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fficially, Asterisk is an Open Source hybrid TDM and
packet voice PBX and IVR platform with ACD
functionality.  Unofficially, Asterisk is quite possibly the

most powerful, flexible, and extensible piece of integrated
telecommunications software available.  Its name comes from the
asterisk symbol, *, which in UNIX (including Linux) and DOS
environments represents a wildcard, matching any filename.
Similarly, Asterisk the PBX is designed to interface any piece of
telephony hardware or software with any telephony application,
seamlessly and consistently.

O

Traditionally, telephony products are designed to meet a specific
technical need in a network.  However, many applications of using
telephony share a great deal of technology.  Asterisk takes advantage
of this synergy to create a single environment that can be molded to
fit any particular application, or collection of applications, as the user
sees fit.

Asterisk can, among other things, be used in any of these
applications:

Heterogeneous Voice over IP gateway (MGCP, SIP, IAX, H.323)
Private Branch eXchange (PBX)
Custom Interactive Voice Response (IVR)  server
Softswitch
Conferencing server
Number translation
Calling card application
Predictive dialer
Call queuing with remote agents
Remote offices for existing PBX
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Perhaps more importantly, it can fill all of those roles simultaneously
and seamlessly between interfaces.

I4JLK7M�NPORQTSRUVS�UTW�X YVO[ZD\]S^Y>_

Released versions of Asterisk can be freely downloaded from
ftp://ftp.asterisk.org via anonymous FTP.  The preferred method of
accessing Asterisk for most installations is via  the anonymous
repository located at cvs.digium.com, with the CVSROOT of
:pserver:anoncvs@cvs.digium.com.  For more information, see
Downloading and Installing.

I4J�`ba;SRcTZDU;YTSRUTW

Asterisk is generally distributed under the terms of the GNU General
Public License, or GPL.  This license permits you to freely distribute
Asterisk in source and binary forms, with or without modifications,
provided that when it is distributed to anyone at all, it is distributed
with source code (including any changes you make) and without any
further restrictions on their ability to use or distribute the code.  For
more information, refer to the GNU General Public License, included
as an appendix.  

The GPL does not extend to the hardware or software that Asterisk
talks to.  For example, if you are using a SIP soft phone as a client for
Asterisk, it is not a requirement that that program also be distributed
under GPL.  Additionally, AGI applications, which are simply
launched by Asterisk and communicate 

For those applications in which the GNU GPL is not appropriate
(because of some sort of proprietary linkage, for example), Digium is
the solely capable of licensing Asterisk outside of the terms of the
GPL at their discression.  For more information on licensing Asterisk
outside of GPL, contact sales@digium.com.  
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Asterisk is designed to allow new interfaces and technologies to be
added easily.  Its lofty goal is to support every kind of telephony
technology possible.  The latest hardware and protocol compatibility
list can be found at http://www.digium.com or
http://www.asterisk.org.  In general, interfaces are divided into three
categories, Zaptel hardware, non-Zaptel hardware, and packet voice:

�����������l�����5�>���P���z���k������� �����5�;�@�5�k ��>�

These interfaces provide integration with traditional and legacy
digital and analog telephone interfaces (including connection to the
public phone network itself).  In addition, Zaptel compatible
interfaces support Pseudo-TDM switching between them, to keep
latency nearly nonexistent on strictly TDM calls, conferences, etc.
Zaptel interfaces are available from Digium (http://www.digium.com)
for a variety of  network interfaces including PSTN, POTS, T1, E1,
PRI, PRA, E&M, Wink, and Feature Group D interfaces among
others.  Among the hardware available at the time of writing:

T100P -  Single span T1 or PRI connection (mixed data/voice
permitted)
E100P – Single span E1 or PRA connection (mixed data/voice
permitted)
T400P – Quad span T1 or PRI connection (mixed data/voice
permitted)
E400P – Quad span E1 or PRA connection (mixed data/voice
permitted)
X100P – Single analog PSTN connection
S100U – Single analog POTS connection (USB)
S400P – Single to Quad analog POTS connection (PCI)

Note that for technical reasons, you must have at least one Zaptel
interface (of any kind) installed in your Asterisk system if you wish
to use conferencing.
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These interfaces provide connectivity to the traditional and legacy
telephone services, but do not support Pseudo-TDM switching. These
include:

ISDN4Linux – Basic Rate ISDN interface for Linux
OSS/Alsa – Sound card interfaces
Linux Telephony Interface (LTI) – Quicknet Internet
Phonejack/Linejack
Dialogic hardware1 – Full-duplex Intel/Dialogic hardware

¡�¢�£�¢@¾À¿/¯D¼ÂÁÃ³�±TÄ�¨�ºÅ¼�³�°k¶5¨�±�¨k¼Æ¨>´�½

These are standard protocols for communication over packet (IP and
Frame Relay) networks and are the only interfaces that do not require
specialized hardware of some kind.

