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

 
 

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

  

 
Want to just have a quick play with asterisk? Try the Asterisk Live! CD which I've put together. Add 

a USB key or USB CF card reader and you can reload your configs automatically at boot.. 
NEW: CF card version What about a PXE boot version? 

 
You can also take a look at the extended guide (work in progress) after you've done your install  
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Introduction 
  

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

What is Asterisk? 
  
Asterisk PBX, from now on just called Asterisk, is Linux based, Open Source and free PBX 
software. Or to quote from the Asterisk website http://www.asterisk.org (with corrected spelling ;) ) 
  
Asterisk is a complete PBX in software. It runs on Linux and provides all of the features you would 
expect from a PBX and more. Asterisk does voice over IP in three protocols, and can interoperate 
with almost all standards-based telephony equipment using comparatively inexpensive hardware. 
  
Asterisk provides Voicemail services with Directory, Call Conferencing, Interactive Voice 
Response, Call Queuing. It has support for three-way calling, caller ID services, ADSI, SIP and 
H.323 (as both client and gateway). Check the Features section for a more complete list. 
  
Asterisk needs no additional hardware for Voice over IP.  For interconnection with digital and 
analog telephony equipment, Asterisk supports a number of hardware devices, most notably all of 
the hardware manufactured by Asterisk's sponsors, Digium. Digium has single and quad span T1 and 
E1 interfaces for interconnection to PRI lines and channel banks.  In addition, an analog FXO card is 
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available, and more analog interfaces are in the works. 
  
Also supported are the Internet Line Jack and Internet Phone Jack products from Quicknet. 
  
Asterisk supports a wide range of TDM protocols for the handling and transmission of voice over 
traditional telephony interfaces. Asterisk supports US and European standard signaling types used in 
standard business phone systems, allowing it to bridge between next generation voice-data integrated 
networks and existing infrastructure. Asterisk not only supports traditional phone equipment, it 
enhances them with additional capabilities. 
  
Using the IAX Voice over IP protocol, Asterisk merges voice and data traffic seamlessly across 
disparate networks. While using Packet Voice, it is possible to send data such as URL information 
and images in-line with voice traffic, allowing advanced integration of information. 
  
Asterisk provides a central switching core, with four APIs for modular loading of telephony 
applications, hardware interfaces, file format handling, and codecs. It allows for transparent 
switching between all supported interfaces, allowing it to tie together a diverse mixture of telephony 
systems into a single switching network. 
  
Asterisk is primarily developed on GNU/Linux for x/86. It is known to compile and run on 
GNU/Linux for PPC. Other platforms and standards based UNIX-like operating systems should be 
reasonably easy to port for anyone with the time and requisite skill to do so. Asterisk is available in 
the testing and unstable debian archives, maintained thanks to Mark Purcell. 
  
  

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

Document Conventions 
  
Just to clear up any confusion that may occur here are the conventions used in this guide. 
  
Text that appears in grey boxes like this contain the text that should be typed in, or output depending 
on the context; however you should omit the leading # character as this simply represents the shell 
prompt. 
  

  

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

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

Installing Linux 
  
The first step is to insert CD 1 of your freshly burned ISO images into the target machine’s CDROM 
drive and boot. At this stage I’m going to make an assumption that you are either installing Asterisk 
on a new machine or overwriting the disks of whatever was there before. If you want to dual boot 
into Asterisk, please look elsewhere for initial configurations. You might want to consult your 
physician too. I make no apologies that this section is going to treat you like a moron; this is 
intentional. Since we want to be sure that you have no problems running Asterisk we need to make 
sure that your installation matches the one I used to build and run it.  
  
The first thing you will need to do on your target machine is ensure that you can boot directly from 
CD. Most modern (if not all) will allow this, it is usually just a setting in your BIOS. If you don’t 
feel comfortable with messing in the BIOS the simplest test you can do to check and see if booting 
from CD is enabled is, funnily enough, to put CD 1 into the drive and reboot the machine. If the 
machine starts to boot and eventually shows a screen like the one on the following page, then you are 
ok. If you are happy fiddling with the BIOS then just enable booting from CD and make it the first 
device to attempt to boot from. 
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In either case you should have something like this appear on your screen: 
  

 
  
At this point all you need to do is press ENTER. After a short while, you will be presented with the 
following introductory screen: 
  

 
  
Click the NEXT button 
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Select the language you want to use during the installation. Since I used the default on English, all 
the following screens will also be in English. Then Click NEXT. 
  

 
  
Select the keyboard layout for your particular PC. Most keyboards in the English speaking world 
tend to be U.S. English but check yours.  
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Since we are not going to be installing a windowing system on this machine, in all honesty we don’t 
care about the mouse. Click NEXT. 
  

