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Chapter 1. Foreword

Dear Asterisk User,

Thank you for purchasing Asterisk Business Edition. | consider myself quite fortunate to have been able to seed and
participate in aproject asfundamental and aswide-reaching as Asterisk. From its humble beginnings as a Linux-based
PBX, originaly written for my little startup company, the open source development model has allowed an enormous
and growing community of users, developers, and customers to launch Asterisk into an industry-shattering, world-
wide phenomenon.

Digium’ s primary purposeisto advance Asterisk devel opment and deployments. While few question the devel opmen-
tal advantages of the open source model, not all businesses are prepared to operate a system as fundamental to their
business as their phone system without more traditional product warranties, more support, and a clear commercial
license when incorporated with proprietary components. Asterisk Business Edition builds upon the open source model,
by providing the same core software, under moretraditional licensing terms, with more substantial software warranties
and support to address this need.

Y our purchase of Asterisk Business Edition not only entitlesyou to first-class technical support from Digium’ steam of
core Asterisk developers and support technicians, but also directly benefits the Asterisk project at large by supporting
many of the programmers who contribute to its stability, interoperability and features on adaily basis.

On behalf of everyone at Digium, | again thank you for your purchase and encourage you to contact us with any
Asterisk-related questions or needs you might have in the future.

Mark Spencer
Original Author and Project Manager, Asterisk

CTO, Digium
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Chapter 2. Introduction

Asterisk Business Edition provides the enterprise environment with atested and stable edition of Asterisk for mission
critical applications. Also, developers and turnkey providers who require a non-GPL version can confidentially dis-
tribute Asterisk Business Edition within a product or development platform.

Asterisk Business Edition allows the following advantages:

Y ou have the most stable, tested version of Asterisk available
The product includes afull one-year warranty

A new installer is provided that includes a Linux distribution customized for Asterisk Business Edition, making it
easy to install Linux and Asterisk

Technical Support isincluded for installation and critical issues
The product comes with a commercial license for your protection
Free updates and support are provided for afull year and can be renewed for anominal fee

Customers have access to a special Asterisk Business Edition portal on the Digium website for obtaining trou-
bleshooting info, support, partner products, updates, and supplemental downloads

Customers have access to a specia Asterisk Business Edition portal on the Digium website for the latest listing of
hardware and software

The product comes with acommercia license for your protection

Severa software partner products are included, either astrials or with limited number of channels, such as Text-to-
Speech by Cepstral™ and Speech Recognition by Lumenvox™

A range of Partner products are certified for operation with Asterisk Business Edition. Please see our website under
Ecosystem for acomplete list of certified compatible products.

Major new releases of Asterisk Business Edition will be provided approximately twice per year. Each new version is
fully regression tested using atest suite of over 1300 test cases, including functionality, stresstesting, and certification
with Digium and Partner products. Minor releases are provided as needed to address critical issues. All product mod-
ifications and revisions are risk-analyzed to maximize stability and reliability of the product.
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Chapter 3. Installing Asterisk Business
Edition

In this chapter we will explore how to install Asterisk from thei nst al | . sh script found on the Asterisk Business
Edition (ABE) installation disk. The supported operating systems include RedHat Enterprises Linux (RHEL) 4 &
5, and Fedora Core (FC) 6 & 7. The instructions in this chapter will assume that you've installed a bare minimal
configuration set and that you will be installing the necessary packages for Asterisk Business Edition with yum

Mounting the CDROM

After you have installed one of the supported operating systems for Asterisk Business Edition (ABE), you can then
insert one of the two discs into your cdrom. Disc 1 contains ABE for 32-bit architectures such as Intel P4 and AMD
Athlon XP. Disc 2 contains ABE for 64-bit architectures such as Intel Xeon and AMD Opteron.

Next, nount the cdrom using the following commands.

A  Note

A5
&
i If you've previously created the/ mmt / cdr ond directory, then you do not need to create it again

Warning
A If you have multiple cdrom devices connected to your system, the location of your cdrom may be dif-
ferent.

# nkdir /mmt/cdrom

# mount /dev/cdrom /mt/cdrom
nount : bl ock device /dev/cdromis wite-protected, nounting read-only

Installing Dependencies

In order to install Asterisk Business Edition, you will need to install afew dependenciesin order for the software to
compile and install the appropriate modules. For a base install with none of the optional modules such as the Speex
codec, Ogg Vorbis format, mlSDN, Cepstral Text-to-Speech, or the Transnexus Open Settlement Protocol, then you
will need the following packages:

* Perl

* libcurl

* unixODBC

* ALSA

* GNU C compiler

* make

» Kernel sources
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» Newt development packages

AF  Note
r
i When you install the kernel sources, your system may install the latest released version of the kernel

sourceswhich may not necessarily match your currently running kernel. Be sureto install the appropriate
kernel sources for your currently running kernel, or upgrade to the latest kernel and reboot your system
before installing Asterisk Business Edition.

Install the necessary dependencies using the yum application with the following command from your system console:
# yuminstall perl curl alsa-lib gcc nake uni xODBC kernel - devel new - devel

Y ou will then be prompted to confirm installation of the packages along with any dependencies required by the above
applications or libraries. Confirm you wish to install the packages and continue.

See Installing additional packages for more information about installing dependencies for the optional packages.

Installing Asterisk Business Edition from CD

Change to the directory where you mounted your cdrom (/ mt / cdr ot ) and execute thei nst al | . sh script.

# cd /mt/cdrom
# ./install.sh

After starting the script, you will be asked a series of questions asking you which packages you want to install. We
will explore abasic installation with no additional packagesinstalled. If you wish to install the optional packages now
(those selected as 'n' in the following script), be sure you have all the necessary dependenciesinstalled (see Installing
additional packages). If you choose not to install them now, you can still install them at alater time.

R I I R S I I S S S R S R S I S S I S I S I S S S S

Frxxxxxkxx ASTERI SK BUSI NESS EDI TION C. 1.0 *****xx**x

R I I O S I I S S S R S S I R S S I S I S S S S

Wul d you like to install the open-source codec Speex? (Y/n) n
Woul d you like to install support for Ogg Vorbis playback? (Y/n) n
***xx*x%x Checking for required packages ****x**x*

After the required packages have been verified to be installed, then you will be prompted to read acknowledge you
agreeto the Digium End-User Purchase and License Agreement. Then you will be prompted about afew more packages
you may wish to install. The options shown below are for a basic installation.

Do you agree to the terms of the EULA? (y/n) y

Do you wish to install sanmple configs? (Y/n) y

Wuld you like to install m SDN support for Asterisk? (Y/n) n

Wul d you like to install the Cepstral Text-to-Speech connector

for Asterisk? (Y/n) n

Wul d you like to install Transnexus Open Settl enment Protocol (OSP)
Extras? (Y/n) n

Then the Zaptel driverswill be built and installed, followed by installation of the Asterisk Business Edition packages
you have selected.
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FrExxxxx ZAPTEL BUI LT SUCCESSFULLY **** %% %

***xx%x Renmovi ng any exi sting Asterisk RPMS ****x*x
[ R RsRs It could be a mnute *okk kK k%

*rxxxkxx Attenpting to install RPMVS *****x*

Preparing. .. BHHABHBHHBHHHHBH B H BB H BB H BB BB R
asterisk-core BHHABHBHHBHHHHBH B H BB H BB H BB BB R
l'i bpri BHHABHBHHBHHHHBH B H BB H BB H BB R R
I'i bt onezone BHHBHBHHBHHHHBH AR H B HBH BB B R R
asterisk-doc BHHBHBHHBHHHHBH AR H B HBH BB B R R
asterisk-curl BHHABHBHHBHHHHBH AR H B HBH BB H B BB R R
asterisk-al sa BHHABHBHHBHHHHBH AR H B HBH BB H B BB R R
asteri sk-odbc BHHABHBHHBHHHHBH AR H BB H BB B BB R
asteri sk- gui BHHABHBHHBHHHHBH AR H BB H BB B BB R
asterisk-configs BHABHBHHBHHHHBH AR H B HBH BB B BB R R
Preparing. .. BHHABHBHHBHHHHBH AR H B HBH BB B BB R R
asterisk BHHABHBHHBHHHHBH AR H B HBH BB B BB R R

***xxx%x Successfully installed Asterisk Business Edition RPMS ****x*x*

Wul d you like to install extra Asterisk sounds? (Y/n) y
Whul d you like Asterisk to start on boot? (Y/n) y
khhkkkhhkkhhhkkkhhhkhhhhdhdxddhddhdxddhddhdxddhddhkdxddhx*dhkxrdx*k,%*%x
Asteri sk and Zaptel have been added to your services
service <asterisk or zaptel> {start|stop|restart]|status}

Be sure to edit /etc/sysconfig/zaptel to refine the nodul es you wish to | oad
khhkkkhhkkhhhkkkhhhkhhhhdhdxddhddhdxddhddhdxddhddhkdxddhx*dhkxrdx*k,%*%x

Wul d you like to register your product? (y/n)

After the packages have finished building and installing you can choose to register your copy of Asterisk Business
Edition, or continue on with the installation and register Asterisk after by running the register script on the Asterisk
installation cdrom. For more information about registering your product, see Registering Asterisk Business Edition.

hkhkhkkhkhkhhhhhhhhhhhhhhdhhhhhhdhhhdhhhdhdhdhddhddhdhrdhdhhhhhhdhhhdhhhdhhhdhddhddhddrddddrdrdrxdx*r*x

Thank You For Installing Asterisk Business Edition
To use the Asterisk GU :
1. Create or unconment default account in /etc/asterisk/mnager. conf
2. Set 'enabled and 'webenabled to 'yes' in /etc/asterisk/mnager. conf
3. Set 'enabled to 'yes' in /etc/asterisk/http.conf
khhkkkhhkkhhhkhkhhhkhdhhdhhddhhdhhddhhdhdxddhddhdxddhddhdxddhddhdxdddxddhdxdddx*dhk*x*dx*d*x*x%

Wul d you like to view the Asterisk Business Edition READVE? (y/n)

And voila, Asterisk has been installed! If you are new to Asterisk Business Edition, or you are upgrading from a
previous release, please peruse the READVE file.

In the next few sections we are going to explain Registering Asterisk Business Edition, Enabling the Asterisk GUI,
and Starting Asterisk Business Edition.




Draft Installing Asterisk Business Edition Draft

Registering Asterisk Business Edition

Before we get too involved, Asterisk Business Edition requires registration and activation using the code supplied on
the included certificate. In order to register your system with Digium using the information on the certificate, we need
to execute the register application located on your installation CD.

# cd /mt/cdrom
# ./register ( pass '-v' for verbose
node if you have any trouble)

A  Note

.

f -

A Once you activate and register your copy of Asterisk Business Edition, it will not be eligible for return
or refund, so be sure you have carefully read the End User License Agreement before activation.

To run the registration application, your PC must have Internet access to contact the Digium license server. Port 433
isused by default and must be open through any firewalls to complete the automated activation process. The PC must
also have at least one Ethernet device installed.
Sel ect the follow ng:

1. Digium Products

--> 1. Asterisk Business Edition
Enter your Activation Code
The registration application will then ask you for the following information:

* First Name

e |ast Name

Company/Organization

Mailing Address

Phone Number

Email Adress

Supplying the correct email addressisimportant. The one specified during registration gives you accessto the Asterisk
Business Edition Portal, http://be.digium.com. Thisareaof the Digium website provides a multitude of documentation,
updates and support for Asterisk Business Edition.

And now you should have a successfully registered product!

Enabling the Asterisk GUI

To enablethe Asterisk GUI interface, modify the/ et c/ ast er i sk/ manager . conf filetoalow thewebinterface
to communicate with Asterisk.

Set enabl ed and webenabl ed toyes inthe[ gener al | section of thefile:
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[ general ]

di spl aysyst emmane = yes
enabl ed = yes
webenabl ed = yes

port = 5038

Then uncomment or modify the[ adm n] account near the bottom of the file.

rhkkkhkkkhkkhkhkhkkhkhkhkhkhkhhkhkhhkhkhhkhhhkhhhkhhhkhhhkhkhhkhkhkhkhkhkhhkhhhhhkhhkhkhkhkhhkhkrhkhkkhkkhkh*x
’

;* Asterisk Business Edition GJ users: *
;x uncoment and/or nodi fy the account bel ow *
i to access the GU *

rhkkkhkkkhkkhkhkhkkhkhkhkhkhkhhkhkhhkhkhhkhhhkhhhkhhhkhhhkhkhhkhkhkhkhkhkhhkhhhhhkhhkhkhkhkhhkhkrhkhkkhkkhkh*x

[ admi n]

secret = mysecret
deny=0.0.0.0/0.0.0.0
permit=0.0.0.0/0.0.0.0
read = systemcall, |l og
wite = systemcall,lo

, ver bose, conmand, agent, user, confi g
g, ver bose, conmand, agent, user, confi g

Then modify the/ et ¢/ ast eri sk/ ht t pd. conf filetoenablethemini-HTTP server by settingenabl ed toyes
inthe[ gener al ] section.

[ general]

: Whether HITP interface is enabled or not. Default is no.
enabl ed=yes

Now you areready to start Asterisk and get started configuring your system. In Starting Asterisk Business Edition, we
will show you how to get your system started. For more information about configuring your Asterisk system viathe
web interface, see Part I1: GUI Configuration and Operation.

Starting Asterisk Business Edition

Now that you've successfully installed and registered Asterisk Business Edition, you are ready to let it loose. To get
started, run the following two commands.

# service zaptel start
# service asterisk start

Before loading the Zaptel modules with the ser vi ce application, modify / et ¢/ sysconfi g/ zapt el sothat it
reflects your installed hardware. If you have no hardware installed, then comment out all MODULES lines except
the line that loads the ztdummy driver. Commented lines start with a #, while uncommented lines have no #. After
modifying / et c/ sysconf i g/ zapt el , then start Zaptel.

# service zaptel start

Loadi ng zaptel franmework: [ X ]
Waiting for zap to cone online... K

Loadi ng zaptel hardware nodul es: ztdummy.

Runni ng ztcfg: [ X ]
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After loading Zaptel, you can start Asterisk in asimilar manner:
# service asterisk start
Starting asterisk: [ X ]

Once Asterisk starts successfully you can connect to the Asterisk command line interface (CL1) by running asterisk
-TVVVWV.

# asterisk -rvvv

Asteri sk Business Edition C 1.0, Copyright (C 1999 - 2007 Digium Inc.

and ot hers.

Created by Mark Spencer

Thank you for using Business Edition. This Software is provided by D giumlnc
under |icense. Please refer to the license agreenment provided with the

== Parsing '/etc/asterisk/asterisk.conf': Found

== Asterisk Business Edition Host-ID: XX:XX:XX:XX:XX:XX

== Found |icense ' ABE- XXXXXXXXXXXXX' providing 128 calls

== Found total of 128 Business Edition calls

== Parsing '/etc/asterisk/extconfig.conf': Found
Connected to Asterisk C. 1.0 currently running on | ocal host (pid = 28110)
| ocal host *CLI >

And that'sit. Y ou've successfully started Asterisk Business Edition!

Installing Asterisk Business Edition from RPM

In this section we will provide instructions to install Asterisk Business Edition manually from the RPM packages.
Y ou can also perform a guided installation of Asterisk Business Edition. For more information see Installing Asterisk
Business Edition from CD.

A  Note
rd

4 Y ou must have superuser priviledgesin order to update/deletefinstall packages with yum or rpm.

You will find the RPMs supplied on the two Asterisk Business Edition CDs. Be sure to select the correct disk for the
architecture you'll be installing to (disk 1 contains installation for 32-bit platforms, and disk 2 for 64-bit platforms).

Thefollowing figure shows the location of the RPM s on the Asterisk Business Edition CDs. Thefolder |abeled <arch>
will either be named 1386 or x86_64 for 32-bit and 64-bit operating systems respectfully.
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Figure 3.1. RPM location tree
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Installing with yum

Toinstall apackage:

# yuminstall <packagenane>

To update a package (or all packages on the system):
# yum updat e <packagenane>

To search for a package:

# yum sear ch <packagenane>

If yum complains about the GPG key not being imported, then then you must import the keys before you will be able
to install anything. To import akey, you usethe"r pm - - i nport <key>" command.

# rpm --inport /usr/share/rhn/*GG KEY*

10
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Install with rpm

Toinstall an RPM, usethe"r pm -i vh <r pnfi | enanme>" command:

# rpm-ivh asterisk-core-C 1.0 RHEL5. x86_64.rpm

Installing additional packages

There are several additional packages you can install for Asterisk Business Edition in order to give you added func-
tionality from external applications. We have given examples of the full filename for the RHEL5, 64-bit platform,
although the commands could al so be written as:

rpm -ivh <packagenane>-<ver si on>*.rpm

Where <packagenanme> would be something like ast er i sk- ogg, or ast eri sk-m sdn, and <ver si on>
would be the version of Asterisk Business Edition you are installing, for example, C.1.0.

Speex

You will need to install the Speex codec libraries before installing the ast er i sk- speex RPM. You can find the
RPMs for Fedora Core 6, 7 and RedHat Enterprise Linux 4, 5 at http://dag.wieers.com/rpm/packages/speex/.

To install the Speex libraries on RHELS5, 64-bit platform, install wget and | i bogg (a dependency of Speex) with
the following commands:

Warning
A Be sure to download the correct RPM for your system!

# yuminstall wget |ibogg

# cd /usr/src/

# wget \

http://dag. w eers. com r pnf packages/ speex/ speex- <VERSI ON>. el 5. rf . x86_64.rpm
# rpm - Uvh speex*.rpm

Once you've installed the depencies, you can now install the ast er i sk- speex package. On the RHELS5, 64-bit
platform execute:

# rpm-ivh asterisk-speex-C. 1.0 RHEL5.x86 64.rpm

OggVorbis Support

You will need to install the | i bogg and | i bvor bi s libraries before installing the ast er i sk- ogg RPM. Try
installing with yum:

# yuminstall |ibogg |ibvorbis
Theningtall theast eri sk- ogg RPM. On RHELS5, 64-bit platform, you'd do:

# rpm-ivh asterisk-o0gg-C. 1. 0_RHEL5. x86_64. r pm

11
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MISDN Support

The ast eri sk- m sdn package does not have any additional dependencies. On the RHELS5, 64-bit platform you
would install:

# rpm-ivh asterisk-m sdn-C. 1.0 _RHEL5. x86_64. rpm

Please use the Asterisk GUI to configure your digital cards. If you wish to configure and use chan_nmi sdn. so in
Asterisk without the Asterisk GUI, you will need to do the following:

* Install your Digium B410P according to your install guide and reboot.
* Asroot, type
m SDN scan; m SDN config; mnl SDN start

and hit <return>

Cepstral Support

The ast eri sk- cepstral package does not have any additional dependencies. On the RHELDS5, 64-bit platform
you would install:

# rpm-ivh asterisk-cepstral-C 1.0 RHEL5. x84 64.rpm

Open Settlement Protocol (OSP) Support

Theast eri sk- osp package does not have any additional dependencies. On th RHEL5, 64-bit platform you would
install:

# rpm -ivh asterisk-osp-C 1.0 _RHEL5. x86_64.rpm

Uninstalling Asterisk Business Edition

To remove Asterisk Business Edition, execute the following command:

# rpm-e asterisk \
asterisk-core \
asterisk-curl \
ast eri sk-odbc \
asteri sk-configs \
asterisk-doc \
asterisk-al sa \
asteri sk-gui \
libpri \
| i bt onezone

If you had Asterisk and Zaptel run at startup, remove the startup scripts from the /etc/init.d directory.

# rm/etc/init.d/ asterisk
# rm/etc/init.d/ zaptel

12
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Summary

After this chapter you should have a fully installed Asterisk system and are now ready to start configuring. The rest
of this book will guide you into getting aquanted with the exciting world of Asterisk. In Part I1: GUI Configuration
and Operation we'll make use of the Asterisk GUI interface to provision our system. In Part [11: Manual Configuration
and Operation, we'll delve into the heart of Asterisk and start exploring the tools you'll need to build any custom
applications you can think of.

13
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Part Il. GUI Configuration
and Operation
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Chapter 4. The AsteriskGUI™

Assigned to Bill Savage

While your system admin can set up your Asterisk system, there are certainly less technical folks that would like
to change a few things without bothering your already beleagured technical expert. As the number of Asterisk users
has increased, the demand for an easier way to manage the day to day administration of an Asterisk implementation
has also increased. A graphical interface (GUI) could meet that demand. Asterisk GUIs created in the past have been
typically targeted at a specific audience or system configuration. The GUI which works for a system administrator
could be beyond difficult for a casual user. A GUI created for a PBX implementation may not work properly for a
retail business.

Digium® have developed several GUIs, as well as GUI framework, to meet the needs of users who want to use
a graphical interface to manage their implementation. The framework as well as the GUIs created are referred to
as the AsteriskGUI™. The AsteriskGUI utilizes a web based interface to communicate directly with Asterisk. The
AsteriskGUI utilizes the configuration files with which many users are familiar. Changes made through the GUI are
saved to the appropriate configuration (.conf). Likewise modfications of configuration files are reflected in the GUI.
Options not displayed on a GUI configuration can be enabled using traditional methods as well as through a specia
GUI command interface.

The AsteriskGUI interface is displayed through a web browser. The web interface is comprised of HTML with
Javascript (and a couple of associated libraries) that allow a configuration web page running on the client browser
to communicate directly with Asterisk (assuming it has permission to) to directly dictate the necessary changes to
the system. Changing the GUI only requires the editing of the associated HTML and Javascript, without server-side
changes. The components which allow the AsteriskGUI to function are collectively referred to as AJAM, or Asyn-
chronous Javascript Asterisk Manager. AJAM isanew technol ogy which allowsweb browsers or other HTTP enabled
applications and web pagesto directly access the Asterisk Manager Interface (AMI) viaHTTP. The Asterisk Manager
Interfaceisan APl which allowsaclient program to connect to Asterisk and i ssue commands or read eventsover aTCP/
IP stream. The AsteriskGUI connects to Asterisk through the AMI. Asterisk's web server provides the functionality
needed to serve the GUI interface. Lastly, the interface portion of AJAM is created with a combination of primarily
Javascript and HTML. The following illustration gives you an idea of how al of these components work together.

15
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Figure4.1. AsteriskGUI Framework
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This chapter serves as an introduction to the components which comprise the GUI and help it work with Asterisk.
The enabling of the GUI and its components is needed even thought they are installed as part of the Business Edition
distribution.

AsteriskGUI Setup

All of the AsteriskGUI files are installed during the Business Edition installation process. The GUI is not, however,
activated by default. In order to activatethe GUI youwill need to edit afew configurationfiles. Configuring the Asterisk
web server to process AJAM requests involves enabling the web server, enabling GUI access, and configuration of
your distribution. Use the following procedure to setup the server and enable AJAM access, as well as enable the
GUI content.

16
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Enable the Server

The simplified web server which comes with Asterisk Business Edition is used to serve the GUI content. The web
server must be enabled before the content can be displayed. The web server can be enabled by making afew changes
to the http.conf file. Use the following procedure to enable the AsteriskGUI web server.

1. Using atext editor, such as vi, open the http.conf for editing. Thisfileislocated in /etc/asterisk/.

2. Remove the comment marks from the line “enabled=yes’. This action will enable Asterisk's built-in micro web
Server.

3. Remove the comment marks from the line “enablestatic=yes” if you want Asterisk to deliver smple HTML pages,
CSS, javascript, etc.

4. Adjust the “binaddr” and “bindport” settings as appropriate for your accessibility.

5. Adjust the“ prefix” setting as needed. The prefix isthe beginning of any URI onthe server. The default is*“ asterisk”.
Therest of the instructions assume the default value.

6. Save your changes and close the http.conf editing session.

Enable the AMI

The Asterisk Manager Interface (AMI) must be enabled so that changes made through the GUI can be communicated
to your Asterisk implementation. The AMI can be enabled by making a few changes to the manager.conf file. Use
the following procedure to enable the AMI.

¥ Note

5
A Y ou should not enable the AMI on a public IP address. If needed, block this TCP port with iptables (or
another FW software) and reach it with 1Psec, SSH, or SSL vpn tunnel.

1. Using atext editor, such asvi, open the manager.conf filefor editing. The manager.conf filelocated in /etc/asterisk/.
2. Remove the comment marks from the line “enabled=yes”.
3. Remove the comment marks from the line “webenabled=yes’.

4. Create a manager username and password. The manager user created must have a “config” access level for both
read and write.

5. Save your changes and close the manager.conf editing session.

Restart Asterisk

Once you have completed configuration of the http.conf and manager.conf files, restart Asterisk. Restarting Asterisk
will restart the web server with your new configuration. Access to web-based functions will be enabled. Y ou will be
able to access these functions by entering specific URLs in a browser's location field. The URL used to access the
current AsteriskGUI uses the following format: http://<host>:8088/asterisk/stati c/config/cfgbasic.ntml <host> is the
IP address or hostname that is used to connect to the Asterisk server. 8088 is the port number used to connect to the
Asterisk HTTP server.

