/telephony/asterisk/releases/asterisk -
1.4.29.1.tar.gz

wget http://downloads.asterisk.org/pub/telephony/libpri/releases/libpri -
1.4.10.1.tar.gz

wget http://downloads.asterisk.org/pub/telephony/asterisk/releases/asterisk -
addons - 1.4.10.tar.gz
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For Asterisk 1.6
Download the source files from the Asterisk repository. Please, check for a nesvenve
cd /usr/src

wget http://downloads.asterisk.org/publ/telep hony/asterisk/releases/asterisk -
1.6.2.5.tar.gz

wget http://downloads. asterisk.org/pub/telephony/libpri/releases/libpri -
1.4.10.2.tar.gz

wget http://downloads.asterisk.org/pub/telephony/asterisk/releases/asterisk -
addons - 1.6.2.0.tar.gz

DAHDI

The same version of DAHDI is used for both versions.
wget http://downloads.asterisk.org/pub/telephony/dahdi - linux/releases/dahdi - linux -

2.2.1.tar.gz
wget http://downloads.asterisk.org/pub/telephony/dahdi - tools/releases/dahdi - tools -

2.2.1.tar.gz
Uncompress the files using:
tar xzvf file.tar.gz

Compiling DAHDI drivers

You will need to compile thBAHDI modules.Thecommands/configure andmake menuselect
were addedh version 1.4. Théatter enablegou to select which utilities and modules tolduiThe
following commands will dahis:

cd /usr/src/dahdi -linux -2.2.1

make

make install

cd /usr/src/dahdi -tools -2.2.1

Jconfigure

make menusect #(optional, you may select some options)

make

make install

make config #(optional, it installs the init script S)

Usemake menuselect  to install only the necessary modules. This isnthie= menuselect
screenshot.
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| DRHDI Tools Selection |

Otilities
fxstest
sethdle
dahdi cfg
dahdi diag
dahdi monitor
dahdi scan
dahdi speed
dahdi test

~ BREERRERREIER O~

Depends on: N/R
Can use: N/L
Conflicts with: HN/R

<ENTER> toggles selection | «<Fl12> saves & exits | <ES5C> exits without save

Just after executingake config , the init scriptawill be installed and the following screen will be
shown.

install -D dahdi.init /etc/init.d/dahdi
/usr/bin/install -c -D -m 644 init.conf.sample /etc/dahdi/init.conf
/usr/bin/install -c -D -m 644 modules.sample /etc/dahdi/modules
/usr/bin/install -c -D -m 644 blacklist.sample /etc/modprobe.d/dahdi.blacklist
/usr/sbin/update -rc.d dahdi defaults 15 30
Adding system startup for /etc/init.d/dahdi ...
letc/rc0.d/K30dahdi -> ../init.d/dahdi
letc/rcl.d/K30dahdi -> ../init.d/dahdi
letc/rc6.d/K30dahdi -> ../init.d/dahdi
letc/rc2.d/S15dahdi -> ../init.d/dahdi
/etc/rc3.d/S15dahdi -> ../init.d/dahdi
letc/rc4.d/S15dahdi -> ../init.d/dahdi
/etc/rc5.d/S15dahdi -> ../init.d/dahdi
DAHDI has been configured.
If you have any DAHDI hardware it is now recommended you
edit /etc/dahdi/modules in order to load support for only

the DAHDI hardware installed in this system. By default
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support for all DAHDI hardware is loaded at DAHDI start.
| think that the DAHDI hardware you have on your system is:
ush:004/002 Xpp_usb - e4e4:1150 Astribank-multi no-firmware

This screenabovg asks you to changedtiile /etc/dahdi/modules to load only the required

drivers for your specific configuration and show the detected hardware. Edit the file
/etc/dahdi/modules and load only the required hardware. In my case, | was using a test machine
with a Xorcom Astribanl6FXS and 2FXO. The file is shown below.

# Contains the list of modules to be loaded / unloaded by /etc/init.d/dahdi.

#

# NOTE: Please add/edit /etc/modprobe.d/dahdi or /etc/modprobe.conf if you
# would like to add any module parameters.

#

# Forma t of this file: list of modules, each in its own line.

# Anything after a '#' is ignore, likewise trailing and leading

# whitespaces and empty lines.

# Digium TE205P/TE207P/TE210P/TE212P: PCI dual - port TL/E1/J1
# Digium TE405P/TE407P/TE410P/TE412P: PCI qu ad- port T1/E1/J1
# Digium TE220: PCI - Express dual - port T1/E1/J1

# Digium TE420: PCI - Express quad - port TL/E1/J1

#Hwctdxxp

# Digium TE120P: PCI single - port TL/E1/J1

# Digium TE121: PCI - Express single -port TL/E1/J1

# Digium TE122: PCI single - port TL/E1/J1

#wctel2xp

# Digium T100P: PCI single -port T1

# Digium E100P: PCI single - port E1

#wctlxxp

# Digium TE110P: PCI single - port TL/E1/J1

#wctellxp

# Digium TDM2400P/AEX2400: up to 24 analog ports
# Digium TDM800P/AEX800: up to 8 analog ports

# Digium TDM410P/AEX 410: up to 4 analog ports
#wctdm24xxp

# X100P - Single port FXO interface
# X101P - Single port FXO interface
#wcfxo

# Digium TDM400P: up to 4 analog ports
#wectdm
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# Xorcom Astribank Devices
Xpp_usb

Re-initialize your computer and verify the correct laaglof the drivers.

Compiling Asterisk

If you havepreviouslycompiled software, compiling Asterisk will be an easy task. Run the following
commands to compile and install Asteri8ememberyou can choose which applications and

modules to build usingie&ke menuselect

cd /usr/src/libpri -1.4.10.2
make

make install

cd /usr/src/asterisk -1.6.25
Jconfigure

make menuselect

make

make install

make samples ;use to create sample configuration files

make config ;to start asterisk at boot ti

me

Usemake menuselect  to install only the necessary modules.

Applications [*]
Bridging Modules [*]
Call Detail Recording [*]
Channel Drivers [*1]
Codec Translators [*]
Format Interpreters [*]
Dialplan Functions [*1
PEX Modules [*]
Eespurce Modules [*1

Asterisk ADST Programming Application

Depends on: res_adsi (M)
Can use: N/A
Conflicts with: N/A

Asterisk Module and Build Option Selection

app alarmreceiver
app_amd

app authenticate
app_cdr

app chanisavail

app channelredirect
app_chanspy

app confbridge

— WELERIEE R R 0 —

<ENTER> to : selection | <Fl2> saves & exits | <E5C> exits without save

Starting and stopping Asterisk
With this minimal conf i
lusr/sbin/asterisk dvvvgc

Use the CLI commanstop nowto shutdown Asterisk.
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| CLI>stop now |

Asterisk runtime options

The Asterisk starting process is very simple. If Asterisk is run without any parameters, it is launched
as a daemon.

Isbinfasterisk

You can accestheAsterisk console by executing tf@lowing command. Please nateat more than
one console process charun at the same time.

[shin/asterisk -r

Available runtime options for Asterisk
You can show the available runtime options usifigrisk  6h
sipast:/usr/src/asterisk - 1.6# asterisk -h

Asterisk 1.6.1.1, Copyright (C) 1999 - 2008, Digium, Inc. and others.
Usage: asterisk [OPTIONS]
Valid Options:

-V Display version number and exit

- C <configfile> Use an alternate configuration file

-G <group> Run as a group other than the caller

- U <user> Run as a user other than the caller
-C Provide console CLI

-d Enable extra debugging

-f Do not fork

-F Always fork

-g Dump core in case of a crash

-h This hel p screen

-i Initialize crypto keys at startup
-1 Enable internal timing if DAHDI timer is available
- L <load> Limit the maximum load average before rejecting new calls

- M <value>  Limit the maximum number of calls to the specified value

-m Mute debugging and console output on the console

-n Disable console colorization

-p Run as pseudo - realtime thread

-q Quiet mode (suppress output)

-r Connect to Asterisk on this machine

-R Same as - r, except attempt to reconnect if disconnected

-t Record soundfiles in /var/tmp and move them where they
belong after they are done

-T Displa y the time in [Mmm dd hh:mm:ss] format for each line
of output to the CLI

-V Increase verbosity (multiple v's = more verbose)

-28 -



| Installing Linux for Asterisk|

- X <cmd> Execute command <cmd> (only valid with -r)
- s <socket> Connectto Aste risk via socket <socket> (only valid with -r)

Installation directories
Asterisk is installed on several directorieshichcan be modified in thesterisk.conf file.

asterisk.conf

[directories](!) ; remove the (!) to enable this
astetcdir => /etc/asterisk

astmoddir => /usr/lib/asterisk/modules

astvarlibdir => /var/lib/asterisk

astdbdir => /var/lib/asterisk

astkeydir => /var/lib/asterisk

astdatadir => /var/lib/asterisk

astagidir => /var/lib/asterisk/agi - bin
astspooldir => /var/spool/asterisk

astrundir => /va r/run/asterisk

astlogdir => /var/log/asterisk

[options]

;verbose = 3

;debug =3

;alwaysfork = yes ;sameas - F at startup

;nofork = yes ;sameas - fat startup

;quiet = yes ;sameas - at startup

;timestamp = yes ;sameas - T atstartup

;execincludes =y es ; support #exec in config files

;console = yes ; Run as console (same as - C at startup)

;highpriority = yes ; Run realtime priority (same as - p at startup)

;initcrypto = yes ; Initialize crypto keys (same as - i at startup)

;nocolor = yes : Disable conso le colors

;dontwarn = yes ; Disable some warnings

;dumpcore = yes ; Dump core on crash (same as - g at startup)

;languageprefix = yes ; Use the new sound prefix path syntax

;internal_timing = yes

;systemname = my_system_name ; prefix uniqueid with a system name for global
uniqueness issues

;autosystemname = yes ; automatically set systemname to hostname - uses
'localhost' on failure, or systemname if set

:maxcalls = 10 : Maximum amount of calls allowed

;maxload = 0.9 ; Asterisk stops accepting new calls if t he load average exceed
this limit

:maxfiles = 1000 ; Maximum amount of openfiles

:minmemfree = 1 ; in MBs, Asterisk stops accepting new calls if the amount of

free memory falls below this watermark

;cache_record_files = yes ; Cache recorded sound files to another directory

during recording
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;record_cache_dir = /tmp ; Specify cache directory (used in cnjunction with
cache_record_{files)
;transmit_silence_during_record = yes
channel is being recorded
;transmit_silence = yes ; Transmit SLINEAR silence while a channel is being
recorded or DTMF is being generated

;transcode_via_sln = yes ; Build transcode paths via SLINEAR, instead of

; Transmit SLINEAR silence while a

directly

;runuser = asterisk ; The user to run as

;rungroup = asterisk ; The group to run as

;lig  htbackground = yes ; If your terminal is set for a light - colored background
documentation_language = en_US ; Set the Language you want Documentation

displayed in. Value is in the same format as locale names

;hideconnect = yes ; Hide messages displayed when a remote console connects and

disconnects

; Changing the following lines may compromise your security.
[files]

;astctlpermissions = 0660

;astctlowner = root

;astctigroup = apache

;astctl = asterisk.ctl

[compat]
pbx_realtime=1.6
res_agi=1.6
app_set=1.6

Log files and log rotation

Asterisk PBX logsts messages on thear/log/asterisk directory. The file that controls the logs

is thelogger.conf.

; Logging Configuration

; In this file, you configure logging to files or to
; the syslog system.

; "log  ger reload" at the CLI will reload configuration
; of the logging system.

[general]

; Customize the display of debug message time stamps

; this example is the ISO 8601 date format (yyyy - mmdd HH:MM:SS)
; see strftime(3) Linux manual for format specifiers

:dateformat=%F %T

; This appends the hostname to the name of the log files.
;appendhostname = yes
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; This determines whether or not we log queue events to a file

; (defaults to yes).

;queue_log = no

; This determines whether or not we log generic even ts to a file
; (defaults to yes).

;event_log = no

; For each file, specify what to log.

; For console logging, you set options at start of

; Asterisk with - v for verbose and - d for debug
; See 'asterisk - h' for more information.
; Directory for log files is configures in asterisk.conf

; option astlogdir

[logfiles]

; Format is "filename" and then "levels" of debugging to be included:
;  debug

;  notice

;warning

; error

;  verbose

; dtmf

; Special filename "console" represents th e system console

; We highly recommend that you DO NOT turn on debug mode if you are simply

; running a production system. Debug mode turns on a LOT of extra messages,

; most of which you are unlikely to understand without an understanding of

; the unde  rlying code. Do NOT report debug messages as code issues, unless

; you have a specific issue that you are attempting to debug. They are

; messages for just that -- debugging -- anddo notrise to the level of

; something that merit your attention as an A sterisk administrator. Debug
; messages are also very verbose and can and do fill up logfiles quickly;

; this is another reason not to have debug mode on a production system unless

; you are in the process of debugging a specific issue.

;debug => debug

console => notice,warning,error

;console => notice,warning,error,debug
messages => notice,warning,error

;full => notice,warning,error,debug,verbose

;syslog keyword : This special keyword logs to syslog facility
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;syslog.local0 => notice,warning,error

Some console commandseassociatedavith the logger process.

CLI> logger list channels

Channel Type Status Configuration
Ivar/log/asterisk/messages File Enabled - Warning Notice Error
Console Enabled - Warning Notice Error

CLI> logger rotate
== Parsing '/etc/asterisk/logger.conf': Found
Asterisk Event Logger restarted

Asterisk Queue Logger restart ed
You can control the log rotation using the logrotate daemon. Edit the file
/etc/logrotate. d and include the content below to start rotating the log files.
/var/log/asterisk/messages Ivar/log/asterisk/*log {
missingok
rotate 5
weekly
cre ate 0640 asterisk asterisk
postrotate
lusr/shin/asterisk -rx 'logger reload’
endscript
}

More information aboubgrotate  can be obtained using:
#man logrotate

Starting Asterisk with a non-root user

It is safer to execute Asterisk witthanroot user. In case of a security failure or a buffer overflow

attack, running Asterisk within an environment with fewer privileges to the userdinnits i nt r uder
possible actions.

To change Asterisld munning user:
Step 1:Edit the file: vi /etc/ini.d/asterisk

Step 2: Uncomment the following lines:

AST_USER="asterisk"
AST_GROUP="asterisk"

Step 3: To change user rights in Asterisk foldgnge:

cd/

chown -- recursive asterisk:asterisk /etc/asterisk
chmod -- recursive u=rwX,g=rX,o= /etc/asterisk
chown -- recursive asterisk:asterisk var/lib/asterisk
chown -- recursive asterisk:asterisk ivar/log/asterisk
chown -- recursive asterisk:asterisk fvar/run/asterisk
chown -- recursive asterisk:asterisk ivar/spool/asterisk
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chown -- recursive asterisk:asterisk /dev/d ahdi
chmod -- recursive u=rwX,g=rX,o= /var/lib/asterisk

chmod -- recursive u=rwX,g=rX,o0= /var/log/asterisk

chmod -- recursive u=rwX,g=rX,0= /var/run/asterisk

chmod -- recursive u=rwX,g=rX,0= /var/spool/asterisk
chmod -- recursive u=rwX,g=rX,o0=/dev/dahdi

Step 4 Test changessing/etc/init.d/asterisk

Uninstalling Asterisk
To uninstall Asteriskuse:

make uninstall

To uninstall Asterisk and all configuration filasse

make uninstall -all

Asterisk installation notes
This sectiorwill providesome advice abougsues to addredsefore installing Asterisk.

Production Systems

If Asterisk is installed in a production environment, you should pay attention to the system design. A
server has to be optimized in such a way that telephony systems have priority oveysitrar
processes. Asterisk should not run together with procéswEmsive softwarsuch as<-Windows. If

you need to run CPhtensive process€g.g.,a huge databagaise a separate server. Generally
speaking, Asterisk is susceptible to hardware permce variations. Thus, try using Asterisk in a
hardware environment that does not require more than 40% of CPU utilization.