 
Since we are going to build a custom installation select CUSTOM and click NEXT. 
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This bit might seem a little scary, there’s nothing to worry about, since we have already established 
that we are NOT going to dual boot and there is nothing that we want to keep on the disks in this 
machine. You did check that right?! Click NEXT. 
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If you get the previous screen, don’t worry too much just click YES. You many note that the 
message box refers to ‘hda’ not ‘sda’, don’t worry about this either, it’s just the type of disks you are 
using. If you have IDE disks then this would say ‘hda’. 
  

 
  
Depending on the state of this machine and the disks before you started this install you can either 
select ‘Remove all Linux Partitions on this System’ or ‘Remove all Partitions on this system’ 
  
If the disks have been previously used for another Operating system then select the ‘Remove all 
partitions on this system’ option. If your disks are brand new and have not been used before then 
either of the first two options is fine.  
  
The box below these options will list the hard drives available on your system, leave the selections 
alone.  
  
Click the NEXT button. If you chose to remove all partitions on the system you will see the message 
box on the following page. Again the disk name /dev/sda may and most likely would be /dev/hda…  
  
Click YES… 
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You should see the following screen showing how the disks will be laid out, click the NEXT button. 
  

 
Click NEXT 
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Now comes the hard part. If you know nothing about your network then we are going to be a little 
stuck. This is the part that is specific to your installation. I am not going to attempt to explain how 
networks function, if you have one they you should at least understand the terms in the next couple 
of paragraphs. 
  
As shown on the screenshot on the previous page, the default for a Red Hat installation is to use 
DHCP. If you are using a DHCP server on your network then you can click NEXT. If you are not 
then you will need to click the ‘edit’ button, then deselect DHCP and enter an IP address and subnet 
mask for this machine. As a side note most home run networks tend to use the address range 
192.168.0.x and a subnet mask of 255.255.255.0 – The x being replaced with the individual IP 
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address of a particular machine. You can establish this by looking at one of your other machine’s, 
and its configuration settings.  Again, generally, the Gateway and DNS are usually going to be 
something like 192.168.0.1 for both. This is however VERY SPECIFIC to your network. You much 
make the setting match your existing network. 
  
If you are using DHCP then for the hostname you can let DHCP handle it. If not then select 
‘manually’ and type a name for this host. 
  

 
  
Again, for a non-DHCP environment fill in the Gateway and Primary DNS fields. Do NOT use the 
settings in the above screenshot unless they match your network. Once you have done this click 
NEXT 
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Select ‘no firewall’ and click NEXT. 
  

 
  
Click NEXT. If you want to use additional languages, select the ones you want first. 
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Select your location or at least the nearest place to you that is listed and click NEXT. 
  

 
  
Enter a password for the ‘root’ user. If you were unaware, the root user is like the administrator 
account on a Windows machine, the big boss account.. Use TAB or the mouse to move between the 
fields. Once you’ve done that (and remembered the password!) click NEXT. 
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Click NEXT 
  

 
Now we have to select the applications that we want to install.  The only things you need to select 
are: 
  

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

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

 
  
Select ‘Flat View’ and ensure that the following ADDITIONAL items are selected: 
  

l OpenSSL-Devel  
l Readline41  
l Ncurses4  
l Ncurses C++ Devel  
l SOX  

  
Now click NEXT 
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Ok, this is it, we are about to do the install, Click NEXT 
  

 
The first ting you’ll see is the disks being formatted and partitioned, once complete the various 
packages will be installed. You will be prompted to insert disks, change the CD, and then click OK.  
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You don’t really need to create a boot disk. Select no and click NEXT. 
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Do NOT remove the CD, the install will eject it for you, Click EXIT and your machine will reboot. 
Once complete you will be presented with something like: 
  

 
  
You may now dance around the room a little; you have completed the Linux install part of 
Asterisk… 
  
Get a coffee, tea, cola or drink of your choice and bask in this glorious moment. Then read the next 
section on installing Asterisk. 
  

Additional Installs 
  

You may also need (depending on your desire to have music on hold) mpg123 which can be found at 
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http://www.mpg123.de/mpg123/mpg123-0.59r.tar.gz 
  
From your Linux box you can also type 
  

  
Extract it and compile 
  

  
Once compiled make sure there is a copy in  
  
/usr/bin/mpg123 
  
  
Note that the copy of mpg123 that comes with Red Hat 8 is of no use to you, it will not work with 
Asterisk. 
  

Obtaining Asterisk PBX  
  
You can run Asterisk without any of Digium's hardware but unless you have some sort of PSTN 
gateway/card you’ll only be making network calls.  
  
