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Preface 
This book is for anyone who wants to learn how to install and configure a PBX (Private Branch 
eXchange) based on Asterisk PBX 1.6. Asterisk is an open source telephony platform capable to use 

VoIP and TDM channels. 

This is the forth generation of the book Asterisk Configuration Guide.  The material that I present in 
this book has helped me to prepare for the dCAP certification from Digium in May 2006 and to pass 

it in the first try.  

The Asterisk Open Source PBX concept is revolutionary. For many years, telephony has been 
dominated by huge companies with proprietary systems. Finally, users can recover their buying 

power by having access to an open telephony platform. Thus, things that were not possible before, 

because they were not economically viable are likely to start happening. Examples include resources 
such as CTI (computer telephony integration, IVR (interactive 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 this book. However, you will be able to build and configure a PBX 

with advanced features such as voicemail, IVR an ACD by the end of reading. I hope you enjoy as 

much learning about Asterisk as I have enjoyed writing about it.  

Notes about this edition 
In this edition 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 much as possible 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 license type Attribution-

NonCommercial-NoDerivs 3.0 Unported (CC BY-NC-ND 3.0).  Read more at,  
http://creativecommons.org/licenses/by-nc-nd/3.0/ 

Twitter 
http://www.twitter.com/asteriskguide 

Flavio E. Gonçalves  

CEO 

V.Office Networks  

flavio@asteriskguide.com  

http://creativecommons.org/licenses/by-nc-nd/3.0/
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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 and Linux 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 quality. For production 
systems we do not encourage VMware or Linux with a graphical user interface.  It is also desirable 

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

Mistakes and errors in the e-Book 
We always try to find and eliminate errors and mistakes. Please, if you find something wrong, give us 

feedback and we will act on it immediately. E-mail address for feedback: flavio@asteriskguide.com 

Use as a training material  
We use this book for Asterisk training. If you are interested to use it in your training center, please 

send an e-mail to flavio@asteriskguide.com.  

Sponsorship 
If you want to sponsor this free eBook, please send an email to flavio@asteriskguide.com. I 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/Learning-Guide-Asterisk-1-6-Learn/dp/1452889368/. 

 The kindle version can be found at  

http://www.amazon.com/Configuration-Guide-Asterisk-PBX-ebook/dp/B00403N2VM 

Credits 
 Cover Work: 

 Karla Braga 

Reviewers: 

Luis F. Goncalves, Guilherme Goes dCAP, Edit Avenue, professional proofreaders 

  

mailto:flavio@asteriskguide.com
mailto:flavio@asteriskguide.com
http://www.amazon.com/Learning-Guide-Asterisk-1-6-Learn/dp/1452889368/
http://www.amazon.com/Configuration-Guide-Asterisk-PBX-ebook/dp/B00403N2VM
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1 
Introduction to Asterisk PBX 

The popularity of ready-to-run distributions such as TrixBox and AsteriskNOW has 
recently grown. In this book, we will cover the classic Asterisk, which is the foundation 

for understanding these distributions. Asterisk PBX is open-source software capable of 

transforming an ordinary PC into a powerful multiprotocol PBX. In this chapter, we will 
learn about the possibilities of this new technology and its basic architecture. As it is 

much simpler to install Asterisk from a ready-to-run distribution, the last chapter will 

cover AsteriskNOW and its graphical interface called FreePBX. 

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

¶ Explain what Asterisk is and what it does;  

¶ Describe the role of DigiumÊ; 

¶ Recognize the basic architecture of Asterisk and its components; 

¶ Point out several usage scenarios; and  

¶ Identify sources of information and help. 

What is Asterisk 
Asterisk is an open-source PBX software once installed in a PCôs hardware along with the 

correct interfacesðcan be used as a full-featured PBX for home users, enterprises, VoIP 
service providers, and phone companies. Asterisk is also both an open-source community 

and a commercial product from DigiumÊ. You are free to use and modify Asterisk to suit 

your needs.  

Asterisk allows real-time connectivity between PSTN and VoIP networks. Since Asterisk 

is much more than a PBX, you not only have an exceptional upgrade to your existing 

PBX, but you can also do new things in telephony, such as: 

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

¶ Give your employees a voicemail integrated with the web and e-mail;  

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

¶ Give traveling users access to the company PBX from anywhere with a 
simple broadband or VPN connection; and  

¶ much more....  

Asterisk includes several advanced resources previously only found in high-end systems, 

such as: 

¶ Music for customers on hold waiting in call queues, supporting media 
streaming and MP3 files;  

¶ Call queues, whereby a team of agents can answer calls and monitor queues;  

¶ Integration with text-to-speech and voice recognition; 

¶ Detailed records transferred to both text files and SQL databases; and  

¶ PSTN connectivity through both digital and analog lines. 

What is AsteriskNOW 
Asterisk in its purest form, also known as ñclassic asteriskò (Debian package 

denomination) is considered more of a development tool than a finished product by itself. 

AsteriskNOW is an initiative to transform Asterisk in a soft-appliance. The distribution 
includes CentOS as the operating system and the FreePBX, which is the most used 

graphical interface. This distribution is licensed according to the GPL and can be freely 

downloaded. In 2007, Digium acquired a product called Switchvox targeted to 
commercial users in the SMB market, which it has been promoting vigorously. You can 

check out this good piece of software at www.digium.com. 

Role of DigiumÊ  
Digium, a company located in Huntsville, Alabama, is the creator and primary developer 

of Asterisk. In addition to being the primary sponsor of Asterisk development, Digium 

also produces telephony interface cards and other hardware for Asterisk's PBX.  

Digium offers Asterisk under three types of license agreements:  

¶ 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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¶ Asterisk Business Edition is a more recent version of Asterisk. Some 
companies use the business edition because they do not want or cannot use 

the GPL licenseðusually because they don't want to release their source code 

together with Asterisk. The GPL license requires that any further code 

development of a GPL-licensed code be released to the source code.  

¶ Asterisk OEM. This version is mostly 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 Zapata project was developed by Jim Dixon, who was also responsible for the 

development of this revolutionary hardware for use with Asterisk. Note that the hardware 
is open-source too; as such, it can be used by any company. Today, several companies 

produce cards compatible with this architecture. More details about the project can be 

seen at: 

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

The Zapata project produced an architecture called Zaptel (recently renamed Digium 
Asterisk Hardware Drivers Interface [DAHDI] ). One of the main benefits of this 

architecture is the ability to use the PC CPU to process media streaming, echo 

cancellation, and transcoding. In contrast, most existing cards use digital signal processors 
(DSP) to perform these tasks. The use of the PC CPU instead of dedicated DSPs reduces 

the board's price dramatically. Thus, these cards are significantly cheaper than previously 

available interfaces from other manufacturers. On the other hand, these cards require a lot 
of CPU; a misuse of the PC CPU can significantly impact voice 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 Asterisk. Usually, the first reaction to something newð

especially something that competes with what you already knowðis to reject it! This is 
exactly what happened in 2003. Asterisk was competing with a solution that I was selling 

to a customer (4 E1 VoIP Gateway), and it was ten times less expensive than what I was 

charging for the solution I already knew. This disproportionate price led me to start 

studying Asterisk in order to identify potential pitfalls and drawbacks. For example, I 
found that the PC CPU at that time would not support 120 g.729 simultaneous sections, 

At the end of the day, I won the proposal with my Gateway 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 with expensive quotes for IVR, 

unified messaging, call recording, and dialers; with appropriate dimensioning, the CPU 

problems could be worked around. Indeed, in just three years Asterisk became the 

flagship product of my company (I actually decided to open another company just for the 
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Asterisk business). In my opinion, Asterisk is a revolution in telecommunication that 

represents to IP telephony what Apache represents to web services.  

Extreme cost reduction 
If you compare a traditional PBX with Asterisk in regard to digital interfaces and phones, 

Asterisk is slightly 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, Asterisk becomes significantly less expensive than traditional PBXs. In fact, 

comparing Asterisk PBXs with low-end analog PBXs is unfair because Asterisk offers so 
many features not available in low-end analog systems.  

Telephony system control and independence 
One of customersô most often-quoted benefits of asterisk is the independence that it 

provides. Some of todayôs manufacturers do not even give the customer the systemôs 

password or the configuration documentation. With Asterisk's ñdo-it-yourselfò approach, 

the user achieves total freedom; as a bonus, the user has 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 is open-source, and its source code can be modified by the user. 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, built-in music on hold, and recording). The costs of these 
features in some platforms exceed the 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 content is practically 

limitless.  

Flexible and powerful dial plan  
Another Asterisk breakthrough is its powerful dial plan. In traditional PBXs, even simple 
features like least cost routing (LCR) are either not feasible or optional. With Asterisk, 

choosing the best 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, 

including the Asterisk wiki (www.voip-info.org <http://www.voip-info.org>), e-mail 
distribution lists, and forums. As Asterisk becomes increasingly adopted, any bugs found 

and fixed quickly. Asterisk is probably the most tested PBX software in the world. From 

versions 1.0 to 1.2, more than 3,000 changes and bugs in the source code were corrected, 
thereby ensuring a code that is both stable and almost error free.  

Asterisk architecture limitations 
Some limitations in Asterisk stem from the use of the Zapata telephony design. In this 

design, Asterisk uses the PC CPU to process voice channels instead of dedicated digital 

signal processors (DSPs), 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 machine and be conservative 

about hardware dimensioning. You can also 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 including DSPs to 

process echo cancellation, codecs, and other features, which will make Asterisk even 

better.  

Main objections to Asterisk PBX 
It is common to hear objections to adopting Asterisk, which we will address here.  

Asteriskôs market share is too small 
The market share is usually measured by the number of PBXs sold. These statistics are 

generally acquired from the biggest distributors. Asterisk is free software that does not 
appear in sales statistics. However, independent numbers prove that Asterisk ñrocks the 

worldò. According to VoIP-Supply, more than 300,000 systems run Asterisk, and Digium 

has sold more than 4 million voice interfaces. Last year, the Eastern Management Group 
concluded that open-source PBXs account for 18% of the market share, with the vast 

majority of them being Asterisk. In fact, 85% of the open-source PBX market is based on 

Asterisk, which now ranks second in terms of lines connected to an IP PBX. 

If it is free, how does the manufacturer survive? 
Actually, there is no such thing as open-source software manufacturer. Digium is a 
software development company, as well as a community, and has been developing 

Asterisk since 1999. With more than a hundred employees, it has revenues attached to the 

sales of telephony interface cards, PBX systems such as Switchvox, and related software. 

The company has made a profit in the last 24 quarters. 
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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 for open-source Asterisk has become available as well. 
Hundreds of professionals have already been certified as Digium Certified Asterisk 

Professional (dCAP) and serve as the first line of support and professional services, much 

like any IT company.  

Does Asterisk support more than 200 extensions? 
Yes, absolutely. Asterisk has been used in installations with more than 10,000 users. It is 
largely scalable using load balancing and failover systems. It is not uncommon to see 

more than a thousand users on a single server.  

Only ñgeeksò are able to install Asterisk 
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 a GUI, it 
is possible to configure an entire PBX in just a few hours.  

What if the server fails? 
One of the main advantages of Asterisk is its capability to run in fault-tolerant systems. It 

is relatively simple and inexpensive to have two servers running in parallel. I dare you to 

try this with a conventional PBX!  

Our company does not use open-source software 
Your company probably uses open-source software without even realizing it. Several 
appliances use Linux as their operating system. Moreover, you can still license Asterisk 

commercially using the Asterisk 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 DSPs. Although this allows a cost reduction of up to five times, it 

makes the system dependent on the performance of the main CPU. With the correct 
dimensioning, Asterisk is capable of handling large volumes. If you still want to release 

the main CPU from these tasks, you can also use hardware echo cancellation and even 

transcoder cards, such as the Digium's TC400B based on DSPs.  
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Asterisk Architecture 
This section will explain how Asteriskôs architecture works. The figure below shows the 

basic Asterisk architecture. Next, we will explain architecture-related concepts, including 
channels, codecs, and applications.  

 

Channels 
A channel is the equivalent of a telephone line, but in a digital format. It usually consists 

of an analog or digital (TDM) signaling system or a combination of codec and signaling 
protocol (e.g., SIP-GSM, IAX-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 into a digital format using pulse code modulation 
(PCM) in most cases. This format allows voice transmission in 64 kilobits/second without 

compression.  