Network Tips

If you plan to use IP phones, it is important that you pay attention to your network. Voice protocols
are very gooa@nd resistant to latency and even jitéowever, if you use a poorly configured local

area network, voice quality will suffer. It is only possible to guarantee good voice quality using
quality of service(QoS in switches and routers. Voice in a locedanetwork tends to be good, but

even in a LAN environment, if you have 10 Mbps hubs with too many collisions, you will end up
having a distorted or crappy voice. Follow these recommendations to ensure the best possible voice
quality:

1 Use endo-end QoS if possible or economically feasible. With etwdend QoS the voice
quality is perfect. No excuses!

9 Avoid using 10/100 Mbps hubs for voice in a production environment. Collisions can impose
jitters onthe network. Full duplex 10/100 Mbps are preferredcabbee no collisionsccur.

f Use VLANs to separate unnecessary broadca
destroying youvoice network with ARP broadcasts.
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1T Educate users about expectations i nvacevoi C:¢
will be perfectasi N mo st ¢ aeAlegsality df voisessimidat to a mobile phoneéll
most oftenbe achieved. Use quality phoresproblems with firmware and hardware design
are common.

Summary

In this chapteryou have learnedboutthe minimum hardware requiremerdas well ashow to
download, instajland compile Asterisk. Asterisk should be executed with araonuser for security
reasons. You should check your network environment before stdrépgoduction environment.

Quiz

l.What 6s the mini mal Asterisk hardware configur

2. Telephony interface cards for Asterisk usually have some Digital Signal Prod&SBssbuilt in
and do not need a lot of CPU resources from the PC.

A. True
B. False
3. If you want perfect voice qualityou need to implement eftd-endquality of service(QoS).
A. True
B. False
4. You should always choose the latest Asterisk verssaitis the most stable version.
A. True
B. False
5. List the necessary packages for Asterisk and the DAHDI compilation.

6.fyou dondt have a TDM interface card, vyou wil/
synchronization. Theahdi_dummy driverfills this role by usinghe USB as a clock source (Kernel
2.4). This is necessary because some applications like and guire aréme
reference.
7 . When you install Asteri sk, itds better t o |
Graphical user interfaces takp numerou£PU cycles.

A. True
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B. False
8. Asterisk configuration files are located in the directory.

9. To install Asterisk sample filegou need to type the following command:
10. Why is it important to start Asterisk with a A@ot user?
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Building a simple PBX

In this chapter, yowill learn how to perform a basic Asterisk PBX dgafation. The main objective
here is to see the PBX running for the first time, be able to dial between extensions, dial a message
being played, and dial to a single analog or SIP trunk. The idea behind this chapgesisedhat

your Asterisk is uprgd running as soon as possible. Aftempleting the worln this chapter, you

will have sufficientbackground terepare foisubsequent chapters, where we délve more deeply

into configuration details.

Objectives
By the end of this chapter, you sholle able to

1 Understand and edit configuration files

Install softphones based on SIP

Install and configure a SIP trunk

Install and configure an analog connection

Dial between extensions

Dial between phones and external destinatiand
Configure a auto attendant.

=A =4 =4 =4 -4

Understanding the configuration files

Asterisk is controlled by text configuration files located in /etc/asterisk. The file format is similar to
the Windows fA.inio files. A semicolonaés used
eguivalentand spaces are ignored.

: The first line without a comment should be the session title.

[Session]

Key = value; Variable designation
[Session 2]

Key => value; Object declaration
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Asterisk interprets A=dencEinsyniaxaeused to distilgeishs a me

between objects and variablélsefi =0 when you want to decl are

object. The syntax is the same between all,fides three types of grammare usegdas discussed
below.

Grammars
Grammar Object is created: Conf. File Example
Simple Group All in the same line extensions.conf exten=>4000,1,Dial(SIP/4000)
Option Inheritance Options are defined first, objeq chan_dahdi.conf [channels]
inherit the options context=default
signalling=fxs_ks
group=1
channel =>1
Complex Entity Each entity receives a context| sip.conf, [cisco]
iax.conf type=friend
secret=mysecret
host=10.1.30.50
context=trusted
[xlite]
type=friend
secret=xlite
host=dynamic
Simple Group
The simple group format useddntensions.conf ~ , meetme.conf , andvoicemail.conf is the most
basic grammar. Each object is declared with options in the same line.
Example:
[Session]

Object 1 => opl,0p2,0p3
Object 2=> op1b,op2b,0p3b

In this example, object 1 is created with options op2, apdop3 while object 2 is created with
options opl, opzand op3.

Object options inheritance grammar

This format is used by the filegan_dahdi.conf =~ andagents.conf , wherenumerousptions are
available, and most interfaces and objects share thematinas. Typicallyone or more sections
haveobjects and channels declarations. Options to the objedeal@red abovethe object and can

be changed to another object. Although this concept is hard to understand, it is very easy to use.

Example:

[Sess ion]
opl = bas
op2 = adv
object=>1
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opl =int

object => 2
The first two |ines configure the wvrespectieelyof t he
When object 1 is instanced, it is creatmnd usin

objectlwe change opNeitowea &r eat @i aoabpect 2 with opti.
Afadvo.

Complex entity object

This format is used byix.conf , sip.conf , andother configuration filegn whichnumerous entities
with many optionsexist Typically, this format does not share a large volume of common
configurations. Each entity receives a context. Sometimes reserved cexisitike [general] for
global configurations. Options are declared in the context declarations.

Example:
[entity1]
opl=valuel
op2=value2
[entity2]
opl=value3
op2=value4

The enti

ity [entityl] has values Avaluelodo and i
entity [entity2] has values fAvalue3d30 and fdvalu

Options to build a LAB for Asterisk

To configure a PBXyou will need some basic hardware. It is not hard or expensive, but there are
some options to be considered. All ywill need are two phones and a connection to the public
network.Some options and combinatioase posible whercreatng your lab,which we will discuss
below.

Option 1: Complete LAB

With the complete LABIt is possible to test all the scenarios available and compare solutions such as
ATA, IP-phonesand softphones. You can also learn about analog@iRdrunks.

Qty. Description

SIP Analog Telephone Adapter

IP Phone

Dedicated Server for the Asterisk Server

Workstation with the sofphone

Analog Interface Card with at least two interface$XO and 1 FXS

OO IWIN|F

VolIP provider Account
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Option 2: Economy LAB

With the economy LAB, we simplifit a bit. We use the ATAwhichis usually less expensive than
the IRphone and a single FXO caravhichi s r eal l'y i nexpensive. We
phones connected directly to the server,thistdoesnot commoly occurin practice.

Qty. Description
1 SIP Analog Telephone Adapter

Dedicated Server for Asterisk

Analog Interface Card with EXO

2
3 Workstation for the sofphone
4
5

Account in a VoIP provider

Option 3: Super economy lab

The third LAB uses a virtualized server in th
is the conflicts generated by the UDP port. Sometimes both the Asterisk server andphesefiry

to accesshe same poypreventing Asterislkrom binding the address port. Another issue is the

quality of the callsvirtual environments are not indicated for reale applications such as Asterisk.

Use a free sofphone for the server and workstation and a trunk connection to a SIP provider.

Qty. Descrigion
1 Laptop with 1 GB memory and a sqfhone

3 Virtual Machine (VMWare, Xenor other) to install Asterisk and a s@fhone

4 Account in a VolP provider

Installation Sequence

To help you understarttie installation sequencee outlined thesequencef stepsnecessaryo
install and configure Asterisk.
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4 N\
PSTN
%) A
X
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= VOIP
Provider
Broadband é
ETHO T EXO
X
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8 3 Asterisk FXS
<
1« Ethernet D anciog

Extensions

L é:‘ss;‘;?y

Analog

phone

e

SIP soft-phone IAX soft-phone IP Phone Analog

Phone
. J

1. Extensions configuration
a. SIP extensions (ATA, Scfthone IP Phone)
b. 1AX extensions
c. FXS extensions
2. Trunk configuration
a. Configuration of a SIP trunk
b. Configuration of a FXOrtink
3. Building a basic dial plan
a. Dialing between extensions
b. Dialing external destinations
c. Receiving a call from in the operator extension
d. Receiving a call in an auattendant

Configuration of the extensions

The extensionareSIP, IAX, or analog phonesonnected toraFXS port. To configure an extension,
you should edit the configuration file related to the charmetdnf ,iax.conf , chan_dahdi.conf )
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SIP extensions

Letds configure the SI P phone(Subsequénechapislvalla i s
providean entire SIP session with all the detqi®&P is configured in thetc/asterisk/sip.conf

directory and has all the parameters related to SIP phones and VolIP providers. SIP clients have to b
configured before you can make and receaisc

The sectiongeneral]  includessome parameters to be configurieds the first sectionwve will
configure. The main options are:
91 allow/disallow: Defines which codecs are going to be used.

9 bindaddr: Address to Heoundto the Asterisk SIP listeneif you set it up as 0.0.0.0
(default) it will bind to all interfaces.

1 context: Sets the default context for all clients uniesschanged in the client section.
We used dummy for security reasons. Unauthenticated users get into this context when
theoption allowguest is set to yes.

bindport: SIP UDP port to listen.

maxexpirey: Maximum time to register (seconds)
defaultexpirey: Default time to register (seconds)
register: Registers Asterisk to another host.

allowguest: Usually set to no to avoidrrauthenticated users in the context of the
[general] section.

1 alwaysauthreject: When an incoming INVITE or REGISTER is received, always reject
with an identical response (valid username, invalid password). This avoids username
guessing.

=A =4 =4 4 =4

Example:

[gener al]

bindport = 5060
bindaddr = 10.1.30.45
context = dummy
disallow = all

allow = ulaw
maxexpirey = 120
defaultexpirey = 80
allowguest=no
alwaysauthreject=yes

SIP clients
After completingthe general sections, it is time to set up the SIP clients. | vamglel agairike to
remind thereaddar hat we wi | | have an entire SIP chapt

on the basics and leave the details for later.
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1 [name]: When a SIP device connects to Asterisk, it uses the username part of the SIP
URI to find the peer/user.

1 type: Configures the connection class. Options are peer, user, and friend.
0 peer: Asterisk sends calls to a peer.
0 user: Asterisk receives calls from a user.
o friend: Bothoccuratthesame time.

1 host:IP address or hostname.he most common ovpichisesed i s Adyn
when the host registers to Asterisk.

9 secret:Password to authenticate peers and users.

Warning:Use strong passwordswith at least 8 characters, alphanumeric and numeric
charactersand at least one symb®&eports of hacked servers have appeared in the mailing
lists, and brute force password crackers for SIP are easily available for script kiddies. Toll
fraud costs thousands of dollars for consumers and providers.

Example:
[6000]
type=friend
secret=#MySe cretl#7
host=10.1.30.50
context=from - internal

[6001]

type=friend
secret=Mys3cr3t#
host=dynamic
context=from - internal
defaultip=10.1.30.17

IAX Extensions

You may also create IAX extensions. This protocol is native to the Astaridiwe will have an
entire sectiordevoted tat later in this bookFornow, |l et 6s create a few ext e
protocol.

The file is very similar taip.conf . As the first section to be configuretietsectiongeneral]  has
certainparameters to be configured. The mairiam are:

1 allow/disallow: Defines which codecs are going to be used.

91 bindaddr: Address to be biod to Asterisk SIP listener. If you set it up as 0.0.0.0
(default) it will bind to all interfaces.
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1

context: Sets the default context for all clients unléssiged in the client section. We
used dummy for security reasons. Unauthenticated users get into this context when the
option allowguest is set to yes.

bindport: SIP UDP port to listen

delayrejects: When set to yes, delays sending the authenticaticts nefgchimproves
the security against brute force password attacks.

bandwidth: When set to higit allows the selection of high bandwidth codessch as
the g711 in their varianigsaw andalaw .

The followingis a sample of thigeneral] section of he fileiax.conf

[general]

bindport = 4569

bindaddr = 10.1.30.45 ;(use your IP)
context = dummy

delayreject=yes

bandwidth=high

disallow = all
allow = ulaw
IAX Clients
After finishing the general sections, it is time to set up the IAX clients.
1 [name]: When a SIP device connects to Asterisk, it uses the username part of the SIP
URI to find the peer/user.
91 type: Configures the connection class. Options are peer, user, and friend.
0 peer: Asterisk sends calls to a peer.
0 user: Asterisk receives calls fronuser.
o friend: Bothoccuratthesame time.
9 host: IP address or host name. The most common optigmasic , which isused when
the host registers to Asterisk.
9 secret:Password to authenticate peers and users.

Warning:Use strong passwordsvith at leas8 characters, alphanumeric and numeric
charactersand at leasbnesymbol. Reports of hacked servers have appeared in the mailing

lists, and brute force password crackers for SIP md5 hashes are available for script kiddglies.
Toll fraud costs thousands oblthrs for consumers and providers.

Example:

[guest]

type=user

context=dummy

call erid=06Guest Il AX Usero
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[6003]

context=from - internal
type=friend
secret=#sup3rs3cr3t#
host=dynamic

context=from - internal
[6004]

context=from - internal
type=friend

secret=#s3cr  3ts3cr3t#
host=dynamic
context=from - internal

Configuring the SIP devices

After defining the phones in the Asterisk configuration file, it is time to configure the phone itself. In

this example, we will show how to configure a free gbfon& in this casexlite from Counterpath
(http:// www. counterpath. com). Check your devic
phone.

Step 1:Configure the phone to use the extension 6000

Execute the installation program
After the executionc | i ¢ k t h ent bottwruasndecbosse 1P fccount Settings

SIP Accounts §|
Enabled = Acct # Diornain Username Display Name
O 1

Select the buttoadd...
Fill in the required information
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x]

Properties of Account 1

Account |Vu:uiu:emai| Topology | Presence || Advanced

User Details

Display Name | /000 |

User name | G000 |

Password | snse |

Authaorization user name | B000 |
|

Darmain | 192.168.110.134

Damain Proxy

Register with domain and receive incoming calls

Send outbound wia:
@ domain
O prosy | |

Dialing plan | #1\a\a, T;match=1;prestrip=2;

QK. ][ Cancel H Apply

Display Name: 6000

User Name: 6000

Password: =#MySecret1#7
Authorization User Name: 6000
Domain:ip_of your_server

Confirm that your phone is regisésl using the console commagigshow peers
Repeat the configuration for the phone 6001

Configuring the IAX devices

In this example, we are going to use the freebftne Zoiperwhich you camdownload from
WwWw.zaiper.com

1. Download and install the Zoiper Free
2. Click with the right buttorto accessptions.
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3. Selectnew IAX account.
4. Insert the related options for the 60ff8oneand optionally for the 6004.

& ZolPER Options [0
1A% account option:
SIP accounts
4% Add new SIP account Server HostnameyTP : [192, 168,110,134
—|-ag TAYX accounts
- ANOWIAK Userniarme : ’EDDD—
6000
wy Add new 1A% account
=1 J3 Audio options Passward ;[
e fodio devices
Audio codecs Caller ID Name :  |Toan da Silva Caller ID Number ;6000
=153 General options
- Call events
;’ Fax

™ show advanced options

[ OK J[ Cancel ][ Apply J

5. Save the configuration and check if the phone is regigtusingax2 show peers

Important Use one account for SIP aadotheronefor IAX. If you want to configure the
system to ring both IAX and SIP at the same time, we will show you howgoiddhe dial
plan section.

Configuring a PSTN interface

To connect to the PST,Nou will need an interfacimreignexchangeoffice (FXO) and a telephone

line. You can use an existing PBX extension too. You can obtain a telephony interface card with a
FXO interface from several manufacturers. In this example, Wehow you how to install a

DAHDI interface card.