17
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Using the AsteriskGUI

The AsteriskGUI gives you the ability to configure and manage your Asterisk implementation. Y ou can set up your
Asterisk implementation through the GUI, or through the command line. Any Asterisk options that are not displayed
in the GUI can be edited through either the command line or through a special GUI command interface. This section
discusses how to log on to the AsteriskGUI, as well as an overview of the standard GUI delivered with Asterisk
Business Edition.

GUI Log On

Inthe addressfield of abrowser (Firefox isrecommended), enter the URL assigned to your Asterisk server. Theinitial
GUI log on page is displayed.

Figure4.2. Login Page
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Thefirst time you log on you will be prompted to change your password from the default. Y ou will then be prompted
to log on with the new password. Once the log on process is complete the AsteriskGUI home page will be displayed.

GUI Overview

Every page of the GUI has three columns. The column to the furthest I eft identifies all the elements for which you can
program your Asterisk implementation. The elements listed begin with Home and proceed down to Options. They are
listed in the order of usage frequency, with each heading down the list utilizing information specified in a previous
tab. For example, the users configured in the Users tab are used to assign voice mail options on the Voicemail tab
and can be included in the Call Queues.
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Figure 4.3. Home Page
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Clicking any of the tabs on the left of the page opens the heading to list a brief explanation of what's available in that

section of the GUI, as well asto add the options to the center section.

The middle of the GUI contains the primary content for each page. The Home page is used for log on and log off

pUrposes.

The far right column of the GUI contains Tooltips. This area provides explanations for any element of the GUI. To
see abrief description of any tab on the left, or of some menu elementsin the center section, just mouse over theitem.
The Tooltips section of the page will immediately populate with a definition of the heading.

Above the tooltips section you will see the Activate Changes and L ogout buttons. These buttons appear in the upper
right corner of every page. Click Activate Changes to activate changes you have made on a page so that you can
utilize the changes. The changes will be saved immediately and made active. Click Logout on any page to exit the

AsteriskGUI.
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Chapter 5. AsteriskGUI™ Section
Descriptions

Assigned to Bill Savage

While your system admin can set up your Asterisk system, there are certainly less technical folks that would like
to change a few things without bothering your already beleagured technical expert. As the number of Asterisk users
has increased, the demand for an easier way to manage the day to day administration of an Asterisk implementation
has also increased. A graphical interface (GUI) could meet that demand. Asterisk GUIs created in the past have been
typicaly targeted at a specific audience or system configuration. The GUI which works for a system administrator
could be beyond difficult for a casual user. A GUI created for a PBX implementation may not work properly for a
retail business.

User Extensions

Click the User Extensions tab and you'll see the extensions you created in the initial setup process.

Figure5.1. User Extensions
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The following information comprises a user extension definition:
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» Extension - The extension assigned to the defined user.

* Name- Thefirst and last name of theindividual assigned to thisextension. The name can a so bethat of adepartment,
such as Sales or Support, for example. This isimportant because the Dial By Name Directory function of Asterisk
uses this information to route calls.

» Password - The password for the user's sip/iax account.

* VM Password - The password used to access voicemail for the specified extension.

» E-mail Address- Voice mailsreceived by this extension can be sent asaudio file attachments e-mailed to a specific
address.

e Caller ID - Identifiesthe Caller ID presented when the listed extension dials out.

» Analog Phone - A drop-down menu is available to identify the analog phone port which this extension will access.
If more than one phone is connected to your Asterisk system you will need to confirm the port number listed on
your hardware card.

 Dial Plan - This option references the Calling Rules option on the |eft tool bar. Based on the calling rules you've
created, you can restrict the outbound dialing of this extension to local calls, emergency calls, and standard long-
distance callsfor North America. Thisoption also alowsblocking or allowing international (011 prefix dialed) calls.

e Phone Serial - Thisfield isused to enter the serial number of a Polycom phone to enable phone provisioning. Once
enabled the phone will be provisioned.

There are also several advanced extension options available. The advanced options establish the connections from the
listed extension to other systems within the Asterisk server. These systems include the following:

» Voicemail - Buildsavoice mail box for the extension that can be reached by dialing the Check V oicemail extension.
The Voicemail extension can be configured. The current default is 6050.

e In Directory - Asterisk establishes a directory of all extensions so that inbound callers can reach someone in your
office by dialing thefirst few digits of the person’ sfirst or last name. The company directory includes only the name
of the extension if this option is checked.

» E-mail Only - Select this option to send voicemail messages to the specified e-mail address without storing the
message in the mailbox.

» SIP - Identifies whether the extension sends and receives calls using the Vol P protocol SIP.
* |AX - Identifies whether the extension sends and receives calls using the Vol P protocol IAX.

» CTI - Selecting this option (Computer Telephony | ntegration) allowsthe user to connect applicationsto the Asterisk
Management I nterface.

» IsAgent- Call queuing is made up of a bank of agents who receive calls. An extension listed as Is Agent can be
added to queues from the CallQueues option on the | eft toolbar.

» Call Waiting - If call waiting is not enabled, the extension accepts only one call beforeit isidentified as busy.

» 3-Way Calling - Allows the extension to receive a call and then dial out to another phone number to conference
with the inbound call and the recipient of the outbound call.

» Can Reinvite - This option can be used to tell the Asterisk server whether or not to issue areinvite to the client.
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e NAT - Try this setting when Asterisk is on a public IP, communicating with devices behind aNAT device (broad-
band router). If you have one-way audio problems, you usually have problemswith your NAT configuration or your
firewall's configuraiton of SIP and RTP ports.

e DTMF Mode - Set the default DTMF mode for sending DTMF (touch tone). The default setting is rfc2833. Other
optionsinclude:

* info - Used to display SIP Info messages
* inband - Inband audio (requires 64 kbit codec - alaw, ulaw)
» auto - Userfc2833 if offered, inband otherwise.
 Insecure- Insecure is a SIP parameter used to determine peer matching. The following options are valid:

Enter Port for a peer without matching port, do not require authentication of invites. Options are; * Port * Invite
. L
port,invite

» Port - Enter this value to match against only an IP address. This setting is useful if you have multiple endpoints
behind aNAT device.

 Invite - Enter this value to match against both the IP address and port number provided in the Contact field of
the SIP header. A call will be allowed without authentication if a match is found.

 Invite, Port - Specify thisvalueif you do not want to require authentication upon an initial invite.
To add new extensions, select New Entry in the area under Extensions and then click New. The system defaults to

four-digit extensions, beginning with the number 6000. Click Edit Codecsto select one or more codesfor the currently
selected user extension.

Conferencing

Every company reaches the point of needing more people on aphone call than it can effectively include through three-
way calling. Asterisk conference bridges alow you to include more people as well as project a professional image.
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Figure5.2. Conferencing
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The configuration of the conference bridge and standard featuresis very straightforward. Select the New Entry option
in the Extensions window and click New to design a conference bridge. The GUI auto-popul ates the extension with
the next available extension in sequence, but you can aways change it to any extension number you want. After
establishing the extension for the bridge, you need to specify the password settings for the conference. Assign the PIN
Code used by participants to enter the conference as well as the Administrator PIN Code used by the moderator of
the conference to open the conference bridge.

Now that you have established the conference bridge extension and password codes, you can set your conference room
options. The next three options are hospitality features which allow the caller to feel more welcome, as follows:

» Play hold music for first caller - Checking this option makes music play for the first caller entering a conference
until another caller joins. Some people don't like sitting in a quiet room — even a virtual room —alone, and this
feature prevents anyone from being in that position.

» Enable caller menu - This feature allows callers to access the Conference Bridge Menu by pressing the asterisk
(*) key.

» Announce callers- All new callersto a conference are identified when they arrive when this feature is selected.

The remaining configuration features provide some great functionality and heightened control over your conferences.
If you are bringing together salesteams or vendors on aconference, it is preferable to keep them from chatting amongst
themselves before the host arrives. These features allow you to handle the following requirements:
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* Quiet Mode - You may choose this feature for a conference bridge with room override because it allows all users
on the bridge to have listen-only access to the conference. Establishing two access points, with one group of people
using the main extension while the other remainsin quiet mode allows a controlled environment in which to deliver
information while the second group listens.

» Wait for Marked User - Thisis afeature that keeps all participantsin quiet mode until aspecial participant, using
aunique extension, arrives. Only after the marked user arrives is the audio activated so that all of the participants
can speak to each other.

e Set Marked User - Thisoption worksin conjunction with the Wait for Marked User feature. Checking Set Marked
User makes the individual arriving from this extension the Marked User. If the CEO of the company, for example,
doesn’ t want anyone chatting in the conference bridge until he or she arrives, these options are set to keep everything
quiet. The main conference extension of 6003 is configured with Wait for Marked User selected. Everyone in the
conference arriving from extension 6003 remains silent until the CEO arrives.

Voicemalil

Voicemail isan option available for every extension in Asterisk. The relationship between the extension and the voice
mail is established in the User Extension section of the GUI. That section covers only the relationship between the
extension and the voice mail but doesn't identify the parameters of the voice mail service itself. If you have not yet
set up an extension for checking voicemail, you will be prompted to define a Check V oicemail extension the first time
you access the Voicemail Configuration section.
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Figure 5.3. Voicemail
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The Voicemail Configuration page displays all the extensionsto theleft, including voice mail. Standard configuration
information is also present, allowing you to confirm the extension used to check messages, as well as general param-
eters such as the following:

» Extension for Checking Messages - This option defines the extension which Users call in order to access their
voicemail account.

¢ Attach Recordingsto E-Mail - This option is used to choose whether voicemails are sent to the selected users e-
mail address as attachments. Click the check box to enable this option.

» Max Greeting (Seconds) - With this option, you specify the maximum amount of time available to record your
voicemail greeting.

» Dial “0” for Operator - Callers who are sent to voice mail can press“0” for the operator and be transferred either
during the voice mail salutation, or after recording the message. If this option is not enabled, acaller’ s pressing “0”
will beignored. There are several options that can be specified to define the voicemail message in the system.

» Attach Format - This option gives you the ahility to choose the format in which messages are delivered by e-mail.
¢ Maximum Messages per Folder - The maximum number of messages per voice mail box is set here.

* Maximum Message Time - The maximum duration of amessage left by acaller is set here.
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e Minimum Message Time - The minimum duration of amessage is dictated here. Any message | ft that’ s under the
listed duration is discarded and isn’t processed or retrievable.

There are several playback options that can be specified.

» Send Messagesby E-Mail Only - Y ou can choose to have e-mail be your only means of notification of voice mails
|eft for you by this option.

e Say Message Caller-ID - The Say Message Caller ID option reads the caller ID before the voice mail message
is played.

e Say Message Duration - This option identifies exactly how long the message lasted.
» Play Envelope - The envelope provides the date, time, and caller ID related to avoice mail.

» Allow Usersto Review - Thisoption providesincoming callersthe option to review their message beforeit is saved
and can be played back by the owner of the voice mail extension. Standard options are presented to you, allowing
you to discard the message or re-record it if you aren’t happy with it.

Call Queues

A cdl queue lines up callers and alows them to wait to speak to any group of employees taking a high volume of
calls. The feature allows you to speak to more people rather than send callers back to voice mail to leave a message
and receive a call back when time permits.

Asterisk identifies which extensions under the Users tab are capable of belonging to a call queue by whether the Is
Agent option is selected. The Is Agent indicates that the user is available to answer customer calls. If a check mark
does not appear next to Is Agent, that extension won't appear in the list of agents in the configuration for this option.
The following illustration shows the Queue Extension Configuration window displaying the available options.
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Figure 5.4. Call Queues
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The Queues section lists the existing queues. Existing queues are in black. To create a new queue, click New below
the queue listing. Use the following steps to create a queue. Keep in mind the purpose of the queue and how it should
operate.

1. Theextension for the queue will automatically populate in the Queuefield with the next available extension. If you
want the number to be something other than the automatically chosen one, enter it in the Queue field.

2. Next, give the queue a name that will be meaningful. The queue will be referenced by this name, so be sure to
makeit sufficiently descriptive aswell. For example, “ Technica Support” for the technical support queue, “ Sales’,
and so on.

3. You now should choose the strategy used in your queue call logic. Using the Strategy drop-down list, choose one
of the following options for routing calls:

* Ring All - Rings every agent who isn’'t on an active call when anew call arrives. The first agent to answer the
call receivesit.

» Round Robin - Every available agent receives a call in turn, akin to how cards are dealt in a poker game.
¢ Least Recent - The agent who has been without a call the longest receives the next call.

» Fewest Calls - The agent who has handled the fewest calls receives the next incoming call.
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» Random - Goes by the luck of the draw; any agent can receive the next incoming call.

e RrMemory - ThisoptionisRound Robinwith Memory. It’ssimilar to Round Robin, but smarter — it remembers
over the course of days, weeks, or years which agent received the last call so that it can commence with the next
agent in sequence when calls begin again.

4. The Agentsbox listsall Usersthat are designated as an agent that can receive calls as part of acall queue. All users
listed have the Is Agent checkbox selected on their user profile. Many Users may be listed as potential agents, but
some may be assigned to a sales queue and some for a service queue. This box lists al agents and allows you to
choose which users you assign to the queue.

The options available in the Queue Options section control the timing and managing of the calls aswell as the agents.
Y ou may not want to work with these finer points of call queuing until after your call queue has been working for a
while and you have anideaof call volume and the turnover of calls by each agent. Here’ salist of the available options:

» Timeout - The default for this option is 15, representing 15 seconds that an agent’s phone will ring before the call
is forwarded on to another agent.

e Wrapup Time- Thisisabuffer of time allowing your agents to finish work on one call and remain unavailablein
the queue. The default on this option is 0 seconds, providing no buffer time for your agents and allowing the next
call to ring through immediately after acall is complete.

e Max Len - This option sets the maximum number of callers allowed in the queue before they are sent to voice
mail or receive a busy signal. The default is “0,” which allows for an unlimited number of calls in queue before
they are sent elsewhere.

e Music on Hold - This option gives you the ability to select the music played while acall is on hold.

» AutoFill - Thisoption isenabled by default and allows multiple callsthat arrive at the same time to be immediately
forwarded on to agents.

» Auto Pause - If an agent failsto answer acall, this option temporarily postpones sending calls to that agent.

« Join Empty - This option allows callers to enter a queue even if no agents are logged into it. If this option is not
checked, callers cannot enter a queue until at least one agent is present.

» LeaveWhen Empty - Thisoption mirrorsthe Join Empty, but it represents a queue in which agents had been logged
in but are now gone. At 5:00 pm, when your employees go home, you can program the queue to shut down when the
agents log out. The existing callersin queue are forced to exit, and no new callers are granted access to the queue.

* Report Hold Time- The Report Hold Timetellsthe agent how long the call was holding in queue before it was sent
to the agent. If the hold time was short, the agent will probably be happy to accept the call. If the hold time was 10,
15, or 20 minutes, the agent might want to brace for a frustrated customer, but at least the agent isn’t overwhelmed.

Adding Service Providers

You must register with a service provider in order to connect to the Public Switched Telephone Network (PSTN).
Accessto the PSTN gives you the ability to place calls to tel ephone numbers no matter how they connect to the PSTN
(VolP or standard analog system). Asterisk identifies the carriers used to reach your local phone carrier, long-distance
carrier, or VolP provider as service providers. The service providers may use analog lines for your local carrier or IP
connections for your Vol P carriers.

28



Draft AsteriskGUI™ Section Descriptions Draft

Figure5.5. Service Providers
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There are three service provider categories: Analog, VolP, and Custom VolP. If you have not yet added a service
provider, a message stating that you have not added a provider will be displayed in the Service Providers window.
To add a new provider, click Add Service Provider. The Add Service Provider dialog box will be displayed similar
to the following illustration.
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Figure 5.6. Adding a Service Provider
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Select the Provider Type depending on your needs. If you wish to use a combination of both analog and VolP, you
will need to add a service provider definition for both.

Analog Providers

If you need to make calls using an analog telephone, you will need to add one or more analog ports as a service
provider. Use the following procedure to add an analog service provider.

f Note
e Before your follow this procedure, ensure that your analog lines are connected to the FXO ports. Failure
to do so will lead to improper configuration of your analog lines.

1. Click the Analog radia button in the Add Service Provider window. A list of the available analog ports will be
displayed. If an analog port is displayed, but grayed out, it is already part of a service provider definition.

2. Select one or more ports as part of your service provider definition and then click Save.

30



Draft AsteriskGUI™ Section Descriptions Draft

3. Click Activate Changes to apply the service provider definition(s) you have added.

You may discover, after using your analog port(s), that the volume may need adjustment. You may also wish to
re-calibrate the port. Click either Calibrate or Audio Levels from the Options drop-down list to make the desired
adjustments.

VoIP Providers

The AsteriskGUI comes pre-loaded with a selection of certified VolP service providers. If you are already a VolP
provider customer, select the provider from thelist and input your user name and password. If you are anew customer,
click on the provider logo to establish a new account. Asterisk will confirm your account when you click the Save
button.

Custom VolIP

The Custom Vol P option allows you to create a custom Vol P definition. To create the custom Vol P provider definition
you will need to complete the following Custom Vol P fields:

* Comment - The comment field should be used as the name of the custom Vol P definition.
* Protocol - Specify either alAX or SIP protocol.

* Register - Click the Register checkbox if you need to register your | P addresswith your service provider. Registering
isnot required for all providers.

» Host - The IP address of your service provider.

* Username - The user name associated with your provider account.

» Password - The password associated with your provider account.

Click Save to retain your Custom Vol P definition, or Cancel to discard your changes.

Once you have added the service providers needed, click Activate Changes to save the configuration.

When you have added a service provider it will appear in the Service Providers list. There is an Options drop-down
list associated with each Service Provider listing. The Options drop-down list allows you to edit or delete the Service
Provider definition, as well as further refine the definition by choosing several advance options. Select either Codecs
or Advanced to further refine the definition.

Codecs

Codecs provide the ability for your voice to be converted to a digital signal and transmitted across the Internet. The
quality of your call can be affected by the choice you make. The codecs available to you will depend on what is
supported by the service provider you choose. All available codecs are allowed by default. Select a codec and transfer
it to the Disallowed list if you do not want to use that codec. Select the Disallow All checkbox if you do not want to
use any of the listed codecs. Click Update to retain your changes, or Cancel to discard them.

Advanced
The following advanced options are available to further refine your service provider definition.

* Trunkname - Specify atrunk name if you want to refer to the service provider definition as something other than
specified in Comment.

 Insecure - This option specifies how connections to a service provider (host) should be handled. Valid options are
very|yesinolinvitelport. The default is no (authenticate all connections).
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» Port - Theregister request is sent through the port specified here to the service provider (host). Defaults to 5060.

» Caller ID - Thecaller ID will be set to the value specified in thisfield. — Fromdomain - Sets default From: domain
in SIP messages when acting as a SIP ua (client).

* Fromdomain - Thisallows you to set the domain in the From: field of the SIP header. It may be required by some
providers for authentication.

» Fromuser - Setsdefault From: user in SIP messages when authenticating.
¢ Contact - Specifies aprimary extension for call routing.

» Can Reinvite - The SIP protocol tries to connect endpoints directly. However, Asterisk must remain in the trans-
mission path between the endpointsif it is required to detect DTMF.

Click Update to retain your changes, or Cancel to discard them.

Configure Hardware

The Configure Hardware page gives you the ability to ensure that your telephony hardware is configured and working
properly. Click the Configure Hardware tab and the Digital Card Configuration Page will be displayed similar to the
figure below:

Figure5.7. Card Configuration Page
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The page shows information about both digital and analog hardware installed on your system. In the example above,
a Digium TE122B card is listed under Digital Hardware, and the ports from a TDM800B are listed under Analog
Hardware.

ED

Digital Hardware

The Digital Hardware section lists each T1, E1, or J1 card that is currently part of your system. The following infor-
mation is listed for each card:
* Span - The Span column shows the type of digital card.

» Alarms - The Alarm column lists alarms, if any, that indicate the card performance. If the card is performing as
expected, a status of OK islisted. If acard is not working properly, an alarm of RED listed.

* Framing/Coding - This column lists the type of framing (bandwidth division into channels) and coding (method
of signal encoding).

* Channels Used/Total - This column list the number of channels used by the card, and the number of channels
available on the card. In the example above, only 1 of 24 channelsis used.

 Signalling - The Signalling column lists the type of signalling that the T1, E1, or J1 card is using.
The L oadZone drop-down list lets you specify the set of tones that should be used with your digital card.

The Edit button listed for each gives you the ability to edit several options associated with each card's performance.
Click the Edit button and a dialog for the card selected will be displayed similar to the following:
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Figure 5.8. Card Edit Dialog
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The Edit Card Dialog gives you the ability to edit the following options:

» Framing/Coding - Select the type of channel and encoding you would like to use. The two options available are;
« ESF/B8ZS - Extended Super Frame framing and Bipolar with 8 Zeros Substitution encoding.
* D4/AMI -
¢ Signalling - The signalling options available are:
« PRI - CPE -
« PRI - NET -
« FXOKS- FXO Kewl Start
* FXOLS- FXO Loop Start

» Switch Type- The switch type options available are:
« National ISDN 2 - Thisisthe default switch type.

* Nortel DMS 100 -
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AT&T 4ESS -

Lucent 5ESS -

Euro ISDN -

Old National ISDN 1 -

Q.SIG-

» Sync/Clock Source - Thefollowing sync/clock sour ce options ar e available:
e Master O -
e Savel-

e LineBuild Out - Thefollowing line build out options are available:

0db (CSU)/0-133 feet (DSX 1)
* 133-266 feet (DSX1)
* 266-399 (DSX1)
« 399-533 (DSX1)
* 533-655 (DSX1)
 -7.5db (CSU)
* -15db (CSU)
« -22.5db (CSV)
e Channels- The Channels option lets you specify the number of channels you need to use.

Click Update on the Card Edit Dialog when you have completed your choice of card options.

Analog Hardware

The Analog Har dwar e section lists the FXS and FXO ports available on the analog cards installed in your system.

mISDN Config

The mISDN Config page is used to configure a BRI (Basic Rate Interface) ISDN card, such as Digium's B410P, as
well as define and configure ISDN service providers which the card will utilize. Click on the mISDN Config tab to
access the page.
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Figure 5.9. mISDN Configuration
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There are two sections within the mISDN configuration page: the BRI card section, and the service provider section.
BRI Cards

The BRI Card section lists the card(s) currently installed on your system as well as the number of ports associated
with the card. A table lists each port for the card installed. Y ou can set the mode for each port aswell astiming. The
ISDN mode options available are:

TE Mode

TE (Terminal Equipment) mode sets the port to act as an |SDN endpoint connected to an ISDN device; in most cases
a phone. If the port is set to PTP, only one device can be connected. More than one device can be connected to the
ISDN port if PTMP is chosen. There are four options available for TE mode.

» PTP- Point to Point mode. One device will handle all cals.

¢ PTMP - Point to Many Point allows the connection of multiple devices to asingle port.

e PTP (CAPI) - PTP mode using the CAPI driver.

* PTMP (CAPI) - PTMP Mode using the CAPI driver.
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NT Mode

NT (Network Terminator) mode should be used when aport is acting as an ISDN originator, or Telco. The port set to
NT mode will act as the synchronization/timing Master, and all devices connected to it will act as Slaves.

* PTP - Point to Point mode. One device will handle all calls.

e PTMP - Point to Many Poaint allows the connection of multiple devices to a single port.

Timing

Timing isset at the samethat TE or NT modeis set. Timing can be set to either Master, which sets the timing for other

devices, or Slave, which receives the timing from the Master. If your port is set to NT modeit should act asthetiming
Master. If your port is set to TE mode, it should be set to receive timing synchronization (Slave).

MISDN Service Providers

The mISDN Service Providers section is used to define a provider and the port used by the provider. To create a
provider definition click Add. A Service Provider dialog will be displayed. There are two fields which comprise a
service provider definition; Trunk Name, and Ports.

» TrunkName - The name of the service provider associated with one or more ports.

» Ports- Specify the port(s) which should be associated with the trunk. Each port number is comma separated.

Click Update in the Service Provider dialog when you have completed the service provider definition. The service
provider definition will be added to the mISDN Config page.

Calling Rules

The Calling Rules tab on the left toolbar allows you to use basic pattern matching to differentiate outbound calls and
route them accordingly.
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Figure5.10. Calling Rules
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The Cadling Rules menu shows every rule name established, a brief description of the rule name, as well as the port

or span used to complete the call. Click on Add a Calling Rule to define a new calling rule. The following dialog
will be displayed.
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Figure5.11. Add a Calling Rule

Rule Name: | |

Place this call through -

Dialing Rules - If the number begins with[ ] and
followed by [ ] digits [J or more

(define a custom patbtern)

Strip digits from the front and prepend [ | before dialing

Cancel

A calling ruleis comprised of the following items:
» Rule Name - Choose a name that describes the type of rule you are creating.
» PlacethisCall Through - Select a service provider through which the call should be made.

» Dialing Rules- The Dialing Rule gives you the ability to use basic pattern matching to differentiate calls and route
them accordingly. For instance, if anumber beginswith 9256, and isfollowed by 7 or more digits, that would define
acall within the state of Alabama. If a call began with 9 followed by 7 digits, it would be alocal call that probably
didn’'t require along distance charge. Instead of adding arulefor every extension or phone number you call, specify
the pattern in thisrule similar to the example.