Channels interfacing with the Public Switch Telephony Service (PSTN) 

¶ chan_dahdi: Supports cards from Sangoma, Digium, Xorcom, and others 

¶ chan_mISDN: Supports ISDN cards based in the Linux ISDN drivers  

Channels interfacing with Voice-over IP 

¶ chan_sip: Supports voice-over IP using SIP protocol. Dial string: sip/channel 

¶ chan_iax: Supports voice-over IP using IAX2 protocol. Dial string: 
iax2/channel 

¶ chan_h323: H.323 is one of the oldest and most implemented voice-over IP 
protocols. It's useful for connecting to existing H.323 networks. There are 
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different flavors of H.323 in Asterisk, including chan_h323 , chan_oh323 , and 

chan_ooH323 . The channel chan_h323 can be used in Asterisk as a gateway. 

Asterisk can point to a gatekeeper, but cannot work as one. Dial string 
h323/hostname if using a gatekeeper or  h323/extension@hostname  if going 

directly to the gateway. 

¶ chan_mgcp: Supports the voice-over IP protocol using MGCP. Currently 
Asterisk supports MGCP phones, but it cannot connect to a VoIP provider 

using MGCP. Dial string: MGCP/aaln/1@hostname  

¶ chan_skinny: Supports CiscoÊ voice-over IP skinny protocol. Dial String: 

skinny/channel .  

Miscellaneous  channels  

¶ chan_agent: Used for automatic call 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.  

¶ chan_local: Is a pseudo channel that simply 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 network. Codecs 

enable new features in digital voice, including compression, which is one of the most 

important features as it allows compression rates larger than 8 to 1. Other features include 
voice activity detection, packet loss concealment, and comfort noise generation. Several 

codecs are available 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 supported only in pass-through mode; these 

codecs cannot be translated. To verify 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 (USA) - (64 Kbps). 

¶ G.711 alaw (Europe) - (64 Kbps). 

¶ G.722 (High Definition) ï (64 Kbps) 

¶ G.723.1 - Only pass-through mode 

¶ G.726 - (16/24/32/40kbps) 

¶ G.729 - Needs licensing (8Kbps) 

¶ GSM - (12-13 Kbps) 

¶ iLBC - (15 Kbps) 
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¶ LPC10 - (2.5 Kbps) 

¶ Speex - (2.15-44.2 Kbps) 

Protocols 
Sending data from one phone to another should be easy provided that the data find a path 

to the other phone on their own. Unfortunately, it doesn't happen this way, and a signaling 

protocol is necessary in order to establish connections between phones, discover end 
devices, and implement telephony signaling. It has recently become extremely common to 

use SIP as a signaling protocol. IAX is another option becoming popular because it works 

well with NAT traversal and some bandwidth can be saved in trunk mode. Asterisk 

supports the following protocols.  

¶ SIP 

¶ H323 

¶ IAX2  

¶ MGCP 

¶ SCCP (Cisco Skinny) 

¶ Nortel unistim 

Applications 
To bridge calls from one phone to another, the application dial()  is used. Most Asterisk 
features (e.g., voicemail and conferencing) are implemented as applications. You can see 

available Asterisk applications by using the core show applications  console 

command. 

CLI>core show applications  

You can add applications from Asterisk add-ons, third-party providers, or even those you 

develop yourself.  

Overview of an Asterisk system 
Asterisk is an open-source PBX that acts like a hybrid PBX, integrating technologies such 

as TDM and IP telephony. Asterisk is ready to implement functionality such as interactive 

voice response (IVR) and automatic call distribution (ACD); moreover, as previously 
mentioned, it is open to the development of new applications.  
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This figure shows how Asterisk connects to the PSTN and existing PBXs using analog 

and digital interfaces as well as supports analog and IP phones. It can act as a soft-switch, 
media gateway, voicemail, and audio conference and also has built-in music on hold.  

Comparing the old and the new world 
In the old soft-switch model, all components were sold separately, meaning you had to 

purchase each component separately and then integrate to the PBX or soft-switch 

environment. The costs and risks were high and most of the equipment proprietary.  



 | Comparing the old and the new world |       

- 11 - 

 

Telephony using Asterisk 

All functions are integrated in the Asterisk platform in the same or in different boxes 
according to the dimensioning, and all are GPL licensed. Sometimes it is easier to install 

Asterisk than license some of the mainstream IP-PBXs 
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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 is the 1x1 PBX, including at least one phone and one 

line. There are several ways to do this.  

  

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 existing line and connect one FXS to an 
analog phone. Thus, you have a 1x1 PBX.  

VoIP Service Provider: ATA 
This is the VoIP option. In this case, you would sign up with a voice service provider to 

have the SIP trunks and will have to purchase a SIP analog telephony adapter. You will 

probably spend less than a hundred dollars if you already have the PC. 

Inexpensive FXO card or ATA 

I started with an inexpensive FXO card. Some inexpensive V.90 fax/modems work with 
Asterisk as an FXO card. Some of the first Digium cards were created using these cards 
(e.g., X100P and X101P), which are old modems based on Motorola and Intel chipsets 

(Motorola 68202-51, Intel 537PU, Intel 537PG, and Intel Ambient MD3200 are known to 

work). These modems are often incompatible with new motherboards. Recently some 
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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: 

¶ http://www.asteriskguide.com/mediawiki/index.php/Asterisk_patch_for_the_X10
0P_card 

Asterisk scenarios 
Asterisk can be used in 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 than most PBXs currently available on the market. Several 

companies are now changing their specifications to Asterisk instead of other brand-name 
PBXs.  

 

IP-enabling legacy PBXs 
The following image illustrates one of the most commonly used setups. Large companies 

generally do not want to take significant risk when investing in new technologies and 
simultaneously wish to preserve their investments in legacy equipment. IP-enabling 

legacy PBX can be very expensive; thus, connecting an Asterisk PBX using T1/E1 lines 
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can be a good alternative for cost-conscious customers. Another benefit is the possibility 

of connecting to a VoIP service provider with better telephony rates.   

 

Toll Bypass 
A very useful application for VoIP 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 headquarters and branch offices.  
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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. Asterisk offers services such as voicemail, fax reception, call 
recording, IVR connected to a database, and an audio conferencing server. If you 

integrate voicemail and fax into an existing e-mail server, you will have a unified 

messaging system, which is usually an expensive solution. Using Asterisk as an 
application server provides extreme cost reduction compared to other solutions. 

  

Media Gateway 
Most voice-over IP service providers use an SIP proxy to host all registration, location, 

and authentication of SIP users. They still have to send calls to the PSTN directly or route 

it through a wholesale call termination provider using an SIP or H.323 voice-over IP 

connection. Asterisk can act as a back-to-back user agent (B2BUA) or media gateway, 
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 capable of translating signaling 
protocols (H.323, SIP, IAXé) and codecs (G.711, G.729é).  
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Contact Center Platform 
A contact center is a very complex solution that combines several technologies, such as 

automatic call distribution (ACD), interactive voice response (IVR), and call supervision. 

Basically, three types of contact centers are available: inbound, outbound, and blended. 
Inbound contact centers are very sophisticated and usually require ACD, IVR, CTI, 

recording, supervision, and reports. Asterisk has a built-in ACD to queue the calls. IVR 

can be done using Asterisk Gateway Interface (AGI) or internal mechanisms such as the 
application background() . Computer telephony integration (CTI) is achieved using 

Asterisk Manager Interface (AMI ); recording and reporting are built in to Asterisk. For an 

outbound contact center, a predictive or power dialer is one of the main components. 
Although several dialers are available for the open-source Asterisk, it is not hard to build 

your own for the platform if you so desire. A blended contact center allows simultaneous 

inbound and outbound operation, saving money by ensuring better 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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Finding information and help  
This section will provide some of the main sources of information related to Asterisk.  

¶ Asteriskôs official website: <http://www.asterisk.org> Here you can find information 

about: 

o Support-> <http://www.asterisk.org/support> 

o Knowledge base-> <http://kb.digium.com/> 

o Forum-><http://forums.digium.com/> 

o Bug tracking-><http://bugs.digium.com/> 

Additional references: Non-official websites 
These sites are not official, but they provide useful content.  

¶ <http://www.voip-info.org> 

¶ <http://www.asteriskguru.com> 

¶ <http://svn.digium.com/svn> (check the doc directory on each branch) 

Mailing lists 
Mailing lists are quite handy when you have questions. Usually, you will receive answers 

for your questions. Try to gather as much information as possible before posting to the 
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list. Nobody will help you if you haven't done your homework. In other words, try at least 

once to solve the problem by yourself.  

¶ <http://www.asterisk.org/support/mailing-lists> 

Summary 
The Asterisk is software licensed according to the GPL that enables an ordinary PC to act 

as a powerful IP PBX platform. Digiumôs Mark Spencer created Asterisk in the late 

1990s. Digium survives by selling hardware related to Asterisk. Hardware is open-
sourced as well and originated in the Zapata project developed by Jim Dixon. The 

Asterisk architecture has the following main components: 

¶ CHANNELS: Analog, digital, or voice-over IP.  

¶ PROTOCOLS: Communication protocols, which are responsible for signaling the 
calls, can be SIP, H323, MGCP, and IAX.  

¶ CODECS: Translate digital formats of voice allowing compressions, packet loss 
concealment, silence suppression, and comfort noise generation. Asterisk does 

not support silence suppression.  

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

Asterisk can be used in various scenarios, from a small IP PBX to a sophisticated contact 

center. You can easily find help at www.asterisk.org



 

 

2 

How to download and install 
Asterisk 

In the first chapter, we learned a bit about how Asterisk is useful in the telephony environment. In this 
chapter, we will cover how to download and install Asterisk. Before starting, it is essential to learn 

how to compile and install it. The compilation process may seem weird for traditional MicrosoftÊ 

WindowsÊ users, but it is fairly common in the LinuxÊ environment. One can get an optimized 

code for your hardware when compiling Asterisk, which is what we will do here. Asterisk runs in 
several operating systems, but we chose to keep things easy and start with only one of them: Linux. 

We chose Debian as the LinuxÊ distribution because the dependencies are easy to install and the 

distribution is stable, with 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: 

¶ Determine the hardware requirements for Asterisk;  

¶ Install Linux with the required dependencies; 

¶ Download a stable version using FTP; 

¶ Compile Asterisk; and 

¶ Learn how to start Asterisk at boot time. 

Minimum Hardware Required 

Asterisk does not need a lot of hardware to run, however there are some 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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¶ Total number of registered users. Define how many registrations per second you need to 

support  

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

¶ Which codecs you need to support. High complexity codecs will require a lot of CPU/FPU 

power in your server, a single iLBC session can require as much as 18MIPS  

¶ 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  

¶ Availability. Use RAID1 or 5 to increase availability. Remember, Asterisk is 24x7 

application.  
¶ Redundancy on the telephony interfaces. Xorcom (http://www.xorcom.com) and Red-fone( 

http://www.red-fone-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 complexity 

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 a known manufacturer. 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.net). Some hardware manufacturers such as Xorcom 

(http://www.xorcom.com) publish its results in the website.  

Note: Some Asterisk applications, such as meetme and music 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 Asterisk hardware does not need to be sophisticated. You don't need an expensive video card or 

numerous peripherals. Some tips about hardware configuration; 

¶ Disable unused USB, serial and parallel ports to avoid the consumption of unnecessary 

interrupts.  

¶ A robust network interface card is essential.  

¶ 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.  

¶ Pay a close attention 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 

http://www.xorcom.com/
http://www.red-fone-com/
http://sipp.sourceforge.net/
http://www.xorcom.com/
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first year if used intensively. My recommendation is to use a server machine or an 

appliance designed to run 24x7 applications.  

IRQ sharing 

Telephony interface cards (e.g., X100P) generate large quantities of interruptions. Serving these 

interruptions requires processor time. The drivers can't do this processing if you have another device 
using the same interruption. In a single CPU system, you should avoid IRQ sharing between devices. 

We recommend the use of dedicated hardware to run Asterisk. Don't forget to disable any foreign or 

unnecessary hardware. Some hardware can be disabled in the motherboard bios setup. Once you have 
started your computer, see your assigned interrupts in /proc/interrupts. 