- 46 -



| Configuring the 1AX deviceg

[:- RING _
\ FXO '4
- —_—
ZIN (((
* Inside
Dial
Tone

Analog lines using DAHDI

You can buy an analog card compatible with the DAHDI from several manufacturers. X&60Re

of the first Digium cardsaind had already beeliscontinued. Some manufacturetsl produce similar
clones.In addition tothe price othe X100P, we have found several issues between these cards and

new motherboards, so use it with care. X100P, in my opinion, is not a good choice for a production
environment. Any card compatibletwiDAHDI should work.

Thanks to the team of DAHDI developers, m@v have a toofor detecing andconfiguringthe

interface cards almost automatically. If yloavej ust i nstalled the DAHDI
to runmake config and reboot the nahine to load it automatically. You can use the commands
below to detect and configure your card.

Step 1: To detect your hardware, use:

dahdi_hardware

Step 2 To configure use:

dahdi_genconf

The command above will generate two files/éystem/dahdi.c onf and/etc/asterisk/dahdi

channels.conf. The default parameters fashdi_genconf  are usually fine, but you can change

them in the fileetc/dahdi/genconf_parameters . By default it will insert the lines (FXO) in the
contextirom - pstn and the phones (FX$ the contextrom - internal

Step 3: After runninglahdi_genconf , in the last line of the filé:tc/asterisk/chan_dahdi.conf
insert the following line:

#include dahdi - channels.conf
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Step 4: Edit the filgstc/dahdi/modules and commentor all the unusedrivers. Reboot before
proceeding and check if the channels are being recognized using:

| CLI>dahdi show channels

Connecting to the PSTN using a VolP provider

If your budget is reallyimited, you can configure a SIP trunk to connect to the PSTN. It iginbrt
the most affordable way to connect to the PSTihbusands of VoIP provideexistworldwide. To
connecto one of themyouwill need some parameters.

Parameters provided by the SIP provider.
1 usernametogin

1 passwordsecret

T Provider dosnand o mai n:
1 UDP port:5060

1 Allowed codecg729, ilbc, alaw

Two parameters should bleterminedy you.

i Extension to receive cadlsin this case9999
1 context:from-sip

Configure the file sip.confisingthe following parameters

[ general]

srvlookup=yes

register = > |ogin:secret@domain:port/9999
[siptrunk]

username= login

type=peer

secret= secret

port=" 5060

insecure=invite
host=dominio
fromuser=login
fromdomain= domain
dtmfmode=rfc2833
context=from - sip
disallow=all
allow=ilbc

allow= alaw

allow= @729

To access this tink, we will use the channel narse/siptrunk
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Dial plan introduction

Dial planislikeAst er i skds heart. I't defines how Aster
consists of extensions that make an instruction list for Asterisk to follow. Itistis@re fired by

digits received from the channel or application. In order to configure Asterisk successfully, it is
crucial to understand the dial plan. Most of the dial plan is contained éntth&ons.conf file in

the/etc/asterisk directory. Thisfile uses the simple group grammar and has four major concepts:
1 Extensions
9 Priorities
1 Applications
1 Contexts
Letds create a basic dial pl an. I n subsequen:

to the dial plan. If you installed thergple files (make samples), theensions.conf already
exists. Save it with another name and start with a blank file.

The structure of the file extensions.conf

Theextensions.conf file is separated o sections. The first is thgeneral]  section folloved by
the[globals]  section. The beginning of each section starts with its name definitign (i.e.
[default]) and finishes when another section is created.

The section [general]

The general section sits at the top of the file. Before starting to conftgardial planit is helpfulto
know the general options that contcekrtaindial plan behaviors. These options are:

9 static and write protect: If static=yes ~ andwriteprotect=no , you can use the CLI
commandsave dialplan

Warning: If you issue aave dialp  lan command from the Cl.lyou will end up losing any
remarks and comments in the file.

9 autofallthrough: If autofallthrough is set, then if an extension runs out of things to
do, it will terminate the call with BUSY, CONGESTION, or HANGUP depending on
Asteisk's best guess. This is the defaultubfallthrough is not set, then if an
extension runs out of things to do, Asterisk will wait for a new extension to be dialed. In
version 1.4the default is yes.

9 clearglobalvars If clearglobalvars is set, gloll variables will be cleared and reparsed
into an dialplan reload or Asterisk reloadclfarglobalvars is not set, then global
variables will persist through reloadad even if deleted from thextensions.conf or
one of its included files they will reman set to the previous value.
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1 extenpatternmatchnew ew in the 1.6 versionY his uses a new algorithm to matttte
extension from 1.5 to 300 times faster than the existingparécularlyif you have a
large number of extensions. It is a new featuresimaild be used with carié defaults to
no.

1 userscontext Thisis the context where the entries from thers.conf — are registered

The section [globals]

In the[globals] section you will define global variables and their initial values. You can atteess
variable in the dial plan usingGLOBAL(variable)}. You can even access variables defined in the
linux/unix environment using{ENV/(variable)}.

Global variables are not case sensitive. A few examples could be:
INCOMING>DAHDI/8&DAHDI/9
RINGTIME=>3

In thefollowing example, you can set and test a global variable in the dial plan.

exten=9000,1,set(GLOBAL(RINGTIME)=4)
exten=9000,n,Noop(${GLOBAL(RINGTIME)})
exten=9000,n,hangup()

Contexts

Context is the named patrtition of the dial plan. After[tlheerall  and[globals]  sectionsthe dial
plan is a set of contexiis which each context has several extensions, each extension has several
priorities, and each priority calls an application with several arguments.

r I

Asterisk Call Flow

All calls arrive from a channel (IAX,
ZAP, SIP, H323 and others)

Incoming Call Leg Outgoing Call Leg

¥ Inside

The context is defined globally
in the [general] section or
individually by channel into the
channel configuration files (i.e.
sip.conf, zap.conf, iax.conf)

The call is processed into the
corresponding context on the
extensions.conf file.
Example [incoming]
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You can build a simple dial plan to reachet phones and the PSTN. However, Asterisk is much
more powerful than that. Our objective is to teach you more details of what is possible in the dial

plan.

zapata.conf

Call Processing

extensions.conf

[channels]

context=incomi [globlals]
signa”ing:fxs_ks\ OPERATOR=SIP/4000

group=1
channel => 1

[incoming]
exten=s,1,dial(${OPERATOR},20)
exten=s,n,hangup()

sip.conf

[4001]
type=friend
context=default

default]

"dialing other extensions starting with 4
followed by three digits
exten=>_4XXX,1,Dial(SIP/${EXTEN},20)
exten=>_4XXX,n,hangup()

; Send every digit after 9 to the PSTN
exten=>_9.,1,Dial(ZAP/g1/${EXTEN:1},20)
exten=>_9.,n,hangup()

Extensions

Unlike the traditional PBX, where extensions are associated with phones, intenfieoes,and so
on, in Asterisk an extension is a list of commands to be processed when a specific extension numbe

or name is triggered. The commands are processed in priority order.
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's N
Extensions syntax
exten=>number (nameJ, {priority/label{+/-}offset}l{aliasi] application
Extension format
8000 Numeric
Alexander Alphanumeric
432111234 Numeric extension with callerlD
_4XXX Pattern matching
s Standard
Priority Format
19 Priority Number
n next
S same
n+/-x n+x, N-x
S+/-X S+X, S-X
hint Used with presence
~ S

An extension can be literal, standard, or special. A standard exténsiodes only numbers or

names and the characterand#; 12#89* is a valid literal extension. Names can be used for extension
matchingas well Extensions are case sensitive. However, you cannot create two extensions with the
same namébut different caes.

When an extension is dialed, the command with the first priority is executed followed by the
command with priority 2 and so on. This happens until the call is disconnected or some command
returns the number onimdicating failure. What Asterisk do@ghen the last priority is executed is

regulated by the parametenitofallthrough . See thegeneral]  section in this chapter.
Example:

exten=>123,1,Answer

exten=>123, n,Playback(tt - weasels)

exten=>123, n,Hangup

Above you find the list of instructions tie processed whehe extensioni23 is dialed. The first
priority is to answer the channel (necessary when the channel is in the ringingest&¥O
channels). The second priority is to plagck an audio file called - weasels . The third priority
hargs up the channel.

Another option is to handle the caltcording tahe caller ID. You can use thecharacter to specify
the caller ID to be processed.
Examples:

exten=>123/100,1,Answer()
exten=>123/100, n,Playback(tt - weasels)
exten=>123/100, n,Hangup()

-52-



| Extensions |

This example will trigger extensiare3 and execute the following options onlytlifecaller 1D is 100.

This can also be done by usithge pattern described below:
exten=>1234/_256NXXXXXX,1,Answer()

hint: maps an extension to a channel. It is used tateraime channel state. It is used in conjunction

with presence. The phone has to support it.

Patterns

You can use patterns and literals in the dial plan. Patterns are veryfaseéaluéng the dial plan
Wi tchh atTimdollofiing characters may be used to define a

size.All patterss t ar t

pattern.Thefigureidentifiesthe patterns available for use with Asterisk.

7

. (dot)

[123-7]
X
z
N

Extension

_61xx

_63XxX

_62XxX

_7[1-3]xxX

_7[04-9]xx
9

ZDOKXXXX

.

Pattern Matching

_ (Underscore) Start of a match

Matches one or more characters

I (exclamation) Matches zero or more characters

Matches any digit in the brackets (1,2,3to 7)
Any digit from 0-9
Any digit from 1-9
Any digit from 2-9

Examples
Description
Sao Paulo’s office (6100 - 6199)
New York office (6300-6399)
San Francisco office (6200 - 6299)
Bangalore office (7100-7399)
Beijing office (7000-7099, 7400-7999)
Any number staring with 9
Any number with 8 digits starting with 9

Special extensions

Asterisk uses some extension names as standard extensions.
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e ~

Asterisk Special Extensions

: Invalid

: Start

: Hangup

: Timeout

: AbsoluteTimeout

: Operator

: Called when user press * in voicemail
: Used for fax detection

Talk : Used with BackgroundDetect

VO ATTN —
X

Description:

s: Start. It is used to handlecall when there is no dialed number. It is useful for FXO trunks and in
menu processing.

t: Timeout. It is used when caltemaininactive after a prompt Bdeen played. It ialsoused to
hangup an inactive line.

T: AbsoluteTimeout. If you establishcall limit using theabsolutetimeout() function oncethe
call exceeds the limit defined, it will be senthe T extension.

h: Hangup. It is called after the user disconnects the call

i: Invalid. It is triggered when you call aron-existent extensioim the context. Using these
extensions can affect the content of CDR reabrgsecifically, the dst that does not contain the
number dialed.

o: Operator. It is used to go t o dupngtheadicemail. when t he wu

The use of these extéors can change the content of the billing records (J8DR particular, the
field dst will not have the number dialed. To waskound this problem, you should use the opgion
in thedial()  application and consider the functionsetcdr(w)  and/ornocdr()

Variables

In the Asterisk PBX, variables can be global, chaispelcific, and environmersipecific. You can
use thenoOP() application to see the content of a variable in the console.

It can use a global variable or a charsbcific variable as appligahs arguments. A variable can be
referenced am the following examplewherevarname is the name of the variable.

${varname}
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A variable name can be an alphanumeric string starting with a letter. Global variable names are not
case sensitive. Howeveaystem variables (Asterisétefined are channelefined) are case sensitive.
Thus, he variables{EXTEN} is different froms{exten}

Global variables

Global variables can be configured in thiebal]  section in thextensions.conf file or using the
appliation:
set(Global(variable)=content)

Channel-specific variables

Channelspecificvariables are configured using the applicatiey . Each channel receives its own
variable space. There is no chance of collisions between variables from different chrachalisnel
specific variable is destroyed when the channel hangs up. Some of theomasbnlyused variables
are:

1 ${EXTEN} Extension dialed

1 ${CONTEXT} Current context

1 ${CALLERID(name)}

1 ${CALLERID(num)}

1 ${CALLERID(all)} Current calleriD
1 ${PRIORITY} Current priority

Other channetpecificvariables are all uppercase. You can see the content of several variables using
thedumpchan() application. Below is a simple excerpt of dueipannel variables.

exten=9001,1,dumnpchan()
exten=9001,n,echo()
exten=9001,n,h  angup()

Dumpchan output:

Dumping Info For Channel: SIP/4400 - 08191828:
Info:

Name= SIP/4400 - 08191828
Type= SIP

UniquelD= 1161186526.0

CallerID= 4400

CallerIDName= laptop

DNIDDigits= 9001

RDNIS= (N/A)

State= Ring (4)

Rings=

NativeFormat= 0x4 (ulaw)

WriteFormat= 0x4 (ulaw)

ReadFormat= 0x4 (ulaw)

1stFileDescriptor= 1 6

Framesin= 0

Framesout= 0
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- TimetoHangup= 0

ElapsedTime= 0hOmOs
Context= default
Extension= 9001

Priority= 1

CallGroup=

PickupGroup=

Application= DumpChan
Data= (Empty)

Bloc king_in= (Not Blocking)
Variables:

SIPCALLID=500CEBCO0- 9483 - 4CED B1E4- 16D953655CFC@192.168.1.116
SIPUSERAGENT=SJphone/1.61.312b (SJ Labs)

SIPDOMAIN=192.168.1.133

SIPURI=sip:4400@192.168.1.116

Environment-specific variables
Environmenitspecificvariables can be used to access variables defined in the operating system. You
can set environmerspecificvariables using the functiaeny() . For exkample:

${ENV(LANG)}
Set(ENV(LANG))=en_US

Application-specific variables

Some applications use variables fotadgput and output. You can set variables before calling the
application or retrieve the variable after the application execlfi@mexample:

The Dial application returns the following variables:
1 ${DIALEDTIME} ->This is the time from dialing a channaeitil it is disconnected.
1 ${ANSWEREDTIME} -> This is the amount of time faheactual call
1 ${DIALSTATUS} This is the status of the call:
o CHANUNAVAIL
CONGESTION
NOANSWER
BUSY
ANSWER
CANCEL
DONTCALL
o TORTURE
1 ${CAUSECODE}-> Error message for the call

O O 0O OO0 O

Expressions

Expressions can be very useful in the dial plan. They are used to manipulate strings and perform math
and logical operations.
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Asterisk Expressions

$[expressionl operator expression2]

Math Operators
Addition (+), Subtraction (-), Multiplication(*), Division /), Modulus (%)

Logical Operators
Logical “AND” (&), Logical “OR” ([), Unary not (!)

Comparison Operators
(= > >=, <<=1=)

Regular expression operators
Regular expression matching (;), Regular expression exact matching (=~)

Conditional operator
expression1 ? expression2 :: expression3

A

The expression syntax is definasl follows
$[expressionl operator expression2]

Let 6s
$[${1}+100]

suppose t haltl eme fladv earad vvaeg ivaan te

add

When Asterisk finds an expression in the dial plan, it changesntireexpression by the resulting

value.

Operators
The following operators can be used to build expressions. It is imptotahserve operator

precedence.

1. Parent heses A() o0

© N MWD

Addi

Unary op-—@rators fi!

Regul ar expression f: =~

Mul tiplicative operators na* [/
tive dperators A+

Comparison operators

Logical operators

Conditional operators

Math Operators
9 Addition (+)
9 Subtracton ¢)
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1 Multiplication(*)
1 Division (/)
1 Modulus (%)

Logical Operators
T Logical AANDO ( &)
T Logical #AORO (])
1 Logical Unary Complement (1)

Regular expression operators
1 Regular expression matching (:)
1 Regular expression exact matching (=~)

A regular expression & special text stringsedto describe a search pattern. Y@anthink of regular
expressions as wildcards. Regular expressions are used to match a string to a patterthe check
matching. If the match succeeds and the regular expression contairst ahéeeatch, the first
match is returnedtherwise, the result is the number of characters matched.