» Strip - Thisoption givesyou the opportunity to remove specified digits from the call being dialed and replace them
with the digits needed to make the call. Y ou can also Prepend digits to the beginning.

f Note

,.:f Y ou can call international destinationsfrom North Americawithout dialing an 011 prefix. UsingaCalling
Rule that restricts 011 calling prevents the extension from reaching Africa, Europe, Asia, Oceania, and
South and Central America. Thiswon’t block all calls outside the United States however. Canada, the
U.S. Virgin Islands, Guam, Saipan, and Puerto Rico, as well as a handful of Caribbean countries, are
all a part of the North American Dialing plan and can be reached by dialing 1 + the area code and a
seven-digit phone number. If you want to block these, it may be best to block al long-distance calls
from the extension.

Once you have completed the calling rule definition click Save to accept the rule or Cancel to abandon your changes.
Click Activate Changesin the upper right corner of the page to save and apply your changes.
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The default dia plan, the collection of your caling rules, is DialPlanl. Y ou can create more than one dia plan, espe-
cialy if you want to have different dial plans for different user extensions. Click New at the top of the Calling Rules
page and create a new dia plan name. Y ou can then add calling rules for that dial plan definition. Select the Allow
Parked Calls checkbox to access the call parking lot from this selected dial plan.

Incoming Calls

The same pattern-matching logic used for processing outbound calls can also be employed for inbound calls. The two
defaults define routing based on whether an incoming call matches or doesn’t match a pattern you define.

Figure5.12. Incoming Calls

€]
5 Horme ncomia s
K Fathenn; Paktem of the DID reasber, not the
Inzoming Call Rules e e e e 5
Rercti 1 uiradiahpd REdeing Sal Lo pldnidie Tt 25 15 BORT - Jaka Bt Delee
Do’
z Rt Coming cals from peoiveler "Span U ihal match pamen _6137% Lk Deletn

B123 — Loateninsn Bidp’
qure Hardhwana

2E ml 50N Conlig

3¢ Calling Rules

28 Incoming Calls

Diefitas By yioar' R REAY

cals mhauid be handlad &

condgune B (Direct

P aed Dadegy

Add & Inpoming Fuls

ax Valce Menus
Time Bosed Rulas
Call Parking

5
B
Ring Groups
Record a Menu
Active Channmels

H

Bx

2¢ System Info

or Asterisk Logs

CDR Reader

as Flla Editor
arisk CLI
chuip

op Oplians

Cegyrignt Z00E-T00T Dagiues, inC. Dhgiure AN2 818 Ard e geltred trademuria & Digiurs, e, A1 Righes Resenied, Lo defanmetinn

Some example incoming rules are shown in the figure above. Click Add a Incoming Rule to create a new incoming
rule. There are only afew options you will need to define.

* Route - Make a selection from the drop-down list to choose how the calls will be routed. Y ou can select from All
Unmatched Calls or Calls Which Match.

» From Provider - Select from the list of providers which you previously defined.
e To Extension - The previously defined extension which should receive the call.

Once you have completed the definition of your incoming call rules, click Save. Click Activate Changes to save and
apply your changes.
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Voice Menus

A valuable feature of Asterisk isthe ahility to create Interactive Voice Response (IVR) or voice menus. V oice menus
aredesigned to allow for moreefficient routing of callsfromincoming callers. The menus provide acaller with specific
instructions, receive responses from the caller, and process those responses into an action.

Each Business Edition system ships with a default voice menu already created. To better understand the creation and
operation of these menus, we will examine the default one.

Figure5.13. Voice Menus
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Voice menus are constructed depending on your needs. Just like your business you need to create the solution best
suited to your customers. The best way to understand how a voice menu is constructed is to examine the default
“Welcome” menu provided with Asterisk Business Edition. Click Voice Menus - Welcome in the Voice Menus list.
The options for the welcome menu are displayed similar to the example shown in the aboveillustration. The Welcome
menu consists of the following steps:

Answer the Call

Wait ‘1 Sec

Pl ay ‘thank-you-for-calling & Listen for KeyPress
Play ‘if-u-knowext-dial’ & Listen for KeyPress
Play ‘otherw se’ & Listen for KeyPress
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Play ‘to-reach-operator’ & Listen for KeyPress
Play ‘pls-hold-while-try & Listen for KeyPress
Wit Exten ‘6’ Sec

In the example, when a caller dials your company number ending in 6000, the call is answered, and after a pause of
one second the caller is greeted in the following manner: “Thank you for calling. If you know your party’ s extension,
please dial it now. Otherwise to reach an operator pleasedial 0.” If the caller tries an extension, the menu will respond
with “Please wait while | try that extension.” If no action is taken by the caller, the menu will repeat after 6 seconds.
Thisis an example of abasic voice menu.

Voice Menu Options

In the example, each action is a step chosen from the list of available menu options. The available menu options are
asfollows:

e Answer - This step is automatically added when creating a new menu. This step answers the incoming call.

* Authenticate - The Authenticate step is used to restrict access one or more areas of your system. This is useful
when one wants users to have to enter a PIN code in order to proceed to a particular part of the current menu, to
adifferent menu, or to ring an extension.

» Background - This step is used to play an audio file in the background while waiting for the caller to enter an
extension or number. Playback is terminated once the user begins to enter an extension. To select a file to play,
click and hold in the field next to the Background choice to scroll through alist of pre-recorded sound files. In the
example above, “Play ‘otherwise’ & Listen for KeyPress’ is an example of using the Background option.

» Busytone - The Busytone option should be selected if there is a step in the process in which you want to play a
busy signal to the caller. For instance if the call is over.

» Congestion - The Congestion option is similar to the Busytone option. A congestion tone will be played to the
caller, should be selected if there is a step in the process in which you want to play abusy signal to the caller. For
instanceif the call is over.

 Digit Timeout - The Digit Timeout option is used to set the maximum amount of time allowed between key presses.
If afull extension is not entered in the specified time, the entry will be considered invalid. A field for entering the
number of seconds before timeout appears next to the option.

» DISA - The DISA option alows callers from outside the system to get access an internal dial tone and place calls
from within your internal system. A passcodeis required.

A Note

__.l\.i
v

£ Use caution when choosing this option. This option can pose a security risk.

» Response Timeout - If acaller does not enter aresponse with the time specified in thisfield, the call will terminate.
This step could be put at the end of a series of menu choices.

» Playback - The Playback option is similar to the Background option because it will play a sound file you select.
However, this option does not listen for a KeyPress event, and will move on to the next step in your list.

» Wait - The Wait option pauses the execution of stepsin the voice menu list for the number of seconds you specify.

« WaitExten - The WaitExten option is specified to give acaller a specified amount of time to enter an extension.
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e Goto Menu - The Goto Menu option sends a caller to one of the voice menus that you specify.

» Goto Directory - The Goto Directory option sends a caller to the system phone directory. This gives the user the
chance to select a user name from the directory if the extension is unknown.

» Goto Extension - The Goto Extension option sends a caller to a specified extension. Select the extension from the
avalablelist.

» Dial RingGroup - Thisoption will dial a specified RingGroup. For example, if your menu says“Press 1 for Tech-
nical Support”, the Technical Support ring group will be dialed.

» Hangup - The Hangup option terminates the call.

Creating a Voice Menu

Use the following procedure as a guide to creating a voice menu.

1. On the Voice Menu page, click New to create a new voice menu.

2. Specify aName and an Extension. The extension will be the direct dial to the voice menu.

3. Specify the Steps of your voice menu using the welcome menu example and step descriptions as guides.

4. Select the Dial Other Extensions checkbox if you want to give auser the ability to break out of the menu selections
and dial an extension within your system.

Warning

A The Dia Other Extensions option is important. This option allows an inbound caller to break out
of the listed Keypress Events and dial another extension. A malicious person may be able to hack
through your Asterisk implementation to find an outside dial tone and useit for fraud. Any extensions
that are known to the public should be completely handled by the Keypress Events; callers should
not be allowed to dia other extensions. Sticking to this policy protects your Asterisk system from
being compromised.

5. Specify the Keypress Event actions for digits 0-9 as well as *, #, t, and i. The options available for a Keypress
Event are:

» Disabled - The associated key is not enabled.

» Goto Menu - Pressing a key with this option will send the caller to a specified menu.

» Goto Extension - Pressing a key with this option will send the caller to a specified extension.

» Custom - You can define your own keypress event.

» Hangup - Pressing a key with this option will terminate the call.

» Play Invalid - Pressing a key with this option will tell the caller that they have made an invalid entry.

Both the t key and i key should be used for specific actions. The action associated with the t key should be the
desired action if a user response has timed-out. The action associated with the i key should be the desired action
if auser makes aninvalid entry.

6. Onceyou have constructed your voice menu, click Save. Y ou can then click Activate Changesto add the voice menu
to your current configuration. If you are happy with the voice menu, click Save Configuration on the Home page.
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Record A Menu

In the event that you want to record custom menu prompts for Asterisk, which can be used in avoice menu, the Record
aMenu tab may be used. A list of previously recorded menusis displayed. Here, the user may modify several options:

* Record Again - Clicking this button allows the user to make another attempt at recording and replacing an existing
custom sound file.

» Play - Clicking this button brings up a dialog entry box to allow the input of an extension that Asterisk will dia
and play the prompt over.

» Delete - Clicking this button will delete the selected prompt.

Figure5.14. Record a New Voice Menu

Record a new Voicemenu

File Name: 1
Extension used for recording:

There are three options under "Record a new voice menu':
» File Name - Thistext entry box specifies the saved name of the file that is to be recorded.

» Extension Used for Recording - This drop-down select box allows the user to choose which extension Asterisk
will dial to wait for the user to speak the prompt.

» Record - Clicking this button causes Asterisk to launch the call that will record afile.

Time Based Rules

Time based rules should be created when you want to treat incoming calls received at specific times differently than
typical calls. The most obvious usefor this conditional rule would be routing callsto voice mail after or before business
hours. You could aso create time based rules which will direct incoming calls to specialized messages for holidays.
Click the Time Based Rulestab to access your list of time based rules. If you have not created atime based rule, click
New Time Rule at the top of the page to create anew rule.
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Figure 5.15. New Time Based Rule
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A time based rule usesthe Got ol f Ti me() application within Asterisk to match time and date conditions specified
within your rule to the current time. If the current time matches the rule, calls can be routed to an IVR (voice mail) or
adepartment or individual's extension. Use the following field descriptions when creating a time based rule.

» Rule Name - Choose a name that describes the type of rule you are creating. For example, "Closed" could be used
asthe name for arule which routes calls received before or after business hours.

» Start/End Time - Specify the time of day, in 24-hour format, in which this rule should be used.
» Start/End Day - Use this condition to specify aday of the week.

» Start/End Date - Specify the days of the month in which this rule should be active. For example, select 24 and 25
if you want to specify Christmas holidays. Do not select aday of the month if the rule should be active all month.

» Start/End Month - Use this condition to specify the month(s) during which this rule should be active.

» If TimeMatches- Specify the voice menu or extension this call should be routed to if the time conditions specified
are met.

» If Time Did Not Match - Specify the voice menu or extension this call should be routed to if the time conditions
specified do not match.

Once you have completed the rule definition click Save to accept the rule or Cancel to abandon your changes. Click
Activate Changes in the upper right corner of the page to save and apply your changes. Once your rule is saved it
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will appear in the list of time based rules. Click Edit next to arule in the list to edit arule, or Delete to delete the
rule from the list.

Call Parking

Call parking is an Asterisk feature which allows a user to place a call on hold so that it can be taken off hold from
another extension. The Call Parking page gives you the ability to define the call parking options which will enable
use of thisfeature.

Figure 5.16. Call Parking
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The following options must be configured to enable call parking.

» Extension toDial for Parking Calls - Specify the extension to call when transferring acall to hold or the “ parking
lot”.

» What Extensionsto Park Calls On - The extensions specified here will be the “parking lot” designations for the
calls you place on hold. The call on hold will be retrieved by dialing one of these extensions.

¢ Number of Secondsa Call Can Be Parked - The number of seconds a call can be placed on hold. After the time
has elapsed the call will ring the originating extension.
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Parking A Call

Y ou can park acall using either an analog or Vol P phone. To use an anal og phone, hit the flash button, or quickly click
the hook switch, wait for a dial tone, then dial the extension (700). With a Vol P phone, initiate the transfer, dial the
call parking extension (i.e. 700), then complete the transfer (such as by click send). The method using a Vol P phone
will vary depending on the phone.

At this point, the system will prompt you with a number. The number it prompts you with is the number from the pool
specified. Thisisthe number that can be entered to retrieve the call. To retrieve the call, pickup a phone, and dia the
parking number specified. The amount of time that the call remains parked is determined by the number of seconds
specified. If the call is not retrieved in thistime, the call will be redirected to the user that originally parked the call.

A  Note
&
Fa In order to properly park acall, you must use attended transfer functions. Using ablind transfer function
will not provide the parking number to the person parking the call. This makes recovery of the call
impossible, except for the fall through timeout.

Ring Groups

Ring groups allow a group of phones, or devices, to ring simultaneously or in sequence (ring order). This providesthe
opportunity for multiple people to answer acall (ring al) or one person can answer a call from any phone. Asterisk
Business Edition does not come with a default ring group. To create a new ring group click New Ring Group at the
top of the Ring Groups page.
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Figure5.17. Ring Groups
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f Note
A You will not be able to define aring group without user extensions or trunks defined.

Creating A Ring Group

To create aring group, use the following procedure.
1. Define the Name of the group. The name can be any mnemonic such as Sales or Technical Support.

2. Choose aring group strategy from the Strategy drop-down list. Y ou can choose either Ring All which will ring all
phones in the defined group simultaneously, or Ring Order which will ring phones in sequence determined by the
order of the users or trunksin the group.
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Choose the members of the ring group from the Available Channels list. Click on a user extension or trunk, and
then click the arrow pointed at the Ring Group Memberslist to transfer. Select auser extension or trunk in the Ring
Group Members list to and then click the arrow pointing toward Available Channels to transfer the selected item
back to the list. Click the double arrow symbol to transfer all group members back to the Available Channels list.

Specify an extension to associate with the ring group. Thisis the extension that can be dialed to ring all members
of the group simultaneously or in order of listing.

Specify the number of seconds that each phone (or all phones) should ring before either ringing the next phone
in order.

Lastly, determine what action you want the system to take if no one answers the call. Y ou can either direct the call
to the voicemail of the first user, go to an IVR menu, or end the call.

Asterisk Management Options

There are several administrative tabs which are used to manage your Asterisk server and the GUI interface. Y ou may
use them often or not at all, depending on how much interaction you have with your Asterisk implementation. The
management selections are as follows:

Active Channels - Thistab provides you with aremote view of the active calls and devices. It displays a snapshot
of the activity of the server and can be refreshed to view the progression of cals.

System Info - The genera system information of your Asterisk implementation is displayed from this tab, as well
astabs for your ifconfig, disk partitioning resources, and IP logs.

Backup - Thisis ahousekeeping tab which allows you to back up your system configuration. To create a backup,
click Take aBackup and then specify afile name (i.e. the backup date).

Asterisk Logs - This tab provides the text of all Asterisk log messages for the current day. Log messages from
another can be displayed by specifying the date.

CDR Reader - Thistab displaysthe call detail records for calls made through the system.

File Editor - The File Editor page lets you edit any Asterisk configuration file within the GUI, as well as create
anew configuration file.

Asterisk CLI - The Asterisk CLI isacommand lineinterface which can be used for issuing any Asterisk command
or series of commands. The results of the commands are displayed in the pane above the command line field. Enter
Help in the command line field for alist of commands.

Options - The options tab provides several options which allow you to change the password for your AsteriskGUI
logon, modify local extension and agent settings, aswell as utilize the Setup Wizard. The Advanced/Basic tab allows
you to enable or disable advanced options. The basic options are displayed by default. Please refer to the Advanced
Options section for a description of the advanced options.

Advanced Options

There are several advanced options available from the Options page which give advanced users with a background
in Asterisk the ability to refine your Asterisk implementation. Clicking the Options tab will display some advanced
administration settings.
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Figure 5.18. Administrative Options
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The administrative options are global options which will apply to local extensions, agents, or new users. Choosing
these global settings will help save time when creating new user, agent, or extension definitions.

» Local Extension Settings - Global settings for local extensions.
» Local Extensionsare- You can set al local extensions to be between two to five digits, or avariation.

e First Extension Number - Set the first extension which all other extensions will be based upon. This extension
istypically your primary extension.

e Operator Extension - Designate the extension for the system operator from the list of extensions you have
created.

¢ Allow Multiple Extensions - Select this checkbox if you want to associate multiple extensions with the same
analog phone.

« Allow AlphaNumeric Extensions - Select this checkbox if you are a SIP/IAX user and wish extensions to be
aphanumeric.

e Agent Login Settings - The following settings determine how agents will log on, log out, and defines the callback
extension for an agent.
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« Agent Login Extension - Thisfield specifies the extension which all Agents can call to log in to their assigned
queues.

* Agent Callback L ogin Extension - Thisfield specifiesthe extension which all agents can loginto their assigned
extensions without remaining on the line. When acall comesin for an agent, the agent's extension will be dial ed.

* Agent Logout - There aretwo different methods an agent can useto log out dependent on their method of logging
in. If an agent logged in to the queues using the extension specified in Agent L ogin, they can just hang up their
phone. If an agent logged in viathe Agent Callback L ogin extension, they should dial the same extension used
to login, specify their extension and password when prompted, and hit # when asked for their callback extension.
Thiswill successfully log the agent out of all queues.

» Default Settingsfor New User - This section gives you the ability to set the default settingsfor all user extensions.
Please refer to the User Extensions setting for information on each setting.

Click Show Advanced Options next to the Admin Settings |abel to access the advanced options pages. A small drop
down box will bedisplayed inthe upper right corner of the page. Select one of the following optionsto accessthat page.

A  Note
& | | b
iy Any changes made on the advanced options pages must be activated by clicking Activate Changes at
the top of the GUI.

» Music On Hold - Access this page to specify Music On Hold classes.

* VM Email Settings - Asterisk can be configured to send voicemail files to a user extension via e-mail. The VM
Email Settings page give you the ability to modify the e-mail template.

e Global SIP Settings - The SIP configuration settings can be enabled or disabled from this page.
» Global IAX Settings- The lAX configuration settings can be enabled or disabled from this page.

» Change Password - Access this page to change the system admin password.
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Appendix A. Application Reference

Applications are the core functionality of the dialplan. Generally these all will operate on the channel, whereas func-
tions, described in Appendix F, merely return valuesthat can be used by applications. There are afew applicationsthat
still simply return values, but these will probably be deprecated in afuture version and replaced with dialplan functions.

There are afew things to keep in mind about applications. First, when they exit, they will either terminate normally or
abnormally. Abnormal termination almost always occurs when an application detects that the channel has hung up (or
if it doesn’t, the dialplan will detect that shortly thereafter). An application may also exit abnormally when it wishesto
indicate to the dial plan that some condition has not been satisfied and that it should force a hangup. In all other cases,
an application will exit normally, which indicates that processing should continue at the next priority in the dialplan.

In many cases, if you wish to override the application’s wish to cause a hangup, you may wrap the application in a
TryExec().

In many places throughout this reference, you will see what's described asal abel . Thisis shorthand for describing
alocation in the dialplan, whether itissimply apri ority; anext ensi onandapriority;oracontext,an
extension,andapriority. Notethat if atext | abel isdefined for a particular priority, thepriority
may be replaced with that t ext | abel in any of those cases. See the Gotolf() application for more information
and an example.

A  Note
v
r__n.-'

£

. You will find many of the examples in this appendix to contain numbered priorities, which is not the

preferred method of writing dialplans. We prefer the use of the 'n’ priority for all priority numbers except
1 (which is required), but we have decided to utilize them in order to make some of the examples more
clear.

AddQueueMember()

AddQueueMember() — Dynamically adds queue members to the specified call queue
Synopsis

AddQueueMenber (queuenane[, i nterface[, penalty, [option, [nmenbernane]]]])

Dynamically adds the specified i nterface to an existing queue named queuenamne, as specified in
gueues. conf . If specified, penal t y setsthe penalty for queuesto use thismember. Memberswith alower penalty
are called before members with a higher penalty.

TheAddQueueMenber () application setsachannel variable named AQVSTATUS upon completion. The AQVISTA-
TUS variable will be set to one of the following values:

ADDED
MVENBERAL READY
NOSUCHQUEUE

Calling AddQueueMenber () without ani nt er f ace argument will use the interface that the caller is currently
using.

If theopt i on argument isset toj , Asterisk cannot add thei nt er f ace to the specified queue, and there exists an
n+101 priority (where n isthe number of the current priority), the call will jump to that priority.
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The nenber nane argument may be set to the name of the queue member. Consequently, this name will show up
in the entries of the queue_| og aswell as Asterisk Manager Interface events, making it easier to identify the agent
for reporting purposes:

; add SI P/ 3000 to the techsupport queue, with a penalty of 1
exten => 123, 1, AddQueueMenber (t echsupport, SI P/ 3000, 1)

See Also

Queue(), RemoveQueueM ember(), PauseQueueM ember(), UnpauseQueueM ember(), AgentLogin() ,queues. conf

ADSIProg()

ADSIProg() — Loads an ADSI script into an ADSI-capable phone

Synopsis
ADSI Prog(script)
Programsan Analog Display ServicesInterface (ADS) phonewiththegivenscr i pt . If noneis specified, the default

script, asterisk.adsi, isused. The path for thescr i pt isrelative to the Asterisk configuration directory (usually /etc/
asterisk/). Y ou may also provide the full path to the script.

To get the CPE ID and other information from your ADS|-capable phone, use the Get CPEI D( ) application:

programthe ADSI phone with the tel cordia-1.adsi script
exten => 123, 1, ADSI Prog(tel cordi a-1. adsi )

See Also

GetCPEID(), adsi . conf

AgentCallbackLogin()

AgentCallbackLogin() — Enables agent login with callback

Synopsis

Agent Cal | backLogi n([ Agent Nunber] [, [options] [, [exten] @ontext]])

Allows a call agent identified by Agent Nunber to log in to the call queue system, to be called back when a call
comesin for that agent.

When acall comesin for the agent, Asterisk calls the specified ext en (with an optional cont ext ).

Theopt i ons argument may contain the letter s, which causes the login to be silent:

silently log in as agent nunber 42, and have Asteri sk
call extension 123 in the internal context
when a call comes in for this agent
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exten => 123, 1, Agent Cal | backLogi n(42, s, 123@ nt er nal )

A Note
4
i This application is deprecated, and the functionality has been replaced with AEL dialplan logic located
inthedoc/ queues-wi t h- cal | back- menbers. t xt filewithin the Asterisk source.
See Also

Queue(), AgentL ogin(), AddQueueM ember(), RemoveQueueM ember(), PauseQueueMember(), UnpauseQueueM em-
ber(), AGENT, agent s. conf , queues. conf

AgentLogin()
AgentLogin() — Allows acall agent to log in to the system

Synopsis

Agent Logi n([ Agent Nunber ][, opti ons])

Logs the current caller in to the call queue system as a call agent (optionally identified by Agent Nunber ). While
logged in, the agent can receive calls and will hear a beep on the line when a new call comes in. The agent can hang

up the current call by pressing the asterisk (* ) key. If Agent Nunber isnot specified, the caller will be prompted to
enter her agent number. Agents are defined inagent s. conf .

Theopt i ons argument may contain the letter s, which causes the login to be silent:

; silently log in the caller as agent nunber 42, as defined in agents. conf
exten => 123, 1, Agent Logi n(42, s)

See Also

Queue(), AddQueueM ember(), RemoveQueueMember(), PauseQueueMember(), UnpauseQueueMember(), AGENT,
agent s. conf , queues. conf

AgentMonitorOutgoing()

AgentMonitorOutgoing() — Records an agent’s outgoing calls

Synopsis

Agent Mbni t or Qut goi ng([ opti ons])

Records all outbound calls made by a call agent.

This application tries to figure out the ID of the agent who is placing an outgoing call based on a comparison of
the Caller 1D of the current interface and the global variable set by the Agent Cal | backLogi n() application. As
such, it should be used only in conjunction with (and after!) the Agent Cal | backLogi n() application. It usesthe
monitoring functions in the chan_agent module instead of the Moni t or () application to record the calls. This
means that call recording must be configured correctly intheagent s. conf file.
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By default, recorded calls are saved to the /var/spool/asterisk/monitor/ directory. This may be overridden by changing
thesavecal | si n parameter inagent s. conf.

If the Caller ID and/or agent 1D are not found, this application will go to priority n+1, if it exists (where n is the
current priority).

Returns O unless overridden by one of the options.

Theopt i ons argument may include one or more of the following:

d Makethisapplicationreturn - 1 if thereis an error condition and there is no extension n+101.

¢ Changethe Call Detail Record so that the source of the call isrecorded as Agent / agent _i d.

n Don't generate warnings when there is no Caller ID or if the agent 1D is not known. This option is useful if you
want to have a shared context for agent and non-agent calls.

record outbound calls for this agent, and change the CDR to reflect
that the call is being nmade by an agent
exten => 123, 1, Agent Moni t or Qut goi ng(c)

See Also

AgentCallbackLogin(), agent s. conf

AGI()

AGI() — Executes an AGI-compliant application

Synopsis

[ E] AQ (prograni, argunent s])

Executes an Asterisk Gateway |nterface-compliant pr ogr amon the current channel. AGI programs allow external
programs (written in almost any language) to control the telephony channel by playing audio, reading DTMF digits,
and so on. Asterisk communicates with the AGI program on STDI N and STDOUT. The specified ar gunent s are
passed to the AGI program.