From the Asterisk website download page: 
  
The best way to obtain Asterisk is to check out a fresh copy from the CVS Server.  
To check out code from our CVS repository: 
 

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

  
  
note if you do not have any Digium hardware and you want to use music on hold etc you may find 

  
# cd /usr/src 
# wget http://www.mpg123.de/mpg123/mpg123-0.59r.tar.gz 
  

  
# tar -zxvf mpg123-0.59r.tar.gz 
# cd  mpg123-0.59r 
# make linux 
# make install 
  

  
# cd /usr/src 
# export CVSROOT=:pserver:anoncvs@cvs.digium.com:/usr/cvsroot 
# cvs login            - the password is anoncvs. 
# cvs checkout zaptel libpri asterisk    
  

  
# cd zaptel 
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that you need to modify the Makefile in this directory. Near the end of line 82, change # ztdummy to 
ztdummy  
(i.e. remove the #) then continue 
  

  
  
Remember to do a  
  

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

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

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

Adding Digium Cards 
  
  
Digium sell a number of cards for use with Asterisk, these range from single FXO in the guise of the 
X100P through to fully fledged quad E/T1 cards. If you are setting up Asterisk at home then an 
X100P (or two if you have 2 lines) should be enough for your needs. You might also want to get an 
FXS card so that you can get standard analog phones working with Asterisk. 
  
My own configuration at home consists of a single X100P and a dual port TDM20B card – 
TDM400P is the generic name for the card, specific names exist for the number of ports on the card 
i.e.: 
  
TDMx0B where x is either 1, 2, 3 or 4 – denoting the number of ports. 
  

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

  
# make samples  
  

  
# asterisk –vvvvc 
  

  
STOP NOW 
  

Voice Over IP Phone Calls 
Unlimited Calling $19.95/mo. 
Clear Connection. First month 
Free! 

Ip Pbx 
Deploy open, standards-based 
business communication system. 

New - Eicon for Voice 
Diva Server Voice Boards & Soft-
IP 4/8/BRI/E1/IP with Royalty 
Free SDK 

VoIP Phones, WiFi, 802.11
VoIP Phones -Wireless, WiFi, 
802.11 Plantronics -
888.431.5575 

Ads by Goooooogle
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There are a couple of things to note about the X100P. Although the card should work in your country 
things like caller id detection may not. In the USA you should have no problems at all, but in 
Europe/rest of the world you should consider searching the archives for information. 
  
  
At the time of writing the following countries appear to have either full or rudimentary support for 
caller id: 
  
  
USA                                                    Full 
UK                                                      Not on BT, *SOME* cable companies may work. 
FR/DE                                                 Just being implemented (patched) 
RO                                                       Yes (patched) 
  
Those that don’t work include: 
  
NL/DK (although some preliminary work has been done on these locations and hopefully they will 
be supported soon) 
  
If anyone has any other locations that are known to work/not work please let me know. If you are not 
going to be adding cards to your system you may want to skip this section to get started, although it 
is recommended that you read the entire document for completeness. 
  
In the machine I use for Asterisk; a Dell Optiplex GX115 I have disabled the soundcard since I do 
not need it. You may wish to keep it enabled but bear this in mind if you get IRQ conflicts. 
  

  

X100P Installation 
  
I hope I can make the assumption that you are capable of adding a new card to your system, if not 
get someone who knows what they are doing to help out. Oh and please wear a wrist strap. 
  
The X100P card is what we call an FXO (Foreign Exchange Office) card. Unless you know about 
telecoms then that probably didn’t mean much. What it means to you and me is that you can plug a 
cable into the phone socket on your wall and into the back of the X100P; this is your incoming line 
from your telecoms provider (KPN/BT/Bell etc). 
  
You may have noticed that there are 2 sockets on the back of the X100P; one marked as the line 
interface and the other as a phone interface. Plug in an appropriate cable between the wall socket and 
the line interface on the card. If you have a spare phone then plug this into the phone interface on the 
card too. It is always good to have a phone plugged into this interface because in the event of asterisk 
failing, or a power cut the card actually still allows access to the PSTN line. Obviously if you decide 
to use a phone that is not powered from the phone line, if you have a power cut, it will not work. 
  
  

TDM400P Installation 
  
The TDM400P card is an FXS (Foreign Exchange Station) card; it’s what you plug standard analog 
phones into to use them with asterisk.  
  
For those using phones from the UK you may need an adaptor that provides a ring capacitor to 
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actually get the phone to physically ring. I have both a BT Easicom 1000 and a Panasonic KXTCD-
777 (this is a DECT base station and 2 handsets sold in one box). The Panasonic phones do not 
require the adaptor with ring capacitor but the BT Easicom does.  
  
If you are using phones from the USA (aside from any power requirements they may have) you 
should just be able to plug them in. 
  

Configuration 
  
Once the cards have been physically plugged into your Asterisk machine, power it up again. Once 
you’ve logged in you’ll need to configure the cards. It’s worth pointing out that you do not have to 
have one of each card type but this section will make the assumption that you have got one of each 
so that we can cover a much fuller configuration. 
  
