
Abstract- This document will guide you in setting up a zero to low cost voice over internet protocol (VoIP) solution for a small to medium sized organization using all freeware and/or opensource software components.
I. INTRODUCTION


One of the latest buzzwords around the IT water cooler today is that of VoIP.  The advantages that VoIP can bring to an organization over a standard telephone system are immense.  Current VoIP PBX (Private Branch Exchange) software such as Asterisk (http://www.asterisk.org) provides all the features found in traditional PBX systems while adding many more.  One of the greatest advantages of implementing a VoIP PBX over a standard phone system is the ability to take advantage of any current data network and eliminate the need to run separate cabling for voice communication.  In addition, Asterisk allows you to connect employees working from home to the office PBX over broadband connections, connect offices in various states over VoIP through Internet or a private IP network. It also provides all employees with voicemail that is integrated with the Web and their E-mail, build interactive voice applications that connect to your ordering system or other in-house applications, and grant access to the company PBX for business travelers connecting over VPN from airports, hotels or WLAN hotspots.


The best part of all of this is that you can implement it for literally near zero cost using a combination of freeware and opensource software.  In the following sections I will walk you through everything from installation to final configuration and placing calls using your new Asterisk PBX in your organization. 

II. INSTALLATION


Asterisk was originally designed to run under the GNU Linux operating system.  However, due to the exceptional work of many members of the FreeBSD community Asterisk is now fully functional under this fine opensource operating system, my platform of choice.  Currently (February 2005) the latest release branch of the FreeBSD operating system is 5.3-RELEASE which is what we will be installing on our soon to be Asterisk PBX.  


When choosing a machine to function as your VoIP PBX, keep in mind that it does not need to be particularly robust.  In most cases you can use one of the many commodity machines most organizations have laying around in the backroom that have been deemed too antiquated for other purposes.  There are documented cases of Asterisk supporting dozens of simultaneous SIP (session initiating protocol) sessions on early Pentium II machines with 128MB RAM.  In short, finding a machine to use as your Asterisk PBX should not be a great challenge or expense for most organizations.


Installing FreeBSD is a fairly straightforward process; simply download the image from any of the public ftp mirrors, burn it to a CD, and use it to boot the machine you will be using as your PBX.  For more detailed instructions please consult the installation section of the FreeBSD online handbook (http://www.freebsd.org/handbook/install.html).  


Next, we need to make sure the software in the ports collection is up-to-date.  To do this, we are going to install CVSup and update the ports tree.  Once again, detailed instructions may be found in the FreeBSD handbook (http://www.freebsd.org/handbook/cvsup.html).  Now it is time to actually install our Asterisk software (version 1.0.3 as of February 2005) from the FreeBSD ports tree.  To do this, simply change to ‘/usr/ports/net/asterisk’ directory and type ‘make all install clean’ this will download the latest Asterisk sources, configure, compile and install them for you.  This may take anywhere from minutes to an hour or more depending on the speed of the machine you have chosen to act as your PBX.  Client installation is very straightforward assuming that you already have multiple Windows 2000/XP machines on your network.  Simply download the latest X-Lite installation package from the Xten website (http://www.xten.com) and follow the instructions provided after launching the downloaded executable.  

III. CONFIGURATION


Now it is time to configure your new Asterisk PBX and X-Lite clients.  Once the Asterisk installation is complete you will notice it has installed configuration files in the ‘/usr/local/etc/asterisk’ directory.  These configuration files are all very well commented and even come configured with several examples to help you in getting your PBX up and running as quickly as possible.  The main files that we are going to focus on here are ‘sip.conf’ and ‘extensions.conf’.  The first file ‘sip.conf’ is where we are going to configure all of our devices that will be using the SIP protocol.  Scrolling through the file you will see there is already a very nice example configuration for X-Lite softset phones, the same phones we will be using here.  For a basic configuration all one needs to do is uncomment these lines and simply cut and paste this block for any additional X-Lite clients you want to support.  Minor modifications however are required.  More advanced configuration is beyond the scope of this document, but may be obtained from the Asterisk website (http://www.asterisk.org).  Secondly, take a look at the ‘extensions.conf’ file.  In this file you will assign extensions to all of your client phones.  In addition, all extensions and macros for voicemail and other advanced features are all assigned here.  It is even possible to assign dial patterns to external trunks and IAXs (inter asterisk exchange) if you want to interface with another Asterisk PBX accessible from the internet or your local intranet.  This is often used as a method to gain PSTN connectivity without having to configure this yourself.  Once again, client configuration is very simple.  From the X-Lite client you can enter a setup menu where all the options available are presented to you.  The most important options are the SIP Proxy and DNS server settings.  In the most basic configuration these would both be the IP of your Asterisk PBX.


Advanced features of the Asterisk PBX such as voicemail through email and other features require that you setup additional third party services.  Most organizations however already have their own mail and DNS servers which are already configured.  In this case, simply model your extensions plan against your existing email address database and your phone naming scheme against your existing DNS information for the client machines.  More information may be obtained from the Xten website at http://www.xten.com.

IV. CONCLUSION


The Asterisk PBX in conjunction with softset phones from Xten provides an extremely functional VoIP system on a very marginal budget.  Such a system is an ideal solution for any small to medium sized organization looking to consolidate their internal phone and data networks. In addition to replacing traditional telephony equipment, it also offers many advanced features to the end-user only found in very high end hardware based telephony systems.
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