The pr ogr ammust be set as executable in the underlying filesystem. The program path is relative to the Asterisk
AGiI directory, which by default is /var/lib/asterisk/agi-bin/.

If you want to run an AGI when no channel exists (such asin anh extension), usethe DeadAQ () applicationinstead.
Y ou may want to use the Fast AG () application if you want to do AGI processing across the network.

If you want access to the inbound audio stream from within your AGI program, use EAG () instead of AG ().
Inbound audio can then be read in on file descriptor 3.

If the channel hangs up prematurely, the process initiated by the AG command will be sent a HUP signal to tell it
that the channel has hung up. If your program does not catch this signal, it will be terminated. Y ou can override this
behavior by setting the channel variable AG SI GHUP to O:

; call the denb AG@ program
exten => 123, 1, AG (agi -test)
exten => 123, 2, EAQ (eagi -test)
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See Also

DeadAGI()

AMD()

AMD() — Answering machine detection
Synopsis

AVD([initial Silence[,greeting[,afterG eetingSilence[,total Anal ysisTi ne
[, m ni mumAdr dLengt h[, bet weenWor dsSi | ence[, maxi mumNunber O Wor ds
[,silenceThreshold]]1]111111)

This application attempts to detect an answering machine, based on the timing patterns. This application is usually
used by outbound calls originated from either call files or from the Asterisk manager Interface. This application sets
ANMDSTATUS variableis set to one of the following, to show what type of call was detected:

MACHI NE The called party is believed to be an answering machine.

HUVAN The called party is believed to be a human being, and not an answering machine.

NOTSURE The application was unable to tell whether the called party was a human or an answering machine.
HANGUP A hangup occurred during the detection.

The AMD() application also sets a channel variable named AMDCAUSE with the cause that lead to the conclusion
stated in the AMDSTATUS variable. The ANMDCAUSE variable will be set to one of the following values:

TOOLONG-total _tine

I NI TI ALSI LENCE-si | ence_duration-initial_silence
HUMAN- si | ence_duration-after_greeting_sil ence
MAXWORDS- wor d_count - maxi mum_nunber _of _wor ds
LONGGREETI NG voi ce_dur ati on-greeti ng

The parameters to this application all help tune it so that it can more effectively tell the difference between a human
and an answering machine. If the parameters are not passed to this application, Asterisk will read the default values
as configured in and. conf . The parameters are;

initial Silence The maximum silence duration before the greeting. If exceeded, then the AVMDSTA-
TUS variable will be set to MACHI NE.

greeting The maximum length of the greeting. If exceeded, then the AVMDSTATUS variablewill
set to MACHI NE.

afterGreetingSil ence Themaximum silence after detecting a greeting. If exceeded, then the AMDSTATUS
variable will be set to MACHI NE.

t ot al Anal ysi sTi me The maximum time allowed for the algorithm to decide whether the called party isa
human or an answering machine.

m ni mum\r dLengt h If the duration of the voice activity is shorter than ni ni numAér dLengt h, it will
not be considered to be human speech.
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bet weenWbr dsSi | ence  The minimum duration of silence after a word to consider the audio that follows as
anew word.

maxi mumNurber OF Wor ds  The maximum number of words detected in the greeting. If exceeded, then the ANVD-
STATUS variable will set to MACHI NE.

sil enceThreshol d How sensitive the algorithm should be when detecting silence

; Use answering nmachine detection. |If the called party

; 1's human, connect themto Bob. Oherwi se, play a

; message and hang up

exten => 123, 1, Answer ()

exten => 123, n, AMX)

exten => 123, n, Got ol f ($[ " ${ AMDSTATUS}" = "HUMAN'] ?human: machi ne)
exten => 123, n( nachi ne), Wi t For Si | ence(2000)

exten => 123, n, Pl ayback(ast eri sk-friend)

exten => 123, n, Hangup()

exten => 123, n( human), Ver bose(3, W've got a human on the line!)
exten => 123, n, Pl ayback(transfer)

exten => 123, n, D al (S| P/ bob)

exten => 123, n, Pl ayback(i m sorry)

exten => 123, n, Hangup()

See Also

WaitForSilence()

Answer()

Answer() — Answers achannel, if it isringing

Synopsis

Answer ([ del ay])

Causes Asterisk to answer the channel if it is currently ringing. If the current channel is not ringing, this application

does nothing.

If adel ay is specified, Asterisk will answer the call and then wait del ay milliseconds before going on to the next
priority in the dialplan.

Itis often agood ideato use Answer () on the channel before calling any other applications, unless you have avery
good reason not to. There are several key applications that require that the channel be answered before they are called,
and may not work correctly otherwise:

exten => 123, 1, Answer ( 750)
exten => 123, n, Pl ayback(tt-weasel s)

See Also

Hangup()
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AppendCDRUserField()

AppendCDRUserField() — Appends avalue to the user field of the Call Detail Record

Synopsis

AppendCDRUser Fi el d( val ue)

Appendsval ue to the user field of the Call Detail Record (CDR). The user field is often used to store arbitrary data
about the call, which may not be appropriate for any of the other fields:

; set the user field to 'abcde'

exten => 123, 1, Set CDRUser Fi el d(abcde)
; now append ' xyz'

exten => 123, 1, AppendCDRUser Fi el d( xyz)

A  Note
. N . .
i This application has been deprecated in favor of the CDR function.

exten => 123, 1, Set (CDR(userfiel d)=${CDR(userfiel d)}12345)

See Also

SetCDRUserField(), ForkCDR(), NoCDR(), ResetCDR(), the CDR

Authenticate()

Authenticate() — Requires that the caller enter a correct password before continuing

Synopsis
Aut hent i cat e( password[, opti ons[, maxdi gits]])
Requires a caller to enter a given passwor d in order to continue execution of the next priority in the dialplan.

Aut hent i cat e() gives the caller three chances to enter the password correctly. If the password is not correctly
entered after three tries, the channel is hung up.

If passwor d begins with the / character, it is interpreted as a file that contains a list of valid passwords (one per
line). Passwords may also be stored in the Asterisk database (AstDB); see the d option below.

The maxdi gi t s parameter sets the maximum number of digits that may be entered by the caller. It not set, the
application will accept an unlimited number of digits and will wait for the caller to press the # key after entering his
authentication code.

A set of opt i ons may be provided, consisting of one or more of the lettersin the following list:
a SetstheCDRfieldnamedaccount code andthechannel variable ACCOUNTCCODE to the password that isentered

d Interpretsthe path asthe database key from the Asterisk database in which to find the password, not a litera file.
When using a database key, the value associated with the key can be anything.
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i Supportsjumping to priority n+101 if authentication fails

m Interpretsthe given path asafilethat containsalist of account codes and password hashes delimited with : (colon
character), listed one per line in the file. When one of the passwords is matched, the channel will have its account
code set to the corresponding account code in the file.

r  Removes the database key upon successful entry (valid with d only).

; force the caller to enter the password before continuing,

; and set the CDR field naned 'accountcode' to the entered password
exten => 123, 1, Answer ()

exten => 123, n, Aut henti cat e( 1234, a)

exten => 123, n, Pl ayback( pi n- nunber - accept ed)

exten => 123, n, SayDi gi t s( ${ ACCOUNTCODE} )

See Also

VMAuthenticate(), DISA()

Background()

Background() — Plays afile while accepting touch-tone (DTMF) digits

Synopsis

Background(fil enamel[ & il enane2...][,options[, | anguage]])

Plays the specified audio file(s) while waiting for the user to begin entering DTMF digits. Once the user begins to
enter DTMF digits, the playback isterminated. Asterisk triesto find amatching extension in the destination cont ext

(or the current context if none is specified), and execution of the dialplan will continue at the matching extension as
soon as an unambiguous match is found.

Thef i | ename should be specified without a file extension, as Asterisk will automatically find the file format with
the lowest translation cost.

Vaid opt i ons include one of the following:

s Causes the playback of the message to be skipped if the channel is not in the “up” state (i.e., hasn't yet been
answered). If s is specified, the application will return immediately should the channel not be off-hook.

n Does not answer the channel before playing the specified file. Without this option, the channel will automatically
be answered before the sound is played. Not all channels support playing messages before being answered.

m Only break if adigit hit matches a one-digit extension in the destination context.

The | anguage argument may be used to specify a language to use for playing the prompt, if it differs from the
current language of the channel.

exten => 123, 1, Answer ()
exten => 123, 2, Background(' ext er - ext - of - person' ) ;

See Also

Control Playback(), WaitExten(), BackgroundDetect(), TIMEOUT
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BackgroundDetect()

BackgroundDetect() — Plays afilein the background and detects talking

Synopsis

BackgroundDet ect (fil enane[,sil[,mn[,max]]])

Similar to Backgr ound( ) , but attemptsto detect talking.

During the playback of the file, audio is monitored in the receive direction. If a period of non-silence that is greater
than mi n milliseconds yet less than max milliseconds and is followed by silencefor at least si | milliseconds occurs,
the audio playback is aborted and processing jumpsto thet al k extension, if available.

If unspecified, si | , m n, and max default to 1,000 ms, 100 ms, and infinity, respectively.

exten => 123, 1, BackgroundDet ect (tt - nonkeys)
exten => 123, 2, Pl ayback(i m sorry)
exten => tal k, 1, Pl ayback(yes- dear)

See Also

Playback(), Background()

Busy()

Busy() — Indicates a busy condition to the channel

Synopsis

Busy([ti meout])

Requeststhat the channel indicate the busy condition and then waitsfor the user to hang up or for theoptional t i meout
(in seconds) to expire.

This application signals abusy condition only to the bridged channel. Each particular channel type hasits own way of
communicating the busy condition to the caller. You can use Pl ayt ones( busy) to play abusy toneto the caler.

exten => 123, 1, Pl ayback(i m sorry)
exten => 123, 2, Pl ayt ones( busy)
exten => 123, 3, Busy()

See Also

Congestion(), Progress(), Playtones(), Hangup()

ChangeMonitor()

ChangeMonitor() — Changes the monitoring filename of a channel
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Synopsis
ChangeMoni t or (fi | enane_base)
Changes the name of the recorded file created by monitoring a channel with the Moni t or () application. This appli-

cation has no effect if the channel is not monitored. The argument f i | enane_base is the new filename base to
use for monitoring the channel.

; start recording this channel with a basenanme of 'sanple'
exten => 123, 1, Moni t or (sanpl e)

; change the filenane base to 'exanple'

exten => 123, 2, ChangeMbni t or (exanpl e)

See Also

Monitor(), StopMonitor(), MixMonitor()

ChanlsAvail()

ChanlsAvail() — Finds out if a specified channel is currently available

Synopsis

Chanl sAvai | (t echnol ogyl/ resour cel[ & echnol ogy2/ resource2...][,option])

Checksto seeif any of the requested channels are available. This application al so setsthe following channel variables:
AVAI LCHAN The name of the available channel, including the call session humber used to perform the test

AVAI LORI GCHAN The canonical channel name that was used to create the channel—that is, the channel name
without any session number

AVAI LSTATUS The status code for the channel

If the option s (which stands for “state”) is specified, Asterisk will consider the channel unavailable whenever it is
inuse, evenif it can take another call.

If thej option is specified, and none of the requested channels are available, the new priority will be n+101 (where
n isthe current priority), if that priority exists.

; check both Zap/1 and Zap/2 to see if they're avail able
exten => 123, 1, Chanl sAvai | ( Zap/ 1&Zap/ 2)

; print the avail abl e channel nane to the Asterisk CLI
exten => 123, 2, Ver bose( 0, ${ AVAI LORI GCHAN} )

Warning
A This application does not work correctly on MGCP channels.

ChannelRedirect()

Channel Redirect() — Redirects a channel to anew location in the dialplan
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Synopsis

Channel Redi rect (channel , [[ cont ext, ] extensi on,]priority)

Thisapplication redirectsthe specifiedchannel toanew pri ori ty inthediaplan. If ext ensi onisnot specified,
the current extension is assumed. If cont ext isnot specified, the current context will be assumed:

;. Transfer SIP/Bob to hold nusic when extension 123 is dialed
exten => 123, 1, Channel Redi rect (Sl P/ Bob, 124, 1)

exten => 124, 1, Answer ()
exten => 124, 2, Musi cOnHol d()

See Also

Transfer()

ChanSpy()

ChanSpy() — Listensto the audio on a channel, and optionally whisper to the calling channel

Synopsis

ChanSpy([ chanprefi x[, options]])

This application is used to listen to the audio going to and from an Asterisk channel. If the chanpr ef i x parameter

is specified, only channels beginning with this value will be spied upon.

While a channel is being spied upon, the following actions may be performed:

» Dialing# cyclesthe volumelevel.

» Dialing* will cause the application to spy on the next available channel.

 Diding a series of digits followed by # builds a channel name (which will be appended to chanpr ef i x). For
;);ag;pi;,.pl acing ChanSpy( Zap) and then dialing the digits 42# while spying will begin spying on the channel

Theopt i ons parameter may contain zero or more of the following options:

b Only spy on channelsthat are involved in abridged call.

g(group) Only spy on channels that contain a channel variable named SPYGROUP, which should contain
gr oup inan optiona colon-delimited list.

q Quiet mode. Tells the application not to beep or read the selected channel’ s name when spying
begins.

r[ (basenane)] Records the channel audio to the monitor spool directory (usually / var/ spool / ast er -
i sk/ nmoni t or). An optional basenane set the base filename of the recordings, which de-
faultsto chanspy.
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v([val ue]) Adjusts the volume of the audio being listened to. Theval ue must bein therange of 4 to - 4.
A negative val ue will make the volume quieter, while a positive value will make it louder.

w Whisper mode. This alows the spying channel to talk to the spied-upon channel, without any
other bridged channel being able to hear the audio.

W Private whisper mode. This enables the spying channel to speak to the spied-upon channel with-
out being able to hear the audio from the spied-upon channel.

; Spy on the Zap channels in whi sper nbde
exten => 123, 1, Channel Spy( Zap, w)

See Also

ExtenSpy()

Congestion()

Congestion() — Indicates congestion on the channel

Synopsis

Congestion([tinmeout])

Requests that the channel indicate congestion and then waits for the user to hang up or for the optional t i meout
(in seconds) to expire.

This application signals congestion only to the far end; it doesn’t actually play a congestion tone to the user. Use
Pl ayt ones(congesti on) to play acongestion toneto the caller.

Warning

A If you use this command without a timeout, you run the risk of having a channel get stuck in
this state. This is not really needed when you want to indicate congestion to a user. Just use
Pl ayt ones(congesti on) sothey hear the fast-busy, and then Hangup() .

Always exits abnormally:

if the Caller |ID nunber is 555-1234, always play congestion
exten => 123, 1, Gotol f ($[ ${ CALLERI D(nun) } = 5551234] ?5: 2)
exten => 123, 2, Pl ayt ones(congesti on)
exten => 123, 3, Congesti on(3)
exten => 123, 4, Hangup()
exten => 123,5, D al (Zap/ 1)

See Also

Busy(), Progress(), Playtones(), Hangup()

ContinueWhile()

ContinueWhile() — Restart a\Whi | e() loop
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Synopsis

Cont i nueWi | e()

Return to the top of a While loop and re-eva uate the conditional .

See Also

While(), ExitWhile()

ControlPlayback()

ControlPlayback() — Plays afile, with the ability to fast forward and rewind thefile

Synopsis
Cont rol Pl ayback(fil e[, skipms[,ff[,rew,stop[, pause[,restart[,options]]]]]111])
Playsback agivenf i | e (without thefile extension), while allowing the caller to move forward and backward through

the file by pressing f f and r ew keys. By default, you can use * and # to rewind and fast-forward the playback of
thefile, respectively.

The ski prs option specifies how far forward or backward to jump in the file with each pressof f f or r ew.
If st op is specified, the application will stop playback when st op is pressed.

A pause argument may also be specified, which when pressed will pause playback of thefile. Pressing pause again
will continue the playback of the file.

If ther est art parameter is specified, the specified key may be used to restart the playback of thefi | e.

If theopt i ons parameterissettoj ,andthef i | e doesnot exist, the application jumpsto priority n+101, if present
(where n isthe current priority number).

TheCont r ol Pl ayback() application setsachannel variable named CPLAYBACKSTATUS upon completion. The
CPLAYBACKSTATUS variable will be set to one of the following values:

SUCCESS
USERSTCOPPED
ERROR

allow the caller to control the playback of this file
exten => 123, 1, Control Pl ayback(tt-nmonkeys| 3000| #| *| 5] 0)

See Also

Playback(), Background(), Dictate(),

DateTime()

DateTime() — Says the date and/or time in the user-specified format
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Synopsis

Dat eTi me([uni xtime[,timezone[,format]]])

If theuni xt i me parameter is specified, this application says that date and time. Otherwise, it says the current date
and time. If ati mezone is specified, the date and time is calculated according to that time zone. Otherwise, the
time zone setting of the Asterisk server isused. If the f or mat parameter is specified, the date and time will be said
according to that format. (See the sample voicemail.conf file for more information on the date and time format.)

; say the current date and tine in several tine zones

exten
exten
exten
exten

=>
=>
=>
=>

123, 1, Dat eTi me(, Arer i ca/ New_Yor k)
123, 2, Dat eTi ne(, Areri ca/ Chi cago)
123, 3, Dat eTi ne(, Areri ca/ Denver)

123, 4, Dat eTi me(, Areri ca/ Los_Angel es)

DBdel()

DBdel() — Deletes akey from the AstDB

Synopsis

DBdel (fam | y/ key)

Deletes the key specified by key from the key family named f ami | y inthe AstDB.

exten => 123, 1, DBput (t est/ nane=John) ; add nane to AstDB
exten => 123, 2, DBget (NAME=t est/ nane) ; retrieve name from Ast DB

exten => 123, 3, DBdel (t est/ nane) ; delete from Ast DB
4 Note
&
i Thisapplication isdeprecated and the functionality has been replaced withthe DB_DELETE( ) function.

See Also

DB_DELETE( ) , DBdeltree(), DB

DBdeltree()

DBdeltree() — Deletes afamily or key tree from the AstDB

Synopsis

DBdel tree(fam | y[/ keytree])

Deletesthe specified f ani | y or keyt r ee from the AstDB.

create a couple of entries in the Ast DB
exten => 123, 1, DBput (t est/ bl ue)
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exten => 123, 2, DBput (t est/ green)
; now del ete the key fam |y named test
exten => 123, 3, DBdel tree(test)

See Also

DB_DELETE() , DBdel(), DB

DeadAGI()

DeadAGI () — Executes an AGI-compliant script on a dead (hung-up) channel
Synopsis

DeadAd ( pr ogram ar gs)

Executesan AGI-compliant pr ogr amon adead (hung-up) channel. AGI allows Asterisk to launch external programs
written in almost any language to control atelephony channel, play audio, read DTMF digits, and so on by communi-
cating withthe AGI protocol on STDI Nand STDOUT. The arguments specified by ar gs will be passed to the program.

This application has been written specifically for dead channels, as the normal AGI interface doesn’t work correctly
if the channel has been hung up.

Usetheshow agi command on the command-line interface to list al of the available AGI commands.

exten => h, 1, DeadAd (agi -t est)

See Also

AGI()

Dial()
Dial() — Attemptsto connect channels
Synopsis

Di al (t ech/ user nanme: passwor d@ost nane/ ext ensi on[ & ech2/ peer 2. . . ]
[,ring-timeout[,flags[,URL]]])

Allowsyou to connect together all of the various channel typ&elDi al () isthemost important applicationin Asterisk;
you'll want to read through this section afew times.

IThefact that Asterisk will happily connect IAX, SIP, H.323, Skinny, PRI, FX(0O/S), and anything elseisamazing, but possibly the most amazing of
dlistheLoca channel. By allowingasingleDi al () command to connect to multiple Local channels, oneDi al () event cantrigger amultitude of
completely independent and unique actionsin other parts of the dial plan. The power of this concept istruly revolutionary and hasto be experienced
to be believed.
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Any valid channel type (suchas SIP, IAX 2, H.323, MGCP, Local, or Zap) isacceptabletoDi al () , but the parameters
that need to be passed to each channel will depend on the information the channel type needsto do itsjob. For example,
a SIP channel will need a network address and user to connect to, whereas a Zap channdl is going to want some sort
of phone number.

When you specify a channel type that is network-based, you can pass the destination host (name or |P address), user-
name, password, and remote extension as part of theoptionstoDi al () , or you canrefer to the name of achannel entry
in the appropriate. conf file; al the required information will then need to be obtained from that file. The username
and password can be replaced with the name contained within square brackets ([ ] ) of the channel configuration file.
The hostname is optional.

Thisisavdid Di al statement:

exten => s, 1, D al (SI P/sake: ari gat o@ hat host overt here. tld)
Thisis effectively identical:

exten => s,1,Di al (SIP/sonme_SIP_friend)

but will work only if thereisachannel definedinsi p. conf as[ sone_SI P_fri end] , whose channel definition
containsf r omuser =sake, passwor d=ar i gat o, and host =t hat host overt here. tld.

An extension number is often attached after the address information, like this:
exten => s, 1, D al (1 AX2/ user : pass@t her end. coni 500)

This asks the far end to connect the call to extension 500 in the context in which the channel arrived. The extension is
not required by Di al (), astheinformation in the remote end’ s channel configuration file may be used, or the remote
server will pass the call to the s extension in the context in which the call came in. Ultimately, the far end controls
what happens to the call; you can only request a specific treatment.

Ifnoring-tinmeout isspecified, the channel will ring indefinitely. Thisisnot always abad thing, so don’t feel you
need to set it; just be aware that “indefinitely” could mean avery longtime. ri ng-ti meout isspecified in seconds.
Thering timeout always follows the addressing information, like this:

exten => s, 1, D al (1 AX2/ user: pass@t her end. conl 500, ri ng-ti neout)

Much of the power of theDi al () applicationisintheflags. These are assigned following the addressing and timeout
information, like this:

exten => s, 1, D al (1 AX2/ user: pass@t her end. conf 500, 60, f| ags)

Tip

If you don’t have a timeout specified, and you want to assign flags, you must still assign a spot for the
timeout. Y ou do thisby adding an extracommain the spot where the timeout would normally go, likethis:

exten => s, 1, D al (1 AX2/ user: pass@t her end. coni 500, , f| ags)
The valid flags that may be used with the Di al () application are:

A( X) Plays an announcement to the called party; x is the filename of the sound file
to play as the announcement.

C Resets the Call Detail Record for the call. Since the CDR time is set to when
you Answer () the call, you may wish to reset the CDR so the end user is not
billed for the time prior to the Di al () application being invoked.
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D([ called][: calling])

G cont ext * extension”?

priority)

LOx[:yll:z])

nicl ass]

Allows the user to dial a one-digit extension while waiting for a call to be an-
swered. The call will then exit to that extension (either in the current context, if
it exists, or in the context specified by the EXI TCONTEXT variable).

Sends DTMF digits after the call has been answered, but before the call is
bridged. The cal | ed parameter is passed to the called party, and the cal | -
i ng parameter is passed to the calling party. Either parameter may be used in-
dividually.

Forces the Caller ID of the calling party to be set as the extension associated
withthe channel using adialplan hint. Thisisoften used when aprovider doesn’t
allow the Caller 1D to be set to anything other than a number that is assigned to
you. For example, if you had a PRI, you would use the f flag to override any
Caller ID set locally on a SIP phone.

Execution of the dialplan goes on in the current context if the destination chan-
nel hangs up.

When the call is answered, the calling party is transferred to the specified pri-
ority and the called party to the specified priority+1. Y ou cannot use any addi-
tional action post-answer options in conjunction with this option.

Allows the called user to hang up the channel by pressing the * key.
Allows the calling user to hang up the channel by pressing the * key.

Causes Asterisk to ignore any forwarding requests it may receive on this dial
attempt.

Causes Asterisk to jump to priority n+101 if all the requested channels were
busy (where n isthe current priority).

Limits the call to x milliseconds, warning when y milliseconds are left and
repeating every z milliseconds until the limit is reached. The x parameter is
required; they and z parameters are optional. The following special variables
may also be set to provide additional control:

LI M T_PLAYAUDI O_CALLER=yes$pecifies whether to play sounds to the
no caller. Defaultsto yes.

LI M T_PLAYAUDI O CALLEE=yes$pecifies whether to play sounds to the

no callee.

LIMT_TI MEOUT_FI LE= Specifieswhich fileto play whentimeis

filenane up.

LI M T_CONNECT_FI LE= Specifieswhichfileto play when call be-

filenane gins.

LI M T_WARNI NG _FI LE= Specifiesthefileto play if the argument

filenane y isdefined. Defaults to saying the time
remaining.

Provides music to the caling party until the cal is answered. You
may aso optionaly indicate the music-on-hold cl ass, as defined in
musi conhol d. conf .
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M x[ "arg])

ax]

PL(x)]

Executes the macro x upon the connection of a call, optionally passing argu-
ments delimited by ~. The macro can also set the MACRO_RESULT channel
variable to one of the following values, to determine what should happen after
the macro has finished:

ABCORT Hangs up both legs of the call.