Comparison operators

The result of a comparison is 1 if the relation is true oritdgffalse.
= equal

I= not equal

< less than

greater thn

<= lessthanor equalo

>= greaterthanor equalto

=A =4 =4 =4 -4
\Y

LAB. Evaluate the following expressions:

Put these expressions in your dial plan and usedbe() application to evaluate the expressions.
Dial 9002 andexamine thaesults in the Asterisk cepnle. Use verbose 15 to show the results.

exten=9002,1,set(NAME="FLAVIO") ;Set NAME=FLAVIO
exten=9002,n,set(I=4)

exten=9002,n,set(URI="40001 @asteriskguide.com")
exten=9002,n,NoOP(${NAME})

exten=9002,n,NoOP(${1})

exten=9002,n,NoOP ($[${I}+${ )]

exten=9002,n,NoOP ($[${I}=4])

exten=9002,n,NoOP ($[${[}=4 & ${NAME}=FLAVIO])
exten=9002,n,NoOP($[${URI} =~ "4[0 -9J[0 -9]0 -9][0 -9]@."])
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exten=9002,n,NoOP($[${I}=4?"MATCH"::"DO NOT MATCH"])
exten=9002,n,hangup

Functions

After version 1.2, some applicatiswerereplaced by functiont allow the processing afertain
variables in a more advanced way than only expressions. You can see the full list of functions
issuing thdollowing console command

CLI>core show functions

String length: ${LEN(string)} returns the string length

Example:

exten=>100,1,Set(Fruit=pear)
exten=>100,2,NoOp(${LEN(Fruit)})
exten=>100,3,NoOp(${LEN(${Fruit})})

In the first operation, the system shefwas theresult(he number of flreditted)s.
secondretumm t he number 4 (the number of | etters i

Substrings:Ret urns the substring, starting from th
the string | ength def itmeffdetis megativh, & stafitd frerglg to lef§  p a

beginning at the end of the stringthielength is omitted or negatiyit takes the whole string starting
with the offset.

${string:offset:length }
Example #1: Several substrings

${123456789:1} - returns 23456789
${123456789: -4} -returns 6789
${123456789:0:3} - returns 123
${123456789:2:3} - returns 345
${123456789: - 4:3} -returns 678
Example #2: Take the area code from the first three digits.

exten=>_NXX.,1,Set(areacode=${EXTEN:0:3})

Example #3Takes all digits from the variable ${EXTENgxcept for the area code
exten=>_516XXXXXXX,1,Dial(${EXTEN:3})

String concatenation
To concatenate two strings, simply write them together.

${foo}s{bar}
555%{number}
${longdistanceprefix}555${number}
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Applications

To build a dial planwe need to undstand the concept of applications. You will use applications to
handle the channel in the dial plan. Applications are implemented in several modules. Available
applications depend on modules. You can show all Asterisk applications using the console command

| CLI>core show applications |

Alternatively, you can show details of a specific application using the following example:

| CLI>core show application dial |

To build a simple dial plaryou need to know a few applicatioMde will discuss more advanced
exampls later in the book

Simple applications to build a dialplan

Answer i Answer a channel

Dial i Dial other channel

Hangup i Hang up a channel
Playback 1 Play back an audio file
Goto i Jump to a particular priority,
extension or context

E I I ]

We will use theeapplicationgabove)to create a simple dial plan for two basic PBXs.

Answer()

[Synopsis]

Answers a channel if ringing
[Description]

Answer([delay]): If the call has not been answerbd,application will answer it. Otherwise, it has no
effect on the call. If a delay is specified, Asterisk will wai number of milliseconds specified in
6del ayd before answering the call

Dial()

Thefollowing description can be obtainég issuingthe show application dial in the dial plan. For
easy searchindgt is reproduced below. The syntax for the Dial applicaticaldgeshown below

;dial to a single channel
Dial(type/identifier,timeout,options, URL)

;Dialing to multiple channels
Dial(Technology  /resource[&Tech2/resource?2...][|timeout][|options][|URL]):
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This application will place calls to one or more specified channels. As soon as one of the requested
channels answers, the originating channel will be ansWeifeétihas not already been answered.

These two channels will then be active in a bridged call. All o#guestea¢hannels will then be

hung up.

Unless a timeous specified, the Dial application will wait indefinitely until one of the called

channels answers, the user hangs up, or dtleotalled channels are busy or unavailabhe

execution of theidl plan will continue if no requested channels can be called or if the timeout
expires. This application sets the following channel variables upon completion:

1 DIALEDTIME - This is the timdrom dialing a channel until the time that it is
disconnected.

1 ANSWEREDTIME- This is the amount of time fanactual call.
M DIALSTATUS - This is the status of the call:

0 CHANUNAVAIL
CONGESTION
NOANSWER
BUSY
ANSWER
CANCEL
DONTCALL
o TORTURE
For the Privacy athScreening Modes, tleALSTATUS variable will be set tooNTCALLif the called
party chooses to send the calling party to the 'Go Away' scriptoiRheTATUS variable will be set to
TORTURHf the called party wants to send the caller to the 'tortargts

O O O O o0 o

This application will report normal termination if the originating channel hangs up or if the call is
bridged and either of the parties in the bridge ends the call.

The optional URL will be sent to the called party if the channel supports it. dfitheOUND_GROUP
variable is set, all peer channels created by this application wiltheled inthat group (as in
Set(GROUP()=... ).

The following table summarize®me of the most frequently used options for the application dial. For
the complete listyise the console commangte show application dial

A(X) Plays an announcement to the called party, using 'x' as the file.
C Resets the CDR for this call.
D Allows the calling user to dial a 1-digit extension while waiting for

a call to be answered. Exits to that extension if it exists in the
current context or to the context defined in the EXITCONTEXT
variable, if it exists.

D([called][:calling]) Sends the specified DTMF strings after the called party has
answered, but before the call gets bridged. The 'called' DTMF
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string is sent to the called party, and the 'calling’ DTMF string is
sent to the calling party. Both parameters can be used alone.

f Forces the caller ID of the calling channel to be set as the
extension associated with the channel usinga di a | pl an

example, some PSTNs do not allow caller ID to be set to anything
other than the number assigned to the caller.

g Proceeds with dial plan execution at the current extension if the
destination channel hangs up.

G(context"exten”pri) If the call is answered, transfers the calling party to the specified
priority and the called party to the specified priority+1.Optionally,
an extensiond or extension and contextd can be specified.
Otherwise, the current extension is used.

h Allows the called party to hang up by sending the *' DTMF digit
H Allows the calling party to hang up by hitting the ** DTMF digit.
LXL:vIEzD) Limits the call to 'x' ms. Plays a warning when 'y’ ms are left.

Repeats the warning every 'z' ms. The following special variables
can be used with this option:

LIMIT_PLAYAUDIO_CALLER yes|no (default yes) Plays sounds
for the caller.

LIMIT_PLAYAUDIO_CALLEE yes|no Plays sounds for the person
called.

LIMIT_TIMEOUT _FILE File to be played when time is up.
LIMIT_CONNECT_FILE ->File to be played when the call begins.

LIMIT_WARNING_FILE ->File to be played as a warning if 'y is
defined. The default is to say the time remaining.

m([class]) Provides hold music to the calling party until a requested channel
answers. A specific MusicOnHold class can be specified.

r Indicates ringing to the calling party. Passes no audio to the
calling party until the called channel has answered.

S(x) Hangs up the call 'x' seconds after the called party has answered
the call.

t Allows the called party to transfer the calling party by sending the

DTMF sequence defined in features.conf

T Allows the calling party to transfer the called party by sending the
DTMF sequence defined in features.conf

w Allows the called party to enable recording of the call by sending
the DTMF sequence defined for one-touch recording in
features.conf

W Allows the calling party to enable recording of the call by sending
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the DTMF sequence defined for one-touch recording in
features.conf

K Allows the called party to enable parking of the call by sending the
DTMF sequence defined for call parking in features.conf.

K Allows the calling party to enable parking of the call by sending
the DTMF sequence defined for call parking in features.conf.

Example:
exten=_4XXX,1,Dial(SIP/$ {EXTEN},20,tTm)
In the example above, the application will dial to the corresponding SIP channel. Both caller and

called could transfer the calit(). Music on hold will be heard instead of ring back. If nobody
answerswithin 20 seconds, the extension vgt to the next priority.

Hangup()
Hangsup the calling channel
[Description]

Hangup([causecode])  : This application will hangip the calling channel. If a cause code is given,
the channel's hangp cause will be set to the given value.

Goto()
Jump to a pdicular priority, extension, or context
[Description]

Goto([[context|]extension|]priority): This application will cause the calling channel to
continuethedial plan execution at the specified priority. If no specific exten&@orxtension and

contex) are specified, this application will jump to the specified priority of the current extension. If
the attempt to jump to another location in the dial plan is not successful, the channel will continue at
the next priority of the current extension.

Building a dial plan
To build a simple dial plaryou need to treat all incoming and outgoing calls by creating contexts and
extensions. In this section, we will show you how to build the most common extensions.

Dialing between extensions

To enable dialing betweeaxtension, we could use the channel variable ${EXTEMiich refers to
the dialed extensiof:or example if the extension range is between 4@0@4999 and all extensions
use SIP, we could adopt tf@lowing command

[from - internal]

exten=_4XXX,1,Dial  (SIP/${EXTEN})
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Dialing to an external destination

To dial an external destination you could precede the number dialed with a route. In North America, it
is commonto use 9 followed by the number to be dialed externally. If you are using an analog or
digital channel to the PST,the command should look likee following:

If you want to use the SIP trunk instead of the DAHIe SIP/trunk as the channel

[from - internal]
exten=_9NXXXXXX,1,Dial(DAHDI/1/${EXTEN:1},20,tT)

or

exten=_9NXXXXXX,1,Dial(SIP/trunk/$ {EXTEN:1},20,tT)

The above line will permit you to dial 9 and the desired number. lextuaple givenyou will use

the first DAHDI channel (DAHDI/1). If you have several lines and this one is busy, the call will not
be completedHowever you could usehefollowing line to automaticallchoosehe first available
DAHDI channel. Optionally, you can use the SIP trunk instead of DAHDI.

[from -internal]

exten=_9NXXXXXX,1,Dial(DAHDI/g1/${EXTEN:1},20,tT)
The Aglo par aforehe first available kannel @ dhe grdup, allowing the use of all
channels. Using the line belpyou could dial a long distance humber.

[from -internal]

exten=_91NXXNXXXXXX,1,Dial(DAHDI/g1/${EXTEN:1},20,tT)

Dialing 9 to get a PSTN line

If you do not have any restrictions teternal dialing you could simplify and use tHellowing:
[from - internal]
exten=9,1,Dial(DAHDI/g1,20,tT)

Receiving a call in the operator extension

In thefollowing example, the operator extension is 4000. The PSTN line is connecreBX®a
interface.ln the chan_dahdi.conf fil¢he context specified igom - pstn . Any call coming from the
PSTN will be routed to the contexém - pstn in the dial plan. This line does not have direct inward

dialing (DID); as suchwe will have to receive the callathefis 0 ext ensi on. I f rec
trunk, use the contexXtrom - sip] .
[globals]

OPERATOR=SIP/6000

[from - pstn]
exten = s,1,Dial(${OPERATOR},40,tT)
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exten = s,n,Hangup()

[from - sip]
exten = s,1,Dial(${OPERATOR},40,tT)
exten = s,n,Hangup()

Receiving a call using direct inward dialing (DID)

I f you have a digital l'ine, you wil/| receive
to forwardthe callto the operatgrrather, yu can forward the call directly to the destination. Suppose
your DID range is from 3028550 to 3028599 and the last four numbers are passed in the DID. The
configurationwould look like thefollowing example

[from - pstn]

exten => _85[5 - 9]X,1,Answer()

exten =>_85[5 - 9]X,n,Dial(SIP/${EXTEN},15,tT)

exten => _85[5 -9]X,n,Hang up()

Playing several extensions simultaneously
You can set Asterisk to dial an extension,ahitl is not answeredo dial several other extension
simultaneouslyas indicated in the following example:

exten => 0,1,Dial(DAHDI/1,15,tT)

exten=>0, n,Dial (DAHDI/1&DAHDI/2&DAHDI/3,15)

exten=>0, n,Hangup()
In this examplewhen someone dials the operator, the channel DAHDIfitially tried. If nobody
answers after 15 seconds (timeothp channels DAHDI/1, DAHDI/2 and DAHDI/3 will ring
simultaneously foanother 15 seconds.

Routing by Caller ID

In this exampleyou could give different treatmeribgsedon the caller IDwhich could be useful for
call spammersForexample:

exten => 8590/4832518888,1,Playback(l - have - moved- to - china)

exten => 8590,1,Dial(D AHDI/1,20)
In this example, we have added a specialthag, if the caller ID is 4832518888, you pldyack a
messagéfomt he pr evi ous thgvemoeedtocs ldieda d .i | @t Hiidr cal l s
usual.

Using variables in the dial plan

Asteriskcan use global and channel variables in the dial plan as arguments for certain applications.
Look at thefollowing examples

[globals]
Flavio => DAHDI/1
Daniel => DAHDI/2&SIP/pingtel
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Anna => DAHDI/3
Christian => DAHDI/4

[mainmenu]

exten => 1,1,Dial(${Dan iel}&${Flavio})
exten=>2, 1,Dial(${Anna}&${Christian})
exten =>3, 1,Dial(${Anna}&${Flavio})

Using variables makes future changes easier. If you change the variable, all references are changed
immediately.

Recording an announcement

In someof the optiongliscussed later in this sectiome will use recorded promptslerewe show
you an easy way to record them. We will use the applicaiard() to save the announcement
usingo n eo@rsphone.

[from - internal]

exten => _record.,1,Record(${EXTEN:6}.gsm)

ext en => _record.,n,wait(1)

exten => _record.,n,Playback(${EXTEN:6})

exten => _record.,n,Hangup()

Theseinstructions allow you to record any message from apguofne.
Example: dialingecordmenu  from the softphone

The instructions will call the recairy with the variable ${EXTEN:6} without the first six letters. In
other wordsthe instruction is equivalent tecord(menu:gsm) . All you have to do is diakcord +
name_of_the file_to_be recorded , press# to finish the recordingand wait to hear the recordin

Receiving the calls in an digital receptionist

Now t hat we have s o saxpandouteapningabaritthe applicatians | et
background() andgoto() . The key for interactive systernrsAsterisk is the application
background() , whichallows yai to execute an audio fithat,when the caller presses a kay,
interrupedin order tosend the call to the extension dialed.

(@)
(7]

Syntax of thevackground()  application
exten=>extension, priority, background(filename)

Another application very useful ito().  As the name implies, it jumps to the context, extension
and priority indicated.

Syntax of the applicatiogoto():

exten=>extension, priority,goto(context, extension, priority)

Valid formats for theyjoto() command:

goto(context,extension,priority )
goto(extension,priority)
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goto(priority)
In thefollowing examplewe will create a digital receptionist. It is very simpdeedit the file
extensions.conf and configure the following extensions:

[globals]
OPERATOR=SIP/6000

[from - pstn]
include=aapstn

[from - sip]
include=aasip

[aapstn]

exten=>s,1,answer()
exten=>s,n,set(TIMEOUT (response)=10)
exten=>s,n,background(menul)
exten=>s,n,WaitExten(30)
exten=>s,n,Dial(${OPERATORY})
exten=>6000,1,Dial(SIP/6000)
exten=>6001,1,Dial(SIP/6001)
exten=>6003,1,Dial(IAX 2/6003)
exten=>6004,1,Dial(IAX2/6004)

[aasip]

exten=>9999,1,answer()
exten=>9999,n,set(TIMEOUT(response)=10)
exten=>9999,n,background(menul)
exten=>s,n,WaitExten(30)
exten=>9999,n,Dial(${OPERATORY})
exten=>6000,1,Dial(SIP/6000)
exten=>6001,1,Dial(SIP/6001)
exten=>6003,1,Dial(IAX2/6003)
exten=>6004,1,Dial(IAX2/6004)

In the filemenul.gsm,recordt he message Apress the extension
user dials the number 6000, he will be sent to extension 6000.