  
The first thing you’ll need to do is modprobe for the cards, basically this makes your linux system 
‘poke’ the card via its driver 
  

  
  
The order in which you do the modprobe’s IS important. If you modprobe the FXO (modprobe 
wcfxo) card first then it will be channel 1, if you modprobe the FXS (modprobe wcfxs) card first 
then its first port will be channel 1, the second channel 2 and so on…  
  
Now you need to tell asterisk which ports are for what… edit /etc/zaptel.conf 
  

  
Note to exit vi hit the escape key then type : wq to write the file and quit. If you want to quit without 
saving use q! instead of wq 
  
My zaptel.conf consists of the following 
  

  
  
  
The loadzone and defaultzone are fairly obvious and are simply your ISO country code – Not all 
country codes are available, but to be honest I was running with ‘us’ for a couple of months here in 
Holland with no issues.. 
  
The first 3 lines are very important so pay attention.  
  

  
modprobe zaptel 
modprobe wcfxo 
modprobe wcfxs 
  

  
# vi /etc/zaptel.conf 
  

  
fxsks=1 
fxoks=2 
fxoks=3 
loadzone=nl 
defaultzone=nl 
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Just to confuse you more FXO ports use FXS signaling and FXS ports use FXO signaling. So from 
the above configuration you can see that port 1 (fxsks=1) is actually an FXO card (X100P) and ports 
2 and 3 are on the FXS card (TDM20B). Note that you do not have to have the cards in this order, 
but they must match the order you modprobed them. Since I have a single port FXO card and a 2 
port FXS (with the ability to add 2 more ports) it makes sense to put the FXO card as the first, 
otherwise I’d have to change my configuration files a bit when (if) I added more FXS ports. 
  
Save your file and then edit /etc/asterisk/zapata.conf 
  

  
This is where you set the configuration for each of the channels on the cards (you can think of the 
channels as lines if you like). It’s important to note that the configuration in zapata.conf is what I 
would call ‘backwards’ – i.e. you set the features for a channel, then  
you assign the channel to them. There is actually a very good reason for this. We are only dealing 
with a couple of channels so it’s not a big deal, but imagine if you were dealing with 128, 256 or 
more… Doing it ‘backwards’ allows you to set the configuration for all the channels and assign them 
all at once (making slight modifications if required) 
  
When you edit the file you may see things like 
  

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

  
gives you a call waiting tone if you are on the phone and someone else rings. Many of these features 
need to be supported by your local telco (Bell/BT/KPN..etc) 
  
At the bottom of this section are example zaptel and zapata config files that should work 
immediately if your configuration MATCHES mine – i.e. you have 1 X100P and 1 TDM20B. 
  
Some of the options available in this configuration file are as follows: 
  
More than likely you will want to turn on echo cancellation 
  

  

  
# vi /etc/asterisk/zapata.conf 
  

  
[channels] 
  
relaxdtmf=yes 
callwaiting=yes 
callwaitingcallerid=yes 
threewaycalling=yes 
transfer=yes 
cancallforward=yes 
usecallerid=yes 
  

  
callwaiting=yes 
  

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

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

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

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

  
The immediate feature is what I like to call theBatphone option. If this is set to yes, when you pick 
up the line it will automatically dial the ‘s’ extension for the context this line is in. Think back to the 
TV show Batman, when Commissioner Gordon was in his office and needed to talk to Batman, he 
simply picked up the receiver on the red Batphone and it rang in the Batcave. So you see, even super 
heroes can use asterisk! 
  
In this instance it’s of no real use to us, as we are defining the PSTN line.. 
  

  
The context is the place in extensions.conf  that calls on this line will jump to. It’s a good idea to 
identify the 2 types of card in using this. Setting the FXO care to jump to the Bell context when a 
call comes in… 
  

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

  
rxgain=0.0 
txgain=0.0 
  

  
Dial(ZAP/g1/1234567890,60) 
  

  
group=1 
  

  
pickupgroup=1-4 
  

  
immediate=no 
  

  
context=bell 
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If we have callerid we can pass it on to asterisk’s extension logic 
  

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

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

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

  
signalling=fxs_ks 
  

  
callerid=asreceived 
  

  
channel=1 
  

  
context=home 
group=2 
signalling=fxo_ks 
mailbox=2468                   ; you will need to create this mailbox! 
callerid="Phone 1" <2468> 
channel=2 
  
  
signalling=fxo_ks 
mailbox=3579                   ; you will need to create this mailbox! 
callerid="Phone 2" <3579> 
channel=3 
  

  
/etc/zaptel.conf 
  
fxsks=1 
fxoks=2 
fxoks=3 
loadzone=nl 
defaultzone=nl 
  
  
/etc/asterisk/zapata.conf 
  
[channels] 
  
busydetect=1 
busycount=7 
  
relaxdtmf=yes 
callwaiting=yes 
callwaitingcallerid=yes 
threewaycalling=yes 
transfer=yes 
cancallforward=yes 
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You will need to restart asterisk completely if you make changes to these files at a later date. At this 
point we can also run ztcfg with –vv ( v v not w) 
  
  

  
The next stage is to modify our extensions.conf to configure the numbers for the cards… 
  
[coming soon…] 
  