CONGESTI ON Acts as if the line encountered conges-
tion.

BUSY Actsasif thelinewas busy. If thej op-

tion is specified, it sends the call to pri-
ority n+101, where n is the current pri-
ority.

CONTI NUE Hangs up the called party and continues
oninthediaplan.

GOTQ <cont ext >*"<ext ensi on>Trapsfeithe gatl to the specified desti-
nation.

Warning
A Y ou cannot use any additional action post-answer optionsin con-

junction with this option. Also, PBX services are not run on the
called channel, so you will not be able to set timeouts via the
TI MEQUT function in this macro.

Thisoption isamaodifier for the screen/privacy mode. It specifies that no intro-
ductions are to be saved in the priv-callerintros directory.

This option is a modifier for the screen/privacy mode. It tells Asterisk not to
screen the call if Caller ID is present.

Uses the Caller ID received on the inbound leg of the call for the Caller ID on
the outbound leg of the call. Thisis useful if you are accepting a call and then
forwarding it to another destination, but you wish to passthe Caller ID from the
inbound leg of the call instead of overwriting it with thelocal Caller ID settings.
This was the default behavior on Asterisk versions prior to 1.0.

This option turns on Operator Services mode on a Zaptel channel. If thisoption
is used on a non-Zaptel interface, it will be ignored. When the destination an-
swers (presumably an operator services station), the originator no longer has
control of her line. She may hang up, but the switch will not release her line
until the destination party (the operator) hangs up. Specified without an arg, or
with 1 as an arg, the originator hanging up will cause the phone to ring back
immediately. With a2 specified as the argument, when the “ operator” flashes
the trunk, it will ring the caller’ s phone.

This option enables screening mode. This is basically Privacy mode without
memory.

Setsthe privacy mode, optionally specifying x asthefamily/key valueinthelo-
cal AstDB database. Thisoptionisuseful for accepting callsbased on ablacklist
(explicitly denying calls from listed numbers) or whitelist (explicitly accepting
callsfrom listed numbers). See also LookupBl ackl i st ().
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S(x)

Indicates ringing to the calling party, without passing any audio until the call
isanswered. Thisflag is not normally required to indicate ringing, as Asterisk
will signal ringing if achanndl is actually being called.

Hangs up the call x seconds after the called party has answered the call.

Permitsthe called party to transfer acall by pressing the # key. Please note that
if this option is used, reinvites are disabled, as Asterisk needs to monitor the
call to detect when the called party pressesthe # key.

Permitsthe caller to transfer aconnected call by pressing the# key. Again, note
that if this option is used, reinvites are disabled, as Asterisk needs to monitor
the call to detect when the caller presses the # key.

Permitsthe called user to start and stop recording the call audio to disk by press-
ing the aut onon sequence (as configured in f eat ur es. conf). If the vari-
able TOUCH_MONI TOR s set, its value will be passed as the arguments to the
Moni t or () application when recording is started. If it is not set, the default
values of WAV| | mare passed to Moni t or () .

Permits the calling user to record the call audio to disk by pressing the au-
t oron sequence (as configured in f eat ur es. conf).

Permitsthe called party to park the call by sending the DTMF sequence defined
for cal parking in f eat ur es. conf .

Permitsthe calling party to park the call by sending the DTMF sequence defined
for cal parkingin f eat ur es. conf .

If the URL argument isincluded, that URL will be sent to the channel (if supported).

A  Note

Fid If the channel variable named QUTBOUND_CGROUP is set before Di al () is caled, all peer channels
created by this application will be put in to that call group. In the following example, all peer channels
created by the Di al () application will be part of thet est call group:

usi ng OUTBOUND GROUP
exten => 123, 1, Set (OQUTBOUND_GROUP=t est )
exten => 123, n, D al (1 AX2/ anot her box/ 12345)

If the OUTBOUND GROUP_ONCE variable is set, al peer channels created by this application will be
put in to that group. Unlike OUTBOUND_GROUP, however, the variable will be unset after use.

TheDi al () application sets the following variables upon exiting:

DI ALEDTI ME
ANSWEREDT| ME
DI ALSTATUS

CHANUNAVAI L

CONGESTI ON

NOANSVER

The total time elapsed from execution of Di al () until completion.
The total time elapsed during the call.

The status of the call, set as one of the following values:

The channel is unavailable.

The channel returned a congestion signal, usually indicating that it was unable
to complete the connection.

The channel did not answer in the time indicated by the ring-timeout option.
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BUSY The dialed channel is currently busy.

ANSVEER The channel answered the call.

CANCEL The call was cancelled.

DONTCALL The call was set to DONTCALL by the screening or privacy options.
TORTURE The call was set to TORTURE by the screening or privacy options.

I NVALI DARGS Invalid arguments were passed to the Di al () application.

; dial a seven-digit number on Zap channel 4
exten => 123, 1, Di al (Zap/ 4/ 2317154)

; dial the sane nunber, but this time only have it ring for 10 seconds
; before continuing on with the dialplan

exten => 124, 1, Di al (Zap/ 4/ 2317154, 10)

exten => 124, 2, Pl ayback(i m sorry)

exten => 124, 3, Hangup()

; dial the sane nunber, but this time with no tinmeout, and using the
; t, T, and mflags
exten => 125, 1, Di al (Zap/ 4/ 2317154, ,tTm

; dial extension 500 at a renmote host (over the |IAX protocol), using
; the specified usernanme and password
exten => 126, 1, Di al (|1 AX2/ user nane: passwor d@ enot ehost / 500)

; dial a nunber, but limt the call to 5 mnutes (300,000 nilliseconds)
; start warning the caller 4 mnutes (240,000 nmilliseconds) in to the call,
; and repeat the warning every 30 seconds (30,000 nilliseconds)

exten => 127, 1, Di al (Zap/ 4/ 2317154, , L[ 300000: 240000: 30000] )

See Also

RetryDial()

Dictate()

Dictate() — Virtual dictation machine
Synopsis

Dictate([base dir[,fil enane]])

Thisapplication allows the recording and playback of files, similar to atraditional dictation machine. Thebase_di r
parameter specifies the directory in which Asterisk will write the recorded files. If not specified, it defaults to the
dictate subdirectory of the Asterisk spool directory (asdefinedinast eri sk. conf).

If thef i | ename parameter is specified, it will be used when thefile iswritten. If not specified, Asterisk will prompt
the caller for a numeric filename for thefile.
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¥ Note
4 B o | |
Fiad Asterisk writesthefilesin raw, headerless, signed-linear format. If you' dliketo convert thefileto another
format, you can use an outside utility such as sox, or usethefil e convert command from the

Asterisk command-line interface.

The Di ct at e() application has two main modes: recording mode and playback mode. The caller can press the 1
key to switch between these modes. In both modes, the O key can be used to get help. The * key is used to pause or
unpause the recording or playback. The # key allows the caller to choose a new filename.

In recording mode, the 8 key can be used to erase the entire recording and start over.

In playback mode, the 7 key rewinds the recording a few frames, and the 8 key forwards the recording a few frames.
The 2 key is used to toggle the playback speed (either 1x, 2x, 3X, or 4x).

; begin dictating, and save the files in the /tnp/dictate directory
exten => 123,1,Dictate(/tnp/dictate)

See Also

Playback(), Background(), Control Playback(),

Directory/()

Directory() — Provides a dialable directory of extensions

Synopsis

Directory(vmcontext[, dial-context[, options]])

Presents users with a directory of extensions from which they may select by name. The list of names and exten-

sions is discovered from voi cemai | . conf . The vm cont ext argument is required; it specifies the context of
voi cemai | . conf touse

The di al - cont ext argument is the context to use for dialing the users, and it defaults to vm cont ext if un-
specified. If the opt i ons argument is set to f, Asterisk will find a directory match based on the first name in
voi cemai | . conf instead of the last name. If the e option is specified, Asterisk will read the extension of the di-
rectory match aswell as the person’s name.

If the user enters O (zero) and there exists an extension o (the lowercase letter 0) in the current context, the call control
will go to that extension. Entering * will exit similarly, but to the a extension, much like Voi cemnmai | () 'sbehavior.

exten => * 1 Directory(default,incom ng)
exten => #,1,Directory(defaul t,incom ng,f)
exten => 9,1, Directory(defaul t,incom ng,fe)

DISA()

DISA() — Direct Inward System Access: alows inbound callers to make outbound calls
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Synopsis
DI SA( passwor d[, context[,cal l erid[, mail box[ @ntontext]]]])
DI SA(password-file[,callerid[, mail box[ @ntontext]]])

Allows outside callers to obtain an “internal” system dial tone and to place calls from it asif they were placing cals
from within the switch. The user is given adial tone, after which she should enter her passcode, followed by #. If the
passcode is correct, the user is then given a system dial tone on which a call may be placed.

Warning
A Obvioudly, this type of access has serious security implications, and extreme care must be taken not to
compromise the security of your phone system.

The passwor d argument isanumeric passcode that the user must enter to be able to make outbound calls. Using this
syntax, all callers to this extension will use the same password. To allow usersto use DI SA() without a password,
use the string no- passwor d instead of the password.

Thecont ext argument specifiesthe context in which the user will be dialing. If no context is specified, the DI SA()
application defaults the context to di sa.

Thecal | eri d argument specifiesanew Caller ID string that will be used on the outbound call.

The mai | box argument is the mailbox number (and optional voicemail context, vntont ext ) of avoicemail box.
The caller will hear a stuttered dial tone if there are any new messages in the specified voicemail box.

Additionally, you may use an alternate syntax and pass the name of a global password file instead of the passwor d
and cont ext arguments. On each line, the file may contain either a passcode, or a passcode and context, separated
by a pipe character (| ). If acontext is not specified, the application defaults to the context named di sa.

If the user login is successful, the application parses the dialed number in the specified cont ext :

; allow outside callers to call 1-800 nunbers, as |ong

; as they know the passcode. Set their Caller IDs to nake

; It appear that they are dialing fromw thin the conmpany

[i ncom ng]

exten => 123, 1, DI SA( 4569, di sa, "Conpany ABC' <(234) 123-4567>)

[ di sa]
exten => 1800NXXXXXX, 1, Di al ( Zap/ 4/ ${ EXTEN})

See Also

Authenticate(), VMAuthenticate()

DumpChan()

DumpChan() — Dumps information about the calling channel to the console

Synopsis

DunpChan([ m n_ver bose_| evel ])
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Displaysinformation about the calling channel, aswell asalisting of all channel variables. If m n_ver bose_|I evel
is specified, output is displayed only when the verbosity level is currently set to that number or greater.

Warning
A If you have many channel variables set, DunpChan() will show only thefirst 1,024 characters of your
channel variable listing.

exten => s, 1, Answer ()
exten => s, 2, bunpChan()
exten => s, 3, Backgr ound( ent er - ext - of - per son)

See Also

NoOp(), Verbose()

EAGI()

EAGI()

Synopsis

See A ().

Echo()
Echo() — Echoes inbound audio back to the caller
Synopsis

Echo()

Echoes audio read from the channel back to the channel. This application is often used to test the latency and voice
quality of aVolP link. The caller may pressthe # key to exit.

exten => 123, 1, Echo()
exten => 123, 2, Pl ayback(vm goodbye)

See Also

Milliwatt()

EndWhile()

EndwWhile() — Endsawhi | e loop

Synopsis
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EndWhi | e()

Returnsto the previously called Whi | e() application. See While() for acomplete description of how to useawhi | e
loop.

exten => 123, 1, Set (COUNT=1)

exten => 123,2, Wil e($[ ${COUNT} < 5 ])
exten => 123, 3, SayNunber ( ${ COUNT} )

exten => 123, 4, Set ( COUNT=$[ ${ COUNT} + 1]
exten => 123, 5, EndWi | e()

See Also

While(), ExitWhile(), Gotolf()

Exec()

Exec() — Executes an Asterisk application dynamically

Synopsis

Exec(appnane(ar gunent s))

Allows an arbitrary application to be invoked even when not hard-coded in to the dialplan. Exits exactly the same as
theunderlying appl i cat i on, or abnormally, if theunderlying appl i cat i on cannot befound. Thear gunent s
are passed to the called appl i cat i on.

This application allows you to dynamically call applications by pulling them from a database or other external source.

exten => 123, 1, Set (MYAPP=SayDi gi t s(12345))
exten => 123, 2, Exec( ${ MYAPP})

See Also

The EVAL, TryExec(), Execlf()

Execlf()

Execlf() — Conditionally executes an Asterisk application

Synopsis
Execl f (expressi on, appl i cati on, argunents)
If expr essi on istrue, executesthegivenappl i cat i onwithar gunent s asitsarguments, and returnstheresult.

For more information on Asterisk expressions, see the channel vari abl es. t xt filein the doc/ subdirectory of
the Asterisk source.

If expr essi on isfalse, execution continues at the next priority.
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exten => 123, 1, Execl f ($[ ${CALLERI DNUM = 101 ], SayDi gits, 12345)
exten => 123, 2, SayDi gi t s(6789)

See Also

The EVAL, Exec(), TryExec()

ExitWhile()

ExitWhile() — Exit from aWhi | e() loop, whether or not the conditional has been satisfied

Synopsis

Exi t Wi | e()

Will cause aWhile() loop to exit whether or not the conditional expression has been satisfied.
exten => 123, 1, Set ( COUNT=1)

exten => 123, n, Wi | e( $[ ${ COUNT} < 5])

exten => 123, n, Got ol f ($[ ${ COUNT} != 3] ?conti nue)

exten => 123, n, Exi t Wi | e()

exten => 123, n(conti nue), NoOp()

exten => 123, n, SayNunber ( ${ COUNT} )

exten => 123, n, Set (COUNT=$[ ${ COUNT} + 1])

exten => 123, n, EndWi | e()

See Also

While(), ContinueWhile(), EndWhile()

ExtenSpy()

ExtenSpy() — Listen to the audio on an extension, and optionally whisper to the calling channel

Synopsis

Ext enSpy([ ext en@ont ext[, opti ons]])

Thisapplicationisused to listen to the audio going to and from an Asterisk channel. Only channels created by outgoing
callsfor the specified extension will be selected for spying.

While achannel is being spied upon, the following actions may be performed:

 Diding# cyclesthe volume level

» Dialing* will cause the application to spy on the next available channel

Theopt i ons parameter may contain zero or more of the following options:

b Only spy on channelsthat are involved in abridged call.
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g(group) Only spy on channels that contain a channel variable named SPYGROUP, which should contain
gr oup inan optiona colon-delimited list.

q Quiet mode. Tells the application not to beep or read the selected channel’ s name when spying
begins.

r[ (basenane)] Records the channel audio to the monitor spool directory (usually / var/ spool / ast er -
i sk/ nmoni t or). An optional basenane set the base filename of the recordings, which de-
faultsto chanspy.

v([val ue]) Adjusts the volume of the audio being listened to. Theval ue must beintherange of 4 to - 4.
A negative val ue will make the volume quieter, while a positive value will make it louder.

w Whisper mode. This allows the spying channel to talk to the spied-upon channel, without any
other bridged channel being able to hear the audio.

W Private whisper mode. This enables the spying channel to speak to the spied-upon channel with-
out being able to hear the audio from the spied-upon channel.

; Spy on channels created by extension 125 in the | ab context
exten => 123, 1, Ext enSpy(125@ ab, w)

See Also

ChanSpy()

ExternallVR()

ExternallVR() — Interfaces with an external 1VR application

Synopsis

Ext ernal | VR(command[, argl[,arg2...]])

Forks a process to run the specified ExternallVR-compliant command, and starts a generator on the channel. The
generator’s play list is controlled by the external application, which can add and clear entries via simple commands
issued over STDOUT. The external application will receive notifications of all DTMF events received on the channel,
and notification if the channel is hung up. The application will not be forcibly terminated when the channel is hung up.

Seedoc/ ext ernal i vr.txt inthe Asterisk source code for the specification of the ExternalIVR interface.

Run a test external |VR program passing an argument
exten => 123, 1, Ext ernal | VR(t est _progr am ${ MYARGUMENT} )

See Also

AGI()

Flash()

Flash() — Flashes a Zap trunk
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Synopsis

Fl ash()

Sends a flash on a Zap channel. Thisis only a hack for people who want to perform transfers and other actions that
require aflash viaan AGI script. It is generally quite useless otherwise.

Returns 0 on success, or - 1 if thisisnot a Zap trunk.

exten => 123, 1, Fl ash()

FollowMe()

FollowMe() — Find meffollow me functionality

Synopsis

Fol | owve(f ol | ownei d[, opti ons])

This application attempts to locate the callee by dialing many different destinations either serially or in paralldl, as
definedinf ol | owne. conf .

The f ol | owrei d identifies the section of f ol | owre. conf that specifies how this callee should be found. The
opt i ons parameter can be zero or more of the following:

s Playback the incoming status message prior to starting the follow-me step(s)
a Record the caller’ sname so it can be announced to the callee on each step

n Playback the unreachable status message if we've run out of steps to reach the callee or the callee has elected
not to be reachable

exten => 123, 1, Answer ()
exten => 123, 2, Fol | owe (123, san)
exten => 123, 3, Voi ceMai | (123, u)

ForkCDR()

ForkCDR() — Creates an additional CDR from the current call
Synopsis
For kCDR([ opti ons])

Creates an additional Call Detail Record for the remainder of the current call.

This application is often used in calling-card applications to distinguish the inbound call (the origina CDR) from the
billable call time (the second CDR).
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If the v option is specified, al the CDR variables from the current record will be inherited by the new CDR record.

exten => 123, 1, Answer ()

exten => 123, 2, For kCDR( V)

exten => 123, 3, Pl ayback(tt-nmnkeys)
exten => 123, 4, Hangup()

See Also

CDR function, NOCDR(), ResetCDR()

GetCPEID()

GetCPEID() — Getsthe CPE ID from an ADSI-capabl e telephone
Synopsis

Get CPEI I()

Obtains the CPE ID and other information and displaysit on the Asterisk console. Thisinformation is often needed in
order to properly set up zapat a. conf for on-hook operations with ADSI-capable tel ephones.

Returns- 1 on hangup only.

; use this extension to get the necessary information to set up ADSI
; tel ephones
exten => 123, 1, Get CPEI ()

See Also

ADSIProg(), adsi . conf , zapat a. conf

Gosub()

Gosub() — Branches to a new location, saving the return address
Synopsis
CGosub( cont ext, ext ensi on, priority)

CGosub( ext ensi on, priority)
CGosub(priority)

Branches to the location specified, similar to Got o( ) , except that Gosub() savesthereturn location, to be returned
to later by invoking Ret ur n() .

See Also

Gosublf(), Macro(), Goto(), Return(), StackPop()
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Gosublf()

Gosublf() — Conditionally branches to a new location, saving the return address

Synopsis

CGosubl f (condi ti on?l abel i ftrue: | abeliffalse)

Based upon the evaluation of condi t i on, Gosub will branch execution eithertol abel i ftrue() orl abel i f -
f al se. You may return to this same place in the dialplan by later calling Ret ur n.

Tip

The word | abel is often used to denote that you may specify apri ority; an ext ensi on and a
priority;oracontext,anextensionandapriority.We usetheword | abel to avoid
having to spell out all of the possible options each time.

Specify a default outgoing Caller*IDif one is not set by a specific channel.
exten => NXXXXXX, 1, Gosubl f ($[ "${ CALLERI D(num) }" = ""] ?setcal l erid, 1)
exten => NXXXXXX, n, Di al (Zap/ g1/ ${ EXTEN})
exten => INXXNXXXXXX, 1, Gosubl f ($[ " ${ CALLERI D( nun) }"
exten => 1NXXNXXXXXX, n, Di al (Zap/ g1/ ${ EXTEN})
exten => setcallerid,1, Set (CALLERI D( nun) =6152345678)
exten => setcallerid, n, Return

""]%?setcallerid,1)

See Also

Gosub(), Return(), Macrolf(), IF, Gotolf(),

Goto()

Goto() — Sends the call to the specified priority, extension, and context

Synopsis

Cot o([[context,]extension,]priority)
CGot o(naned_priority)

Sends control of the current channel to the specified pri ori ty, optionaly setting the destination ext ensi on and
cont ext .

Optionally, you can use the application to go to the named priority specified by the naned_pri ori ty argument.
Named priorities work only within the current extension.

exten => 123, 1, Answer ()

exten => 123, 2, Set ( COUNT=1)

exten => 123, 3, SayNunber ( ${ COUNT} )

exten => 123, 4, Set (COUNT=$[ ${COUNT} + 1 ])
exten => 123, 5, Got o( 3)
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; same as above, but using a named priority
exten => 124, 1, Answer ()

exten => 124, 2, Set ( COUNT=1)

exten => 124, 3(repeat ), SayNunber ( ${ COUNT} )
exten => 124, 4, Set (COUNT=$[ ${COUNT} + 1 ])
exten => 124,5, Got o(repeat)

See Also

Gotolf(), GotolfTime(), Gosub(), Macro()

Gotolf()

Gotolf() — Conditionally goes to the specified priority

Synopsis

CGot ol f (condi ti on?l abel 1: | abel 2)

Sendsthecadl tol abel 1 if condi ti onistrueortol abel 2 if condi ti on isfalse. Either| abel 1 or| abel 2

may be omitted (in that case, we just don’t take the particular branch), but not both.
A label can be any one of the following:

* A priority, suchas 10

» Anextension and apriority, suchas 123, 10

» A context, extension, and priority, such asi ncomi ng, 123, 10

A named priority within the same extension, such as passed

Each type of label is explained in this example:

[ gl obal s]

; set TEST to sonething el se besides 101 to see what Gotolf ()
; does when the condition is fal se

TEST=101

[ i ncom ng]

; set a variable

; go to priority 10 if ${TEST} is 101, otherwi se go to priority 20
exten => 123, 1, Gotol f ($[ ${TEST} = 101 ] ?10: 20)

exten => 123, 10, Pl ayback(t he- nronkeys-tw ce)

exten => 123, 20, Pl ayback(tt-sonet hi ngw ong)

; same thing as above, but this tine we'll specify an extension

; and a priority for each | abel

exten => 124, 1, Gotol f ($[ ${TEST} = 101 ]?123, 10: 123, 20)

; same thing as above, but these |abels have a context, extension, and
; priority

exten => 125, 1, Gotol f ($[ ${TEST} = 101 ] ?i ncom ng, 123, 10: i ncom ng, 123, 20)
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same thing as above, but this tine we'll go to named priorities
exten => 126, 1, Gotol f ($[ ${TEST} = 101 ] ?passed: f ai | ed)
exten => 126, 15( passed), Pl ayback(t he- nonkeys-tw ce)
exten => 126, 25(fail ed), Pl ayback(t he- nonkeys-tw ce)

See Also

Goto(), GotolfTime(), Gosublf(), Macrol f()

GotolfTime()

GotolfTime() — Conditionally branches, depending on the time and day

Synopsis

Cotol fTi me(ti mes, days_of week, days_of nont h, nont hs?l abel )

Branches to the specified extension, if the current time matches the specified time. Each of the elements may be
specified either as* (for always) or as arange.

The arguments to this application are:

times Time ranges, in 24-hour format

days_of week  Daysof theweek (mon,tue,wed,t hu,fri,sat,sun)

days_of nonth Daysof the month (1- 31)

nont hs Months (j an, f eb, mar , apr, etc.)

; If we're open, then go to the open context

; We're open from9amto 6pm Monday through Friday

exten => s, 1, Gotol fTi me(09: 00-17: 59, mon-fri,*, *?open, s, 1)
; We're also |ate on Tuesday and Thur sday

exten => s, n, Gotol fTi me(09: 00- 19: 59, t ue&t hru, *, *?open, s, 1)
; We're also open from9amto noon on Saturday

exten => s, n, Gotol f Ti me(09: 00- 11: 59, sat, *, *?open, s, 1)

; Otherwi se, we're closed

exten => s, n, Got o(cl osed, s, 1)

See Also

Gotolf(), IFTIME

Hangup()

Hangup() — Unconditionally hangs up the current channel
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Synopsis
Hangup( cause- code)
Unconditionally hangs up the current channel. If supported on the channel, cause- code will be specified to the

remote end as the reason for ending the call. cause- code defaultsto 16 (normal call clearing). Acceptable values
for cause- code arethefollowing:

16 Normal call clearing
17 Busy

19 No answer

21 Rejected

34 Congestion

exten => 123, 1, Answer ()
exten => 123, 2, Pl ayback(i msorry)
exten => 123, 3, Hangup()

See Also

Answer(), Busy(), Congestion()

HasNewVoicemail()

HasNewV oicemail() — Checksto seeif there is new voicemail in the indicated voicemail box
Synopsis

HasNewMoi cemai | (vimbox[ @ontext][: fol der][, varnane[, opti ons]])

¥ Note

S
i The application has been deprecated in favor of the VMCOUNT( ) function.

Similar to HasVoi cemai | () . This application sets the VMSTATUS to 1 or 0, to indicate whether there is new
(unheard) voicemail in the voicemail box indicated by vitbox. Thecont ext argument corresponds to the voicemail
context, and f ol der corresponds to a voicemail folder. If the voicemail folder is not specified, it defaults to the
INBOX folder. If thevar name argument is present, Has NewMoi cemai | () assigns the number of messagesin the
specified folder to that variable.