#cat /proc/interrupts  

CPU0 

0: 41353058 XT - PIC timer  

1: 1988 XT - PIC keyboard  

2: 0 XT - PIC cascade  

3: 413437739 XT - PIC wctdm < --  TDM400 

4: 5721494 XT - PIC et h0 

7: 413453581 XT - PIC wcfxo < --  X100P 

8: 1 XT - PIC rtc  

9: 413445182 XT - PIC wcfxo < --  X100P 

12: 0 XT - PIC PS/2 Mouse  

14: 179578 XT - PIC ide0  

15: 3 XT - PIC ide1  

NMI: 0  

ERR: 0  

Here you can see three Digium cards, each in their own IRQ. If this is the case in your system, go 

ahead and install the hardware drivers. If this is not the case, 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 or Mac OS 
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 one 

for your system. You can download the Debian distribution from the address below: 

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

Required dependencies 

The following dependencies are required to compile Asterisk.  

¶ bison  

¶ libssl-dev  

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

¶ libasound2-dev  

¶ libc6-dev  

¶ libnewt-dev  

¶ zlib1g-dev  

¶ gcc  

¶ g++  

¶ make  

¶ libncurses5-dev  

¶ doxigen  

¶ libxml2-dev  

Required by DAHDI 

¶ kernel sources 

Caution: DAHDI packages are necessary to compile some Asterisk applications like 

meetme(). If you have compiled Asterisk before DAHDI, you will have to recompile it 
again to include the application meetme()  as well as certain others.  

Required by Xorcom Astribank 

¶ libusb-dev 

¶ fxload 

Installing Linux for Asterisk 
Install your Linux as usual, without a graphical user interface. Install 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 make 

sure to back up all data before starting.  

Step 1: Put the CD in the CD-ROM drive and boot your PC. Most questions are very simple to 
answer.  
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Preparing Linux for Asterisk  

Immediately after installing Asterisk, we will install the packages required for the subsequent 

compilation of Asterisk and DAHDI drivers. First, we will indicate to Debian where the packages will 
be downloaded from. This is done by using the apt-setup utility.  

Step 1: Login as root. 

Step 2: Install the kernel headers.  

apt - get install linux - headers - `uname ðr`  

ln - 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 - dev libc6 -
dev libnewt - dev libncurses5 - dev zlib1g - 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 1.6 while the newer versions include the new features, meaning 1.2 and 
1.4 are feature frozen. The Asterisk team has changed the version system for 1.6. Now, instead of 

having major versions each year, they are releasing major and minor versions. The newest version is 

1.6.2; it is undergoing just bug fixes, too. All new development is integrated in the trunk. With 1.6 

you will have at least three versions maintained simultaneously, which allows you an extended period 
to upgrade from one version to another. Recently they announced the change back to the old 

versioning system. 

All examples in this book were created or converted to Asterisk 1.6.2, but most should work 
in 1.4.  

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 the wget  utility to download them. Create a directory /usr/src  to 

receive the files. You should consult www.asterisk.org to verify which version is the newest.  

For Asterisk 1.4 

Download the source files from the Asterisk repository. 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  

http://www.asterisk.org/
http://downloads.asterisk.org/pub/telephony/asterisk/releases/asterisk-1.4.29.1.tar.gz
http://downloads.asterisk.org/pub/telephony/asterisk/releases/asterisk-1.4.29.1.tar.gz
http://downloads.asterisk.org/pub/telephony/libpri/releases/libpri-1.4.10.2.tar.gz
http://downloads.asterisk.org/pub/telephony/libpri/releases/libpri-1.4.10.2.tar.gz
http://downloads.asterisk.org/pub/telephony/asterisk/releases/asterisk-addons-1.4.10.tar.gz
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 newer version.  

cd /usr/src  

wget http://downloads.asterisk.org/pub/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 the DAHDI modules. The commands ./configure  and make menuselect  

were added in version 1.4. The latter enables you to select which utilities and modules to build. The 
following commands will do this:  

cd /usr/src/dahdi - linux - 2.2.1  

make 

make install  

cd /usr/src/dahdi - tools - 2.2.1  

./configure  

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

make 

make install  

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

Use make menuselect  to install only the necessary modules. This is the make menuselect  

screenshot. 

http://downloads.asterisk.org/pub/telephony/asterisk/releases/asterisk-1.6.2.5.tar.gz
http://downloads.asterisk.org/pub/telephony/asterisk/releases/asterisk-1.6.2.5.tar.gz
http://downloads.asterisk.org/pub/telephony/libpri/releases/libpri-1.4.10.2.tar.gz
http://downloads.asterisk.org/pub/telephony/libpri/releases/libpri-1.4.10.2.tar.gz
http://downloads.asterisk.org/pub/telephony/asterisk/releases/asterisk-addons-1.6.2.0.tar.gz
http://downloads.asterisk.org/pub/telephony/asterisk/releases/asterisk-addons-1.6.2.0.tar.gz
http://downloads.asterisk.org/pub/telephony/dahdi-linux/releases/dahdi-linux-2.2.1.tar.gz
http://downloads.asterisk.org/pub/telephony/dahdi-linux/releases/dahdi-linux-2.2.1.tar.gz
http://downloads.asterisk.org/pub/telephony/dahdi-tools/releases/dahdi-tools-2.2.1.tar.gz
http://downloads.asterisk.org/pub/telephony/dahdi-tools/releases/dahdi-tools-2.2.1.tar.gz
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Just after executing make config , the init scripts will 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 ...  

   /etc/rc0.d/K30dahdi -> ../init.d/dahdi  

   /etc/rc1.d/K30dahdi -> ../init.d/dahdi  

   /etc/rc6.d/K30dahdi -> ../init.d/dahdi  

   /etc/rc2.d/S15dahdi -> ../init.d/dahdi  

   /etc/rc3.d/S15dahdi -> ../init.d/dahdi  

   /etc/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.  

I think that the DAHDI hardware you have on your system is:  

usb:004/002          xpp_usb -     e4e4:1150 Astribank-multi no-firmware 

This screen (above) asks you to change the file /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, I was using a test machine 

with a Xorcom Astribank 6FXS 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 T1/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 T1/E1/J1  

#wct4xxp  

 

# Digium TE120P: PCI single - port T1/E1/J1  

# Digium TE121: PCI - Express single - port T1/E1/J1  

# Digium TE122: PCI single - port T1/E1/J1  

#wcte12xp  

 

# Digium T100P: PCI single - port T1  

# Digium E100P: PCI single - port E1  

#wct1xxp  

 

# Digium TE110P: PCI single - port T1/E1/J1  

#wcte11xp  

 

# 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  

#wctdm  
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# Xorcom Astribank Devices  

xpp_usb  

Re-initialize your computer and verify the correct loading of the drivers.  

Compiling Asterisk 

If you have previously compiled software, compiling Asterisk will be an easy task. Run the following 

commands to compile and install Asterisk. Remember, you can choose which applications and 

modules to build using make menuselect .  

cd /usr/src/libpri - 1.4.10.2  

make 

make install  

cd /usr/src/asterisk - 1.6.2.5  

./configure  

make menuselect  

make 

make install  

make samples            ;use to create sample configuration files  

make config             ;to start asterisk at boot ti me 

Use make menuselect  to install only the necessary modules.  

 

Starting and stopping Asterisk  

With this minimal configuration, itôs possible to start Asterisk successfully.  

/usr/sbin/asterisk ðvvvgc  

Use the CLI command stop now to 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.  

/sbin/asterisk  

 
You can access the Asterisk console by executing the following command. Please note that more than 

one console process can be run at the same time.  

/sbin/asterisk - r  

Available runtime options for Asterisk 

You can show the available runtime options using asterisk ðh 

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  

   - I              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)  
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   - x <cmd>       Execute command <cmd> (only valid with - r) 

   - s <socket>    Connect to Aste risk via socket <socket> (only valid with - r) 

Installation directories 
Asterisk is installed on several directories, which can be modified in the asterisk.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  ; same as - F at startup  

;nofork = yes  ; same as - f at startup  

;quiet = yes  ; same as - q at startup  

;timestamp = yes  ; same as - T at startup  

;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  ; Transmit SLINEAR silence while a 
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 
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  

;astctlgroup = apache  

;astctl = asterisk.ctl  

 

[compat]  

pbx_realtime=1.6  

res_agi=1.6  

app_set=1.6  

Log files and log rotation  
Asterisk PBX logs its messages on the /var/log/asterisk  directory. The file that controls the logs 

is the logger.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 - mm- dd 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 --  and do not rise 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 commands are associated with the logger process.  

CLI> logger list channels  

Channel                             Type     Status    Configuration  

-------                              ----      ------     -------------  

/var/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  /var/log/asterisk/*log  {  
   missingok  
   rotate  5  
   weekly  
   cre ate  0640  asterisk  asterisk  
   postrotate  
       /usr/sbin/asterisk  - rx  'logger  reload'  
   endscript  
}  

More information about logrotate  can be obtained using:  

#man logrotate  

Starting Asterisk with a non-root user  

It is safer to execute Asterisk with a non-root user. In case of a security failure or a buffer overflow 
attack, running Asterisk within an environment with fewer privileges to the user limits an intruderôs 

possible actions.  

To change Asteriskôs running user: 

Step 1: Edit the file: vi /etc/init.d/asterisk 

Step 2: Uncomment the following lines: 

AST_USER="asterisk"  

AST_GROUP="asterisk"  

Step 3: To change user rights in Asterisk folders, type:  

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 /var/log/asterisk  

chown -- recursive asterisk:asterisk /var/run/asterisk  

chown -- recursive asterisk:asterisk /var/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,o= /var/log/asterisk  

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

chmod -- recursive u=rwX,g=rX,o= /var/spool/asterisk  

chmod -- recursive u=rwX,g=rX,o= /dev/dahdi  

Step 4: Test changes using /etc/init.d/asterisk  

Uninstalling Asterisk 
To uninstall Asterisk, use: 

make uninstall  

To uninstall Asterisk and all configuration files, use: 

make uninstall - all  

Asterisk installation notes 
This section will provide some advice about issues to address before 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 over other system 

processes. Asterisk should not run together with processor-intensive software such as X-Windows. If 

you need to run CPU-intensive processes (e.g., a huge database), use a separate server. Generally 
speaking, Asterisk is susceptible to hardware performance 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 good and resistant to latency and even jitters; however, 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 local area network 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: 

¶ Use end-to-end QoS if possible or economically feasible. With end-to-end QoS, the voice 

quality is perfect. No excuses!  

¶ Avoid using 10/100 Mbps hubs for voice in a production environment. Collisions can impose 

jitters on the network. Full duplex 10/100 Mbps are preferred because no collisions occur.  

¶ Use VLANs to separate unnecessary broadcasts of the voice network. You donôt want a virus 
destroying your voice network with ARP broadcasts.  
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¶ Educate users about expectations in a voice network. Without QoS, donôt state that the voice 

will be perfect as in most cases it wonôt be. A quality of voice similar to a mobile phone will 

most often be achieved. Use quality phones as problems with firmware and hardware design 

are common.  

Summary 

In this chapter, you have learned about the minimum hardware requirements as well as how to 
download, install, and compile Asterisk. Asterisk should be executed with a non-root user for security 

reasons. You should check your network environment before starting the production environment.  

Quiz 
1. Whatôs the minimal Asterisk hardware configuration?  

 

 

 

2. Telephony interface cards for Asterisk usually have some Digital Signal Processors (DSPs) built in 

and do not need a lot of CPU resources from the PC.  

A. True 

B. False 

3. If you want perfect voice quality, you need to implement end-to-end quality of service (QoS).  

A. True 

B. False 

4. You should always choose the latest Asterisk version as it is the most stable version. 

A. True 

B. False 

5. List the necessary packages for Asterisk and the DAHDI compilation.  

 

 

6. If you donôt have a TDM interface card, you will end up needing a clock source for 

synchronization. The dahdi_dummy  driver fills this role by using the USB as a clock source (Kernel 

2.4). This is necessary because some applications like _______ and ________ require a time 
reference.  

7. When you install Asterisk, itôs better to leave desktop interfaces such as GNOME or KDE out. 

Graphical user interfaces take up numerous CPU cycles.  