At this point, you should havedear understanding of the use of several applicationkiding

answer() , background() , goto() , hangup() , andplayback() . If you do not have elear
understandingplease reathis chapteagain until you feel comfortable with the content. You will use
the background application very often.

Once you understand the basics of extensions, prig@inesapplications, it will be easy to create a
simple dial plan. These concepts will be explored in greater depth later in the book, and you will see
that thedial plan will become more powerful.
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Summary

I'n this chapter, youbve | ear neesteritktirecttry con.f i gur a
To use Asterisk, it ifirst necessary to configure the channels (sig, dahdi, iax)Three different
granmarsexistfor configuration files simple group, object inheritance, and complex entity. The dial

plan is created in the fikextensions.conf and is a set of contexts and extensions. In the dia) plan

each extension triggers an applicativio u 6 v e tb @seplsybad® d background , dial , goto ,

hangup , andanswer applications.

Quiz
1. The channel configuration fileme:

A. /etc/dahdi/system.conf

B. /etc/asterisk/chan_dahdi.conf
C. sip.conf

D. iax.conf

2. Itis important to define a context in the channel configumdtle asthis will define the incoming
context for a call. In the extensions configurationdilensions.conf ~ , a call from this channel will
be processed in the matching incoming context.

A. True
B. False
3. The main differences between the playback()@ukground() applications are (choose two):

A. Playback simply plays a prompt, but does not wait for digits.

B. Background simply plays a prompt, but does not wait for digits.
C. Background plays a message and waits for digits to be pressed
D. Playback plays messagnd waits for digits to be pressed

4. When a call gets into Asterisk using a telephony interface card (fX©gall is handled in the
special extension:

A 60
B. 69
C. 0s
D. 6i
5. Valid formats for thgoto() application are (choose three):

o OO O O

A. Goto(context,extesion, priority)
B. Goto(priority, context, extension)
C. Goto(extension,priority)
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D. Goto(priority)
6. An extension cannot be defined as (choose all correct answers):

A. An alphanumeric literal

B. A numeric literal

C. A pattern beginning with & . (dot) character

D. Apat ern starting with a A_0 (underscore)
7. Thepattern _7[15]XX matches (choose all correct answers):

A. 7100

B. 7600

C. 7630

D. 7230

8. An incoming context for ®AHDI-compatible telephony interface is defined in the
configuration file:

A. /etc/dahdigystem.conf
B. /etc/asterisk/chan_dahdi.conf
C. /etc/asterisk/asterisk.conf
D. /etc/asterisk/modules.conf
9. In the Options Inheritance grammar usedHay_dahdi.conf , you:
A. Define the object in a single line
B. Define options first and declare the objects belowdifned options
C. Define a context for each object
10. Priorities must be consecutive!
A. False
B. True
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Analog channels

There are several ways to connect the public switched telephone network (PSTN). The best way
depends on how the telephone company mdliesbnnection available in your area. The simplest

way is to use an analog line, similar to the line you use at home. In this section, we will show you
how to configure analog cards from DigiumE and

Objectives
By the end of this chapter you shdie able to:

1 Recognize the main telephony terms and acronyms
1 Understand when to use digital and analog cirguits
1 Recognize the difference between FXS and Fxl

9 Configure Asterisk for FXS and FXO

Telephony basics

Most analog implementations use arpdicooper lines named tip and ring. When a loop is closed,
the phone receives the dial tone from the telecom switch (or the private PBX). The most frequently
used signaling is looptart other, less common kinds of signaliimgluding ground start, whig is

used in several countrieBhethreecategorie®f signalingare

9 Supervision signaling
1 Address signaling
1 Information signaling

Supervision signaling
The main supervision signalisgre onhook, offhook, and ringing.

On-Hook 7 When a user puts thhone orthe hook, the PBX interrupts and does not allow the
electric current to pass. In this state, the circuit is namdtboR. In this position, only the ringer is
active.
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Off-Hook i Before starting a phone call, the phone needs to pass to theoifstate. Removing the
handset from the hook closes the loop and indicates to the PBX that the user intends to make a call.
Upon receiving this indication, the PBX generates a dial tone, indicating to the user that it is ready to
accept the destination a@dgs (.e., phone number).

Ringing i When a user calls another phoiigenerates a voltage to the ringer that warns the other
user about a calleing received

Signaling varies by country, with different tones for different countries. You can persoAaterisk
tones to your country by modifying thelications.conf file. For ekample:

[br]

description=Brazil

ringcadance=1000,4000

dial=425

busy=425/250,0/250

ring=425/1000,0/4000

congestion=425/250,0/250,425/750,0/250

callwaiting=425/50,0/1000

Address Signaling

You can use two kinds of signaling for dialing. The first and most common is dual tone multi
frequency(dtmf) while the other is pulse dialing (used in old rotary dial phones). Phones have a
keypad for dialingandeach buttoris associated wittwo frequencies: one high and one low. In the
case of dtmf signaling, the combination of these tones indicates what digit is being pressed. MFC/RZ
uses a multfrequency tone different fromitmf.

Information signaling
Information signaling shows the dalbrogress and different events.

9 Dial tone

Busy Tone
Ringback
Congestion
Invalid number
Confirmation tone

=A =4 =4 -4 A

PSTN interfaces

As in the case of old PBXs, it is often required to connect the Asterisk PBX to the H®TN.e we 0 |
show you how to do itUsualy you havethree options for telephone lines.

1 Analog: The most common form for home and small business, usually delivered with a
metallic pair of cooper lines.

-71-



| Chapter 4 - Analog channels |

9 Digital: Used when many lines are necessary. A digital line is usually delivered by a
CSU/DSU or a Fiber multiplexer. The end user connector is usually a RJ45. In some
countries, E1 lines are delivered using two coaxial BNC connectors; in this case you will
need a balloon to connect to thé4R jackto the telephony board.

9 SIP: This optionhas benrecenly developed.The telephone line is delivered using a data
connection with SIP signaling (VoIP). This is a good option to use with Asterisk since you
will not need to buy a telephony card. Phone calls will be delivered directly to the Ethernet
port. Another advantage is that you may be able to free resources from your CPU by avoiding
codec transcoding.

Analog FXS, FXO, and E&M interfaces

Several types of analog interfacase availablelt is fundamental to understand the differences
between thesimterfaces to learn how to connect to the phone netasnkell ado other PBXsHere,
we will showyou the E&M interface Althoughit is notcurrentlyavailable for Asterisk and has been
discontinued by several vendors, you may find routers and PBXghistkind of interface, so it is
better to know what you are dealing with.

r \

\ .
u
S
k

Inside (((

. S

Foreign eXchange (FX) Interfaces

FX interfaces are anal og. The term AForeign exX
office (CO).
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Foreign eXchange Officq FXO)

The FXO interface is used to connect tceatraloffice (CO) or anot her PBX®&6s e
communicates directly with a telephone line coming from the PSTN. Another option is to connect the
FXO interface to an existing PBX, allowing communication lestwAsterisk and the legacy PBX.
Connecing Asterisk to a PBX port and delivieg a remote extension using VolIP is often refeteed

as an offpromises extension (OPX).n4&XO interface receives a dial tone.

Foreign eXchange Statior(FXS)

The FXS interfae feeds an analog phone, modemfax. The FXS provides the dial tone and power
for a phone.

( Asterisk operating as a VolP
Gateway
PBX
XO | . RING
G . " FXS{A
Inside Inside )))
Remote
Dial OPX
Extension Tone 1234
1234

Trunk signaling
1 Loop-Start
1 GroundStart
1 Kewlstart
The use of kewilstart signaling in Asterisk is almost default. Kewlstart is not signaling itself, but adds

intelligence to the circuit by monitoring what is happeronghe other side. Kewlstart is based in
loop-start. Most switches do not support this feature, which is used to get thamaotfication.

9 Loopstart: Used in most analog linésallowsthett e p hone t oh d cmkdd caarn de
fo-hbokod and the switch itnthisispabably @hatmostii r i ng 0
peoplehave at home. The name comes from the fact that the line is always open. When
you close the loop, the switch provides yaith adial tone. An incoming call is signaled
by a 100V ringing voltage over the open pair.
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1 Groundstart: Similar to Loopstart. When you want to make a call, one side of the line is
shortcircuited. When the switch identifies this state, it reverses the edltegugh the
open pair, and then the loop is clos€dnsequentiythe line first becomes occupied
before being offered to the caller.

1 Kewilstart: Adds intelligence to the circuits, allowing monitoring of the other side.
Kewilstart incorporates many advages from loofstart.

Asterisk telephony channels setup

To configure a telephony interface card, several steps are necessary. In this chapter, we will show
three of the most common scenarios:

1 Analog connection using FXS
1 Analog connection using FXO
f Conrection of an AstribankE with FXS and FXO

Configuration Procedure (valid in both cases)

Before choosing hardware for Asterisk, you should consider the number of simultaneous calls,
servicesand codecs that are going to be installed and enaldeerisk is aCPU-intensive
applicationwhich iswhy we recommend a dedicated machine for Asterisk.

The number of interface cards installeithin the computer is limited by the number of slots and
interruptions available. It is preferable to instaliregke card with eight voice interfaces than two
cards with four. Another option is to use a USB channel tmrth as the Xorcom Astribank.
Recently some manufacturefg.g.,CIANET) have startegroducing TDMoE channel banks,
making it even easier tbmectdozens of analog interfaces.

Astribank 190 with 32 FXS/FXO ports

Example 1: One FXO, one FXS installation

Several devicege.g.,Digium cards, AstribanRause a set of kernel modules formerly known as
Zaptel. Because of trademark disputes, the dajstvers were renamed Digium Asterisk Hardware
Device Interfac€DAHDI) in 2008. The Zaptel drivers are still available, thaty will likely be
discontinuedwhich iswhy | have chosen to use the new DAHDI drivers in this book. In this
example, we wiluse a Digium TDM400 telephony interface card with one FXS and one FXO
module. The required steps are listed below:

Install the analog card FXS, FXOr both

Configure the fileetc/dahdi/system.conf (formety /etc/zaptel.conf ).
Generation of the configutian files usingdahdi_genconf

Load the driver for the DAHDI interface

PN
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5. Executedahdi_test  to verify interrupt misses

6. Executedandi_cfg to configure the driver

7. Configure the channel DAHDI ithan_dahdi.conf  file.
Load Asterisk

Step 1:Install the TDM4@ Board

The TDM404Pcardcontains FXS and FXO modules. Connect the FXS (S110M, green) and FXO
(X100M, red)modules If you areusing FXS modules, connect the card directly to the power source
using a molex connector. Please wear electrostatic prote@iorethandling interface cards to avoid

damage to the hardware. Digium analog cards also support a hardware echo cancellation module
VPMADTO032.

TDM404P /

- J

Step 2:The good news about the configuratisthe new utilitydahdi_genconf , which
automaticallydetects and generatihe configuration for DAHDI interfaces. The utility generates two
files:

1 /etc/dahdi/system.conf
M /etc/asterisk/dahdi - channels.conf
9 /etclasterisk/users.conf (option: users)

91 All these filesusethe optionchan_dahdi  full
Beforeyou can execute thiahdi_genconf , it is important to configure the file
gen_parameters.conf

#

# letc/dahdi/genconf_parameters

#

# This file contains parameters that affect the
# dahdi_genconf configurator generator.
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#

#base_exten 4000

#fxs_immed iate no
#fxs_default_start ks

#lc_country il

#context_lines from - pstn
#context_phones from - internal
#context_input astbank - input
#context_output astbank - output
#group_phones 0

#group_lines 5

#brint_overlap

#bri_sig_style bri_ptmp

#

# The echo canc  eller to use. If you have a hardware echo canceller, just
# leave it be, as this one won't be used anyway.

#

# The default is mg2, but it may change in the future. E.g: a packager

# that bundles a better echo canceller may set it as the default, or

# dahd i_genconf will scan for the "best" echo canceller.

#

#echo_can hpec

#echo_can oslec

#echo_can none # to aboid echo cancellers altogether

# bri_hardhdic: If this parameter is set to 'yes', in the entries for

# BRI cards 'hardhdic’ will be used instead of 'dchan' (an alias for
# ‘fcshdic').

#

#bri_hardhdic yes

# For MFC/R2 Support

#pri_connection_type R2

#r2_idle_bits 1101

# pri_types contains a list of settings:
# Currently the only setting is for TE or NT (the default is TE)
#
#pri_termtype
# SPAN/2 NT
# SPAN/4 NT

O arquivo gen_parameters.conf permite a personalizagéo da sua configuragéo. Os
pardmetros mais importantes para linhas analégicas sao:

base_exten 4000
#fxs_immediate no
fxs_default_start ks
Ic_country br
context_lines from - pstn
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cont ext_phones from - internal
context_input astbank - input
context_output astbank - output
group_phones 0

group_lines 5

#echo_can hpec

#echo_can oslec

echo_can MG2

Warning: It is requiredhat youconfigureat leasthe echo cancellation algorithm for the
channels.

Thebase_exten parameter defines the basic gidn for FXS extensions. In this case, the first FXS
channel will receive the extension number 4000, the second 400%0 on. The context which

the lines fontext_phones ) and trunksdontext_ lines ) are created is very important. After
generating the files, you should include the file/asterisk/dahdi - channels.conf  in the file
/etc/asterisk/chan_dahdi.conf

#include dahdi - channels.conf

Note: Analog signaling is a bit confusing; it is alwalys inverse of the card. FXS cards are signaled
with FXO whereas FXO cards are signaled with FXS. Asterisk talks to these devices as if it was on
the opposite side.

Step 3:Load kernel drivers

Now you have to load theénan_dahdi

module and the relatedud kernel driver. Use

dahdi_hardware  to detect your card and the driver naffer example:

Card Driver Description
TE410P WCt4XXp 4XE1/T23.3V PCI
TE405P WCt4XXp AXE1/T1L5V PCI
TDM400P wctdm 4 FXS/FXO
T100P WCt1xxp 1T1

E100P wctlxxp 1E1

X100P wcfxo 1 FXO

Commands to load the drivers:

modprobe dahdi
modprobe wctdm

Step 4:Usethedahdi_test
An important utility isdahdi_test

, whichis used to verify interrupt misses in thdHDI card.

Audio quality problems are often related mberrupt conflicts.

To verify that yourDAHDI card is not sharing an interrupt with other cardse theollowing

command:
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#cat /proc/interrupts

You can verify the number of interrupt misses usingithei test  utility compiled with the
DAHDI cards. Anumber below 99.987% indicates possible problems.

Step 5:Usethedandi_cfg  utility to configure the driver

DAHDI has an unusual systdor loadng the driversFirst configure theetc/system/dahdi.conf
and then apply those configurations to EeHDI driver usingdahdi_cfg

In this case, dahdi_cfg is used to configure the signaling for the FX interfaces. To see theyoesults
can apvwvewnvdvon to the command for verbose.

#

/sbin/dahdi_cfg -w

Dahdi Configuration

Channelm ap:

Channel 01: FXS Kewlstart (Default) (Slaves: 01)
Channel 02: FXO Kewlstart (Default) (Slaves: 02)
2 channels configured.

If the channels were loaded successfully, you will see an output similar to the one shown above.
Users ofternincorrectlyconfigurechan_dahdi.conf  with inverted signaling between channels. If this
happens, you will see a message like the one shown below:

DAHDI_CHANCONFIG failed on channel 1: Invalid argument (22)

Did you forget that FXS interfaces are configured with FXO signalling

and that FXO interfaces use FXS signalling?