If the opt i ons argument is set to the letter j , then Asterisk will send the call to priority n+101 if there is new
voicemail.

; check to see if there's unheard voicenail in I NBOX of mail box 123
; Iin the default voicemail context

exten => 123, 1, Answer ()

exten => 123, n, HasNewMoi cenai | (123@lef aul t)
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exten => 123, n, Got ol f ( $[ ${ HASVMSTATUS} > 0] ?newm)
exten => 123, n, Pl ayback(vm youhave)

exten => 123, n, Pl ayback(vm no)

exten => 123, n, Pl ayback(vm messages)

exten => 123, n, Got o( done)

exten => 123, n(newm , Pl ayback(vm youhave)

exten => 123, n, SayNunber ( ${ HASVMSTATUS} )

exten => 123, n, Pl ayback(vm | NBOX)

exten => 123, n, Pl ayback(vm messages)

exten => 123, n(done), NoOp()

See Also

HasV oicemail (), MailboxExists(), VMCOUNT

HasVoicemail()

HasVoicemail() — Indicates whether there is voicemail in the indicated voicemail box
Synopsis

HasVoi cemai | (vibox[ @ontext][:fol der][| varnane[, opti ons]])

Sets the HASVMSTATUS channel variable to indicate whether there is voicemail in the voicemail box indicated by
vimbox. The cont ext argument corresponds to the voicemail context, and f ol der corresponds to a voicemail
folder. If thefolder isnot specified, it defaultsto the INBOX folder. If thevar namme argument is passed, thisapplication
assigns the number of messages in the specified folder to that variable.

If theopt i ons argument is set to the letter j , then Asterisk will send the call to priority n+101 if there is voicemail
in the specified f ol der .

; check to see if there's any voicemail at all in INBOX of nmil box 123
; in the default voicemail context

exten => 123, 1, Answer ()

exten => 123, 2, HasVoi cemai | (123@lef aul t , COUNT)
exten => 123, 3, Got ol f ( ${ VMSTATUS} ?1000)

exten => 123, 4, Pl ayback(vm youhave)

exten => 123, 5, Pl ayback(vm no)

exten => 123, 6, Pl ayback(vm nmessages)

exten => 123, 1000, Pl ayback(vm youhave)

exten => 123, 1001, SayNunber ( $COUNT)

exten => 123, 1002, Pl ayback(vm nessages)

See Also

The HasVoicemail (), MailboxExists()

IAX2Provision()

IAX2Provision() — Provisions a calling IAXy device
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Synopsis

| AX2Pr ovi si on([tenpl at e])

Provisions a calling IAXy device (assuming that the calling entity is an 1AXy) with the given t enpl at e. If no
template is specified, the default template is used. IAXy provisioning templates are defined in thei axpr ov. conf
configuration file.

; provision | AXy devices with the default tenplate when they dial this extension
exten => 123, 1, | AX2Provi si on(def aul t)

ImportVar()

ImportVar() — Sets a variable based on a channel variable from a different channel
Synopsis

| mpor t Var (newar =channel , vari abl e)

Sets variable newvar to vari abl e as evaluated on the specified channel (instead of the current channel). If

newar isprefixed with _, single inheritance is assumed. If prefixed with | infinite inheritance is assumed.
read the Caller ID information from channel Zap/1

exten => 123, 1, Answer ()
exten => 123, n, | nport Var (ci di nf o=Zap/ 1, CALLERI D(al | ))

See Also

Set()

Log()

Log() — Logs a custom message from the diaplan

Synopsis

Log(l evel | message)

Sends a custom message to the logfiles from the dial plan. This application can be useful to log an exceptional condition
to the logfiles, for later examination. Level may be one of the following:

DEBUG  Debugging message. Thisis generally not logged on a production system.

NOTICE Aninformational message.

WARN- A condition that may be serious, but is not a definite error.
ING
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ERROR Something went terribly wrong.

See Also

NoOp(), Verbose()

LookupBlacklist()

LookupBlacklist() — Performs alookup of a Caller ID name/number from the blacklist database

Synopsis
LookupBl ackl i st ([ opti ons])
¥ Note
5 | - |
Fid This application has been deprecated in favor of

Got ol f ($[ ${ BLACKLI ST()}] ?cont ext | ext ensi on| pri ority)

Looks up the Caller ID number on the active channel in the Asterisk database (family bl ackl i st). If the Caller ID
number is found in the blacklist, Asterisk sets the LOOKUPBLSTATUS channel variable to FOUND. Otherwise, the
variable is set to NOTFOUND.

If thej optionisusedintheopt i ons parameter, and the number isfound, and if there existsa priority n+101 (where
n isthe priority of the current instance), the channel will be set up to continue at that priority level.

To add to the blacklist from the Asterisk CLI, typedat abase put bl ackl i st nane/ nunber.

; send bl acklisted nunbers to an endl ess | oop

; otherwi se, dial the nunber defined by the variabl e ${JOHN}

exten => 123, 1, Answer ()

exten => s, 2, LookupBl ackl i st ()

; if the Caller ID nunber is found in the blacklist, junp to the "goaway" | abe
exten => 123, n, Gotol f ($[ " ${ LOOKUPBLSTATUS}" = "FOUND'] ?goaway)

; ot herwi se, go ahead and call John

exten => 123, n, D al (${JOHN})

exten => 123, n(goaway), Busy(5)

exten => 123, n, Hangup()

See Also

BLACKLIST

LookupCIDName()

L ookupCIDName() — Performs alookup of a Caller ID name from the AstDB
Synopsis

LookupCl DName()
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AF  Note
__.-ul

E
i This application has been deprecated in favor of Set ( CALLERI D( nare) =${ DB( ci dnane/
${CALLERI D(num })})

Usesthe Caller ID number on the active channel to retrieve the Caller ID name from the AstDB (family ci dnane).
This application does nothing if no Caller ID was received on the channel. This is useful if you do not subscribe to
Caller ID name delivery, or if you want to change the Caller ID names on some incoming calls.

| ook up the Caller IDinformation fromthe AstDB, and pass it al ong
to Jane's phone

exten => 123, 1, Answer ()

exten => 123, 2, LookupCl DNane()

exten => 123, 3, D al (SI P/ Jane)

See Also

DB

Macro()

Macro() — Calls a previously defined dialplan macro

Synopsis

Macr o( macr onane, argl, arg2. . .)

Executes amacro defined in the context named macr o- nacr onane, jumping to the s extension of that context and
executing each step, then returning when the steps end.

The calling extension, context, and priority are stored in ${ MACRO_EXTEN}, ${ MACRO CONTEXT}, and
${ MACRO PRI ORI TV}, respectively. Argumentsar g1, ar g2, etc. become${ ARGL} , ${ ARG}, etc. inthemacro
context.

Macr o() exitsabnormally if any step in the macro exited abnormally or indicated ahangup. If ${ MACRO_OFFSET}
is set at termination, this application will attempt to continue at priority MACRO OFFSET+n+1 if such a step exists,
and at n+1 otherwise. (In both cases, n stands for the current priority.)

If you call the Got o() application inside of the macro to specify a context outside of the currently executing macro,
the macro will terminate and control will go to the destination of the Got o() .

define a macro to count down fromthe specified val ue
[ macr o- count down]
exten => s, 1, Set ( COUNT=${ ARGL})
exten => s, 2, Wil e($[ ${COUNT} > 0])
exten => s, 3, SayNunber ( ${ COUNT})
exten => s, 4, Set (COUNT=$[ ${COUNT} - 1 ])
exten => s, 5, EndWi | e()

call our nacro with two different val ues

[ exanpl e]
exten => 123, 1, Macr o( count down, 10)
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exten => 124, 1, Macr o( count down, 5)

AF  Note
4
r__n.-'

E

F While a macro is being executed, it becomes the current context. This means that if a hangup occurs,

for instance, the macro will be searched for an h extension, not the context from which the macro was
called. So, make sure to define al appropriate extensionsin your macro (you can use cat ch in AEL).

Warning

A Because of the way Macr o() is implemented (it executes the priorities contained within it via sub-
engine), and a fixed per-thread memory stack allowance, macros are limited to seven levels of nesting
(macro calling macro calling macro, etc.); It may be possible that stack-intensive applicationsin deeply
nested macros could cause Asterisk to crash earlier than this limit.

See Also

MacroExit(), Goto(), Gosub()

MacroExclusive()
MacroExclusive() — Runs a macro, exclusive of any other channel
Synopsis

Macr oExcl usi ve( macr onane[, ar gunent s] )

Runsthe specified macro, but ensuresthat only one channel isrunning inside that macro at onetime. If another channel
is aready executing that macro, then Macr oExcl usi ve() will pause the channel until that channel has exited the
macro.

See Also

Macro()

MacroExit()
MacroExit() — Explicitly returns from a macro
Synopsis

Macr oExi t ()

Explicitly returnfrom amacro. Normally, Macr o( ) automatically exitswhen it runsout of priorities. Macr oExi t ()
provides a method by which a macro may be terminated early.

See Also

Macro()
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Macrolf()

Macrolf() — Conditionally calls a previously defined macro

Synopsis

Macr ol f (condi ti on?macroi ftrue, args: macroi f f al se, ar gs)

Evauatescondi t i on, then executesone of either macr oi ft r ue ormacr oi f f al se. Once beyond thecondi -
t i on, however, notethat Macr ol f () behavesidentically to Macro() .

; define a macro to count down fromthe specified val ue
[ macr o- count down]

exten => s, 1, Set (COUNT=${ ARGL})

exten => s, 2, Wil e($[ ${COUNT} > 0])

exten => s, 3, SayNunber ( ${ COUNT})

exten => s, 4, Set (COUNT=$[ ${COUNT} - 1])

exten => s, 5, EndWi | e()

; define a macro to count up to the specified val ue
[ macr o- count up]

exten => s, 1, Set (COUNT=1)

exten => s, 2, Wil e($[ ${COUNT} < ${ARGL}])

exten => s, 3, SayNunber ( ${ COUNT})

exten => s, 4, Set (COUNT=$[ ${COUNT} + 1])

exten => s, 5, EndWi | e()

: call our macro with two different val ues

[ exanpl e]
exten => 123, 1, Macrol f($] ${foo} < 5 ]?countup, ${f oo}: count down, ${f oo})

See Also

Gotolf(), Gosublf(), IF

MailboxExists()

MailboxExists() — Conditionally branchesif the specified voicemail box exists

Synopsis

Mai | boxExi st s( mai | box[ @ont ext[, options]])

Checks to see if the mailbox specified by the mai | box argument exists in the Asterisk voicemail system. Y ou may
pass avoicemail cont ext if themailbox isnotinthedef aul t voicemail context.

This application sets a channel variable named VWVBOXEXI STSSTATUS. If the mailbox exists, it will be set to SUC-
CESS. Otherwise, it will be set to FAI LED.

If thej optionispassed astheopt i ons parameter, the application will jJump to priority n+101 (wheren isthe current
priority) if the voicemail box specified by the mai | box argument exists.
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exten => 123, 1, Answer ()

exten => 123, n, Set (MYMAI LBOX=123@lef aul t)

exten => 123, n, Mai | boxExi st s( ${ MYMAI LBOX} )

exten => 123, n, Got ol f ($[ " ${ VMBOXEXI STSSTATUS} " = " SUCCESS"] ?exi st s)
exten => 123, n, Pl ayback(i m sorry)

exten => 123, n, Hangup()

exten => 123, n(exists), Voi cemai | (ul23)

See Also

HasV oicemail (), HasNewV oicemail ()

MeetMe()

MeetMe() — Puts the caller in to a MeetMe conference bridge

Synopsis

Meet Me([ conf no[, options[,PIN]])

Places the caller in to the audio conference bridge specified by the conf no argument. If the conference number is
omitted, the user will be prompted to enter one.

If the PI N argument is passed, the caller must enter that PIN humber to successfully enter the conference.

Theopt i ons string may contain zero or more of the charactersin the following list:

a Sets admin mode.

A Sets marked mode.

b Runs the AGI script specified in ${ MEETME_AGQ _BACKGROUND} ; default: conf-
background.agi. (Note: this does not work with non-Zap channels in the same conference.)

c Announces user(s) count upon joining a conference.

d Dynamically adds conference.

D Dynamically adds conference, prompting for a PIN.

e Selects an empty conference.

E Selects an empty Pinless conference.

F Passes DTMF digits through the conference to other participants. DTMF digits used to enable

conference features will not be passed through.
[ Announces user join/leave with review.
I Announces user join/leave without review.
I Sets listen only mode (listen only, no talking).

m Sets the participant asinitially muted.
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M Enables music on hold when the conference has asingle caler.

o] Turnson talker optimization. With talker optimization, Asterisk treatstalkerswho aren’t speaking
as being muted, meaning that no encoding is done on transmission and that received audio that is
not registered as talking is omitted, causing no buildup in background noise.

p Allows user to exit the conference by pressing #.

P Always prompts for the PIN even if it is specified.

a Sets quiet mode. In quiet mode, Asterisk won't play sounds as conference participants enter or
leave.

r Records conference (as ${ MEETME_RECORDI NGFI LE} using format
${ MEETME_RECORDI NGFORMAT} ). The default filename is meetme-conf-rec-${ CONFNG} -
{ UNI QUEI D} and the default format is.wav.

S Presents the menu (user menu or admin menu, depending on whether the caller is marked as an
administrator) when * isreceived.

t Sets talk-only mode (talk only, no listening).

T Sets talker detection. Asterisk will sends events on the Manager Interface identifying the chan-

w (seconds)]

1

nel that is talking. The talker will also be identified on the output of the meet ne |i st CLI
command.

Waits for a marked admin to join the conference. If seconds is not specified, the conference
will wait indefinitely for theadmin to join. If seconds is specified, the conference will wait the
specified number of seconds. If the admin still hasn't joined, the call will continue on with the
next priority in the dialplan.

Closes the conference when the last marked user exits.

Allows user to exit the conference by entering avalid single-digit extension (set via the variable
${ MEETME_EXI T_CONTEXT} ), or the number of an extension in the current context if that
variableis not defined.

Doesn't play initial message when the first person joins the conference.

exten => 123, 1, Answer ()
; add the caller to conference nunber 501 with pin 1234
exten => 123, 2, Meet Me(501, DpM 1234)

Warning
A A suitable Zaptel timing interface must be installed for MeetMe conferencing to work.

See Also

MeetMeAdmin(), MeetMeCount()

MeetMeAdmin()

MeetMeAdmin() — Performs MeetM e conference administration
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Synopsis

Meet MeAdni n( conf no, conmand[ , user])

Runs the specified MeetMe administration conmand on the specified conference. On some commands, you may
specify the user on which to run the specified command. The conmand may be one of the following:
e Ejectsthelast user that joined.

k Kicksthe specified user out of the conference.

K Kicksall users out of the conference.

I Unlocks the conference.

L Locksthe conference.

m Unmutes the specified user .

M Mutes the specified user .

n Unmutes the entire conference.

N Mutes all non-admin participants in the conference.

r Resetsthe volume settings for the specified user .

R Resetsthe volume settings for all participants.

s Lowersthe speaking volume for the entire conference.
S Raisesthe speaking volume for the entire conference.
t  Lowersthe speaking volume for the specified user .
T Raisesthe speaking volume for the specified user .

u Lowersthelistening volume for the specified user .
U Raisesthelistening volume for the specified user .

v Lowersthelistening volume for the entire conference.
V Raises the listening volume for the entire conference.

;. mute conference 501
exten => 123, 1, Meet MeAdni n( 501, N)

; kick user 1234 from conference 501
exten => 124, 1, Meet MeAdni n( 501, k, 1234)

Tip

You can find alist of usersin the conference by using theneet e | i st command from the Asterisk
CLlI, or by using the Asterisk Manager Interface.
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See Also

MeetMg(), MeetMeCount()

MeetMeCount()

MeetM eCount() — Counts the number of participantsin a MeetMe conference
Synopsis

Meet MeCount (conf no[, vari abl e])

Plays back the number of users in the MeetMe conference identified by conf no. If a variable is specified by the
var i abl e argument, playback will be skipped and the count will be assigned to var i abl e.

; count the nunmber of users in conference 501, and assign that nunber
t o ${ COUNT}
exten => 123, 1, Meet MeCount (501, COUNT)

See Also

MeetMe(), MeetMeAdmin()

Milliwatt()

Milliwatt() — Generates a 1,000 Hz tone

Synopsis

MIliwatt ()

This application generates a constant 1,000 Hz tone at 0 dbm (law). This application is often used for testing the
audio properties of a particular channel.

generate a 1000HZ tone
exten => 123, 1, MIIliwatt()

Warning

A Please note that there is a service that the carriers use to test circuits for loss, that folks in the industry
have nicknamed “1,000-cycles.” Thething is, the tone the carrier equipment sendsis actually 1,004 Hz,
so if you want to test circuit loss on an analog channel from Asterisk, M | | i wat t () may not giveyou
exactly what you want.

See Also

Echo(), Playtones()
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MixMonitor()

MixMonitor() — Records a channel in the background, mixing both directions synchronously

Synopsis

M xMoni t or (fi | ename. ext, opti ons, conmand)

Records the audio on the current channel to the specified file. If the filename is an absolute path, M xMoni t or ()
usesthat path; otherwise it creates the file in the configured monitoring directory from ast er i sk. conf.

If conrand is specified, it will be run when recording ends, either by hangup or by calling St opM xMoni t or () .

Theopt i ons parameter can contain zero or more of the following options:

a Append to thefile, instead of overwriting it.
b Only save audio when the channel is bridged.
fﬁ Note
i . . :
Fi This does not include conferences or sounds played to each bridged party.

v(x)  Adjust the heard volume by afactor of x (range- 4 to 4).
V(x) Adjust the spoken volume by afactor of x (range- 4 to 4).
W(x) Adjust both the heard and the spoken volumes by afactor of x (range - 4 to 4).

; Record channel
exten => 123,1, M xMoni tor (/var/lib/asterisk/sounds/123. wav)

See Also

Monitor(), StopMixMonitor(), PauseMonitor(), UnpauseM onitor()

Monitor()

Monitor() — Monitors (records) the audio on the current channel

Synopsis

Monitor([file format[:url base] [, fnanme_base][, options]])

Starts monitoring a channel. The channel’s input and output voice packets are logged to files until the channel hangs
up or monitoring is stopped by the St opMboni t or () application.

Moni t or () takesthe following arguments:

file_format Specifiesthefileformat. If not set, defaultsto wav.

fnane_base  If set, changes the filename used to the one specified.
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options One of two options can be specified:

m  When the recording ends, mix the two leg files in to one and delete the original leg files.
If the variable ${ MONI TOR_EXEC} is set, the application referenced in it will be execut-
ed instead of soxmix, and the raw leg files will not be deleted automatically. soxmix (or
${ MONI TOR_EXEC}) is handed three arguments: the two leg files and the filename for the
target mixed file, which is the same as the leg filenames but without the in/out designator. If
${ MONI TOR_EXEC ARGS} is set, the contents will be passed on as additional argumentsto
${ MONI TOR_EXEC} . Both ${ MONI TOR_EXEC} and the mflag can be set from the admin-
istrator interface.

b Don't begin recording unless acall is bridged to ancther channel.
exten => 123, 1, Answer ()
; record the current channel, and m x the audi o channels at the end of
; recording
exten => 123, 2, Moni t or (wav, noni t or _t est, nmb)

exten => 123, 3, SayDi gi t s(12345678901234567890)
exten => 123, 4, St opMoni t or ()

See Also

ChangeMonitor(), StopMonitor(), MixMonitor(), PauseM onitor(), UnpauseM onitor()

MorseCode()

MorseCode() — Plays Morse code
Synopsis

Mor seCode( stri ng)

Playsthe st r i ng, encoded in International Morse Code. The following channel variables will affect the playback:

MORSEDI TLEN Thelength, in milliseconds, of aDIT. Defaults to 80 ms.

A Note
a4
i All of the other tone and silence lengths are defined in the International Morse Code
standard with respect to the length of aDIT, and therefore, each of the other lengths
will be adjusted suitably.

MORSETONE Thetone, in Hertz (Hz), which will be used. Defaults to 800 Hz.
; dah-dit-dah dit-dit dit-dit-dit-dit-dah dah-dit-dah dit-dit-dah dit-dah

exten => 123, 1, Answer ()
exten => 123, 2, Mor seCode( Kl 4KUA)

See Also

SayAlpha(), SayPhonetic()
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MP3Player()

MP3Player() — Plays an MP3 file or stream
Synopsis

MP3PI ayer (| ocat i on)

Uses the npg123 program to play the given | ocat i on to the caler. The specified | ocat i on can be either a
filename or avalid URL. The caller can exit by pressing any key.

Warning
A The correct version of npg123 must beinstalled for this application to work properly. Asterisk currently
works best with npg123- 0. 59r . Other versions may give less than desirable results.

exten => 123, 1, Answer ()
exten => 123, 2, MP3Pl ayer (t est. np3)

exten => 123, 1, Answer ()
exten => 123, 2, MP3Pl ayer (http://exanpl e. com t est. np3)

MusicOnHold()

MusicOnHold() — Plays music on hold indefinitely
Synopsis

Musi cOnHol d( cl ass)

Plays hold music specified by cl ass, as configured in musi conhol d. conf . If omitted, the default music class
for the channel will be used. Y ou can use the MUSICCLASS diaplan function to set the default music class for the
channel.

transfer telemarketers to this extension to keep them busy
exten => 123, 1, Answer ()

exten => 123, n, Pl ayback(tt-all busy)
exten => 123, n, Musi cOnHol d( def aul t)

See Also

SetMusicOnHold(), WaitMusicOnHold(), MUSICCLASS

NBScat()

NBScat() — Playsan NBSlocal stream
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Synopsis

NBScat ()

Usesthe nbscat 8k program to listen to the local Network Broadcast Sound (NBS) stream. (For more information,
see the nbs module in Digium’s Subversion server.) The caller can exit by pressing any key.

Returns - 1 on hangup; otherwise, does not return.

exten => 123, 1, Answer ()
exten => 123, 2, NBScat ()

NoCDR()

NoCDR() — Disables Call Detail Records for the current call
Synopsis

NoCDR( )

Disables CDRs for the current call.

; don't log calls to 555-1212

exten => 5551212, 1, Answer ()

exten => 5551212, 2, NoCDR()

exten => 5551212, 3, Di al (Zap/ 4/ 5551212)

See Also

AppendCDRUserField(), ForkCDR(), SetCDRUserField()

NoOp()

NoOp() — Does nothing
Synopsis

NoOp('t ext)

Does nothing—this application is simply a placeholder. This application is often used as a debugging tool. Whenever
Asterisk’s core verbosity level is set to 3 or above, Asterisk evaluates and prints each line of the dialplan before
executing it. This means that any arguments passed to the NoOp() application (in thet ext parameter) are printed
to the console. By watching the console output, a skilled Asterisk administrator can use this output to debug problems
in the dialplan.

exten => 123, 1, NoOp(Cal l erI D i s ${ CALLERI D})
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. Tip

Y ou don't have to place quotes around the text. If quotes are placed within the brackets, they will show
up on the console.

When to use NoOp() and Verbose()

The difference between Ver bose() and NoOp() is subtle. Here are some suggestions as to how you can
discern when to use each. The Ver bose() application is handy when you want to output something to the
console. Using theset ver bose command (followed by the level of verbosity you desire—0 to 4), you can
set the output to alevel that will not show you all of the activity on the system, but rather only those things that
are equal to or less than that the current level. (Actually, you can set the verbosity to whatever you want. The
set verbose 999 will work just fine, but we have not been able to find anything that outputs at a level
higher than 4, so anything from 4 to infinity will be effectively the same for the time being.) This means that
you can display all kinds of information pertaining to a section of code you are testing, without having to see
all of the other activity in the system. If you set the following in your dial plan:

exten => X ,n, Verbose(2, ${SOVE VAR})

Y ou can then use the CLI to set the verbosity to 2 or less (cor e set ver bose 2), and you will see output
from the various callsto Ver bose() , but very little else.

Read the section on Ver bose( ) later in this appendix for more on how to use it. The NoQp() application
is best used as a place holder. For example, if you are setting a Got o( ) point in your dialplan that is using a
priority label, you can use NoOp() asthe destination point for that goto. For example,

exten => _X.,n(call _forward), NoOp()

is an excellent marker for pointing a jump in your dialplan to a spot. From that point you can carry on with
whatever logic you wanted to apply to that part of the extension (judging by the label, it'd have something to
do with call forwarding). The value of the NoOp( ) isthat when you don't really know what sort of things you
might want to move around in relation to what follows that label, you can be sure you'll never have to recode
the label itself. It will never do anything other than provide a destination for the Got o( ) , so you can put it
wherever you like and be sure it won't introduce any unexpected behavior.

If this seems confusing, it isdueto our inability to describeit right. Experiment with Ver bose() and NoOp()
al inyour dialplan (you can use them anywhere), and you will quickly gain an understanding of how they can
help you (especialy if you are like us and cause alot of syntax errors).