A. True 
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B. False 

8. Asterisk configuration files are located in the ____________________ directory.   

9. To install Asterisk sample files, you need to type the following command: 

10. Why is it important to start Asterisk with a non-root user? 



 

 

3 
Building a simple PBX  

In this chapter, you will learn how to perform a basic Asterisk PBX configuration. 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 chapter is to ensure that 

your Asterisk is up and running as soon as possible. After completing the work in this chapter, you 
will have sufficient background to prepare for subsequent chapters, where we will delve more deeply 

into configuration details.  

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

¶ Understand and edit configuration files; 

¶ Install soft-phones based on SIP; 

¶ Install and configure a SIP trunk; 

¶ Install and configure an analog connection; 

¶ Dial between extensions; 

¶ Dial between phones and external destinations; and  

¶ Configure an auto attendant.  

Understanding the configuration files 

Asterisk is controlled by text configuration files located in /etc/asterisk. The file format is similar to 

the Windows ñ.iniò files. A semicolon is used as a remark character, the signs ñ=ò and ñ=>ò are 
equivalent, and 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 ñ=ò and ñ=>ò in the same way. Differences in syntax are used to distinguish 

between objects and variables. Use ñ=ò when you want to declare a variable and ñ=>ò to designate an 

object. The syntax is the same between all files, but three types of grammar are used, as 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, object 
inherit the options 

chan_dahdi.conf [channels] 
context=default 
signalling=fxs_ks 
group=1 

channel => 1 

Complex Entity Each entity receives a context sip.conf, 
iax.conf 

[cisco] 
type=friend 
secret=mysecret 

host=10.1.30.50 
context=trusted 

[xlite]  
type=friend 
secret=xlite 
host=dynamic 

Simple Group 

The simple group format used in ex tensions.conf , meetme.conf , and voicemail.conf  is the most 

basic grammar. Each object is declared with options in the same line.  

Example: 

[Session]  

Object 1 => op1,op2,op3  

Object 2=> op1b,op2b,op3b  

In this example, object 1 is created with options op1, op2, and op3 while object 2 is created with 

options op1, op2, and op3.  

Object options inheritance grammar 

This format is used by the files chan_dahdi.conf  and agents.conf , where numerous options are 

available, and most interfaces and objects share the same options. Typically, one or more sections 

have objects and channels declarations. Options to the object are declared above the object and can 

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

Example:  

[Sess ion]  

op1 = bas  

op2 = adv  

object=>1  
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op1 = int  

object => 2  

The first two lines configure the value of the options op1 and op2 to ñbasò and ñadvò, respectively. 
When object 1 is instanced, it is created using option 1 as ñbasò and option 2 as ñadvò. After defining 

object 1, we change option 1 to ñintò. Next, we create object 2 with option 1 as ñintò and option 2 as 

ñadvò.  

Complex entity object 

This format is used by iax.conf , sip.conf , and other configuration files in which numerous entities 

with many options exist. Typically, this format does not share a large volume of common 

configurations. Each entity receives a context. Sometimes reserved contexts exist, like [general] for 
global configurations. Options are declared in the context declarations.  

Example: 

[entity1]  

op1=value1  

op2=value2  

[entity2]  

op1=value3  

op2=value4  

The entity [entity1] has values ñvalue1ò and ñvalue2ò for options op1 and op2, respectively. The 
entity [entity2] has values ñvalue3ò and ñvalue4ò for options op1 and op2.  

Options to build a LAB for Asterisk 

To configure a PBX, you will need some basic hardware. It is not hard or expensive, but there are 

some options to be considered. All you will need are two phones and a connection to the public 

network. Some options and combinations are possible when creating your lab, which we will discuss 
below.  

Option 1: Complete LAB 

With the complete LAB, it is possible to test all the scenarios available and compare solutions such as 
ATA, IP-phones, and soft-phones. You can also learn about analog and SIP trunks.  

Qty.  Description 

1 SIP Analog Telephone Adapter 

2 IP Phone 

3 Dedicated Server for the Asterisk Server 

4 Workstation with the soft-phone 

5 Analog Interface Card with at least two interfaces: 1 FXO and 1 FXS 

6 VoIP provider Account 
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Option 2: Economy LAB 

With the economy LAB, we simplify it a bit. We use the ATA, which is usually less expensive than 
the IP-phone, and a single FXO card, which is really inexpensive. We wonôt be able to use analog 

phones connected directly to the server, but this does not commonly occur in practice.  

Qty.  Description 

1 SIP Analog Telephone Adapter 

2 Dedicated Server for Asterisk 

3 Workstation for the soft-phone 

4 Analog Interface Card with 1 FXO 

5 Account in a VoIP provider 

Option 3: Super economy lab 

The third LAB uses a virtualized server in the studentôs own notebook. The problem with this model 

is the conflicts generated by the UDP port. Sometimes both the Asterisk server and the soft-phone try 

to access the same port, preventing Asterisk from binding the address port. Another issue is the 
quality of the calls; virtual environments are not indicated for real-time applications such as Asterisk. 

Use a free soft-phone for the server and workstation and a trunk connection to a SIP provider.  

Qty.  Description 

1 Laptop with 1 GB memory and a soft-phone 

3 Virtual Machine (VMWare, Xen, or other) to install Asterisk and a soft-phone 

4 Account in a VoIP provider 

Installation Sequence 
To help you understand the installation sequence, we outlined the sequence of steps necessary to 

install and configure Asterisk.  
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1. Extensions configuration 

a. SIP extensions (ATA, Soft-phone, IP Phone) 

b. IAX extensions 

c. FXS extensions 

2. Trunk configuration 

a. Configuration of a SIP trunk 

b. Configuration of a FXO trunk 

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 auto-attendant 

Configuration of the extensions 
The extensions are SIP, IAX, or analog phones connected to an FXS port. To configure an extension, 

you should edit the configuration file related to the channel (sip.conf , iax.conf , chan_dahdi.conf ) 
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SIP extensions 
Letôs configure the SIP phones. The idea is to configure a simple PBX. (Subsequent chapters will 

provide an entire SIP session with all the details.) SIP is configured in the /etc/asterisk/sip.conf  
directory and has all the parameters related to SIP phones and VoIP providers. SIP clients have to be 

configured before you can make and receive calls.  

The section [general]  includes some parameters to be configured; it is the first section we will 
configure. The main options are: 

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

¶ bindaddr: Address to be bound to the Asterisk SIP listener. If you set it up as 0.0.0.0 

(default), it will bind to all interfaces.  

¶ context: Sets the default context for all clients unless it is changed 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.  

¶ maxexpirey: Maximum time to register (seconds). 

¶ defaultexpirey: Default time to register (seconds). 

¶ register: Registers Asterisk to another host.  

¶ allowguest: Usually set to no to avoid non-authenticated users in the context of the 

[general] section.  

¶ alwaysauthreject: When an incoming INVITE or REGISTER is received, always reject 

with an identical response (valid username, invalid password). This avoids username 
guessing.  

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 completing the general sections, it is time to set up the SIP clients. I would once again like to 

remind the reader that we will have an entire SIP chapter later in the book. For now, letôs concentrate 
on the basics and leave the details for later.  
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¶ [name]: When a SIP device connects to Asterisk, it uses the username part of the SIP 

URI to find the peer/user.   

¶ type: Configures the connection class. Options are peer, user, and friend.  

o peer: Asterisk sends calls to a peer.  

o user: Asterisk receives calls from a user.  

o friend: Both occur at the same time.  

¶ host: IP address or host name. The most common option is ñdynamicò, which is used 

when the host registers to Asterisk. 

¶ secret: Password to authenticate peers and users. 

Warning: Use strong passwords, with at least 8 characters, alphanumeric and numeric 

characters, and at least one symbol. Reports 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 cret1#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 Asterisk, and we will have an 

entire section devoted to it later in this book. For now, letôs create a few extensions using the 
protocol.  

The file is very similar to sip.conf . As the first section to be configured, the section [general]  has 

certain parameters to be configured. The main options are: 

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

¶ bindaddr: Address to be bound 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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¶ context: Sets the default context for all clients unless changed 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 authentication rejects, which improves 

the security against brute force password attacks.  

¶ bandwidth: When set to high, it allows the selection of high bandwidth codecs, such as 

the g711 in their variants ulaw  and alaw . 

The following is a sample of the [general] section of the file iax.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. 

¶ [name]: When a SIP device connects to Asterisk, it uses the username part of the SIP 

URI to find the peer/user.   

¶ type: Configures the connection class. Options are peer, user, and friend.  

o peer: Asterisk sends calls to a peer.  

o user: Asterisk receives calls from a user.  

o friend: Both occur at the same time.  

¶ host: IP address or host name. The most common option is dynamic , which is used when 

the host registers to Asterisk. 

¶ secret: Password to authenticate peers and users. 

Warning: Use strong passwords with at least 8 characters, alphanumeric and numeric 

characters, and at least one symbol. Reports of hacked servers have appeared in the mailing 

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

Example: 

[guest]  

type=user  

context=dummy  

callerid=óGuest IAX Useró 
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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 soft-phoneðin this case, xlite from Counterpath 

(http://www.counterpath.com). Check your deviceôs manual to understand the parameters of your 
phone.  

Step 1: Configure the phone to use the extension 6000 

Execute the installation program.  

After the execution, click the mouseôs right button and choose SIP Account Settings. 

 

Select the button Add...  

Fill in the required information. 
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Display Name: 6000 
User Name: 6000 
Password: =#MySecret1#7 
Authorization User Name: 6000 
Domain: ip_of your_server 

Confirm that your phone is registered using the console command sip show peers . 

Repeat the configuration for the phone 6001. 

Configuring the IAX devices  
In this example, we are going to use the free soft-phone Zoiper, which you can download from 

www.zoiper.com.  

1. Download and install the Zoiper Free. 

2. Click with the right button to access options.  

http://www.zoiper.com/
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3. Select new IAX account.  

4. Insert the related options for the 6003 phone and optionally for the 6004.  

 

5. Save the configuration and check if the phone is registered using iax2 show peers .  

Important: Use one account for SIP and another one for IAX. If you want to configure the 

system to ring both IAX and SIP at the same time, we will show you how to do so in the dial 
plan section. 

Configuring a PSTN interface 

To connect to the PSTN, you will need an interface foreign exchange office (FXO) and a telephone 
line. You can use an existing PBX extension too. You can obtain a telephony interface card with an 

FXO interface from several manufacturers. In this example, we will show you how to install a 

DAHDI interface card.  
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Analog lines using DAHDI 

You can buy an analog card compatible with the DAHDI from several manufacturers. X100P was one 
of the first Digium cards and had already been discontinued. Some manufacturers still produce similar 

clones. In addition to the price of the 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 compatible with DAHDI should work.  

Thanks to the team of DAHDI developers, we now have a tool for detecting and configuring the 

interface cards almost automatically. If you have just installed the DAHDI drivers, please donôt forget 
to run make config  and reboot the machine 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 /etc/system/dahdi.c onf  and /etc/asterisk/dahdi -

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

them in the file /etc/dahdi/genconf_parameters . By default, it will insert the lines (FXO) in the 

context from - pstn  and the phones (FXS) in the context from - internal .  

Step 3: After running dahdi_genconf , in the last line of the file /etc/asterisk/chan_dahdi.conf  

insert the following line: 

#include dahdi - channels.conf  
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Step 4: Edit the file /etc/dahdi/modules  and comment for all the unused drivers. Reboot before 

proceeding and check if the channels are being recognized using: 

CLI>dahdi show channels  

Connecting to the PSTN using a VoIP provider 
If your budget is really limited, you can configure a SIP trunk to connect to the PSTN. It is certainly 

the most affordable way to connect to the PSTN. Thousands of VoIP providers exist worldwide. To 
connect to one of them, you will need some parameters.  

Parameters provided by the SIP provider.  

¶ username: login 

¶ password: secret 

¶ Providerôs domain: domain 

¶ UDP port: 5060 

¶ Allowed codecs:g729, ilbc, alaw 

Two parameters should be determined by you.  