After successfully configuring the hardware, you can proceed to Asterisk configuration.
Step 6:/etc/dahdi/system.conf configuration file

It sounds strange, but after configuring #te/dandi/system.conf , youconfigured the card itself.
DAHDI can be used for other purposiise routing and SS7. To use it with Asteriglou must
configurethe Asterisk DAHDI channels. Every channel in Asterisk has to be defBi@dchannels
are defined iip.conf  while TDM channels are defined ithan_dahdi.conf . This creatsthe
logical TDM channels to be used in your dial plan.

signalling=fxs_ks;

group=1; channel group

context=incoming ; context

channel => 1; channel number

signalling=fxo_ks; FXO signaling for FX S interfaces
group=2; channel group

context=extensions; context

channel=> 2 channel number

Configuration options

Several optiongre availablén thechan_dahdi.conf  file. A description of all options would be
boring and counterproductivastead, v will focus onthe main option groups available for easy
understanding.
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General options (channel independent)
These options work for any channel:

context Defines the incoming context.
context=default
channel: Defines channel or channel range. Each nkhdefinition will inherit options defined

before the declaration. Channels can be identified individually or in the sanby boenma
separation. Range® can be defined using 0

Channel=>1 -15
Channel=>16
Channel=>17,18

group: Allows channels to be haledl as a group. If you dial a group number insteaalabfannel
number, the first channel available is used. If channels are phones, when you call algphopes
will ring simultaneously. With commas, you can specify more than one group for the Isanmeic

group=1
group=3,5

language: Turns on the internationalization and configures a language. This feature will configure
system messages for a specific language. English is the only language with complete prompts
availablethroughstandard installatio

musiconhold Selecs music on hold class

Caller ID options
There are manwallerid ~ options. Some can be disablaithough most are enabled by default.
usecallerid: Enables or disables thellerid  transmission for the subsequent channels (Yes/No).

Note: If your system gets two rings before answering, try disabling this feature. It shoulg
answer immediately.

hidecallerid: Defines vihether or not to hide the outgoinglerid  (Yes/No)

callerid: Configures aallerid  string for a specific channelhe caller can be configured with
asreceived . This is nostly used in trunk interfaces to indicate theomingcallerid

callerid = "Flavio Eduardo Gongalves" <48 30258500>
callwaitingcallerid: Supportsallerid  during call waiting.
useincomingcalleridondahditransfer: Usesthe incomingallerid  in a transfer.

Call Waiting

Asterisk supports call waiting in FXS channels. The user will receive a waiting tone if sotmesne
the extension. To enabtall waiting
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callwaiting=yes
To supportallerid  in call waiting:

callwaitingcallerid =yes

Audio quality options
Adjusing the echo cancellation is half technical, half art. These options adjust certain Asterisk

parameters that affect audio quality in ®HDI channelsThey can helpmprove audio quality in
anabg interfaces.

The fxotune utility

Thefxotune is a utility usedto fine-tunecertainparameters for FXO modules. This fitening is
required to adjust impedance mismatch caused by the hybrid. The utility has three operation modes:

1 Detection {i): detecs and fixesthe existing FXO channels and satlge configuration to
fxotune.conf

1 Dump mode{d): generates the waveform filesftotune_dump.vals
9 Startup mode-6): reads the fil&otune.conf ~ andapplies itto the FXO modules

It is important to underand that you will have to insert the instructi@ntune s in the system
load before starting Asterisk
#modprobe dahdi

#modprobe wctdm
#fxotune -s

Echo cancellation

Most echo cancellation algorithms operbyegenerating multiple copies of the receiségnal,in
which each onés delayed by a&pecific amount ofime. The number of taps of the filter determines
the size of the echo delay that needs to be cancélhede delayed copies ahenadjusted and
subtracted from the received signal. The tigcto adjusbnly the delayed signal to remove the echo
without usingtoo many CPU cycles.

Fromthe user8perspectiveit is important to choosan appropriatecho cancellation algorithm. The
default is MG2 however, recently two new possibilitibaaveemerged The commercially licensed
High Performance Echo CancellatitiPECQ from Digium and the opesource echo cancellation
(OSLEQ developed by David Rowe. OSLH@sreceiedsignificantattention lately. Check the
official page for more informatiohttp://www.rowetel.com/ucasterisk/oslec.htfb change the echo
cancellation algorithm, change the parameten _can to /etc/dahdi/system.conf

For example:
echo_can=oslec

The echo cancellation Asterisk is controlled by three parameters in the éil@dsterisk/chan
dahdi.conf
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echocancelDisables or enables echo cancellation. You should keep this feature enabled. It accepts
Afyeso or the number of taps.

Explanation: Howdoesecho cancelingvork?

Most echo canceling algorithms operhyegenerating multiple copies of a received signath each
beingdelayed by a small interval. This little flowdslledait ap 6. The number of
echo delay that can be cancelled. Theséesomre delayed, adjustexhd subtracted from the original
signal. The trick is to adjust the delayed signal exactly to what is necessary to teaaxi.

echocancelwhenbridgedEnables or disables the echo canceller during a pure TDM call. This is
usually not necessary.

rxgain: Adjusts the audio reception gain to either increase or decrease reception valoae (o
100%).

txgain: Adjusts audio transmission gain to either increase or decrease the transmission volume (
100% to 100%).

For exkample:

echocancel=yes
echocancelwhenbridged=yes
txgain= -10%

rxgain=10%

Billing options
These options chandw call information is recorded in the call detail recof@®R) database.

amaflags Configures the AMA flags affectintipe CDRcategorization. It accepthefollowing
values:

9 billing

I documentation
1 omit

9 default

accountcode Configures an account code for a specific channel. It can contain any alphanumeric
valued usuallythedepartment or user name.

accountcode=finance
amaflags=billing

Call progress options

These items are usedaoquireinformation about the progress of the call. In public interfaces, it may
be useful to detect the call progress and determine if it was answered or busy. The busy detection is
highly experimental and regulated $yecificparameters.
busydetect=yes
busycount=4
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busypattern=500,500
callprogress=yes
progzone=br

Theseparametergabové specifywhetherthe interface will try to detect the busy tone, how many
tones will be used for successful detectimmd what is the busy tiarn. The busy detection is largely
experimentgland some additional parameters can be changed imikeée

To detect the answer of a callhich isessential for precise billing, it is possible to use the polarity
reversal to signal the exact answiene. This ismportantif you plan to charge for the call or just
wishto have precise billing for comparison. Usually you have to contact the phone company to
requesthis service.

answeronpolarityswitch=yes

In some countries, it is possible to deétée hangup of the call using polarity reversad well
hanguponpolarityswitch=yes

Options for phones

These options are used for phones connected to the FXS interfaces. All the funiesal@iNered to
analog phones connected directly to the DAHd¢rfaces are controlled by Asterisk.

Adsi (Analog Display Services Interfac8)hisis a set of telecom standards used by some telcos to
offer services such as ticket buying.

cancallforward: Enables or disables call forwarding (*72 to enable and *t8sable).
calleridcallwaiting: Enablescallerid  receivedduring a call waiting indication (Yes/No)

immediate: In immediatemode, instead of providing a dial tone, the channel jumps immediately to
the As0O ext ensi omhidisrused tcreatechetlinessned cont ext .

threewaycalling: Enables or disables threeay conferencing.

mailbox: Warns the user aboatailablevoicemail messages. It can be an audible sign or a visual
indicator {f the telephone supports this feature). The argument is theaxailbmber.

callgroup: Group phones to dial or to picip.
pickupgroup: Group of phones for call pickup.

DAHDI channel format.

DAHDI channels use the following format in the dial plan:
DAHDI/[g]<identifier>[c][r<cadence>]

<identifier> - Physical channe | numeric identifier
[ o Group identifier
[c] & Answer confirmation. A number is not considered until the callee press
0#6
[l © customized ringing
[cadence] Integer from 1 to 4
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For xkample:

DAHDI/2 - channel 2
DAHDI/g1 - First available channel in g roup 1

Quiz

1. Supervision signaling includes:
A. Onhook
B. Off-hook
C. Ringing
D. Dtmf

2. Information signaling includes:
A. Dtmf

Dial tone

Invalid number

Ringback

Congestion

nmoow

Busy
G. Pulse

3. There are two types of analog interfaces available for Astéfis& and FXO Mark the correct
answers.

A. FXS: Foreign Exchange Station can be connected directly to the cot@2B extension
port.

B. FXO: Foreign Exchange Office can be connected to the public switched telephony network.

C. FXS: Foreign Exchange Station providedial tone and can be connected to a standard
analog phone.

4. To configureDAHDI hardwareyou should first edit the file
A. /etc/dahdi/system.conf
B. /etc/asterisk/chan_dahdi.conf
C. /etc/asterisk/unicall.conf
D. serial.conf

5. TheDAHDI hardware is independeat Asterisk. In the chan_dahdi.conf, you configure Asterisk
channelsnot the hardware itself.

A. True
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B. False

6. When using a TDM400 withra____ port is necessary to connect the PC power source to the card
using a specific connector (similar to thveeusedto power the hard disk).

A. FXO
B. FXS
C. E+M
D. ISDN
7. Echo, popsand noise in ®AHDI card are often related to the:
A. Asterisk compilation
B. Cable problems
C. PCI Interrupt conflicts
D. Electromagnetic interference
8. When a card presents problems with echo, what youwo@ (check all that apply)
A. Change tx and rx gains
Change the echo cancellation algorithm (oslec, mg2)
Use hardware echo cancellation
Activate call progress detection

moo

Invert the tip and ring

9. In some cases, when you want a precise billing using anbgnelsit is important to actiate a
feature that allows the precise detection of the moment when the call axtewmed To do thisyou
should activate on Asterisk anthe phone company.

A. Answer reversal
B. Billing reversal
C. Charge reversal
D. Polarity reversal
E. Dial tone generation

10. Caller ID identification on analog lines is country dependent. The most frequently used standard
for North America is:

A. v.23
B. dtmf
C. polarity reversal
D. battery reversal
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Digital channels

Digital channels are ébemely common, so you will need to learn how to implement these channels if
you want to focus on large customers. When the number of channelsdsusgally more thand it

is fairly common to use digital interfaces such as T1/E1/J1. T1 is very comrttenW$, whereas

E1l is common in Europe and J1 in Japan. These types of channels allow for a good density of
circuitsd 24 per T1 channel and 30 for E1 channels. In Latin America, China, and Africa, it is
common to use a type of channel associated signdliA§) known as MFC/R2. This chapter will
examine how to implement MFC/R2 using the library OpenR2. In the US and Europe, Integrated
Services Digital Networks (ISDN) PRI is the most common signaling. The chapter will also discuss
ISDN Basic Rate Interface @), which is very common in Europe in midnge applications. All
examples in the book concentrate on DAHDI channels. Some cards are implemented using
proprietary channels, so please check with your manufacturer for further details on how to configure
your specific card.

Objectives
By the end of this chapter you will be able to:
1 Recognize the main terms used in digital telephony
Differentiate CAS and CCS signaling
Differentiate R2 and ISDN signaling
Configure interfaces with ISDN signaling

= =4 =4 =

Configure interces with R2 signaling

E1/T1 digital lines

Digital lines E1/T1 are an option whenever you need to implement a large number of channels. A
single E1 circuit is capable of 30 simultaneous calls, and you may have features such as direct inward
dial (DID), Caler ID (caller identification), and advanced signaling. The E1/T1 line may arrive at

your company in several ways using twisted pair, fiber, and microwaves, depending on your country.
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How E1/T1s are provisioned

HDSL modem (E1)
Direct connection to the card (T1)

[ ) uTP O

Optical Mux
i i nx T1/E1
TELCO Optical Flber—®
() ()
— é Microwave Link
_ J Radio Mux

nx T1/E1

J

-

Digital lines are delivered to your compansing UTP, fiber, or microwaves. Modems and

multiplexors (MUX) are used to deliver the physical line. The connection to a T1 line is always basec
in an RJ45 connector. However, E1 lines may be provisioned as well using BNC. It is very important
to know he type of connector you are going to receive in advance, mainly in E1 lines. Usually all the

equipment up to the RJ45 is provided by the TELCO.

UTP or BNC ?

How is the voice converted to bits?

The analog signal is sampled 8,000 timesggeond to create a digital version of the analog voice.
This encoding is known as pulse code modulation (PCM). lugend Japan, the signal is encoded

usingmaw (in Asterisk, referred to asaw ). In the rest of the world, the encodingiisw .
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4 3\

PCM — Pulse Code Modulation

%ﬁ%@ o10t0

Analog (Sampling, 8000
Signal Compression/ samples/s
4000 Hz Decompression, Nyquist
Quantization, Theorem 64
Coding) Kbps

Time Division Multiplexing

Analog lines make sense when you need just a few channels. When using time division multiplexing
(TDM), it is possible to stuff multiple channels into a single data connection. When you want a large
number of circuits, the phone coenpy will usually provide you with a digital trunk, which is a data
circuit in which the voice is transported in a digital format using PCM. Each timeslot uses 64 Kbps of
bandwidth to transport a single voice channel.

s B

E1 - 32 Timeslots

2048 Kbps — No Robbed bits

DSO0 #0 frame DSO#16
izati Contains signaling
synchronization formaton

T1 - 24 timeslots
1544 Kbps

Uses 1 bit for frame
synchronization, robbed
bit scheme for signaling

DS0 #24
Used for signaling for
T1-ISDN
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In the US, the most common digitalibk is T1, which has 24 available lines; in Europe and Latin
America, E1 trunks have 30 lines. Some companies provide a fractional T1/E1 with fewer channels.

Robbed bit signaling

Sometimes a T1 trunk uses a robbed bit scheme where one bit is boroowephling. On T1
trunks, the data/voice channel is transmitted with 56 Kbps on each timeslot. As you may observe,
when you use the robbed bit, the T1 circuit does not lose two slots for synchronization and signaling.

T1/El Line code

T1s and Els are agtlly data circuits and have a data coding that determines the way in which the
bits are interpreted. For E1s, the most common line code is HDB3 for layer 1 and CCS for layer 2.
The easiest way to know how your digital trunk is configured is to ask th€ DEebout this
information. You will need this information to configure the fide/dandi/system.conf

T1/E1 Signaling

It is important to understand that T1/E1 lines may be delivered using different kinds of signaling,
such as:

1 T1 with robbed bit signatig

1 T21 with ISDN signaling

1 E1 with MFC/R2 (CAS Channel Associated Signaling)

9 E1 with ISDN signaling

ISDN is often used in Europe and the US. It is a digital voice network, standardized by the
International Telecommunications Union (ITU) in 1984. ISDNvdes two kinds of channels:

9 Bearer channels

o Voice
o Data
9 Data channels

o Out of band signaling
o0 LAPD signaling
o Q.931

Usually, an ISDN line is provided using two physical means:

9 Basic rate interface (BRI)
o Known as 2B+D
o Two bearer (64K) channels and a dat)Lchannel
0 Uses a pair of copper wires with 148Kbps.
1 Primary rate interface (PRI)
0 Delivered using a T1/E1 trunk
0 23B+D for T1s
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0 30B+D for Els

Sometimes, E1 circuits use a CAS signaling scheme called MFC/R2, which was defined by the ITU
as a standard knovas Q.421/Q441. This is frequently found in Latin America and Asia. Several
telephony companies in these countries use customized variants of MFC/R2. Hence, you will need to
know the correct country variation in order to make it work.

ISDN BRI

Channels uag ISDN BRI signalling are very popular in Europe. Most ISDN BRI cards for Asterisk
supports an S/T interface with NT and TE capabilities. The TE (terminal) connection is the one used
to connect to the TELCO or to other PBXs configured as network teionn@T). The NT is used

to connect phones and PBXs configured as TE. ISDN BRI provides two data/voice channels and one
signalling channel. ISDN BRI cards are available from several vendors of interface cards for Asterisk.