See Also

Verbose(), Log()

Page()

Page() — Opens one-way audio to multiple phones
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Synopsis

Page( Tech/ chanl[ &Tech/ chan2] & . .. ][ &Tech/ chanN| [ | opti ons])

Places outbound callsto the given technol ogy/resource and dumpsthem into aconference bridge as muted participants.
The original caller is dumped in to the conference as a speaker, and the room is destroyed when the original caller
leaves. The following options may be specified:

d Full duplex audio. Allow the paged persons to respond to the caller.
g Quiet. Do not play a beep to the caller.

r Record the page. Seether optionto Meet Me for more information.

exten => 123, 1, Page( S| P/ 101&S| P/ 102& AX2/ i axy123)

See Also

MeetMe()

Park()

Park() — Parks the current call

Synopsis

Par k()

Parks the current call (typically in combination with a supervised transfer to determine the parking space number).
This application is always registered internally and does not need to be explicitly added in to the dialplan, although
you should include the par kedcal | s context. Parking configurationisset inf eat ur es. conf.

; explicitly park the caller
i ncl ude => parkedcal | s
exten => 123, 1, Answer ()
exten => 123, n, Par k()

See Also

ParkAndAnnounce(), ParkedCall()

ParkAndAnnounce()

ParkAndAnnounce() — Parks the current call and announces the call over the specified channel

Synopsis

Par kAndAnnounce(t enpl at e, ti meout, channel [, return_context])
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Parks the current call in the parking lot and announces the call over the specified channel . Thet enpl ate isa
colon-separated list of files to announce; the word PARKED is replaced with the parking space number of the call.
Thet i meout argument is the time in seconds before the call returns to the r et ur n_cont ext . The channel
argument isthe channel to call to makethe announcement. Consol e/ dsp callstheconsole. Ther et ur n_cont ext
argument is a Got o( ) -style label to jump the call back in to after timeout, which defaults to n+1 (where n is the
current priority) inther et ur n_cont ext context.

i ncl ude => parkedcal | s

exten => 123, 1, Answer ()

exten => 123, 2, Par kAndAnnounce(vm youhave: a: pbx-transfer: at: vm ext ensi on: PARKED, 120,
Consol e/ dsp)

exten => 123, 3, Pl ayback(vm nobodyavai | )

exten => 123, 4, Pl ayback(vm goodbye)

exten => 123, 5, Hangup()

See Also

Park(), ParkedCall()

ParkedCall()

ParkedCall() — Answers a parked call
Synopsis

Par kedCal | ( par ki ngsl ot)

Connects the caller to the parked call in the parking space identified by par ki ngsl ot . This application is aways
registered internally and does not need to be explicitly added in to the diaplan, athough you should include the
par kedcal | s context.

; pick up the call parked in parking space 701
exten => 123, 1, Answer ()
exten => 123, 2, Par kedCal | (701)

See Also

Park(), ParkAndAnnounce()

PauseMonitor()

PauseM onitor() — Suspends monitoring of a channel
Synopsis

PauseMbni t or ()

Temporarily suspends the monitoring (recording) of the current channel
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exten => 123, 1, Answer ()
exten => 123, n, Moni t or (wav, noni tor _test)
exten => 123, n, Pl ayback( deno- congr at s)
tenmporarily pause the nonitoring while we gather some secret info
exten => 123, n, PauseMni t or ()
exten => 123, n, Read( NEWPASS, vm newpasswor d)
exten => 123, n, SayDi gi t s( ${ NEWPASS} )
exten => 123, n, UnpauseMoni t or ()
exten => 123, n, Di al (${ JOHN})

See Also

Monitor(), StopMonitor(), UnpauseM onitor ()

PauseQueueMember()

PauseQueueMember() — Temporarily blocks a queue member from receiving calls
Synopsis

PauseQueueMenber ([ queuenane] , i nterface[, options])

Pausesthe specified queuei nt er f ace. Thispreventsany callsfrom being distributed from the queuetothei nt er -
f ace until it is unpaused by the UnpauseQueueMenber () application or the Manager Interface. If no queue-
nane isgiven, theinterface is paused in every queueit isamember of.

This application sets a channel variable named PQVSTATUS to either PAUSED or NOTFOUND upon completion.

If theopt i ons parameter issettoj andthei nt er f ace isnot in the named queue, or if no queueis given and the
i nterface isnotinany queue, it will jump to priority n+101 (where n isthe current priority), if it exists.

exten => 123, 1, PauseQueueMenber (, SI P/ 300)
exten => 124, 1, UnpauseQueueMenber (, SI P/ 300)

See Also

UnpauseQueueMember()

Pickup()

Pickup() — Answers aringing call from another phone
Synopsis

Pi ckup( ext ensi on[ @ont ext] [ &xt ensi on2[ @ontext2][...])

Picks up any ringing channel that is ringing the specified ext ensi on. If multiple extensions are specified, Pi ck-
up() will retrieve the first matching call found. If no cont ext is specified, the current context will be used.
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There is also a special cont ext name of Pl CKUPMARK. If specified, Pi ckup will find the first ringing channel
with the channel variable PI CKUPMARK set, with a value corresponding to the value of ext ensi on.

Playback()

Playback() — Plays the specified audio file to the caller
Synopsis

Pl ayback(fil enane[ & il enane2...][, options])

Plays back a given filename to the caller. The filename should not contain the file extension, as Asterisk will auto-
matically choose the audio file with the lowest conversion cost. Zero or more opt i ons may aso be included. The
ski p option causes the playback of the message to be skipped if the channel is not in the “up” state (i.e., it hasn’t
yet been answered). If ski p is specified, the application will return immediately should the channel not be off-hook.
Otherwise, unless noanswer is specified, the channel will be answered before the sound file is played. (Not all the
channels support playing messages while still on-hook.) If j ispassed asone of opt i ons and the file does not exist,
this application jumpsto priority n+101 (where n isthe current priority), if it exists.

exten => 123, 1, Answer ()
exten => 123, n, Pl ayback(tt-weasel s)

See Also

Background(), Control Playback()

Playtones()

Playtones() — Plays atone list
Synopsis

Pl ayt ones(tonel i st)

Playsatonelist. Execution immediately continueswith the next step, whilethetones continueto play. Thet onel i st
is either the tone name defined in thei ndi cat i ons. conf configuration file, or a specified list of frequencies and
durations. Seei ndi cat i ons. conf for adescription of the specification of atonelist.

Usethe St opPl ayt ones() application to stop the tones from playing.

play a busy signal for two seconds, and then a congestion tone
for two seconds
exten => 123, 1, Pl ayt ones(busy)
exten => 123,2, Wit (2)
exten => 123, 3, St opPl ayt ones()
exten => 123, 4, Pl ayt ones(congesti on)
exten => 123,5, Wit (2)
exten => 123, 6, St opPl ayt ones()
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exten => 123,7, Goto(1)

See Also

StopPlaytones(), i ndi cat i ons. conf , Busy(), Congestion(), Progress(), Ringing()

PrivacyManager()

PrivacyManager() — Requires acaller to enter his phone number, if no Caller ID information is received
Synopsis

Pri vacyManager ([ maxretries[, m nl engt h[, options]]])

If no Caller ID isreceived, this application answers the channel and asks the caller to enter his phone number. By de-

fault, thecaller isgiventhree attempts. Pr i vacyManager () setsachannel variable named PRI VACYMERSTATUS
to either SUCCESS or FAI LURE. If Caller ID isreceived on the channel, Pr i vacyManager () does nothing.

If theopt i ons parameterissettoj andthecaller failsto enter his Caller ID number, the call will continue at priority
n+101 (where n isthe current priority).

Thepri vacy. conf configurationfilechangesthefunctionality of thePr i vacyManger () application. It contains
the following two lines:

maxretries Specifiesthe maximum number of attemptsthe caller isallowed to input aCaller ID number (default:
3).

m nl ength  Specifies the minimum alowable digitsin the input Caller ID number (default: 10).

Themaxretri es andm nl engt h settings may a so be passed to the application as parameters. Parameters passed
to the application override any settingsin pri vacy. conf .

exten => 123, 1, Answer ()

exten => 123, n, Pri vacyManager ()

exten => 123, n, Got ol f ($[ " ${ PRI VACYMGRSTATUS} " = " FAI LURE"] ?bad)
exten => 123, n, D al (Zap/ 1)

exten => 123, n, Hangup()

exten => 123, n(bad), Pl ayback(i m sorry)

exten => 123, n, Pl ayback(vm goodbye)

exten => 123, n, Hangup()

See Also

Zapateller()

Progress()

Progress() — Indicates progress

Synopsis
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Progress()

Requests that the channel indicate that in-band progress is available to the user. Each channel type in Asterisk hasits
own way of signaling progress on the call.

; indicate progress to the calling channel, wait 5 seconds,

; and then answer the call

exten => 123, 1, Progress()

exten => 123, n, Wi t (5)
exten => 123, n, Answer ()

See Also

Busy(), Congestion(), Ringing(), Playtones()

Queue()

Queue() — Placesthe current call in to the specified call queue
Synopsis

Queue( queuenane[, options[, URL[, announceoverride[,tineout[,AG]]]111)

Places an incoming call in to the call queue specified by queuenane, asdefined in queues. conf .
Theopt i ons argument may contain zero or more of the following characters:

d Specifiesadata-quality (modem) call (minimum delay).

h Allows callee to hang up by hitting * .

H Allows caller to hang up by hitting * .

i Ignores call forward requests from queue members and does nothing when they are requested.
n Disalowsretries on the timeout; exits this application and goes to the next step.

r Ringsinstead of playing music on hold.

t Allowsthe called user to transfer the call.

T Allowsthe calling user to transfer the call.

w  Allowsthe called user to write the conversation to disk.

W Allows the calling user to write the conversation to disk.

In addition to being transferred, a call may be parked and then picked up by another user.

Theannounceover r i de argument overridesthe standard announcement played to queue agentsbeforethey answer
the specified call.
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The optional URL will be sent to the called party if the channel supportsit.

The ti meout will cause the queue to fail out after a specified number of seconds, checked between each
gueues. conf tineout andretry cycle Thecall will continue on with the next priority in the dialplan.

This application sets a channel variable named QUEUESTATUS upon completion. It will take one of the following
values:

TI MEQUT The call wasin the queue too long, and timed out. Seethet i neout parameter.
FULL The queue was already full. Seethe max!| en setting for the queuein queues. conf .

JO NEMPTY The caller could not join the queue, as there were no queue members to answer the call. See the
j oi nenpt y setting for the queuein queues. conf .

LEAVEEMPTY  Thecaler joined the queue, but then all queue members left. Seethel eavewhenenpt y setting
for the queuein queues. conf .

JO NUNAVAI L The caler could not join the queue, as there were no queue members available to answer the call.
Seethej oi nenpt y setting for the queuein queues. conf .

Thecaller joined the queue, but then all of the queue membersbecame unavailable. Seethel eave-
whenenpt y setting for the queuein queues. conf .

; place the caller in the techsupport queue
exten => 123, 1, Answer ()
exten => 123, 2, Queue(techsupport,t)

See Also

AddQueueMember(), RemoveQueueMember(), PauseQueueMember(), UnpauseQueueMember(), AgentLogin(),
queues. conf , QUEUE_MEMBER_COUNT, QUEUE_MEMBER_LIST, QUEUE_WAITING_COUNT

QueuelLog()
Queuel og() — Writes arbitrary queue events to the queue log
Synopsis

QueuelLog( queuenane, uni quei d, nenber, event [, addi ti onal i nf o] )

Writes an arbitrary queue event to the queue log. The queuenane parameter specifies the name of the queue. The
uni quei d parameter specifies the unique identifier for the channel. The menber parameter specifies which queue
member the event pertainsto. Theevent andaddi ti onal i nf o parametersmay be set to arbitrary data, as needed.

; Wite an arbitary event to the queue | og
exten => 123, 1, QueuelLog( nyqueue, ${ UNI QUEI D} , Agent / 123, MyTest Event )

See Also
Queue()
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Random()

Random() — Conditionally branches, based upon a probability

Synopsis
Randon{ [ probability]:[[context,]extension,]priority)
AF  Note
5
i This application has been deprecated in favor of:

Got ol f ($[ ${RAND( 1, 100) } > nunj ?I abel )

Conditionally jumps to the specified pri ori t y (and optional ext ensi on and cont ext ), based on the specified
probabi | i ty.probabil ity should bean integer between 1 and 100. The application will jump to the specified
destination pri ori t y percent of thetime.

; choose a random nunber over and over again

exten => 123, 1, SayNunber (${ RAND( 1| 10) })
exten => 123, n, Got o( 1)

See Also

RAND

Read()

Read() — Reads DTMF digits from the caller and assigns the result to avariable
Synopsis

Read(vari abl e[, fil ename[, maxdi gits[, option[,attenpts[,timeout]]]]])

Reads a #-terminated string of digits from the user in to the given var i abl e.

Other arguments include;

filenane  Specifiesthefileto play before reading digits.

maxdi gi ts Sets the maximum acceptable number of digits. If this argument is specified, the application stops
reading after maxdi gi t s have been entered (without requiring the user to pressthe # key). Defaults
to 0 (no limit, wait for the user to pressthe # key). Any value below 0 meansthe same. The maximum
accepted value is 255.

option Zero or more of the following options:

s Returnimmediately if the line is not answered.

i Interpret the filename as an indication tone setting fromi ndi cat i ons. conf .
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n Read digitsevenif the line has not been answered.

attenpts  If greater than 1, that many attempts will be made in the event that no dataiis entered.

ti meout If greater than 0, that value will override the default timeout.

read a two-digit nunber and repeat it back to the caller
exten => 123, 1, Read( NUMBER , 2)
exten => 123, 2, SayNurber ( ${ NUMBER} )
exten => 123, 3, Got 0( 1)

See Also

SendDTMF()

ReadFile()

ReadFile() — Reads the contents of afilein to avariable
Synopsis

ReadFi | e(vari abl e=fi | ename, | engt h)

ReadFi | e capturesthe contentsof f i | ename, with amaximum size of | engt h.

read the first 80 characters of a file in to a variable
exten => 123, 1, Answer ()
exten => 123, n, ReadFi | e( TEST=/t np/test.txt, 80)
exten => 123, n, SayAl pha( ${ TEST})

See Also

System(), Read()

RealTime

Real Time — L ooks up information from the Real Time configuration handler
Synopsis

Real Ti me(fami |y, col mat ch, val ue[, prefix])

Uses the Real Time configuration handler system to read dataiin to channel variables. All unique column names (from
the specified f ani | y) will be set as channel variables, with an optiona pr ef i x to the name (e.g., aprefix of var _

would make the column nane become the variable ${ var _nane}).

; retrieve all columms fromthe sipfriends table where the nane col um

; matches "John", and prefix all the variables with "John_
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exten => 123, 1, Real Ti me(si pfri ends, nanme, John, John_)
now, let's read the value of the columm naned "port"
exten => 123, n, SayNunber (${John_port})

See Also

Rea TimeUpdate()

RealTimeUpdate()

Real TimeUpdate() — Updates a value via the Real Time configuration handler

Synopsis

Real Ti meUpdat e(f am |y, col mat ch, val ue, newcol , newal )

Usesthe Real Time configuration handler system to update avalue. Thecolumnnewcol inf am | y matching column
col mat ch = val ue will be updated to newal .

A channel variable named REALTI MECOUNT will be set with the number of rows updated or - 1 if an error occurs.

; this will update the port columm in the sipfriends table to a new
; value of 5061, where the nane col um natches "John"
exten => 123, 1, Real Ti neUpdat e(si pf ri ends, nane, John, port, 5061)

See Also

ReaTime

Record()

Record() — Records channel audio to afile
Synopsis

Record(filenanme.format[, sil ence[, maxduration[, options]]])

Records audio from the channel into the givenf i | enane. If thefile aready exists, it will be overwritten.
Optiona arguments include:
f or mat Specifies the format of the file type to be recorded.

sil ence Specifies the number of seconds of silence to allow before ending the recording and continuing on
with the next priority in the dialplan.

maxdur at i on Specifies the maximum recording duration, in seconds. If not specified or 0, there is no maximum.

options May contain any of the following letters:
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a Append to the recording, instead of overwriting it.

n Do not answer, but record anyway if the lineis not yet answered.

g Quiet mode; do not play abeep tone at the beginning of the recording.
s Skip recording if theline is not yet answered.

t Usetheadlternate* terminator key instead of the default #.

x Ignoreal termination keys and keep recording until hangup.

If thefi | ename contains %, these characters will be replaced with a number incremented by one each time the
fileisrecorded.

The user can press # to terminate the recording and continue to the next priority in the dialplan.

; record the caller's nane

exten => 123, 1, Pl ayback(pl s-rcrd-nane- at -t one)
exten => 123, n, Record(/t np/ nanme. gsm 3, 30)
exten => 123, n, Pl ayback(/t np/ nanme)

RemoveQueueMember()

RemoveQueueM ember() — Dynamically removes queue members
Synopsis

RenoveQueueMenber (queuenane[, i nterface[, opti ons]])

Dynamically removes the specified i nt er f ace from thequeuenane call queue. If i nt er f ace is not specified,
this application removes the current channel from the queue.

If the opt i ons parameter isset to j , and the interface is not in the queue and there exists a priority n+101 (where
n isthe current priority), the application will jump to that priority.

; renove SIP/ 3000 fromthe techsupport gueue
exten => 123, 1, RenbveQueueMenber (t echsupport, SI P/ 3000)

See Also

Queug(), AddQueueM ember(), PauseQueueMember(), UnpauseQueueM ember()

ResetCDR()

ResetCDR() — Resets the Call Detail Record
Synopsis

Reset CDR([ opt i ons])
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Causes the Call Detail Record to be reset for the current channel. The opt i ons parameter can be zero or more of
the following options:

a Store any stacked records.
w  Store the current CDR record before resetting it.
v Save CDR variables.

wite a copy of the current CDR record, and then reset the CDR
exten => 123, 1, Answer ()
exten => 123, 2, Pl ayback(tt-nmnkeys)
exten => 123, 3, Reset CDR(w)
exten => 123, 4, Pl ayback(tt-nmnkeys)

See Also

ForkCDR(), NoCDR()

RetryDial()

RetryDial () — Attempts to place acall, and retries on failure

Synopsis
Ret ryDi al (announce, sl eep, | oops, t echnol ogy/ r esour ce[ &Technol ogy2/ r esour ce2. . . ]

[,timeout][, options][, URL])

Attemptsto place acall. If no channel can be reached, plays the file defined by announce, waiting sl eep seconds
to retry the call. If the specified number of attempts matches| oops, the call will continue with the next priority in
the dialplan. If | oops issetto 0, the call will retry endlessly.

While waiting, aone-digit extension may be dialed. If that extension existsin either the context defined in ${ EXI T-
CONTEXT} (if defined) or the current one, the call will transfer to that extension immediately.

All arguments after | ocops are passed directly tothe Di al () application.

; attenpt to dial the nunber three tines via | AX, retrying every five
seconds

exten => 123,1, RetryDi al (priv-trying,5, 3, AX2/ VO P/ 8885551212, 30)

; if the caller presses 9 while waiting, dial the nunber on the Zap/4
channel

exten => 9,1, RetryDial (priv-trying,5, 3, Zap/ 4/ 8885551212, 30)

See Also

Dial()

Return()

Return() — Returns from a Gosub() or Gosubl f ()
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Synopsis

Ret urn()

Returns from a previously invoked Gosub() or Gosubl f () . If there was no previous invocation of Gosub() or
Gosubl f (), Ret urn() exitsabnormally.

See Also

Gosub(), StackPop()

Ringing()
Ringing() — Indicates ringing tone
Synopsis

Ri ngi ng()

Requests that the channel indicate ringing tone to the user. It is up to the channel driver to specify exactly how ringing
isindicated.

Note that this application does not actually provide audio ringing to the caller. Use the Pl ayt ones() application
to do this.

; indicate that the phone is ringing, even though it isn't
exten => 123, 1, Ri ngi ng()

exten => 123,2, Wit (5)

exten => 123, 3, Pl ayback(tt-sonet hi ngwr ong)

See Also

Busy(), Congestion(), Progress(), Playtones()

SayAlpha()
SayAlpha() — Spellsastring
Synopsis

SayAl pha(string)

Spells out the specified st ri ng, using the current language setting for the channel. See the CHANNEL function for
more information on changing the language for the current channel.

exten => 123, 1, SayAl pha( ABC123XYZ)
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See Also

SayDigits(), SayNumber(), SayPhonetic(), CHANNEL

SayDigits()
SayDigits() — Says the specified digits
Synopsis

SayDigits(digits)

Saysthe specified di gi t s, using the current language setting for the channel. See the CHANNEL function for more
information on changing the language for the current channel.

exten => 123, 1, SayDi gits(1234)

See Also

SayAlpha(), SayNumber(), SayPhonetic(), CHANNEL

SayNumber()

SayNumber() — Says the specified number

Synopsis

SayNunber (di gi t s[, gender])

Says the specified number, using the current language setting for the channel. See the CHANNEL function for more

information on changing the language for the current channel.

If the current language supports different genders, you can pass the gender argument to change the gender of the
spoken number. Y ou can use the following gender arguments:

» Usethegender argumentsf for female, mfor male, and n for neuter in European languages such as Portuguese,
French, Spanish, and German.

e Usethe gender argument ¢ for commune and n for neuter in Nordic languages such as Danish, Swedish, and
Norwegian.

e Usethegender argument p for plural enumerationsin German.

; say the nunmber in English
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exten => 123, 1, Set (CHANNEL( | anguage) =en)
exten => 123, 2, SayNunber (1234)

: Tip
1 For this application to work in languages other than English, you must have the appropriate sounds for
the language you wish to use.
See Also

SayAlpha(), SayDigits(), SayPhonetic(), CHANNEL

SayPhonetic()

SayPhonetic() — Spells the specified string phonetically
Synopsis

SayPhoneti c(string)

Spells the specified st r i ng using the NATO phonetic al phabet.

exten => 123, 1, SayPhoneti c(asteri sk)

See Also
SayAlpha(), SayDigits(), SayNumber()

SayUnixTime()
SayUnixTime() — Says the specified time in a custom format
Synopsis

SayUni xTi me([uni xtinme][,[timezone][,format]])

Speaks the specified time according to the specified time zone and format. The arguments are:
uni xti me Thetime, in seconds, since January 1, 1970. May be negative. Defaults to now.
ti mezone Thetimezone. See/usr/share/zoneinfo/ for alist. Defaults to the machine default.

f or mat The format in which the time is to be spoken. See voi cemai | . conf for alist of formats. Defaults
to"ABdY 'digits/at' |M".
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exten => 123, 1, SayUni xTi me(, , | Mp)

See Also

STRFTIME, STRPTIME, IFTIME

SendDTMF()

SendDTMF() — Sends arbitrary DTMF digits to the channel
Synopsis

SendDTMF(di gits[, ti meout ns])

Sends the specified DTMF digits on achannel. Valid DTMF digitsinclude 0-9, * , #, and A—D. Y ou may also usethe
letter was adigit, which indicates a 500 millisecond wait. Thet i meout _ns argument isthe amount of time between
digits, in milliseconds. If not specified, t i meout _ns defaults to 250 milliseconds.

exten => 123, 1, SendDTMF(3212333w222w366W3212333322321, 250)

See Also

Read()

Sendimage()

Sendimage() — Sends an imagefile
Synopsis

Sendl mage(fi | enane, opti ons)

Sends animage on achannel, if imagetransport is supported. Thisapplication setsachannel variable named SENDI M
AGESTATUS to either OK or NOSUPPORT upon compl etion.

If the opt i ons parameter is set toj and the channel does not support image transport, and there exists a priority
n+101 (where n isthe current priority), execution will continue at that step.

exten => 123, 1, Sendl mage(| o0go. j pg)

See Also

SendText(), SendURL ()
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SendText()

SendText() — Sends text to the channel

Synopsis

SendText (t ext, opti ons)

Sendst ext onachannel, if text transport is supported. Upon completion, achannel variable named SENDTEXTSTA-
TUS will be set to one of the following values:

SUCCESS The transmission of the text was successful.

FAI LURE The transmission of the text failed.

NOSUPPORT  The underlying channel does not support the transmission of text.

If theopt i ons parameter issettoj and the channel does not support text transport, and there exists apriority n+101
(where n isthe current priority), execution will continue at that step.

exten => 123, 1, SendText (W&l come to Asteri sk)

See Also

Sendimage(), SendURL ()

SendURL()

SendURL () — Sends the specified URL to the channel (if supported)

Synopsis

SendURL( URL[, opti ons])

Requeststhat the client go to the specified URL. The application a so setsachannel variable named SENDURLSTATUS
to one of the following values upon completion:

SUCCESS The transmission of the URL was successful.

FAI LURE The transmission of the URL failed.

NOLQOAD The isweb-enabled but failed to load the URL.

NOSUPPCORT  The underlying channel does not support the transmission of the URL.

If the opt i ons parameter contains the wai t option, execution will wait for an acknowledgment that the URL has
been loaded before continuing.