¶ Extension to receive callsðin this case: 9999 

¶ context: from-sip 

Configure the file sip.conf using the following parameters: 

 [ general]  

srvlookup=yes  

register = > login: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= g729  

To access this trunk, we will use the channel name SIP/siptrunk  
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Dial plan introduction  
Dial plan is like Asteriskôs heart. It defines how Asterisk handles every single call to the PBX. It 

consists of extensions that make an instruction list for Asterisk to follow. Instructions are 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 in the extensions.conf  file in 
the /etc/asterisk  directory. This file uses the simple group grammar and has four major concepts:  

¶ Extensions 

¶ Priorities  

¶ Applications 

¶ Contexts 

Letôs create a basic dial plan. In subsequent sections of this book, I will devote a chapter exclusively 

to the dial plan. If you installed the sample files (make samples), the extensions.conf  already 

exists. Save it with another name and start with a blank file.  

The structure of the file extensions.conf  
The extensions.conf  file is separated into sections. The first is the [general]  section followed by 

the [globals]  section. The beginning of each section starts with its name definition (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 configure the dial plan, it is helpful to 

know the general options that control certain dial plan behaviors. These options are: 

¶ static and write protect: If static=yes  and writeprotect=no , you can use the CLI 

command save dialplan . 

Warning: If you issue a save dialp lan  command from the CLI, you will end up losing any 

remarks and comments in the file.  

¶ 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 

Asterisk's best guess. This is the default. If autofallthrough  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 1.4, the default is yes.  

¶ clearglobalvars: If clearglobalvars  is set, global variables will be cleared and reparsed 

into an dialplan reload or Asterisk reload. If clearglobalvars  is not set, then global 
variables will persist through reloads andðeven if deleted from the extensions.conf  or 

one of its included filesðthey will remain set to the previous value. 
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¶ extenpatternmatchnew (new in the 1.6 version): This uses a new algorithm to match the 

extension from 1.5 to 300 times faster than the existing one, particularly if you have a 

large number of extensions. It is a new feature and should be used with care; it defaults to 

no.  

¶ userscontext: This is the context where the entries from the users.conf  are registered. 

The section [globals] 

In the [globals] section you will define global variables and their initial values. You can access the 

variable in the dial plan using ${GLOBAL(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 the following 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 partition of the dial plan. After the [general]  and [globals]  sections, the dial 

plan is a set of contexts in which each context has several extensions, each extension has several 

priorities, and each priority calls an application with several arguments.   
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You can build a simple dial plan to reach other 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.  

 

 

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

or name is triggered. The commands are processed in priority order.  
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An extension can be literal, standard, or special. A standard extension includes only numbers or 

names and the characters *  and #; 12#89*  is a valid literal extension. Names can be used for extension 
matching as well. Extensions are case sensitive. However, you cannot create two extensions with the 

same name but different cases.  

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 one, indicating failure. What Asterisk does when the last priority is executed is 

regulated by the parameter autofallthrough . See the [general]  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 to be processed when the extension 123  is dialed. The first 

priority is to answer the channel (necessary when the channel is in the ringing state: i.e., FXO 
channels). The second priority is to play back an audio file called tt - weasels . The third priority 

hangs up the channel.  

Another option is to handle the call according to the caller ID. You can use the /  character 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()  
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This example will trigger extension 123  and execute the following options only if the caller ID is 100. 
This can also be done by using the pattern described below: 

exten=>1234/_256NXXXXXX,1,Answer()  

hint:  maps an extension to a channel. It is used to monitor the 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 very useful for reducing the dial plan 
size. All patterns start with the ñ_ò character. The following characters may be used to define a 

pattern. The figure identifies the patterns available for use with Asterisk. 

 

Special extensions 
Asterisk uses some extension names as standard extensions.  
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Description: 

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

t: Timeout. It is used when calls remain inactive after a prompt has been played. It is also used to 

hang up an inactive line.  

T: AbsoluteTimeout. If you establish a call limit using the absolutetimeout()  function, once the 

call exceeds the limit defined, it will be sent to the T extension.  

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

i:  Invalid. It is triggered when you call an non-existent extension in the context. Using these 

extensions can affect the content of CDR recordsðspecifically, the dst that does not contain the 
number dialed.  

o: Operator. It is used to go to operator when the user presses ñ0ò during the voicemail.  

The use of these extensions can change the content of the billing records (CDR)ðin particular, the 

field dst  will not have the number dialed. To work around this problem, you should use the option g 

in the dial()  application and consider the functions resetcdr(w)  and/or nocdr()  

Variables 
In the Asterisk PBX, variables can be global, channel-specific, and environment-specific. You can 

use the NoOP()  application to see the content of a variable in the console.  

It can use a global variable or a channel-specific variable as applications arguments. A variable can be 

referenced as in the following example, where varname  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. However, system variables (Asterisk-defined are channel-defined) are case sensitive. 

Thus, the variable ${EXTEN}  is different from ${exten} .  

Global variables  
Global variables can be configured in the [global]  section in the extensions.conf  file or using the 

application: 

set(Global(variable)=content)  

Channel-specific variables 
Channel-specific variables are configured using the application set() . Each channel receives its own 

variable space. There is no chance of collisions between variables from different channels. A channel-
specific variable is destroyed when the channel hangs up. Some of the most commonly used variables 

are: 

¶ ${EXTEN}  Extension dialed 

¶ ${CONTEXT} Current context 

¶ ${CALLERID(name)} 

¶ ${CALLERID(num)}  

¶ ${CALLERID(all)} Current caller ID 

¶ ${PRIORITY} Current priority 

Other channel-specific variables are all uppercase. You can see the content of several variables using 

the dumpchan()  application. Below is a simple excerpt of dump-channel 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  

UniqueID=           1161186526.0  

CallerID=           4400  

CallerIDName=       laptop  

DNIDDigits=         9001  

RDNIS=              (N/A)  

State=              Ring (4)  

Rings=              0  

NativeFormat=       0x4 (ulaw)  

WriteFormat=        0x4 (ulaw)  

ReadFormat=         0x4 (ulaw)  

1stFileDescriptor=  1 6 

Framesin=           0  

Framesout=          0  
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- TimetoHangup=       0  

ElapsedTime=        0h0m0s  

Context=            default  

Extension=          9001  

Priority=           1  

CallGroup=  

PickupGroup=  

Application=        DumpChan  

Data=               (Empty)  

Bloc king_in=        (Not Blocking)  

 

Variables:  

SIPCALLID=500CEBC0- 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  

Environment-specific variables can be used to access variables defined in the operating system. You 
can set environment-specific variables using the function ENV() . For example: 

${ENV(LANG)}  

Set(ENV(LANG))=en_US  

Application-specific variables 

Some applications use variables for data input and output. You can set variables before calling the 
application or retrieve the variable after the application execution. For example: 

The Dial application returns the following variables: 

¶ ${DIALEDTIME} ->This is the time from dialing a channel until it is disconnected. 

¶ ${ANSWEREDTIME} -> This is the amount of time for the actual call. 

¶ ${DIALSTATUS}   This is the status of the call: 

o CHANUNAVAIL  

o CONGESTION 

o NOANSWER 

o BUSY 

o ANSWER 

o CANCEL 

o DONTCALL 

o TORTURE 

¶ ${CAUSECODE} -> Error message for the call. 

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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The expression syntax is defined as follows: 

$[expression1 operator expression2]  

Letôs suppose that we have a variable called ñIò and we want to add 100 to the variable:  

$[${I}+100]  

When Asterisk finds an expression in the dial plan, it changes the entire expression by the resulting 
value.  

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

precedence.  

1. Parentheses ñ()ò 

2. Unary operators ñ! -ñ 

3. Regular expression ñ: =~ 

4. Multiplicative operators ñ* / %ò 

5. Additive operators ñ+ -ñ 

6. Comparison operators 

7. Logical operators 

8. Conditional operators 

Math Operators  

¶ Addition (+) 

¶ Subtraction (-) 
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¶ Multiplication(*)  

¶ Division (/) 

¶ Modulus (%) 

Logical Operators 

¶ Logical ñANDò (&) 

¶ Logical ñORò (|) 

¶ Logical Unary Complement (!)  

Regular expression operators 

¶ Regular expression matching (:) 

¶ Regular expression exact matching (=~) 

A regular expression is a special text string used to describe a search pattern. You can think of regular 

expressions as wildcards. Regular expressions are used to match a string to a pattern to check the 

matching. If the match succeeds and the regular expression contains at least one match, the first 
match is returned; otherwise, the result is the number of characters matched.  

Comparison operators  

The result of a comparison is 1 if the relation is true or 0 if it is false.   

¶ =  equal 

¶ !=   not equal 

¶ <   less than  

¶ >  greater than  

¶ <=  less than or equal to  

¶ >=  greater than or equal to 

LAB. Evaluate the following expressions: 
Put these expressions in your dial plan and use the NoOP()  application to evaluate the expressions. 

Dial 9002  and examine the results in the Asterisk console. 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(${I})  

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

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

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

exten=9002,n,NoOP($[${URI} =~ "4[0 - 9][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 applications were replaced by functions to allow the processing of certain 
variables in a more advanced way than only expressions. You can see the full list of functions by 

issuing the following 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 shows 5 as the result (the number of letters in the word ñfruitò). The 

second returns the number 4 (the number of letters in the word ñpearò).  

Substrings: Returns the substring, starting from the positing defined by the ñoffsetò parameter, with 

the string length defined in the ñlengthò parameter. If the offset is negative, it starts from right to left, 

beginning at the end of the string. If the length is omitted or negative, it 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 #3: Takes all digits from the variable ${EXTEN}, except for the area code.  

exten=>_516XXXXXXX,1,Dial(${EXTEN:3})  

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

${foo}${bar}  

555${number}  

${longdistanceprefix}555${number}  
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Applications  
To build a dial plan, we need to understand 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 plan, you need to know a few applications. We will discuss more advanced 

examples later in the book.  

Simple applications to build a dialplan

¶ Answer ï Answer a channel

¶ Dial ï Dial other channel

¶ Hangup ï Hang up a channel

¶ Playback ï Play back an audio file

¶ Goto ï Jump to a particular priority, 

extension or context 

 

We will use these applications (above) 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 answered, the application will answer it. Otherwise, it has no 
effect on the call. If a delay is specified, Asterisk will wait the number of milliseconds specified in 

ódelayô before answering the call. 

Dial() 

The following description can be obtained by issuing the show application dial in the dial plan. For 

easy searching, it is reproduced below. The syntax for the Dial application is also shown below:  

;dial to a single channel  

Dial(type/identifier,timeout,options, URL)  

 

;Dialing to multiple channels  

Dial(Technology /resource[&Tech2/resource2...][|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 answeredðif it has not already been answered. 

These two channels will then be active in a bridged call. All other requested channels will then be 

hung up. 

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

channels answers, the user hangs up, or all of the called channels are busy or unavailable. The 

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

¶ DIALEDTIME - This is the time from dialing a channel until the time that it is 

disconnected. 

¶ ANSWEREDTIME - This is the amount of time for an actual call. 

¶ DIALSTATUS - This is the status of the call: 

o CHANUNAVAIL  

o CONGESTION 

o NOANSWER 

o BUSY 

o ANSWER 

o CANCEL 

o DONTCALL 

o TORTURE 

For the Privacy and Screening Modes, the DIALSTATUS variable will be set to DONTCALL if the called 

party chooses to send the calling party to the 'Go Away' script. The DIALSTATUS variable will be set to 

TORTURE if the called party wants to send the caller to the 'torture' script. 

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. If the OUTBOUND_GROUP 
variable is set, all peer channels created by this application will be included in that group (as in 

Set(GROUP()=... ). 

The following table summarizes some of the most frequently used options for the application dial. For 
the complete list, use the console command core 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 using a dial plan 'hintô. For 
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 extensionðor extension and contextðcan 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. 

L(x[:y][:z]) 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 call (Tt ). Music on hold will be heard instead of ring back. If nobody 

answers within 20 seconds, the extension will go to the next priority.  

Hangup() 
Hangs up the calling channel 

[Description] 

Hangup([causecode]) : This application will hang up the calling channel. If a cause code is given, 

the channel's hang-up cause will be set to the given value. 