Rush Hour III – I need something quick 

  
usecallerid=yes 
  
echocancel=yes 
echocancelwhenbridged=yes 
  
rxgain=0.0 
txgain=0.0 
  
group=1 
pickupgroup=1-4 
  
immediate=no 
  
context=bell 
  
signalling=fxs_ks 
callerid=asreceived 
channel=1 
  
context=home 
  
group=2 
signalling=fxo_ks 
mailbox=2468 
callerid="Phone 1" <2468> 
channel=2 
  
signalling=fxo_ks 
mailbox=3579 
callerid="Phone 2" <3579> 
channel=3 
  
  

  
[root@ASTERISK asterisk]# ztcfg -vv 
  
Zaptel Configuration 
====================== 
  
  
Channel map: 
  
Channel 01: FXS Kewlstart (Default) (Slaves: 01) 
Channel 02: FXO Kewlstart (Default) (Slaves: 02) 
Channel 03: FXO Kewlstart (Default) (Slaves: 03) 
  
3 channels configured. 
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Setting up SIP 
The configuration files for Asterisk are stored in /etc/asterisk so go there: 
  

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

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

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

  
  
A couple of things to note here, obviously the sip address "me@mysipproxy.com" is one that 
someone would normally call you on. The /1000 at the end of the 'register =>' line is actually the 
extension that asterisk will use for this address, ie when someone calls me@mysipproxy.com 
extension 1000 will ring. 
  
If you re registering with FreeworldDialup then you will need to add your password to the register 
line too: e.g. 
  

  
  

  
# cd /etc/asterisk 
  

  
# vi sip.conf 
  

  
[general] 
port = 5060 ; Port to bind to 
bindaddr = 0.0.0.0 ; Address to bind to 
context = sip ;default Default for incoming calls 
  

  
register => me@mysipproxy.com/1000 
  

  
register => 21103:mypassword@fwd.pulver.com/1000 
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You now need a section to define the proxy information: 
  

  
  
That part is fairly straight forward using these guidelines: 
  
[section name]  - the section name is the bit after the @ in your 'register =>' line 
  
type =                - this is a peer. 
  
host=                - the ip address of the ASTERISK server. 
  
fromuser           - username used for registration 
  
secret               - password for this account if required, if no password is required comment it out 
using a ; in front 
  
fromdomain     - the domain that the username is from. 
  
  
  
For FreeworldDialup use 
  

  
  
We now need to define a couple of phones. I use Snom 100's, but you may just want to use sjphone 
(http://www.sjlabs.com) or something like that.  
  
  

  
[mysipproxy.com] 
type=peer 
host=192.168.72.2 
fromuser=andy 
secret=mypassword 
fromdomain=mysipproxy.com 
  

  
[fwd.pulver.com] 
type=friend 
secret=mypassword 
username=my fwd number 
host=fwd.pulver.com 
  

  
[phone1] 
type=friend 
host=dynamic 
defaultip=192.168.1.4 
;username=blah 
;secret=blah 
dtmfmode=rfc2833 ; Choices are inband, rfc2833, or info 
mailbox=1000 ; Mailbox for message waiting indicator 
context=sip 
callerid="Me" <2124> 
  
[phone2] 
type=friend 
;secret=blah 
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Since the configuration for both phones will be similar I'll only deal with 'phone1'.  First of all the 
[phone1] is important, it's what you will use in your extensions file to identify this physical phone 
when issuing Dial commands. (e.g. Dial(SIP/phone1,20,tr) - we'll get to this later).  
  
The type= is going to be a friend in this instance, peer is used when Asterisk is contacting a proxy, 
user is used for phones that can only make calls, and friend acts as both a peer and a user.  
  
Set your host=dynamic and the IP address in the defaultip= entry too. If your host has an entry in 
your DNS then you just enter the machines name in the host= field. Unless you have a good reason 
to leaving it as dynamic and using the IP given to the phone (fixed or DHCP allocated) is perfectly 
ok.  

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

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

mailbox= is the voicemail mailbox that is checked for messages, this information is then passed to 
the phone, on a Snom 100 phone it results in an envelope icon. Usually you'll have more than one 
mailbox, one for each user or extension. 
  
context= is extremely important you should, in the first instance make this the same for all your sip 
clients. If a phone is not in a a valid context you will not be able to use it. I've used 'sip' you can use 
whatever you like, but make sure they are the same, you will need to make an entry in your 
extensions.conf file (which we will get to later) 
  
callerid= is pretty self explanatory, however, note that the callerid must be in the format above, ie 
"text" <number> it's the whole line that's the callerid, not just the bit in quotes. Essentially the name 
goes in the quotes and the number between the < and >. 
  
Once you've set up these phones you'll need to add some information in your extensions.conf file: 
 
  

  
  
  
You'll see there is a lot of information here, for the moment ignore this. Go to the bottom of the file 
and add [sip] and press return. This needs to be the same as the context= section for your phones 
defined in sip.conf surrounded by square brackets. If I had set the context= to wibble 

host=dynamic 
defaultip=192.168.1.3 
dtmfmode=rfc2833 ; Choices are inband, rfc2833, or info 
mailbox=1000 ; Mailbox for message waiting indicator 
context=sip 
callerid="Mini Me" <2123> 
  
  

  
# vi extensions.conf 
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(context=wibble) then this section would be called [wibble]. 
  