Session Initiation Protocol (SIP)
Inter-Asterisk eXchange (IAX) versions 1 and 2
Media Gateway Control Protocol (MGCP)
ITU H.3232

Voice over Frame Relay (VOFR)

Ç4È5ÉbÊ�Ë;ÌPÍ�ÎEÏRÐxÑxÍ{ÏRÌTÒ

Although Asterisk is primarily the work of Digium, its main
corporate sponsor, like many Open Source projects, Asterisk grows
thanks greatly to contributions, both big and small, from countless
individuals.  Contributing to Asterisk can be done in many ways:

1 Dialogic hardware is not supported by standard Asterisk but is available as a
pay-for add-on for customers with Intel/Dialogic hardware.

2 At the time of writing, H.323 support is freely available as an add-on for
Asterisk from third parties
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If you are a developer, you can contribute to the Asterisk codebase
through bug fixes, feature enhancements, and new applications and
channel drivers.  Contributions are typically made as patches against
current CVS, and should be submitted in “unified diff” format, which
you can generate by executing:

# cvs diff -u > mypatch.diff

The resulting file (mypatch.diff in the above example) should then be
e-mailed to the author (markster@digium.com).  Before any patches
can be merged with standard Asterisk, the author of the patch is must
submit a copyright disclaimer which gives Digium (Asterisk's
copyright holder) unlimited rights to use the patch.  Two versions of
the disclaimer are included at the end of this document.  Either
version may be used (whichever the patch author is more comfortable
with).  After being filled out and signed, the document should be
faxed (and preferably mailed) to Digium.  Contact information is
available at http://www.digium.com.  

Ó�Ô@ÕTÔ¥æ§ç©ØTè�âGéêÚzÜ²Ý[ë¬ÝãàÅØzÜìÖ*ØzÜ²ÝßÞ[à�ákâ�ÝãàÅØzÜ4å

Even if you are not a developer, you can contribute to Asterisk in an
extremely important way by converting your experience in getting to
use Asterisk into a document which can accelerate someone else's
entry into the software.   Documents can include entries for The
Asterisk Handbook (commonly referred to as simply “the book”),
application notes for using Asterisk in a specific environment or for a
specific use (known as “App Notes”), or in documenting Asterisk's
programming API.
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One important way to contribute is by assisting in programming
discussions, and providing technical support for other Asterisk users
on the Asterisk IRC channel, or on the Asterisk mailing list.  The
Asterisk IRC channel is called (not surprisingly) “#asterisk” and is
available on irc.freenode.net.  More information on the Asterisk
mailing list is available at http://lists.  digium  .com  .  

í�î@ïTî���
��������zõ^óãö�ÿ��êñ*òÃó5ô;õ[ö�ò¬÷�
����zÿ4ò��zõ[ò

Shameless plug as it may be, when you purchase hardware, support or
development from Digium, Asterisk's primary corporate sponsor, you
directly benefit the advancement of Asterisk.

í�î@ïTî@ïêû��;õ{ô���ô��4ô�������ôzõ�� ö�ò�ý�� ö�ò&ó%ò

Several independent core Asterisk developers have “wishlists” at
companies such as Amazon, ThinkGeek, and others.  Sponsoring
their wishlists is one way to encourage them to continue their
contributions and participation in Asterisk development.
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the dialplan, using the Application Launcher for ringing phones,
connecting to voicemail, dialing out outbound trunks, etc.  The core
also provides a standard Scheduler and I/O Manager that applications
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and drivers can take
advantage of.  Asterisk's
Codec Translator
permits channels which

One question that is often heard is “How small of a PBX can you
build with Asterisk?”.  Well, you can make a PBX as small as one
port of PSTN and one port of analog or IP phone.  Yes, it is true that
you can make a PBX with just one port, but it isn't very useful unless
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you just enjoy leaving yourself voicemail or talking to an
autoattendant.  In the above diagram an analog phone could be
connected directly to PC running Asterisk, and in turn either to an IP
phone over ethernet, or to an analog phone over an S100U USB to

your friends jealous.
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