Goto() 

Jump to a particular priority, extension, or context 

[Description] 

Goto([[context|]extension|]priority):  This application will cause the calling channel to 
continue the dial plan execution at the specified priority. If no specific extension (or extension and 

context) 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 plan, you 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 between extension, we could use the channel variable ${EXTEN}, which refers to 

the dialed extension. For example, if the extension range is between 4000 and 4999 and all extensions 

use SIP, we could adopt the following 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 common to use 9 followed by the number to be dialed externally. If you are using an analog or 
digital channel to the PSTN, the command should look like the following: 

If you want to use the SIP trunk instead of the DAHDI, use 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. In the example given, you will use 

the first DAHDI channel (DAHDI/1). If you have several lines and this one is busy, the call will not 

be completed. However, you could use the following line to automatically choose the 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 ñg1ò parameter will search for the first available channel in the group, allowing the use of all 
channels. Using the line below, you could dial a long distance number.  

[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 to external dialing, you could simplify and use the following:  

[from - internal]  

exten=9,1,Dial(DAHDI/g1,20,tT)  

Receiving a call in the operator extension 
In the following example, the operator extension is 4000. The PSTN line is connected to an FXO 

interface. In the chan_dahdi.conf file, the context specified is from - pstn . Any call coming from the 
PSTN will be routed to the context from - pstn  in the dial plan. This line does not have direct inward 

dialing (DID); as such, we will have to receive the call via the ñsò extension. If receiving from the SIP 

trunk, use the context [from - 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) 

If you have a digital line, you will receive the dialed extension. When this is the case, you donôt need 
to forward the call to the operator; rather, you 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 

configuration would look like the following 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 and, if it is not answered, to dial several other extension 

simultaneously, as 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 example, when someone dials the operator, the channel DAHDI/1 is initially tried. If nobody 

answers after 15 seconds (timeout), the channels DAHDI/1, DAHDI/2 and DAHDI/3 will ring 

simultaneously for another 15 seconds.  

Routing by Caller ID 

In this example, you could give different treatments based on the caller ID, which could be useful for 
call spammers. For example: 

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

exten => 8590,1,Dial(D AHDI/1,20)  

In this example, we have added a special rule that, if the caller ID is 4832518888, you play back a 

message from the previously recorded file ñI-have-moved-to-chinaò. Other calls are accepted as 
usual.  

Using variables in the dial plan 
Asterisk can use global and channel variables in the dial plan as arguments for certain applications. 

Look at the following 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 some of the options discussed later in this section, we will use recorded prompts. Here we show 

you an easy way to record them. We will use the application Record()  to save the announcement 
using oneôs own phone.  

[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()  

These instructions allow you to record any message from a soft-phone.  

Example: dialing recordmenu from the softphone 

The instructions will call the recording with the variable ${EXTEN:6} without the first six letters. In 

other words, the instruction is equivalent to record(menu:gsm) . All you have to do is dial record + 

name_of_the_file_to_be_recorded , press # to finish the recording, and wait to hear the recording.  

Receiving the calls in an digital receptionist 
Now that we have some simple examples, letôs expand our learning about the applications 

background()  and goto() . The key for interactive systems in Asterisk is the application 

background() ,  which allows you to execute an audio file that, when the caller presses a key, is 

interrupted in order to send the call to the extension dialed.  

Syntax of the background()  application:  

exten=>extension, priority, background(filename)  

Another application very useful is goto().  As the name implies, it jumps to the context, extension, 

and priority indicated.   

Syntax of the application goto():  

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

Valid formats for the goto()  command:  

goto(context,extension,priority )  

goto(extension,priority)  



 | Building a dial plan |       

- 67 - 

goto(priority)  

In the following example, we will create a digital receptionist. It is very simple to edit 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(menu1)  

exten=>s,n,WaitExten(30)  

exten=>s,n,Dial(${OPERATOR})  

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(menu1)  

exten=>s,n,WaitExten(30)  

exten=>9999,n,Dial(${OPERATOR})  

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 file menu1.gsm , record the message ñpress the extension or wait for the operatorò. When the 
user dials the number 6000, he will be sent to extension 6000.  

At this point, you should have a clear understanding of the use of several applications, including 

answer() , background() , goto() , hangup() , and playback() . If you do not have a clear 
understanding, please read this chapter again until you feel comfortable with the content. You will use 

the background application very often.   

Once you understand the basics of extensions, priorities, and applications, 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 the dial plan will become more powerful.  
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Summary 

In this chapter, youôve learned that configuration files are stored in the /etc/asterisk directory . 

To use Asterisk, it is first necessary to configure the channels (e.g., sip, dahdi, iax). Three different 
grammars exist for configuration files: simple group, object inheritance, and complex entity. The dial 

plan is created in the file extensions.conf  and is a set of contexts and extensions. In the dial plan, 

each extension triggers an application. Youôve learned to use playback , background , dial , goto , 
hangup , and answer  applications.  

Quiz 
1. The channel configuration files are: 

A. /etc/dahdi/system.conf 

B. /etc/asterisk/chan_dahdi.conf 

C. sip.conf 

D. iax.conf 

2. It is important to define a context in the channel configuration file as this will define the incoming 

context for a call. In the extensions configuration file extensions.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() and background() 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 message and waits for digits to be pressed. 

4. When a call gets into Asterisk using a telephony interface card (FXO), this call is handled in the 

special extension: 

A. ó0ô 

B. ó9ô 

C. ósô 

D. óiô 

5. Valid formats for the goto()  application are (choose three): 

A. Goto(context,extension, priority)  

B. Goto(priority, context, extension)  

C. Goto(extension,priority)  



 | Building a dial plan |       

- 69 - 

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 a ñ.ò (dot) character 

D. A pattern starting with a ñ_ò (underscore) character 

7. The pattern _7[1-5]XX matches (choose all correct answers): 

A. 7100 

B. 7600 

C. 7630 

D. 7230 

8. An incoming context for a DAHDI-compatible telephony interface is defined in the _________ 

configuration file: 

A. /etc/dahdi/system.conf 

B. /etc/asterisk/chan_dahdi.conf 

C. /etc/asterisk/asterisk.conf 

D. /etc/asterisk/modules.conf 

9. In the Options Inheritance grammar used by chan_dahdi.conf , you: 

A. Define the object in a single line. 

B. Define options first and declare the objects below the defined options. 

C. Define a context for each object. 

10. Priorities must be consecutive!  

A. False 

B. True 



 

 

4 
Analog channels  

There are several ways to connect the public switched telephone network (PSTN). The best way 
depends on how the telephone company makes this connection 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 DigiumÊ and XorcomÊ.  

Objectives 

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

¶ Recognize the main telephony terms and acronyms; 

¶ Understand when to use digital and analog circuits; 

¶ Recognize the difference between FXS and FXO; and 

¶ Configure Asterisk for FXS and FXO. 

Telephony basics 

Most analog implementations use a pair of cooper 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 loop-start; other, less common kinds of signaling including ground start, which is 

used in several countries. The three categories of signaling are: 

¶ Supervision signaling 

¶ Address signaling  

¶ Information signaling 

Supervision signaling 

The main supervision signalings are on-hook, off-hook, and ringing.  

On-Hook ï When a user puts the phone on the hook, the PBX interrupts and does not allow the 
electric current to pass. In this state, the circuit is named on-hook. In this position, only the ringer is 

active.  
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Off-Hook ï Before starting a phone call, the phone needs to pass to the off-hook state. 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 address (i.e., phone number).  

Ringing ï When a user calls another phone, it generates a voltage to the ringer that warns the other 

user about a call being received. 

Signaling varies by country, with different tones for different countries. You can personalize Asterisk 

tones to your country by modifying the indications.conf  file. For example: 

[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 dialing, and each button is associated with two frequencies: one high and one low. In the 
case of dtmf signaling, the combination of these tones indicates what digit is being pressed. MFC/R2 

uses a multi-frequency tone different from dtmf.  

Information signaling 

Information signaling shows the callôs progress and different events.  

¶ Dial tone 

¶ Busy Tone  

¶ Ringback 

¶ Congestion 

¶ Invalid number  

¶ Confirmation tone 

PSTN interfaces  

As in the case of old PBXs, it is often required to connect the Asterisk PBX to the PSTN. Here weôll 
show you how to do it. Usually you have three options for telephone lines.  

¶ Analog: The most common form for home and small business, usually delivered with a 

metallic pair of cooper lines.  
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¶ 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 the RJ45 jack to the telephony board.  

¶ SIP: This option has been recently 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 interfaces are available. It is fundamental to understand the differences 

between these interfaces to learn how to connect to the phone network as well as to other PBXs. Here, 

we will show you the E&M interface. Although it is not currently available for Asterisk and has been 

discontinued by several vendors, you may find routers and PBXs with this kind of interface, so it is 
better to know what you are dealing with.  

  

Foreign eXchange (FX) Interfaces 

FX interfaces are analog. The term ñForeign eXchangeò is applied to access trunks to a PSTN central 
office (CO).  
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Foreign eXchange Office (FXO)  

The FXO interface is used to connect to a central office (CO) or another PBXôs extension. It 

communicates directly with a telephone line coming from the PSTN. Another option is to connect the 
FXO interface to an existing PBX, allowing communication between Asterisk and the legacy PBX. 

Connecting Asterisk to a PBX port and delivering a remote extension using VoIP is often referred to 

as an off-promises extension (OPX). An FXO interface receives a dial tone. 

Foreign eXchange Station (FXS)  

The FXS interface feeds an analog phone, modem, or fax. The FXS provides the dial tone and power 
for a phone. 

  

Trunk signaling  

¶ Loop-Start 

¶ Ground-Start 

¶ Kewlstart 

The use of kewlstart signaling in Asterisk is almost default. Kewlstart is not signaling itself, but adds 

intelligence to the circuit by monitoring what is happening on the other side. Kewlstart is based in 

loop-start. Most switches do not support this feature, which is used to get the hang-up notification.  

¶ Loopstart: Used in most analog lines, it allows the telephone to indicate ñon-hookò and 

ñoff-hookò and the switch to indicate ñringò and ñno-ringò. This is probably what most 

people have at home. The name comes from the fact that the line is always open. When 

you close the loop, the switch provides you with a dial tone. An incoming call is signaled 

by a 100V ringing voltage over the open pair.   
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¶ Groundstart: Similar to Loopstart. When you want to make a call, one side of the line is 

short-circuited. When the switch identifies this state, it reverses the voltage through the 

open pair, and then the loop is closed. Consequently, the line first becomes occupied 

before being offered to the caller.  

¶ Kewlstart: Adds intelligence to the circuits, allowing monitoring of the other side. 

Kewlstart incorporates many advantages from loop-start.   

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:  

¶ Analog connection using FXS 

¶ Analog connection using FXO 

¶ Connection of an AstribankÊ with FXS and FXO interfaces 

Configuration Procedure (valid in both cases) 
Before choosing hardware for Asterisk, you should consider the number of simultaneous calls, 

services, and codecs that are going to be installed and enabled. Asterisk is a CPU-intensive 

application, which is why we recommend a dedicated machine for Asterisk.  

The number of interface cards installed within the computer is limited by the number of slots and 

interruptions available. It is preferable to install a single card with eight voice interfaces than two 

cards with four. Another option is to use a USB channel bank, such as the Xorcom Astribank. 
Recently, some manufacturers (e.g., CIANET) have started producing TDMoE channel banks, 

making it even easier to connect dozens of analog interfaces.  

 
Astribank 19ò with 32 FXS/FXO ports 

Example 1: One FXO, one FXS installation 

Several devices (e.g., Digium cards, Astribanks) use a set of kernel modules formerly known as 

Zaptel. Because of trademark disputes, the Zaptel drivers were renamed Digium Asterisk Hardware 

Device Interface (DAHDI ) in 2008. The Zaptel drivers are still available, but they will likely be 

discontinued, which is why I have chosen to use the new DAHDI drivers in this book. In this 
example, we will use a Digium TDM400 telephony interface card with one FXS and one FXO 

module. The required steps are listed below: 

1. Install the analog card FXS, FXO, or both. 

2. Configure the file /etc/dahdi/system.conf  (formerly /etc/zaptel.conf ). 

3. Generation of the configuration files using dahdi_genconf . 

4. Load the driver for the DAHDI interface. 
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5. Execute dahdi_test  to verify interrupt misses. 