  
Next we'll add a couple of extensions for the phones defined in sip.conf 
  

  
  
  
Add the above lines in the [sip] section. The format of the exten lines is fairly simple: 
  

  
  
  
Since an extension may have a number of commands there may be multiple entries for an exten. 
We'll do some more complex stuff later but for the moment save this file.  
  

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

  
If you get the error 
  

  
  
then asterisk is already running and you should use the command 
  
  

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

  
  

  
exten => 1,1,Dial(SIP/phone1,20,tr) 
exten => 2,1,Dial(SIP/phone2,20,tr) 
exten => 1000,1,Dial(SIP/phone1&SIP/phone2,20,tr) 
  

  
exten => extension number, command priority, command 
  

Asterisk® Ready PCI Cards 
Sangoma AFT-series T1/E1 PCI 
with Linux/FreeBSD/Windows 
drivers 

Migrate to an IP PBX 
Next Generation IP PBX's can help 
reduce call costs 

Avaya IP Office 
Specialists in IP Office Telephony 
and Systems Integration. 

IP-Enabled PBX IP
Full function PBX system with 
VoIP & various network services. 

Ads by Goooooogle

  
# asterisk 
  

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

  
# asterisk –r 
  

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

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

  
  
  
You will need to configure your phones to connect to the asterisk machine. This varies from device 
to device here is an example for Snom  phones: 
  
  
Under Home > Settings > SIP > Lines  
  
  
Add the Name as phone1, the Account as phone1 and the Registrar as the IP of your asterisk pbx and 
click save. Do the same for your second phone, replacing 'phone1' with 'phone2'.You should now 
have 2 phones registered to asterisk (it may take a few seconds to actually happen). If you like you 
can check by typing: 
  

  
  
from the asterisk console, this should result is a display a little like the one below 
  

  
  
  
Go to 'phone1' and dial '2', phone2 should start ringing. If not double check everything. If it does, 
hang up and then go to phone2 and dial '1'. phone1 should start ringing. When someone calls the 
address in your sip.conf (eg  me@mysipproxy.com) both phones should ring. Of course all this is 
wonderful if you only want to talk internally, but how can you talk to other people over the internet? 
If you've registered with a proxy for example FreeworldDialup add an entry like this: 
  

  
  
Next add 
  

  
reload 
  

  
# asterisk –vvvvvvvgrc 
  

  
sip show peers 
  

  
Name/username Host        Mask               Port Status 
phone1/phone1 192.168.1.4 (D) 255.255.255.255 5060 Unmonitored 
phone2/phone2 192.168.1.3 (D) 255.255.255.255 5060 Unmonitored 
  

  
[fwd] 
exten => _8.,1,Dial,SIP/${EXTEN-1}@fwd.pulver.com,tr 
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in the [sip] section of your extensions.conf. This will allow you to dial 8 then the users 
FreeworldDialup number e.g. 8100001 would dial FWD's voicemail. On hard phones, this is much 
easier than having to type a full sip address. Got some friends you call often over the internet? just 
set up an exten line for them: 
  
  

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

Voicemail - Please leave a message after the tone... 
  
Ok, so you've got the basics going, and it's great - if you happen to sit by you phone all the time. 
What happens if you are out/away from your desk/sleeping you'll miss those vital calls. We need to 
set up voicemail to capture all those messages if we miss them.  
  
The first thing we need to do is create the mailbox for Asterisk to use, thankfully there is a little 
utility to do this:  
  

  
You'll be prompted for a mailbox number,  
  

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

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

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

include => fwd 
  

  
exten => 4002,1,Dial,SIP/keith@his-sip-address.com 
  

  
#  /usr/src/asterisk/addmailbox 
  

  
Enter mailbox number: 
  

  
/var/spool/asterisk/vm/  
  

  
/var/spool/asterisk/vm/9999/ 
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The first of the files we are interested in is voicemail.conf, edit the file 
  

  
  
The section we are interested in is  [default]. If, which is likely, you have the sample configs 
installed then you will see a number of entries in this file. You can comment them out if you like by 
placing a semi-colon ';' in front of the line. 
  

  
  
Add the line 
  

  
  
The format of the file is pretty simple: 
  

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

  
find the entries for [phone1] and [phone2] and change the lines that read: 
  
  

  
  
to read 
  

  
  
Note that this will be of most use if your phones support either a message waiting indicator of some 
sort. 