Choosing atelephony card for your Asterisk server

There are several manufacturers for digital cards compatible with Asterisk. The choice of a card
depends on some of the following factors:

Data bus

There are several types of bus on your PC. It is very important that you have tlamitar your
server. The following overview outlines the most frequently used cards:

1 32 Bits PCI 5V found in most computers, including desktops
o Digium TE405, TE407, TE205, TE207, TE120, TE122, B410, TDM2400,
TDM800, TDM410, and TC400
0 Sangoma Al101, A102nd A104
1 32/64 bits PCI 3.3V, basically found in servers
o Digium TE410, TE412, TE210, TE212, TE120, TE122, B410, TDM2400,
TDM800, TDM410, and TC400
1 PCI Express found on desktops and servers
o Digium TE420, TE220, TE121, AEX2400, and AEX800
0 Sangoma Al101, A10and A104
1 MiniPCI found on embedded systems

0 OpenVOX A100M(FXO), B1I0OOM(ISDN BRI), B200M(ISDN BRI), and
B40OM(ISDN BRI)
1 USB 2.0 found in most modern PCs. Solutions based on USB allow a great density of
analog and digital channels. This bus supports 480 Mimseach voice channel
occupies 64 Kbps. When using USB hubs, it is possible to get densities up to a thousand
analog ports in a single port.
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0 Xorcom Astribank (FXS, FXO, EISDN, EXR2)

1 Ethernd. The biggest advantage of Ethernet is to allow the card tonnected by more
than one server. High availability solutions are usually the core application for these
devices. The strength of this solution is the use of servers without free PCI slots or blade
servers.

0 Redfone FoneBridge (up to four E1 circuits)

Using hardware echo cancellation

Hardware echo cancellation reduces the load in the host CPU. For cards with more than a single E1
interface, hardware echo cancellation can help alleviate your processor. New enhanced software ec
cancellers such as theSDEC are reducing the need for a hardware echo canceller. To choose
between hardware and software echo cancellers, you should consider the amount of processing pov
available in your server and the number of E1 circuits. An echo cancellation processengyta

nine MIPS (millions of instructions per second) per voice channel with 128 taps of amplitude using
OSLEC(Reference: Xorcom Ltd.)f you consider 1 CPU cycle per each instruction (which is not
always correct based on the processor and softwanlenmentation itself), we are speaking of 1.080

Ghz for four Els.

Type of signaling

Selecting the type of signaling (e.g., T1 CAS, T1 PRI, E1 CAS R2, or E1 CAS ISDN) is not an easy
task. It really depends on what you have available in your area andtairigka Common Channel
Signaling (CCS) is often better than channel associated signaling (CAS). However, it is often not
available. In the US, you can usually choose, as most TELCOS offer T1 CAS for regular users and T
PRI for advanced users (e.g., aahters). In Latin America, E1 CAS R2 is prevalent, but ISDN PRI

is available in some cities.
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N

DAHDI Architecture

Asterisktm

Asterisk chan_dahdi
Libpri LibopenR2 Libss7

/dev/dahdi

dahdi kernel driver

Interface kernel driver

N

/

Implementing R2 is necessary for installing a library known as OpeniR {ibopenr2.org,

developed by Moises Silva, and to patch Asterisk before the instaflati@imple procedure shown

later in this chapter. The library has passed several tests and is in production in several of our
customers. ISDN is, in my opinion, always the best chdfieeailable. Some providers can have

access to signaling system 7 (SS7), which is a CCS signaling available between phone companies.
Proprietary and open source solutions are available for SS7. Library libss7 is used to support SS7 on

Asterisk.

Zaptel and DAHDI

Recentl vy,

because of a dispute

over the tradem

drivers. In this version of the book, we use the new DAHDI drivers because the old ZAPTEL drivers
will no longer be maintained. The file UPGRADE.txt retsource code details the differences.

Asterisk telephony channels setup

Configuring a telephony interface card involves several necessary steps. In this chapter, we will show
three of the most common scenarios:

9 Digital connection using ISDN PRI
1 Digital connection using ISDN BRI
9 Digital connection using MFC/R2

There are two ways to configure DAHDI channels. The first one is to configure it manually with full
control of all parameters. The second way is to use the utility_genconf  to detect and coigure

the cards.
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Automatic detection and configuration

Thanks to the DAHDI development team, we now have automatic detection and configuration of the
cards.
Step 1:To generate the configuration automatically, use the utilityi_genconf,  which will
detect the card and generate the files/dahdi/system.conf anddahdi - channels.conf
dahdi_genconf
Step 2:In the last line of the filehan_dahdi.conf , include the filedahdi - channels.conf
#include dahdi_channels.conf

Step 3:Comment on all the unused moes in the filenodules or simply use:
dahdi_genconf modules

Manual configuration

Another option is to configure the interfaces manually. Below are some examples of the configuratiol
for DAHDI channels.

Example #1717 Two T1/ E1 channels using ISDN
Requirel steps:

TE205P or TE210P installation

/etc/dahdi/system.conf file configuration

dahdi driver loading

dahdi_test utility

dahdi_cfg utility

chan_dahdi.conf file configuration

Asterisk load and testing

Step 1 TE205P installation

Before installing TRO5P, it is important to understand the differences between the TE205P and
TE210P cards. The TE210P card uses-hibus powered by 3.3 volts found almost only in the
serverds mot herboards. Be careful irlwarg ou s pe
supports a 64bit, 3.3V bus. The TE205P card uses a 5V PCI, which is often found in desktop
computers.
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( N

TE205P Card

am—

E1/T1/J1 Selector

Photos by Karla Braga

.

|\

We have chosen the TE205P interface card with two spans for this example because it is easier to
reduce it to onapan card or to expand it tioe fourspan card.

Step 2:/etc/dahdi/system.conf configuration file

The configuration of TDM digital cards is a bit different from the configuration of their analog
counterparts. First, we will need to configure the board spans and then the clpeaetsare

numbered sequentially depending on the recognizing order of the cards. In other words, if you have
more than one interface card, it is hard to know what span belongs to each one.

Usedahdi_hardware  to check which hardware is installed on eacdnsp

Example #1 (2xT1 PRI)

span=1,1,0,esf,b8zs
span=2,0,0,esf,b8zs
bchan=1 - 23
dchan=24
bchan=25 - 47
dchan=48
defaultzone=us
loadzone=us

Example #2 (2xE1 PRI)

span=1,1,0,ccs,hdb3,crc4 # not always necessary, consult Telco.
span=2,0,0,ccs,hdb3,crc4

bchan =1- 15,17 -31

dchan=16

bchan=33 - 47,49 -63

dchan=48

defaultzone=br
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loadzone=br

Example #3 (4xBRI)

loadzone=de
defaultzone=de
span=1,1,0,ccs,ami
bchan=1,2
hardhdlc=3
span=2,0,0,ccs,ami
bchan=4,5
hardhdlc=6
span=3,0,0.ccs.ami
bchan=7,8
hardhdlc=9
span=4,0,0,cc s,ami
bchan=10,11
hardhdlc=12

Step 3: Loading kernel drivers

Check which driver you need to install usiigdi_hardware
dahdi_hardware

pci:0000:04:02.0 wcte2xxp €159:0001 Digium Wildcard TE205P T1/E1 Board
To load use:

modprobe dahdi
modprobe wct  2xxp

Step 4:Usingdahdi_test , check the missing interrupts

You may verify the number of interrupt misses usingdtingi test  utility compiled with the
DAHDI cards. A number below 99.987% indicates possible problems. You willifind test in
Jusr/sbin

#./dahdi_test
Opened pseudo zap interface, measuring accuracy...

99.987793% 100.000000% 100.000000% 100.000000% 100.000000% 100.000000%
100.000000%

100.000000% 100.000000% 100.000000% 100.000000% 100.000000% 100.000000%
100.000000% 100.000000%

100.00000 0% 100.000000% 100.000000% 100.000000% 99.987793% 100.000000%
100.000000% 100.000000%

100.000000% 100.000000% 100.000000%
---  Results after 26 passes
Best: 100.000000 - Worst: 99.987793 -- Average: 99.999061

Step 5:Using thedahdi_cfg  utility
This is the correct output farahdi_cfg  for one fractional E1 (15 ports) span and two FXO ports.
#./dahdi_cfg dvwwv

Dahdi configuration
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SPAN 1: CCS/HDB3 Build - out: 0 db (CSU)/0 - 133 feet (DSX - 1)
Channel map:
Channel 01: Clear channel (De fault) (Slaves: 01)

Channel 02: Clear channel (Default) (Slaves: 02)
Channel 03: Clear channel (Default) (Slaves: 03)
Channel 04: Clear channel (Default) (Slaves: 04)
Channel 05: Clear channel (Default) (Slaves: 05)
Channel 06: Clear channel (Default) (Sla ves: 06)
Channel 07: Clear channel (Default) (Slaves: 07)
Channel 08: Clear channel (Default) (Slaves: 08)
Channel 09: Clear channel (Default) (Slaves: 09)
Channel 10: Clear channel (Default) (Slaves: 10)
Channel 11: Clear channel (Default) (Slaves: 11)
Channel 12: Clear channel (Default) (Slaves: 12)
Channel 13: Clear channel (Default) (Slaves: 13)
Channel 14: Clear channel (Default) (Slaves: 14)
Channel 15: Clear channel (Default) (Slaves: 15)
Channel 16: D - channel (Default) (Slaves: 16)
16 channels confi gured.

Step 6:Configuration of DAHDI into the filgetc/asterisk/chan_dahdi.conf

Example #1 (2xT1)

callerid=6John Do<€lfld4 555) 555
switchtype=national

signalling =pri_cpe

context=from - pstn

group=1

channel=>1 -23

group =2

channel =>25 -47
Example #32xE1)

callerid=6Fl avio Eduardod6 <4830258580>
switchtype=euroisdn

signalling = pri_cpe

group =1

channel=>1 -15;17 -31

group =2

channel =>32 -46;48 -62

Example #3 (4xBRI)

signaling=bri_cpe
switchtype=euroisdn

group=1
context=from - pstn
channel=>1,2,4,5,7,8 , 10,11
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Usesignaling=bri_cpe_ptmp for point to multipoint BRI. Currently, BRI point|to
multipoint is not supported in NT mode.

Loading the kernel drivers

After configuring the drivers, you may simply restart the server. If you have installed DAHDI with
mekeconfig , Yyou wonobét need to do anything extra.
and configured. However, sometimes it is useful to load and unload the drivers manually.
Example:

modprobe wctllxp
dahdi_cfg  dvwvwwv

The first command loads tlikiver and the secondandi_cfg,  applies the configuration to the
kernel driver.

Troubleshooting
Someti mes things dondét work the first ti me.

Step 1:Check if the card is being recognized by the openatiystem. Digium cards are usually
recognized as the ISDN modem.

Ispci &v

00:00.0 Host bridge: Intel Corporation E7230/3000/3010 Memory Controller Hub

00:01.0 PCI bridge: Intel Corporation E7230/3000/3010 PCI Express Root Port

00:1c.0 PCI bridge: Intel C orporation 82801G (ICH7 Family) PCI Express Port 1 (rev 01)

00:1c.4 PCI bridge: Intel Corporation 82801GR/GH/GHM (ICH7 Family) PCI Express Port 5 (rev

01)

00:1c.5 PCI bridge: Intel Corporation 82801GR/GH/GHM (ICH7 Family) PCI Express Port 6 (rev

01)

00:1d. 0 USB Controller: Intel Corporation 82801G (ICH7 Family) USB UHCI Controller #1 (rev

01)

00:1d.1 USB Controller: Intel Corporation 82801G (ICH7 Family) USB UHCI Controller #2 (rev

01)

00:1d.2 USB Controller: Intel Corporation 82801G (ICH7 Family) USB UHCI Controller #3 (rev
01)

00:1d.7 USB Controller: Intel Corporation 82801G (ICH7 Family) USB2 EHCI Controller (rev 01)

00:1e.0 PCI bridge: Intel Corporation 82801 PCI Bridge (rev el)

00:1f.0 ISA bridge: Intel Corporation 82801GB/GR (ICH7 Family) LPC Interface Bridge (rev 01)
00:1f.1 IDE interface: Intel Corporation 82801G (ICH7 Family) IDE Controller (rev 01)

00:1f.2 IDE interface: Intel Corporation 82801GB/GR/GH (ICH7 Family) SATA IDE Controller (rev

01)

00:1f.3 SMBus: Intel Corporation 82801G (ICH7 Family) S MBus Controller (rev 01)

01:00.0 PCI bridge: Intel Corporation 6702PXH PCI Express - to - PCI Bridge A (rev 09)

01:00.1 PIC: Intel Corporation 6700/6702PXH I/OXAPIC Interrupt Controller A (rev 09)

02:08.0 SCsiI storage controller: LS| Logic / Symbios Logic SAS1 068 PCI - X Fusion - MPT SAS (rev
01)

03:00.0 PCI bridge: Intel Corporation 6702PXH PCI Express - to - PCI Bridge A (rev 09)

04:02.0 Network controller: Tiger Jet Network Inc. Tiger3XX Modem/ISDN interface

05:00.0 Ethernet controller: Broadcom Corporation NetXtrem e BCM5721 Gig. Eth.PCI Express (rev
11)

07:00.0 Ethernet controller: Realtek Semiconductor Co., Ltd. RTL - 8139/8139C/8139C+ (rev 10)

-97 -



| Chapter 5 - Digital channels |

07:05.0 VGA compatible controller: ATl Technologies Inc ES1000 (rev 02) |

Step 2:Check if the kernel driver is loading cortigcusing:

modprobe wctllxp
dmesg

TE110P: Setting up global serial parameters for E1 FALC V1.2
TE110P: Successfully initialized serial bus for card

TE110P: Span configured for CAS/HDB3

Calling startup (flags is 4099)

Found a Wildcard: Digium Wildcard TE1 10P T1/E1
TE110P: Span configured for CCS/HDB3/CRC4

Calling startup (flags is 4099)
dahdi: Registered tone zone 0 (United States / North America)
wctelxxp: Setting yellow alarm

Step 3:Verify the status of alarms related to the physical layer of the cbhanec

To verify the physical layer of the E1 connection, you may use the following console command.
dahdi show status

The alarms indicate problems with the port:

Red Alarm: Cannot maintain synchronization with the remote switch. This is usually a ghysica
problem, such as line code or framing mismatch.

Yellow alarm: Signals that the remote switch is in the red alarm. This indicates that the remote
switch is not receiving your transmissions.

Blue Alarm: Receives all unframed 1s on all timeslatgjdi_to ol currently does not detect a blue
alarm.

Loopback: The port is either in local or remote loopback

vtsvoffice*CLI> dahdi show status

Description Alarms IRQ bpviol CRC4

Digium Wildcard EL00P E1/PRA Card 0 OK 0 0 0
Wildcard X100P Board 1 OK 0 0 0

Wildcard X100P Board 2 RED 0 0 0

Step 4:To detect problems with DAHDI on the Asteris&rver, first check if the channels are being
recognized using:

CLI dahdi show channels
pabxip01*CLI> dahdi show channels
Chan Extension Context Language MOH Interpret
pseudo default default
1 from - pstn default
2 from - pstn default
3 from - pstn default
4 from - pstn default
5 from - pstn default
6 from - pstn default
7 from - pstn default
8 from - pstn default
9 from - pstn default
10 from - pstn default
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11 from - pstn default
12 from - pstn default
13 from - pstn default
14 from - pstn default
15 from - pstn default
17 from - pstn default
18 from - pstn default
19 from - pstn default
20 from - pstn default
21 from - pstn default
22 from - pstn default
23 from - pstn default
24 from - pstn default
25 from - pstn default
26 from - pstn default
27 from - pstn default
28 from - pstn default
29 from - pstn default
302171 from - pstn default
312171 from - pstn default

Step 5:Check the status of the ISDN layer 3, also known as q.931.
You can check if the ISDN layer 3 is up using:
pri show span:

vtsvoffice*CLI> pri show span 1
Primary D - channel: 16

Statu s: Provisioned, Up, Active
Switchtype: EurolSDN

Type: CPE

Window Length: 0/7

Sentrej: 0

SolicitFbit: 0

Retrans: 0

Busy: 0

Overlap Dial: 0

T200 Timer: 1000

T203 Timer: 10000

T305 Timer: 30000

T308 Timer: 4000

T313 Timer: 4000

N200 Counter: 3

Check a specifi channel.
dahdi show channel x

vtsvoffice*CLI> dahdi show channel 1
Channel: 1*CLI>

File Descriptor: 21
Span: 1

Extension:

Dialing: no

Context: entrada
Caller ID: 4832341689
Calling TON: 33
Caller ID name:
Destroy: 0

InAlarm: 0
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Signalling Type: PRI Si
Radio: 0

Owner: <None>

Real: <None>

Callwait: <None>
Threeway: <None>
Confno: -1
Propagated Conference:
Real in conference: 0
DSP: no

Relax DTMF: no
Dialing/CallwaitCAS: 0/0
Default law: alaw

gnalling

-1

debug pri span x If after everything you still haveroblems, start debugging the pri span. This

command enables a detailed debugging of ISDN calls. It is an important command when you think
that something is not correct. You can detect digits being misdialed and other problems. Below we
present the examplof a debugging output for a successful call. Refer to this example if you need to

compare an unsuccessful call to one without problems. One tip is using@feose=0  to

receive just the ISDN g.931 messages.