6. Execute dahdi_cfg  to configure the driver. 

7. Configure the channel DAHDI in chan_dahdi.conf  file. 
Load Asterisk. 

Step 1: Install the TDM400 Board. 

The TDM404P card contains FXS and FXO modules. Connect the FXS (S110M, green) and FXO 
(X100M, red) modules. If you are using FXS modules, connect the card directly to the power source 

using a molex connector. Please wear electrostatic protection before handling interface cards to avoid 

damage to the hardware. Digium analog cards also support a hardware echo cancellation module 
VPMADT032.  
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Step 2: The good news about the configuration is the new utility dahdi_genconf , which 
automatically detects and generates the configuration for DAHDI interfaces. The utility generates two 

files: 

¶ /etc/dahdi/system.conf  

¶ /etc/asterisk/dahdi - channels.conf  

¶ /etc/asterisk/users.conf  (option: users) 

¶ All these files use the option chan_dahdi  full 

Before you can execute the dahdi_genconf , it is important to configure the file 
gen_parameters.conf  

# 

# /etc/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_hardhdlc: If this parameter is set to 'yes', in the entries for  

# BRI cards 'hardhdlc' will be used instead of 'dchan' (an alias for  

# 'fcshdlc').  

# 

#bri_hardhdlc   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 personalização da sua configuração. Os 
parâmetros mais importantes para linhas analógicas são:  

base_exten   4000  

#fxs_immediate   no 

fxs_default_start  ks  

lc_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 required that you configure at least the echo cancellation algorithm for the 

channels.  

The base_exten  parameter defines the basic dial plan for FXS extensions. In this case, the first FXS 

channel will receive the extension number 4000, the second 4001, and so on. The context in which 

the lines (context_phones ) and trunks (context_ lines ) are created is very important. After 
generating the files, you should include the file /etc/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 always the 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 the chan_dahdi  module and the related card kernel driver. Use 
dahdi_hardware  to detect your card and the driver name. For example: 

 

 

 

 

 

 

 

 

 

Commands to load the drivers: 

modprobe dahdi  

modprobe wctdm  

Step 4: Use the dahdi_test  utility.  

An important utility is dahdi_test , which is used to verify interrupt misses in the DAHDI card. 
Audio quality problems are often related to interrupt conflicts.   

To verify that your DAHDI card is not sharing an interrupt with other cards, use the following 

command:  

Card Driver  Description 

TE410P wct4xxp 4xE1/T1-3.3V PCI 

TE405P wct4xxp 4xE1/T1-5V PCI 

TDM400P wctdm 4 FXS/FXO 

T100P wct1xxp 1 T1 

E100P wctlxxp 1 E1 

X100P wcfxo 1 FXO 
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#cat /proc/interrupts  

You can verify the number of interrupt misses using the dahdi_test  utility compiled with the 

DAHDI cards. A number below 99.987% indicates possible problems.  

Step 5: Use the dahdi_cfg  utility to configure the driver. 

DAHDI has an unusual system for loading the drivers. First configure the /etc/system/dahdi.conf , 

and then apply those configurations to the DAHDI driver using dahdi_cfg .  

In this case, dahdi_cfg is used to configure the signaling for the FX interfaces. To see the results, you 

can append ñ-vvvvvò to the command for verbose.   

# 

/sbin/dahdi_cfg - vv  

Dahdi Configuration  

======================  

Channel m 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 often incorrectly configure chan_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 the /etc/dahdi/system.conf , you configured the card itself. 

DAHDI can be used for other purposes, like routing and SS7. To use it with Asterisk, you must 

configure the Asterisk DAHDI channels. Every channel in Asterisk has to be defined; SIP channels 
are defined in sip.conf  while TDM channels are defined in chan_dahdi.conf . This creates the 

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 options are available in the chan_dahdi.conf  file. A description of all options would be 
boring and counterproductive; instead, we will focus on the 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 channel definition will inherit options defined 

before the declaration. Channels can be identified individually or in the same line by comma 
separation. Ranges can be defined using ñ-ò. 

Channel=>1 - 15 

Channel=>16  

Channel=>17,18  

group: Allows channels to be handled as a group. If you dial a group number instead of a channel 

number, the first channel available is used. If channels are phones, when you call a group, all phones 

will ring simultaneously. With 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 feature will configure 

system messages for a specific language. English is the only language with complete prompts 

available through standard installation.  

musiconhold: Selects music on hold class. 

Caller ID options   

There are many callerid  options. Some can be disabled, although most are enabled by default.  

usecallerid: Enables or disables the callerid  transmission for the subsequent channels (Yes/No).  

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

hidecallerid: Defines whether or not to hide the outgoing callerid  (Yes/No).  

callerid:  Configures a callerid  string for a specific channel. The caller can be configured with 

asreceived . This is mostly used in trunk interfaces to indicate the incoming callerid .  

callerid = "Flavio Eduardo Gonçalves" <48 30258500>  

callwaitingcallerid:  Supports callerid  during call waiting. 

useincomingcalleridondahditransfer:  Uses the incoming callerid  in a transfer.  

Call Waiting 

Asterisk supports call waiting in FXS channels. The user will receive a waiting tone if someone tries 
the extension. To enable call waiting: 
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callwaiting=yes  

To support callerid  in call waiting: 

callwaitingcallerid =yes  

Audio quality options 

Adjusting the echo cancellation is half technical, half art. These options adjust certain Asterisk 
parameters that affect audio quality in the DAHDI channels. They can help improve audio quality in 

analog interfaces.  

The fxotune utility 

The fxotune  is a utility used to fine-tune certain parameters for FXO modules. This fine-tuning is 
required to adjust impedance mismatch caused by the hybrid. The utility has three operation modes: 

¶ Detection (-i): detects and fixes the existing FXO channels and saves the configuration to 
fxotune.conf  

¶ Dump mode (-d): generates the waveform files to fxotune_dump.vals  

¶ Startup mode (-s): reads the file fxotune.conf  and applies it to the FXO modules  

It is important to understand that you will have to insert the instruction fxotune ðs  in the system 

load before starting Asterisk:   

#modprobe dahdi  

#modprobe wctdm  

#fxotune - s 

Echo cancellation 
Most echo cancellation algorithms operate by generating multiple copies of the received signal, in 

which each one is delayed by a specific amount of time. The number of taps of the filter determines 

the size of the echo delay that needs to be cancelled. These delayed copies are then adjusted and 
subtracted from the received signal. The trick is to adjust only the delayed signal to remove the echo 

without using too many CPU cycles.  

From the usersô perspective, it is important to choose an appropriate echo cancellation algorithm. The 
default is MG2; however, recently two new possibilities have emerged. The commercially licensed 

High Performance Echo Cancellation (HPEC) from Digium and the open-source echo cancellation 

(OSLEC) developed by David Rowe. OSLEC has received significant attention lately. Check the 
official page for more information http://www.rowetel.com/ucasterisk/oslec.html. To change the echo 

cancellation algorithm, change the parameter echo_can  to /etc/dahdi/system.conf . 

For example:  

echo_can=oslec  

The echo cancellation in Asterisk is controlled by three parameters in the file /etc/asterisk/chan -

dahdi.conf .  

http://www.rowetel.com/ucasterisk/oslec.html
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echocancel: Disables or enables echo cancellation. You should keep this feature enabled. It accepts 

ñyesò or the number of taps.  

Explanation: How does echo canceling work? 

Most echo canceling algorithms operate by generating multiple copies of a received signal, with each 

being delayed by a small interval. This little flow is called a ñtapò. The number of taps determines the 
echo delay that can be cancelled. These copies are delayed, adjusted, and subtracted from the original 

signal. The trick is to adjust the delayed signal exactly to what is necessary to remove the echo.  

echocancelwhenbridged: Enables 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 volume (-100% to 

100%).  

txgain: Adjusts audio transmission gain to either increase or decrease the transmission volume (-

100% to 100%).  

For example: 

echocancel=yes  

echocancelwhenbridged=yes  

txgain= - 10% 

rxgain=10%  

Billing options 

These options change how call information is recorded in the call detail records (CDR) database.  

amaflags: Configures the AMA flags affecting the CDR categorization. It accepts the following 
values: 

¶ billing  

¶ documentation  

¶ omit 

¶ default 

accountcode: Configures an account code for a specific channel. It can contain any alphanumeric 

valueðusually the department or user name.  

accountcode=finance  

amaflags=billing  

Call progress options  

These items are used to acquire information 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 by specific parameters.  

busydetect=yes  

busycount=4  
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busypattern=500,500  

callprogress=yes  

progzone=br  

These parameters (above) specify whether the interface will try to detect the busy tone, how many 
tones will be used for successful detection, and what is the busy pattern. The busy detection is largely 

experimental, and some additional parameters can be changed in the Makefile .  

To detect the answer of a call, which is essential for precise billing, it is possible to use the polarity 
reversal to signal the exact answer time. This is important if you plan to charge for the call or just 

wish to have precise billing for comparison. Usually you have to contact the phone company to 

request this service.   

answeronpolarityswitch=yes  

In some countries, it is possible to detect the hang up of the call using polarity reversal as well.  

hanguponpolarityswitch=yes  

Options for phones 

These options are used for phones connected to the FXS interfaces. All the functionalities delivered to 
analog phones connected directly to the DAHDI interfaces are controlled by Asterisk.  

Adsi (Analog Display Services Interface): This is 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 *73 to disable).  

calleridcallwaiting:  Enables callerid  received during a call waiting indication (Yes/No). 

immediate: In immediate mode, instead of providing a dial tone, the channel jumps immediately to 

the ñsò extension in the defined context. This is used to create hotlines.  

threewaycalling: Enables or disables three-way conferencing.  

mailbox: Warns the user about available voicemail messages. It can be an audible sign or a visual 

indicator (if the telephone supports this feature). The argument is the mailbox number.  

callgroup: Group phones to dial or to pick up.  

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 l numeric identifier  

[g] ð Group identifier  

[c] ð Answer confirmation. A number is not considered until the callee press 
ò#ó 

[r] ð customized ringing  

[cadence] Integer from 1 to 4  
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For example: 

DAHDI/2  -  channel 2  

DAHDI/g1   -  First available channel in g roup 1  

Quiz 
1. Supervision signaling includes: 

A. On-hook  

B. Off-hook  

C. Ringing 

D. Dtmf 

2.  Information signaling includes: 

A. Dtmf 

B. Dial tone 

C. Invalid number 

D. Ringback 

E. Congestion 

F. Busy  

G. Pulse 

3. There are two types of analog interfaces available for Asterisk: FXS and FXO. Mark the correct 

answers.  

A. FXS: Foreign Exchange Station can be connected directly to the companyôs PBX extension 
port.  

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

C. FXS: Foreign Exchange Station provides a dial tone and can be connected to a standard 

analog phone.  

4. To configure DAHDI hardware, you 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. The DAHDI hardware is independent of Asterisk. In the chan_dahdi.conf, you configure Asterisk 

channels, not the hardware itself.  

A. True 
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B. False 

6. When using a TDM400 with an ___ port, is necessary to connect the PC power source to the card 

using a specific connector (similar to the one used to power the hard disk).  

A. FXO 

B. FXS 

C. E+M 

D. ISDN 

7. Echo, pops, and noise in a DAHDI 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 you can do? (check all that apply) 

A. Change tx and rx gains 

B. Change the echo cancellation algorithm (oslec, mg2) 

C. Use hardware echo cancellation  

D. Activate call progress detection 

E. Invert the tip and ring 

9. In some cases, when you want a precise billing using analog channels, it is important to activate a 

feature that allows the precise detection of the moment when the call answer occurred. To do this, you 

should activate _________ on Asterisk and at the 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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5 
Digital channels  

Digital channels are extremely common, so you will need to learn how to implement these channels if 
you want to focus on large customers. When the number of channels is highðusually more than 8ðit 

is fairly common to use digital interfaces such as T1/E1/J1. T1 is very common in the US, whereas 

E1 is common in Europe and J1 in Japan. These types of channels allow for a good density of 
circuitsð24 per T1 channel and 30 for E1 channels. In Latin America, China, and Africa, it is 

common to use a type of channel associated signaling (CAS) 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 (BRI), which is very common in Europe in mid-range 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: 

¶ Recognize the main terms used in digital telephony 

¶ Differentiate CAS and CCS signaling 

¶ Differentiate R2 and ISDN signaling 

¶ Configure interfaces with ISDN signaling 

¶ Configure interfaces 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), Caller 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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TELCO

UTP

HDSL modem (E1)

Direct connection to the card (T1)

Optical Fiber

Optical Mux

n x T1/E1

Microwave Link

How E1/T1s are provisioned

Radio Mux

n x T1/E1

 

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

multiplexors (MUX) are used to deliver the physical line. The connection to a T1 line is always based 
in an RJ45 connector. However, E1 lines may be provisioned as well using BNC. It is very important 

to know the 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.  