  
# cd /etc/asterisk 
  

  
# vi voicemail.conf 
  

  
[default] 
;1234 => 4242,Example Mailbox,root@localhost  
  

  
9999 => 1234,<your name in here>,<your email address here> 
  

  
mailbox number => mailbox password, mailbox description, mailbox user  
email address 
  

  
# vi sip.conf 
  

  
mailbox=1000 ; Mailbox for message waiting indicator 
  

  
mailbox=9999 ; Mailbox for message waiting indicator 
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Save the file. For the moment we are going to use the same mailbox for both phones, but you can set 
up one for each if you like. Now edit your extensions.conf file 
  

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

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

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

  

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

  

When extension 1000 rings (exten =>1000)  , the first thing we do  (exten =>1000,1) is dial phone1 
and phone 2  (exten =>1000,1,Dial(SIP/phone1&SIP/phone2,20,tr)) and make it ring for 20 seconds. 

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

  
# vi extensions.conf 
  

  
exten => 1,1,Dial(SIP/phone1,20,tr) 
exten => 2,1,Dial(SIP/phone2,20,tr) 
exten => 1000,1,Dial(SIP/phone1&SIP/phone2,20,tr) 
  

  
exten => 1000,2,VoiceMail,u9999 
exten => 1000,102,VoiceMail,b9999 
  

  
exten => 1000,1,Dial(SIP/phone1&SIP/phone2,20,tr) 
exten => 1000,2,VoiceMail,u9999 
exten => 1000,102,VoiceMail,b9999 
  

  
exten => 1000,1,Dial(SIP/phone1&SIP/phone2,20,tr) 
  

  
exten => 1000,2,VoiceMail,u9999 
  

  
exten => 1000,102,VoiceMail,b9999 
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There are 2 things to note here, the first is that the priority number has jumped way up to 102. This is 
a feature of Asterisk, and a useful one at that. When the call comes in and Asterisk tries to dial the 
extension 1000, if you are on the phone, Asterisk will jump to the current priority + 101 (n + 101). 
This gives us a priority of 102. The second  thing to note is that the mailbox number at the end of the 
line is preceded by a b (b9999) this indicates that the busy message should be played to the user, and 
then the user should be allowed to leave a message.  

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

  

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

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

1. The phone gets a ringing tone 
2. There is a 2 second wait (the phone is still getting the ringing tone) 
3. The call is answered and goes straight to the voicemail menu for mailbox 9999 

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

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

  

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

1. The phone gets a ringing tone 
2. There is a 2 second wait (the phone is still getting the ringing tone) 
3. The call is answered and asked the user to enter a mailbox number, then a password. In our 
examples above you would enter 9999 as the mailbox and 1234 as the password (remember, we 
added the entry in voicemail.conf)  

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

 None of the changes you have made are functional yet, if you went to one of your phones and tried 
to dial extension 1001, you'd more than likely get a message telling you that the number was 

  

  
exten => 1001,1,Ringing 
exten => 1001,2,Wait(2) 
exten => 1001,3,VoicemailMain,s9999 
  

  
exten => 1001,3,VoicemailMain 
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unavailable.  We need to tell Asterisk to reload our .conf files.. So as before (and yes, I used cut and 
paste :P ):  

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

If you get the error 

then asterisk is already running and you should use the command 

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

If the daemon was running and you got the error type 

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

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

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

If you are using Snom phones and the voicemail sounds 'funny', like the person is underwater add the 
following lines to your sip.conf under the general section 

  
# asterisk 
  

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

  
# asterisk -r 
  

  
# asterisk -vvvvvvvgrc 
  

  
reload 
  

  
# asterisk -vvvvvvvgrc 
  

  
"The person at extension 1000 is not available..." 
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Save the file, go to the Asterisk console and type 

and try calling the voicemail  again...it should sound a lot better. Sadly this uses more bandwidth, but 
Snom has assured me that there will be a fix for this in their next firmware release.. (I have no date 
on when that will be) 

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

 

disallow=all 
allow=ulaw 
allow=alaw 
  

  
reload 
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Parking Zone.... 

Call parking is a wonderful invention, the best way to explain how useful it can be is to use a real 
world example.  

 
Imagine the scene, you're on your own in the office. Your desk is on the 2nd floor and the computer 
room is on the 4th. You are working late to fix a problem on one of the servers, but you need some 
help. You call another support team - they say they are busy but will call you back in 5 minutes. 
 
When they call you back they ask you to fiddle with the server. 
 
So, now you have a number of options 
 
1. Say "hang on", run up stairs and do what they ask then run back and say "done that" only to hear 
them ask you to do something else. 
 
2. Say "hang on, I'll transfer the call upstairs", you transfer the call to the computer room, run up 
stairs, pick up the phone in the computer room, run downstairs hang up, run upstairs and talk to the 
support team. 
 
3. Say "hang on, I'll transfer the call upstairs", you park the call, hang up, run upstairs to the 
computer room and pick up the parked call. 
 
 
Now, it's clear that option 3 is the best for us. Parking the call, basically involves transferring the call 
to a 'fictional'  extension that will hold the call until we either pick it up, the caller hangs up, or the 
timeout period expires. 