Making new call for cr 32833

> Protoc ol Discriminator: Q.931 (8) len=57

> Call Ref: len= 2 (reference 65/0x41) (Originator)

> Message type: SETUP (5)

>[04 03 80 90 a3]

> Bearer Capability (Ien 5) [ Ext: 1 Q.931 Std: 0 Info transfer capability: Speech (0)
> t: 1 Trans mode/rate: 64kbps, circuit

> Ext. 1 User information layer 1: A

> [18 03 a9 83 81]

> Channel ID (len=5) [ Ext: 1 IntID: Implicit, PRI Spare: 0, Exclusive Dchan: 0

> Chans el: Reserved

> Ext: 1 Coding: 0 Number Specified Channel Type: 3

> Ext: 1 Channel: 1]

>[28 Oe 46 6¢ 61 76 69 6f 20 45 64 75 61 72 64 6f]

> Display (len=14) @h@>[ Flavio Eduardo ]

> [6c Oc 21 80 34 3833 3 03235383539 30]

> Calling Number (len=14) [ Ext: 0 TON: National Number (2) NPI: ISDN/Telephony Numbering
Plan (E.164/E.163) (1)

> Presentation: Presentation permitted, user number not screened

(0) '4830258590' ]

>[7009a 13332323438353830]

> Called Number (len=11) [ Ext: 1 TON: National Number (2) NPI: ISDN/Telephony Numbering
Plan (E.164/E.163) (1) '32248580' ]

> [al]fice*CLI>

> Sending Complete (len= 1)

< Protocol Discriminator: Q.931 (8) len=10

< Call Ref: le n= 2 (reference 65/0x41) (Terminator)

< Message type: CALL PROCEEDING (2)

<[18 03 a9 83 81]

< Channel ID (len=5) [ Ext: 1 IntID: Implicit, PRI Spare: 0, Exclusive Dchan: 0

< ChanSel: Reserved

< Ext: 1 Coding

< Ext: 1 Channel: 1]

Processing IE 24 (cs0, Channel Identification)

< Protocol Discriminator: Q.931 (8) len=9

< Call Ref: len= 2 (reference 65/0x41) (Terminator)
< Message type: ALERTING Q)

<[1e 02 84 88]

- mode (16)
- Law (35)

:0 Number Specified Channel Type: 3
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< Progress Indicator (len=4) [ Ext: 1 Coding: CCITT (ITU) standard (0) 0: 0 Location:
Public network serving the remote user (4)

< Ext: 1 Progress Description: Inband information or

appropriate pattern now available. (8) ]

- Processing IE 30 (cs0, Progress Indicator)

< Protocol Discriminator: Q.931 (8) len=64

< Call Ref: len= 2 (reference 5720/0x1658) (Originator)

< Message type: SETUP (5)

< [04 03 80 90 a3]

< Bearer Capability (len=5) [ Ext: 1 Q.93 1 Std: 0 Info transfer capability: Speech (0)

< Ext: 1 Trans mode/rate: 64kbps, circuit - mode (16)
< Ext: 1 User information layer 1: A - Law (35)

<[18 03 al 83 82]

< Channel ID (len=5) [ Ext: 1 IntID: Implicit, PRI Spare: 0, Preferred Dchan: 0

< ChanSel: Reserved

< Ext: 1 Coding: 0 Number Specified Channel Type: 3

< Ext: 1 Channel: 2]

<[1c 1591 al 12 02 01 bc 02 01 0f 30 0a 02 01 01 0a 01 00 al 02 82 00]

< Facility (len=23, codeset=0) [ 0x91, Oxal, 0x12, 0x02, 0x01, Oxbc, 0x02, 0x01, OxOf, '0',
0x0a, 0x02, 0x01, 0x01, Ox0a, 0x01, 0x00, Oxal, 0x02, 0x82, 0x00 ]
<[1e 02 82 83]

< Progress Indicator (len=4) [ Ext: 1 Coding: CCITT (ITU) standard (0) 0: 0 Location:
Public network serving the local user (2)
< Ext: 1 Progress Description: Calling equipment is non

©)

< [6c Oc 21 83 34 38 33 32 32 34 38 35 38 30]

< Calling Number (len=14) [ Ext: 0 TON: National Number (2) NPI: ISDN/Telephony Numbering
Plan (E.164/E.163) (1)
< Presentation: Presentation allowed of network provided number (3)

'4832248580' ]

< [70 05 c1 38 35 38 30]

< Called Number (len=7) [ Ext: 1 TON: Subscriber Number (4) NPI: ISDN/Telephony Numbering
Plan (E.164/E.163) (1) '8580' ]

<[al]

< Sending Complete (len=1)

--Making new call for cr 5720

--  Processing Q.931 Call Setup

--  Processing IE 4 (cs0, Bearer Capability)

--  Processing IE 24 (cs 0, Channel Identification)

--  Processing IE 28 (cs0, Facility)

Handle Q.932 ROSE Invoke component

--  Processing IE 30 (cs0, Progress Indicator)

--  Processing IE 108 (cs0, Calling Party Number)

--  Processing IE 112 (csO, Called Party Number)

-- Processingl  E 161 (cs0, Sending Complete)

> Protocol Discriminator: Q.931 (8) len=10

> Call Ref: len= 2 (reference 5720/0x1658) (Terminator)

> Message type: CALL PROCEEDING (2)

> [18 03 a9 83 82]

> Channel ID (len=5) [ Ext: 1 IntID: Implicit, PRI Spare: 0, Exclusiv e Dchan: 0
> ChanSel: Reserved

> Ext: 1 Coding: 0 Number Specified Channel Type: 3

> Ext: 1 Channel: 2]

> Protocol Discriminator: Q.931 (8) len=14

> Call Ref: len= 2 (reference 5720 /0x1658) (Terminator)

> Message type: CONNECT (7)
>[18 03 a9 83 82]
> Channel ID (len=5) [ Ext: 1 IntID: Implicit, PRI Spare: 0, Exclusive Dchan: 0

> ChanSel: Reserved
> Ext: 1 Coding: 0 Number Specified Channel Type: 3
> Ext: 1 Channel: 2]

- ISDN.
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>[1e 02 81 82]

> Progress Indicator (len=4) [ Ext: 1 Coding: CCITT (ITU) standard (0) 0: 0 Location:

Private network serving the local user (1)

> Ext: 1 Progr ess Description: Called equipment is non - ISDN.
@]

< Protocol Discriminator: Q.931 (8) len=5

< Call Ref: len= 2 (reference 5720/0x1658) (Originator)

< Message type: CONNECT ACKNOWLEDGE (15)

< Protocol Discriminator: Q.931 (8) len=9

< Call Ref: len=2 ( reference 65/0x41) (Terminator)

< Message type: PROGRESS (3)

<[1e 02 84 82]

< Progress Indicator (len=4) [ Ext: 1 Coding: CCITT (ITU) standard (0) 0: 0 Location:
Public network serving the remote user (4)

< Ext: 1 Progre ss Description: Called equipment is non - ISDN.
@]

- Processing IE 30 (cs0, Progress Indicator)

< Protocol Discriminator: Q.931 (8) len=5

< Call Ref: len= 2 (reference 65/0x41) (Terminator)

< Message type: CONNECT (7)

> Protocol Discriminator: Q.931 (8) len=5

> Call Ref: len= 2 (reference 65/0x41) (Originator)

> Message type: CONNECT ACKNOWLEDGE (15)

NEW_HANGUP DEBUG: Calling q931_hangup, ourstate Active, peerstate Connect Request
> Protocol Discriminator: Q.931 (8) len=9

> Call Ref: len= 2 (reference 65/0x41) (Originator)

> Message type: DISCONNECT (69)

> [08 02 81 90]

> Cause (len=4) [ Ext: 1 Coding: CCITT (ITU) standard (0) 0: 0 Location: Private network
serving the local user (1)

> Ext: 1 Cause: Unknown (16), class = Normal Eve nt (1) ]
< Protocol Discriminator: Q.931 (8) len=5

< Call Ref: len= 2 (reference 65/0x41) (Terminator)

< Message type: RELEASE (77)

NEW_HANGUP DEBUG: Calling q931_hangup, ourstate Null, peerstate Release Request
> Protocol Discriminator: Q.931 (8) len=9

> Call Ref: len= 2 (reference 65/0x41) (Originator)

> Message type: RELEASE COMPLETE (90)

> [08 02 81 90]

> Cause (len=4) [ Ext: 1 Coding: CCITT (ITU) standard (0) 0: 0 Location: Private network
serving the local user (1)

> Ext: 1 Cau se: Unknown (16), class = Normal Event (1) ]
NEW_HANGUP DEBUG: Calling q931_hangup, ourstate Null, peerstate Null
NEW_HANGUP DEBUG: Destroying the call, ourstate Null, peerstate Null

< Protocol Discriminator: Q.931 (8) len=9

< Call Ref: len= 2 (reference 5720/0x1658) (Originator)

< Message type: DISCONNECT (69)

< [08 02 82 90]

< Cause (len=4) [ Ext: 1 Coding: CCITT (ITU) standard (0) 0: 0 Location: Public network
serving the local user (2)

< Ext: 1 Cause: Unknown (16), class = Normal Event (1) ]
--  Processing IE 8 (cs0, Cause)

NEW_HANGUP DEBUG: Calling q931_hangup, ourstate Disconnect Indication, peerstate Disconnect
Request

> Protocol Discriminator: Q.931 (8) len=9

> Call Ref: len= 2 (reference 5720/0x1658) (Terminator)

> Message typ e: RELEASE (77)

> [08 02 81 90]

> Cause (len=4) [ Ext: 1 Coding: CCITT (ITU) standard (0) 0: 0 Location: Private network
serving the local user (1)
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> Ext: 1 Cause: Unknown (16), class = Normal Event (1) ]

< Protocol Discriminator: Q.9 31(8) len=5

< Call Ref: len= 2 (reference 5720/0x1658) (Originator)

< Message type: RELEASE COMPLETE (90)

NEW_HANGUP DEBUG: Calling q931_hangup, ourstate Null, peerstate Null
NEW_HANGUP DEBUG: Destroying the call, ourstate Null, peerstate Null

Configuration options in chan_dahdi.conf

Several options are available in the fiten_dahdi.conf . A description of all options would be
boring and counterproductive. Here, we will detail the main option groups available to provide a
better understanding.

General options (channel independent)
context Defines the incoming context.
context=default
channel: Defines channel or channel range. Each channel definition will inherit options defined

before the declaration. Channels can be identified individually or isatime line with comma
separation. Range®.can be defined using 0

Channel=>1 -15
Channel=>16
Channel=>17,18

group: Allows channels to be treated as a group. If you dial a group number instead of a channel
number, the first channel available is used. If cledare phones, when you call a group, all phones
will ring simultaneously. Using commas, you can specify more than one group for the same channel.

group=1
group=3,5

language:Turns on the internationalization and configures a language. This featucenfijure
system messages for a specific language. English is the only language with complete prompts
available from the standard installation.

musiconhold Select music on hold class.

ISDN options

switchtype: Is dependent on the PBX or switch used. imdpe and Latin America, EurolSDN is
common.

5ess: Lucent 5ESS
euroisdn: EurolSDN
national: National ISDN
dms100: Nortel DMS100
4ess: AT&T 4ESS

=A =4 =4 -4 =
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1 Qsig: Q.SIG
switchtype = EurolSDN

pridialplan: Required for some switches that need a dial plan specificatiis option is ignored by
many switches. The valid options are private, national, international, and unknown.

pridialplan = unknown

prilocaldialplan: Necessary for some switches, usually unknown.
prilocaldialplan = unknown

overlapdial: Overlap dialing is sed when you pass digits after the connection is established. You
can use block mode numberingdrlapdial=no ) or digit mode §verlapdial=yes ). Block mode is
often used by operators.

signaling: Configures the signaling type for teabsequenthannelsThese parameters should
correspond to those in thiean_dahdi.conf  file. Correct choices are based on the available channel.
For ISDN you might choose five options:

1 pri_cpe: Used when the device is a CPE, sometimes referred to as client, user, orligve. T
is the simplest and most used form of signaling. Sometimes, when you try to connect to a
private PBX, the PBX has commonly been configured as a CPE as well. In this case, use
pri_net  signaling in Asterisk.

1 pri_net: Used when Asterisk is connected topdavate PBX configured as a CPE. The

signaling is often referred to as host, master, or network.

bri_cpe: Used when Asterisk is connected as a CPE to a ISDN BRI trunk

bri_net: Used when Asterisk is connected to an ISDN phone or PBX configured as a

termiral (TE).

9 bri_cpe_ptmp: Sames as bri_cpe, but in a paiotmultipoint architecture.

)l
)l

CallerID options
Many Caller ID options are available. Some can be disabled, although most are enabled by default.

usecallerid: Enables or disables the Caller ID tratission for the subsequent channels (Yes/No).

Note: If your system requires two rings before answering, try disabling this feature so that it
will answer immediately.

hidecallerid: Hides the Caller ID (Yes/No).
calleridcallwaiting: Enables receiving CalléD during a call waiting indication (Yes/No).

callerid: Configures a Caller ID string for a specific channel. The caller can be configured with
fasreceivedo in trunk interfaces to pass the

callerid = "Flavio Eduardo Gongalves" <48 302 58500>
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Note: Most TELCOs mandate that you configure your correct caller ID. If you do not pass the
right caller I D, you shouldnoét be able|to d
be able to receive calls even without configuring the caller |

Audio quality options
These options adjust certain Asterisk parameters that affect audio quality in DAHDI channels.

echocancelDisable or enable echo cancellation. You should keep this feature enabled. It accepts
Afyeso or the number of taps.

Explanaion: How does echo canceling work?

Most echo canceling algorithms operhyegenerating multiple copies of a received signal, with each
being delayed by a small interval. This [|itt]
echo delay that cebe cancelled. These copies are delayed, adjusted, and subtracted from the origine
signal. The trick is to adjust the delayed signal exactly to what is necessary to remove the echo.

echocancelwhenbridgedEnables or disables the echo canceller duripgra TDM call. This is
usually not required.

rxgain: Adjusts the audio reception gain to either increase or decrease reception valoae (o
100%).

txgain: Adjusts audio transmission gain to either increase or decrease the transmission volume (
100% b 100%).

Example:

echocancel=yes
echocancelwhenbridged=yes
txgain= -10%

rxgain=10%

Billing options
These options change the way in which call information is recorded in the call detail records (CDR)
database.

amaflags Affects the categorization of CDR.dccepts these values:

1 billing

9 documentation
1 omit

9 default

accountcode It configures an account code for a specific channel. It can contain any alphanumeric
value, usuallyhedepartment or user name.

accountcode=finance
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