3

1 2

UTP or BNC ?

 

How is the voice converted to bits? 
The analog signal is sampled 8,000 times per second to create a digital version of the analog voice. 

This encoding is known as pulse code modulation (PCM). In the US and Japan, the signal is encoded 

using mlaw (in Asterisk, referred to as ulaw ). In the rest of the world, the encoding is alaw .  
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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 company 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.  
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In the US, the most common digital trunk 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 borrowed for signaling. 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/E1 Line code 
T1s and E1s are actually 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 the TELCO about this 

information. You will need this information to configure the file /etc/dahdi/system.conf . 

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

such as: 

¶ T1 with robbed bit signaling 

¶ T1 with ISDN signaling  

¶ E1 with MFC/R2 (CAS - Channel Associated Signaling) 

¶ 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. ISDN provides two kinds of channels: 

¶ Bearer channels 

o Voice 

o Data  

¶ Data channels 

o Out of band signaling 

o LAPD signaling 

o Q.931 

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

¶ Basic rate interface (BRI) 

o Known as 2B+D 
o Two bearer (64K) channels and a data (16K) channel  

o Uses a pair of copper wires with 148Kbps. 

¶ Primary rate interface (PRI) 

o Delivered using a T1/E1 trunk 
o 23B+D for T1s 
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o 30B+D for E1s 

 

Sometimes, E1 circuits use a CAS signaling scheme called MFC/R2, which was defined by the ITU 
as a standard known as 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 using 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 termination (NT). 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 a telephony 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 the right card for your 
server. The following overview outlines the most frequently used cards: 

¶ 32 Bits PCI 5V found in most computers, including desktops 

o Digium TE405, TE407, TE205, TE207, TE120, TE122, B410, TDM2400, 

TDM800, TDM410, and TC400 

o Sangoma A101, A102, and A104 

¶ 32/64 bits PCI 3.3V, basically found in servers 

o Digium TE410, TE412, TE210, TE212, TE120, TE122, B410, TDM2400, 

TDM800, TDM410, and TC400 

¶ PCI Express found on desktops and servers 

o Digium TE420, TE220, TE121, AEX2400, and AEX800  

o Sangoma A101, A102, and A104 

¶ MiniPCI found on embedded systems 

o OpenVOX A100M(FXO), B100M(ISDN BRI), B200M(ISDN BRI), and 

B400M(ISDN BRI) 

¶ 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 Mbps, and each 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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o Xorcom Astribank (FXS, FXO, E1-ISDN, E1-R2) 

¶ Etherne t. The biggest advantage of Ethernet is to allow the card to be connected 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.  

o 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 echo 
cancellers such as the OSLEC are reducing the need for a hardware echo canceller. To choose 

between hardware and software echo cancellers, you should consider the amount of processing power 

available in your server and the number of E1 circuits. An echo cancellation process may use up to 
nine MIPS (millions of instructions per second) per voice channel with 128 taps of amplitude using 

OSLEC (Reference: Xorcom Ltd.). If you consider 1 CPU cycle per each instruction (which is not 

always correct based on the processor and software implementation itself), we are speaking of 1.080 

Ghz for four E1s.   

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 and at what price. 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 T1 
PRI for advanced users (e.g., call centers). In Latin America, E1 CAS R2 is prevalent, but ISDN PRI 

is available in some cities.   
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Asterisktm

Asterisk chan_dahdi

/dev/dahdi

dahdi kernel driver

Interface kernel driver

Libpri LibopenR2 Libss7

DAHDI Architecture

 

Implementing R2 is necessary for installing a library known as OpenR2 (www.libopenr2.org), 
developed by Moises Silva, and to patch Asterisk before the installationða simple 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 choice, if available. 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 
Recently, because of a dispute over the trademark ZaptelÊ, Digium has changed the name of its 

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 in the source 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:  

¶ Digital connection using ISDN PRI 

¶ Digital connection using ISDN BRI 

¶ 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 dahdi_genconf  to detect and configure 
the cards.  

http://www.libopenr2.org/
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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 utility dahdi_genconf,  which will 

detect the card and generate the files /etc/dahdi/system.conf  and dahdi - channels.conf . 

dahdi_genconf  

Step 2: In the last line of the file chan_dahdi.conf , include the file dahdi - channels.conf  

#include dahdi_channels.conf  

Step 3: Comment on all the unused modules in the file modules or simply use: 

dahdi_genconf modules  

Manual configuration  

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

Example #1 ï Two T1/ E1 channels using ISDN 

Required 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 TE205P, it is important to understand the differences between the TE205P and 

TE210P cards. The TE210P card uses a 64-bit bus powered by 3.3 volts found almost only in the 
serverôs motherboards. Be careful if you specify this interface card; make sure your hardware 

supports a 64-bit, 3.3V bus. The TE205P card uses a 5V PCI, which is often found in desktop 

computers.  
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We have chosen the TE205P interface card with two spans for this example because it is easier to 
reduce it to one-span card or to expand it to the four-span 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 channels. Spans are 

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.  

Use dahdi_hardware  to check which hardware is installed on each span.  

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 using dahdi_hardware . 

dahdi_hardware  

pci:0000:04:02.0     wcte2xxp    e159:0001 Digium Wildcard TE205P T1/E1 Board  

To load use: 

modprobe dahdi  

modprobe wct 2xxp  

Step 4: Using dahdi_test , check the missing interrupts  

You may verify the number of interrupt misses using the dahdi_test  utility compiled with the 

DAHDI cards. A number below 99.987% indicates possible problems. You will find dahdi_test  in 
/usr/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 the dahdi_cfg  utility  

This is the correct output for dahdi_cfg  for one fractional E1 (15 ports) span and two FXO ports.  

#./dahdi_cfg ðvvvv  

 

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 file /etc/asterisk/chan_dahdi.conf  

Example #1 (2xT1) 

callerid=óJohn Doeó<(555)555- 1111>  

switchtype=national  

signalling =pri_cpe  

context=from - pstn  

group = 1  

channel => 1 - 23 

group =2   

channel => 25 - 47 

Example #2 (2xE1) 

callerid=óFlavio Eduardoó <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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Use signaling=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 

make config , you wonôt need to do anything extra. The kernel driver will be automatically loaded 
and configured. However, sometimes it is useful to load and unload the drivers manually.  

Example: 

modprobe wct11xp  

dahdi_cfg ðvvvvv  

The first command loads the driver and the second, dahdi_cfg,  applies the configuration to the 

kernel driver. 

Troubleshooting 
Sometimes things donôt work the first time. Letôs check some resources for troubleshooting DAHDI. 

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

lspci ðv 

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 e1)  

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 SCSI storage controller: LSI 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)  
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07:05.0 VGA compatible controller: ATI Technologies Inc ES1000 (rev 02)  

Step 2: Check if the kernel driver is loading correctly using:  

modprobe wct11xp  

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)  

wcte1xxp: Setting yellow alarm  

Step 3: Verify the status of alarms related to the physical layer of the connection.  

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 physical 

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 timeslots; dahdi_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 E100P 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 Asterisk server, 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  

     30 2171       from - pstn                  default  

     31 2171       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: EuroISDN  

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 specific 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 gnalling  

Radio: 0  

Owner: <None>  

Real: <None>  

Callwait: <None>  

Threeway: <None>  

Confno: - 1 

Propagated Conference: - 1 

Real in conference: 0  

DSP: no  

Relax DTMF: no  

Dialing/CallwaitCAS: 0/0  

Default law: alaw  

debug pri span x: If after everything you still have problems, 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 example of 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 core set verbose=0  to 

receive just the ISDN q.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 (len= 5) [ Ext: 1  Q.931 Std: 0  Info transfer capability: Speech (0)  

>                              Ex t: 1  Trans mode/rate: 64kbps, circuit - mode (16)  

>                              Ext: 1  User information layer 1: A - Law (35)  

> [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 0e 46 6c 61 76 69 6f 20 45 64 75 61 72 64 6f]  

> Display (len=14) @h@>[ Flavio Eduardo ]  

> [6c 0c 21 80 34 38 33 3 0 32 35 38 35 39 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' ]  

> [70 09 a 1 33 32 32 34 38 35 38 30]  

> Called Number (len=11) [ Ext: 1  TON: National Number (2)  NPI: ISDN/Telephony Numbering 

Plan (E.164/E.163) (1) '32248580' ]  

> [a1]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 : 0   Number Specified   Channel Type: 3  

<                       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 (1)  

< [1e 02 84 88]  
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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 a1 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 15 91 a1 12 02 01 bc 02 01 0f 30 0a 02 01 01 0a 01 00 a1 02 82 00]  

< Facility (len=23, codeset=0) [ 0x91, 0xa1, 0x12, 0x02, 0x01, 0xbc, 0x02, 0x01, 0x0f, '0', 

0x0a, 0x02, 0x01, 0x01, 0x0a, 0x01, 0x00, 0xa1, 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 - ISDN. 

(3) ]  

< [6c 0c 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' ]  

< [a1]  

< 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 (cs0, Called Party Number)  

--  Processing I 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 ]  
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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. 

(2) ]  

< 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. 

(2) ]  

--  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 file chan_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 in the same line with comma 

separation. Ranges can be defined using ñ-ò. 

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 channels are 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 feature will configure 

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. In Europe and Latin America, EuroISDN is 
common. 

¶ 5ess: Lucent 5ESS 

¶ euroisdn: EuroISDN 

¶ national: National ISDN 

¶ dms100: Nortel DMS100 

¶ 4ess: AT&T 4ESS 
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¶ Qsig: Q.SIG 

switchtype = EuroISDN  

pridialplan:  Required for some switches that need a dial plan specification. This 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 used when you pass digits after the connection is established. You 
can use block mode numbering (overlapdial=no ) or digit mode (overlapdial=yes ). Block mode is 

often used by operators.   

signaling: Configures the signaling type for the subsequent channels. These parameters should 
correspond to those in the chan_dahdi.conf  file. Correct choices are based on the available channel. 

For ISDN you might choose five options:  

¶ pri_cpe: Used when the device is a CPE, sometimes referred to as client, user, or slave. This 

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.  

¶ pri_net:  Used when Asterisk is connected to a private 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 

terminal (TE). 

¶ bri_cpe_ptmp: Sames as bri_cpe, but in a point-to-multipoint architecture.  

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 transmission 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 Caller ID during a call waiting indication (Yes/No). 

callerid:  Configures a Caller ID string for a specific channel. The caller can be configured with 

ñasreceivedò in trunk interfaces to pass the Caller ID forward.  

callerid = "Flavio Eduardo Gonçalves" <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 ID, you shouldnôt be able to dial out over the TELCO. On the other hand, you will 

be able to receive calls even without configuring the caller ID. 

Audio quality options 
These options adjust certain Asterisk parameters that affect audio quality in DAHDI channels.  

echocancel: Disable or enable echo cancellation. You should keep this feature enabled. It accepts 

ñyesò or the number of taps.  

Explanation: How does echo canceling work? 

Most echo canceling algorithms operate by generating multiple copies of a received signal, with each 
being delayed by a small interval. This little flow is named ñtapò. The number of taps determines the 

echo delay that can be cancelled. These copies are delayed, adjusted, and subtracted from the original 

signal. The trick is to adjust the delayed signal exactly to what is necessary to remove the echo.  

echocancelwhenbridged: Enables or disables the echo canceller during a pure TDM call. This is 

usually not required.  

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

txgain: Adjusts audio transmission gain to either increase or decrease the transmission volume (-

100% to 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. It accepts these values: 

¶ billing  

¶ documentation  

¶ omit 

¶ default 

accountcode: It configures an account code for a specific channel. It can contain any alphanumeric 

value, usually the department or user name.  

accountcode=finance  