Call parking is a wonderful thing... embrace it with open arms 
  

So How do we do this with Asterisk? Well, it's simple. In your Asterisk config directory is a file 
called parking.conf. Let's take a look at it: 

  
  

Edit the file 

  

  

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

  
# cd /etc/asterisk 
  

  
# vi parking.conf 
  

  
[general] 
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It should be self explanatory, but we'll go through it just to be sure you understand.  

parkext => is the extension you will dial to park a call. You will probably note that your  

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

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

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

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

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

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

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

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

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

Edit your extensions.conf file and include the parking context in your [sip] section, so add 

parkext => 701                 ; What ext. to dial to park 
parkpos => 702-720             ; What extensions to park calls on 
context => parkedcalls                ; Which context parked calls are in 
parkingtime => 1355            ; Number of seconds a call can be parked for (default is 45 seconds)
  

  
exten => 1,1,Dial(SIP/phone1,20,tr) 
exten => 2,1,Dial(SIP/phone2,20,tr) 
  

  
exten => 2,1,Dial(SIP/phone2,20,Ttr) 
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just under the include => fwd line, it should look something like this... 

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

Now dial from extension 'phone1' to extension 'phone2'. Pick up both ends of the call.. Now on 
phone1 press the # key. You should hear a voice saying 'Transfer'. Dial the number you have in your 
parking.conf file that parkext =>points to.  In my configuration that would be 701. If you don't dial 
the extension quickly enough the voice will say that it didn't recognize the extension number. If you 
dialed the extension number quickly enough then the voice will come back and give you an 
extension number, in the range specified in parkpos=> . Go back to phone2, if everything is working 
you should be hearing some music*, or a voice talking.  

Since we've only set up 2 phones, go back to phone1 and dial the extension that you were given 
when you parked the call. Once you dial that extension you should be connected back to phone 2. If 
you dial the wrong extension, the voice will tell you there is no parked call at that extension an hang 
up. In all honesty unless you have multiple parked calls, it's more than likely going to be the first 
extension specified in your parkpos=> range.  

  

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

Meetme behind the bike sheds... 

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

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

We'll just set up a simple conference, a bit like a coffee room where everyone can talk and listen too. 
You should have got the hang of where the config files are, and how to get there and edit a file: 

include => parkedcalls 
  

  
[sip] 
include => fwd 
include => parkedcalls 
  

  
reload 
  

  
# cd /etc/asterisk 
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Edit the file 

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

  

  

Ok, it's simple really, for each conference room you want to set up add a line 

where <room number> is a unique number add the following line to the file: 

Save the file, now edit your extensions.conf file again, 

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

The format of the Meetme line is: 

So when <extension to dial> is called, the Meetme application takes you to room <room to enter>. 
Save the file, and go to the Asterisk console and type  

  

  
# vi meetme.conf 
  

  
[rooms] 
; 
; Usage is conf => confno 
; 
conf => 1234 
  

  
conf => <room number> 
  

  
conf => 54321 
  

  
# vi extensions.conf 
  

  
exten => 5557,1,Meetme,54321 
  

  
exten => <extension to dial>, Meetme,<room to enter> 
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Now from phone1 dial, 5557. You should be told that you are the only one in the conference. Go to 
phone2 and also dial 5557. On phone1 you should hear a tone, signifying that someone has entered 
the room, phone1 and phone 2 should now be in a conference. If you hang up phone1 phone 2 will 
hear an exit tone signifying that someone has left the conference.  

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

find the line you just added, 

  

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

  

Save the file, and go to the Asterisk console and type  

  

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

  

 Configs! Configs? We don’t need no stinkin’ configs 

Well of course you know you do. Asterisk comes with a large number of configuration files, enough 
to daunt all but the most experienced. This next section will deal in detail with the main 
configurations that you’ll need to know about. 

The files covered in this section are: 

musiconhold.conf                                              Music on hold configurations 
cdr_mysql.conf                                                 Call record logging using mySQL 
manager.conf                                                    Remote management configuration 
adsi.conf                                                           ADSI phone support 

  
reload 
  

  
# vi extensions.conf 
  

  
exten => 5557,1,Meetme,54321 
  

  
exten => 5557,1,Meetme,54321|q 
  

  
reload 
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meetme.conf                                                     Conference configurations 
oss.conf                                                            o 
enum.conf  
mgcp.conf  
parking.conf                                                     Call parking configurations 
voicemail.conf                                                   Voicemail configurations 
agents.conf                                                       Call agents 
extensions.conf                                                 Extension definitions 
modem.conf                                                     Modem configurations 
phone.conf                                                       phone config 
vpb.conf 
alsa.conf 
festival.conf 
modules.conf 
privacy.conf 
iax.conf  
musiconhold.conf  
zapata.conf 
asterisk.conf  
indications.conf  
rpt.conf 
logger.conf  
sample.call 

  

  

  

  

 © Andy Powell 2003. 
Unauthorized duplication prohibited 
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