If the opt i ons parameter contains thej option and the client does not support HTML transport, and there exists a
priority n+101 (where n is the number of the current priority), execution will continue at that step.
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exten => 123, 1, SendURL( ww. ast eri sk. org, wait)

See Also

Sendimage(), SendText()

Set()

Set() — Setsavariable to the specified value

Synopsis

Set (n=val ue, [ n2=val ue2...[, options]])
Sets the variable n to the specified val ue. Also sets the variable n2 to the value of val ue?2. If the variable name
is prefixed with _, single inheritance is assumed. If the variable name is prefixed with _ _, infinite inheritance is

assumed. Inheritance is used when you want channels created from the current channel to inherit the variable from
the current channel.

If the opt i ons parameter is set to g, the variables will be set as global variables instead of channel variables.

set a variable called D ALTI ME, then use it
exten => 123, 1, Set (DI ALTI ME=20)
exten => 123, 1, Di al (Zap/ 4/ 5551212, , ${ DI ALTI ME})
¥ Note
4 | M | .
i The setting of multiple variables and the use of the g option have been deprecated. Please use multiple
calsto Set () andthe GLOBAL() diaplan function instead.

See Also

GLOBAL, SET, ENV, channel vari abl es. t xt

SetAMAFlags()

SetAMAFlags() — Sets AMA flagsin the Call Detail Record

Synopsis

Set AMAFI ags(fl ag)

Sets the AMA flags in the Call Detail Record for billing purposes, overriding any AMA settings in the channel con-
figuration files. Valid choicesaredef aul t ,omi t, bi I | i ng, and docunent ati on.

exten => 123, 1, Set AMAFI ags(bi |l i ng)
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See Also

SetCDRUSserField(), AppendCDRUserField()

SetCallerlD()

SetCallerlD() — Setsthe Caller 1D for the channel
Synopsis
SetCallerlD(clid[,a])

¥ Note

Vi
Fid This application has been deprecated in favor of:

Set (CALLERI D( al | ) =Some Nanme <1234>)

Setsthe Caller ID on the channel to aspecified value. If thea argument is passed, ANI isalso set to the specified value.

; override the Caller ID for this call

exten => 123, 1, Set (CALLERI D(al | )="John Q Public <8885551212>")

See Also

The CALLERID

SetCallerPres|()

SetCallerPres() — Sets Caller ID presentation flags
Synopsis

Set Cal | er Pres(present ati on)

Setsthe Caller 1D presentation flags on a Q931 PRI connection.
Valid presentations are:

al | owed_not _screened  Presentation alowed, not screened
al | owed_passed_screen Presentation allowed, passed screen

al | oned_fail ed_screen Presentation allowed, failed screen

al | oned Presentation allowed, network number

prohi b_not _screened Presentation prohibited, not screened

prohi b_passed_screen  Presentation prohibited, passed screen
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prohi b failed screen Presentation prohibited, failed screen
prohib Presentation prohibited, network number
unavai |l abl e Number unavailable

exten => 123, 1, Set Cal | erPres(al | owed_not _screened)
exten => 123, 2, Di al (Zap/ g1/ 8885551212)

See Also

CALLERI ()

SetCDRUserField()

SetCDRUserField() — Setsthe Call Detail Record user field

Synopsis

Set CDRUser Fi el d(val ue)

Sets the CDR user field to the specified val ue. The CDR user field is an extra field that you can use for data not
stored anywhere else in the record. CDR records can be used for billing purposes or for storing other arbitrary data
about a particular call.

exten => 123, 1, Set CDRUser Fi el d(t esti ng)
exten => 123, 2, Pl ayback(tt - nonkeys)

A  Note
rd y 4 | |
i This application has been deprecated in favor of the CDR() function.
exten => 123, 1, Set (CDR(userfi el d)=54321)

See Also

AppendCDRUserField(), SetAMAFIags()

SetGlobalVar()

SetGlobalVar() — Sets aglobal variable to the specified value

Synopsis

Set d obal Var ( n=val ue)

A  Note
4 y .
i This application has been deprecated in favor of:
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Set (LOBAL(var)=...)
Setsaglobal variable called n to the specified val ue. Global variables are available across channels.

; set the NUVRINGS gl obal variable to 3
exten => 123, 1, Set G obal Var ( NUVRI NGS=3)

See Also

Set()

SetMusicOnHold()

SetMusicOnHold() — Sets the default music-on-hold class for the current channel

Synopsis
Set Musi cOnHol d( cl ass)
A  Note
&5
iy This application has been deprecated in favor of:

Set ( CHANNEL ( nusi ccl ass) =. . .)

Sets the default cl ass for music on hold for the current channel. When music on hold is activated, this class will be
used to select which music is played. Classes are defined in the configuration file nusi conhol d. conf.

exten=s, 1, Answer ()
ext en=s, 2, Set Musi cOnHol d( def aul t)
ext en=s, 3, i t Musi cOnHol d()

See Also

WaitMusicOnHold(), nusi conhol d. conf , MusicOnHold()

SetTransferCapability()

SetTransferCapability() — Setsthe ISDN transfer capability of a channel

Synopsis

Set Tr ansf er Capabi | i ty(transfercapability)

Thisapplication setsthe ISDN transfer capability of the current channel to anew value. Valid valuesfor t r ansf er -
capability are

SPEECH 0x00, speech (default, voice calls)

DI G TAL 0x08, unrestricted digital information (data calls)
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RESTRI CTED DI G TAL 0x09, restricted digital information

3K1AUDI O 0x10, 3.1kHz Audio (fax cals)
DI A TAL_W TONES 0x11, unrestricted digital information with tones/announcements
VI DEO 0x18, video
¥ Note
4 | N . |
Fid This application is deprecated and the functionality has been replaced with

Set (CHANNEL(transf ercapability)=transfercapability) syntax.

exten => 123, 1, Set (CHANNEL(transfer capability)=SPEECH)

SIPAddHeader()

SIPAddHeader() — Adds a SIP header to the outbound call

Synopsis

S| PAddHeader ( Header: Cont ent)

Adds a header to a SIP call placed with the Di al () application. A nonstandard SIP header should begin with X- ,
such as X- Ast er i sk- Account code: . Usethis application with care—adding the wrong headers may cause any
number of problems.

For more flexibility, seethe SI P_HEADER( ) dialplan function.

exten => 123, 1, S| PAddHeader ( X- Ast eri sk- Testi ng: Just testing!)
exten => 123, 2, Di al (S| P/ 123)

See Also

SIP_HEADER

SIPDtmfMode()

SIPDtmfMode() — Changes the DTMF method for a SIP call

Synopsis

S| PDt nf Mode( net hod)

Changesthe DTMF method for a SIP call. The met hod can be either i nband, i nf o, or r f c2833.

exten => 123, 1, S| PDt nf Mbde(rf c2833)
exten => 123,2,Di al (Sl P/ 123)
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SLAStation()

SLAStation() — Shared line appearance station
Synopsis

SLASt ati on(stati on)

This application should be executed by an SLA station. The format of the st at i on parameter depends on how the
call wasinitiated. If the phone was just taken off hook, then the st at i on parameter should contain only the station
name. If the call was initiated by pressing aline key, then the station name should be preceded by an underscore and
the trunk name associated with that line button (st at i on1_I i ne2, for example).

For more information on shared line appearances, seethe doc/ sl a. pdf filein the Asterisk source.

exten => 123, 1, SLAStati on(stationl)
exten => 124,1, SLAStati on(stationl |ine2)

See Also

SLATrunk(), sl a. conf

SLATrunk()

SLATrunk() — Shared line appearance trunk
Synopsis

SLATr unk(t r unk)

This application should be executed by an SLA trunk on an inbound call. The channel calling this application should
correspond to the SLA trunk specified by thet r unk parameter.

For more information on shared line appearances, seethe doc/ sl a. pdf filein the Asterisk source.

exten => 123, 1, SLATrunk(!li ne2)

See Also

SLAStation(), sl a. conf

SoftHangup()

SoftHangup() — Performs a soft hangup of the requested channel
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Synopsis

Sof t Hangup(t echnol ogy/ r esour ce, opti ons)

Hangs up the requested channel. The opt i ons argument may contain the letter a, which causes al channels on the
specified device to be hung up (currently, the opt i ons argument may contain only a).

; hang up all calls using Zap/4 so we can use it

exten => 123, 1, Sof t Hangup( Zap/ 4, a)

exten => 123, 2, Wit (2)
exten => 123, 3, Di al (Zap/ 4/ 5551212)

See Also

Hangup()

StackPop()

StackPop() — Removes last address from Gosub() stack

Synopsis

St ackPop()

Removes the last address from the Gosub() stack. This is frequently used when handling error conditions within

Gosub() routines when it is no longer appropriate to return control of the dialplan back to where the Gosub()
routine was called from.

exten => s, 1, Read(i nput, get-input)

exten => s, n, Gosub(validate, 1)

exten => s, n, Dial (SIP/${input})

; Ensure that input is between 400 and 499

exten => validate, 1, Gotolf($[ ${input} > 499 J?error, 1)
exten => validate, n, Gotolf($[ ${input} < 400 ]?error, 1)
exten => validate, n, Return

exten => error, 1, St ackPop()

exten => error, 2, Goto(s, 1)

See Also

Return(), Gosub()

StartMusicOnHold()

StartMusicOnHold() — Starts music on hold
Synopsis

Start Musi cOnHol d([ cl ass])

123



Draft Application Reference Draft

Plays hold music specified by cl ass, as configured in nusi conhol d. conf . If omitted, the default music class
for the channel will be used. Y ou can use the CHANNEL ( nusi ccl ass) function to set the default music class for
the channdl.

Returns immediately.

; transfer telemarketers to this extension to keep them busy
exten => 123, 1, Answer ()

exten => 123, 2, Pl ayback(tt-all busy)

exten => 123, 3, St art Musi cOnHol d( def aul t)

exten => 123, 4, Wi t (600)

exten => 123, 5, St opMusi cOnHol d()

See Also

WaitMusicOnHold(), StopMusicOnHold()

StopMixMonitor()

StopMixMonitor() — Stops monitoring a channel
Synopsis

St opM xMoni t or ()

Stops monitoring (recording) a channel. This application has no effect if the channel isnot currently being monitored.

exten => 123, 1, Answer ()

exten => 123, 2, M xMoni t or (nmoni t or _t est. wav)
exten => 123, 3, SayDi gi t s(12345678901234567890)
exten => 123, 4, St opM xMoni t or ()

See Also

MixMonitor()

StopMonitor()
StopMonitor() — Stops monitoring a channel
Synopsis

St opMoni t or ()

Stops monitoring (recording) a channel. This application has no effect if the channel isnot currently being monitored.

exten => 123, 1, Answer ()
exten => 123, 2, Moni t or (wav, noni t or _t est, nmb)
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exten => 123, 3, SayDi gi t s(12345678901234567890)
exten => 123, 4, St opMoni t or ()

See Also

ChangeMonitor()

StopPlaytones|()

StopPlaytones() — Stops playing atone list
Synopsis

St opPl ayt ones()

Stops playing the currently playing tone list.

exten => 123, 1, Pl ayt ones(busy)

exten => 123,2, Wit(2)

exten => 123, 3, St opPl ayt ones()

exten => 123, 4, Pl ayt ones(congesti on)
exten => 123,5, Wit (2)

exten => 123, 6, St opPl ayt ones()

exten => 123,7, Goto(1)

See Also

Playtones(), i ndi cat i ons. conf

StopMusicOnHold()

StopMusicOnHold() — Stops music on hold

Synopsis

St opMusi cOnHol d()

Ends playing music on hold on a channel. If music on hold was not already playing, has no effect.

; transfer telemarketers to this extension to keep them busy

exten => 123, 1, Answer ()

exten => 123, 2, Pl ayback(tt-all busy)
exten => 123, 3, St art Musi cOnHol d( def aul t)
exten => 123, 4, Wi t (600)

exten => 123, 5, St opMusi cOnHol d()

See Also

WaitMusicOnHold(), StartMusicOnHold()
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System()

System() — Executes an operating system command

Synopsis

Syst em( command)

Executes acomand in the underlying operating system. This application sets a channel variable named SYSTEM
STATUS to either FAI LURE or SUCCESS, depending on whether or not Asterisk was successfully able to run the
command.

Thisapplicationisvery similartotheTr ySyst en( ) application, except that it will return- 1 if it isunableto execute
the system command, whereas the Tr ySyst en{ ) application will always return O.

exten => 123, 1, Systen{echo hello > /tnp/hello.txt)

See Also

TrySystem()

Transfer()

Transfer() — Transfers the caller to aremote extension

Synopsis

Transf er ([ Technol ogy/] desti nati on[, opti ons)

Requeststhat the remote caller betransferred tothegiven (optional Technol ogy and) dest i nat i on.IftheTech-
nol ogy issetto IAX2, SIP, Zap, etc., then transfer will happen only if the incoming call is of the same channel type.
Upon completion, this application sets a channel variable named TRANSFERSTATUS to one of the following values:
SUCCESS The transfer was successful.

FAI LURE The transfer was not successful.

UNSUPPORTED Thetransfer was not supported by the underlying channel driver.

If theopt i ons parameter isset totheletterj and thetransfer isnot supported or successful, and there existsapriority
n+101 (where n isthe current priority), that priority will be taken next.

: transfer calls from extension 123 to extensi on S|P/ 123@t her server
exten => 123, 1, Transfer (Sl P/ 123@t her server)

TryExec()

TryExec() — Tries to execute an Asterisk application
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Synopsis
TryExec(app(args))

Attempts to run the specified Asterisk application.

Thisapplicationisvery similartotheExec() application, except that it alwaysreturnsnormally, whereasthe Exec( )
application will act as if the underlying application was natively called, including exit status. This application can be
used to catch a condition that would normally cause the underlying application to exit abnormally.

exten => 123, 1, TryExec(VMAut henti cat e( @efaul t))

See Also

Exec()

TrySystem()
TrySystem() — Tries to execute an operating system command
Synopsis

Tr ySyst em( conmmand)

Attempts to execute aconmand in the underlying operating system. The result of the command will be placed in the
SYSTEMSTATUS channel variable and will be one of the following:

FAI LURE  The specified command could not be executed.
SUCCESS  The specified conmand executed successfully.
APPERROR The specified command executed, but returned an error code.

This application is very similar to the Syst en() application, except that it always returns normally, whereas the
Syst en() application will return abnormally if it is unable to execute the system command.
exten => 123, 1, TrySystem(echo hello > /tnp/hello.txt)

See Also
System()

UnpauseMonitor()

UnpauseM onitor() — Resumes monitoring of a channel
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Synopsis

UnpauseMoni t or ()

Resumes monitoring a channel, after being suspended by PauseMoni t or () .
exten => 123, 1, Answer ()
exten => 123, n, Moni t or (wav, noni tor _test)
exten => 123, n, Pl ayback( denp- congr at s)

; tenmporarily pause the nonitoring while we gather sonme secret info
exten => 123, n, PauseMni t or ()
exten => 123, n, Read( NEWPASS, vm newpasswor d)
exten => 123, n, SayDi gi t s( ${ NEWPASS})

; unpause the recordi ng and continue recording the call
exten => 123, n, UnpauseMoni t or ()
exten => 123, n, Di al (${JOHN})

See Also

Monitor(), StopMonitor(), Page()

UnpauseQueueMember()

UnpauseQueueMember() — Unpauses a queue member
Synopsis

UnpauseQueueMenber ([ queuenane, | i nterface[, opti ons])

Unpauses (resumes calls to) a queue member. This is the counterpart to PauseQueueMenber (), and it operates
exactly the same way, except it unpausesinstead of pausing the given interface.

Upon compl etion, this application sets a channel variable named UPQVBTATUS to either UNPAUSED or NOTFOUND.

If the opt i ons parameter is set to the letter j and the queue member can not be found, and there exists a priority
n+101 (where n isthe current priority), control of the call will continue at that priority

exten => 123, 1, PauseQueueMenber (myqueue, Sl P/ 300)
exten => 124, 1, UnpauseQueueMenber ( myqueue, Sl P/ 300)

See Also

PauseQueueM ember()

UserEvent()

UserEvent() — Sends an arbitrary event to the Manager Interface

Synopsis
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User Event (event nane[ , body] )

Sendsan arbitrary event to the Manager Interface, with an optional body representing additional arguments. The format
of theevent is:

Event : User Event
User Event : event nane
body

If the body is not specified, only the Event and UserEvent fields will be present in the Manager event.

exten => 123, 1, User Event (BossCal | ed, ${ CALLERI D(nane)} has cal |l ed the boss!)
exten => 123, 2, D al (${BGCSS})

See Also

manager . conf , Asterisk Manager Interface

Verbose()

Verbose() — Sends arbitrary text to verbose output
Synopsis

Ver bose([ | evel , ] nessage)

Sends the specified nessage to verbose output. The | evel must be an integer value. If not specified, | evel
defaultsto O.

exten => 123, 1, Ver bose( Sonebody cal | ed ext ensi on 123)
exten => 123, 2, Pl ayback( ext ensi on)
exten => 123, 3, SayDi gi t s( ${ EXTEN})

Warning

A The optional argument | evel isnot so optional, if you include the delimiter | in your invocation of
Ver bose() . If the delimiter is found, Ver bose() assumes that you meant to specify | evel (and
chops off everything preceding the initial | ). It is therefore probably best to get in the habit of always
specifying thel evel .

See also

NoOp(), Log()

VMAuthenticate()

VM Authenticate() — Authenticates the caller from voicemail passwords

Synopsis
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VMAut hent i cat e([ mai | box] [ @ont ext [, options]])

Behaves identically to the Aut hent i cat e() application, with the exception that the passwords are taken from
voi cemai | . conf.

If mai | box is specified, only that mailbox’s password will be considered valid. If mai | box is not specified, the
channel variable AUTH_MAI LBOX will be set with the authenticated mailbox.

If theopt i ons parameter is set to the letter s, Asterisk will skip theinitial prompts.

aut henticate of f of any mail box password in the default voi cemail context
and tell us the matching mail box nunber

exten => 123, 1, VMAut hent i cat e( @lef aul t)

exten => 123, 2, SayDi gi t s(${ AUTH_MAI LBOX} )

See Also

Authenticate(), voi cenmi | . conf

VoiceMail()

VoiceMail() — Leaves avoicemail message in the specified mailbox
Synopsis

Voi ceMai | (mai | box[ @ont ext] [ &mai | box[ @ontext]][...] | opti ons)

Leaves voicemail for a given mai | box (must be configured in voi cenmai | . conf ). If more than one mailbox is
specified, the greetings will be taken from the first mailbox specified.

Options:

S Skip the playback of instructions.

u Play the user’s unavailable greeting.
b Play the user’s busy greeting.

ginunm)  Amplify the recording by numdecibels (dB).

j If the requested mailbox does not exist, and there exists a priority n+101 (where n isthe current priority),
that priority will be taken next.

If the caller presses O (zero) during the prompt, the call jumps to the o (lowercase letter 0) extension in the current
context, if oper at or =yes was specifiedinvoi cenmai | . conf.

If the caller presses * during the prompt, the call jumps to extension a in the current context. This is often used to
send the caller to a personal assistant.

Upon completion, this application sets a channel variable named VMSTATUS. It will contain one of the following
values:

SUCCESS  The call was successfully sent to voicemail.
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USEREXI T Thecaller exited from the voicemail system.
FAI LED The system was not able to send the call to voicemail.

send caller to unavail able voicenmnil for mail box 123
exten => 123, 1, Voi ceMi | (123@lef aul t, u)

See Also

VoiceMailMain(), voi cenmai | . conf

VoiceMailMain()

VoiceMailMain() — Enters the voicemail system

Synopsis

Voi ceMai | Mai n([ mai | box] [ @ont ext] [, opti ons)

Enters the main voicemail system for the checking of voicemail. Passing the nmai | box argument will stop the voice-

mail system from prompting the user for the mailbox number. Y ou should also specify avoicemail cont ext .

Theopt i ons string can contain zero or more of the following options:

S Skip the password check.

p Thisoption tells Asterisk to interpret themai | box asanumber that should be prepended to the mail-
box entered by the caller. Thisis most often used when many voicemail boxesfor different companies

are hosted on the same Asterisk server.

g(gain) When recording voicemail messages, increase the volume by gai n. This option should be specified
in an integer number of decibels.

a(fol der) Skipthefolder prompt and go directly to the specified f ol der . This option defaultsto the | NBOX.

go to voicemail menu for mail box 123 in the default voicemail context
exten => 123, 1, Voi ceMi | Mai n(123@lef aul t)

See Also

VoiceMail(), voi cenmi | . conf

Wait()
Wait() — Waits for a specified number of seconds
Synopsis

Wi t (seconds)
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Waits for the specified number of seconds. You can pass fractions of a second. For example, setting seconds to
1. 5 would make the dialplan wait 1.5 seconds before going on to the next priority in the dialplan.

; wait 1.5 seconds before playing the pronpt
exten => s, 1, Answer ()

exten => s, 2, Wi t(1l.5)
exten => s, 3, Backgr ound( ent er - ext - of - per son)

WaitExten()

WaitExten() — Waits for an extension to be entered

Synopsis

Wi t Ext en([ seconds] [, opti ons])

Waits for the user to enter a new extension for the specified number of seconds. Y ou can pass fractions of a second
(e.g., 1.5 = 1.5 seconds). If seconds is unspecified, the default extension timeout will be used. Most often, this
application is used without specifying the seconds options.

Theopt i ons parameter may be set to the following option:

n{ (cl ass)[ Provide music on hold to the caller while waiting for an extension. Optionally, you can specify the
music on hold cl ass within parentheses.

; wait 15 seconds for the user to dial an extension
exten => s, 1, Answer ()

exten => s, 2, Pl ayback( ent er - ext - of - per son)
exten => s, 3, Wi t Ext en( 15)

See Also

Background(), TIMEOUT

WaitForRing()

WaitForRing() — Waits the specified number of seconds for aring
Synopsis

Wi t For Ri ng(ti nmeout)

Waits at least t i meout seconds after the next ring has completed.

; wait five seconds for a ring, and then send sone DTMF digits
exten => 123, 1, Answer ()

exten => 123, 2, Wi t For Ri ng(5)

exten => 123, 3, SendDTM~( 1234)
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See Also

WaitForSilence()

WaitForSilence()

WaitForSilence() — Waits for a specified amount of silence

Synopsis

Wit For Si |l ence(sil encerequired[,repeat[,tineout]])

Waitsfor r epeat instancesof si | encer equi r ed milliseconds of silence. If r epeat isomitted, the application
waitsfor asingleinstance of si | encer equi r ed milliseconds of silence.

If thet i meout option is specified, this application will return to the next priority in the diaplan after the specified
number of seconds, even if silence has not been detected.

Warning

A Please usethet i meout with caution, asit may defeat the purpose of this application, which isto wait
indefinitely until silence is detected on the line. Y ou may want to set the timeout to a high value only to
avoid an infinite loop in cases where silence is never detected.

This applications sets a channel variable named WAI TSTATUS to either SI LENCE or TI MEQUT.

; wait for three instances of 300 ns of silence
exten => 123, Wi t For Si | ence( 300, 3)

See Also

WaitForRing()

WaitMusicOnHold()

WaitMusicOnHold() — Waits the specified number of seconds, playing music on hold

Synopsis

Wai t Musi cOnHol d( del ay)

Plays hold music for the specified number of seconds. If no hold music is available, the delay will still occur but with
no sound.

Returns O when done, or - 1 on hangup.

; allow caller to hear Music on Hold for five m nutes
exten => 123, 1, Answer ()
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exten => 123, 2, i t Musi cOnHol d( 300)
exten => 123, 3, Hangup()

See Also

SetMusicOnHold(), musi conhol d. conf

While()

While() — Startsawhi | e loop

Synopsis

VWi | e(expr)

Starts awhi | e loop. Execution will return to this point when EndWhi | e() iscalled, until expr isno longer true.
If a condition is met causing the loop to exit, Asterisk continues execution of the dialplan on the next priority after
the corresponding EndWhi | e() .

exten => 123, 1, Set ( COUNT=1)

exten => 123, 2, Wil e($[ ${COUNT} < 5 ])

exten => 123, 3, SayNunber ( ${ COUNT} )

exten => 123, 4, Set (COUNT=$[ ${ COUNT} + 1])
exten => 123, 5, EndWi | e()

See Also

EndWhile(), ExitWhile(), Gotol f()

Zapateller()

Zapateller() — Uses a special information tone to block telemarketers
Synopsis

Zapat el | er (opti ons)

Generates a special information tone to block telemarketers and other computer-dialed calls from bothering you.
Theopt i ons argument is a pipe-delimited list of options. The following options are available:
answer Causes the line to be answered before playing the tone.
nocal | eri d Causes Zapateller to play the tone only if no Caller ID information is available.
answer the line, and play the SIT tone if there is no Caller

I D information
exten => 123, 1, Zapat el | er (answer | nocal | eri d)
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See Also

PrivacyManager()

ZapBarge()
ZapBarge() — Bargesin on (monitors) a Zap channel
Synopsis

ZapBar ge([ channel ])

Barges in on a specified Zap channel , or prompts if one is not specified. The people on the channel won't be able
to hear you and will have no indication that their call is being monitored.

If channel isnot specified, you will be prompted for the channel number. Enter 4# for Zap/4, for example.

exten => 123, 1, ZapBar ge( Zap/ 2)
exten => 123, 2, Hangup()

See Also

ZapScan()

ZapRAS()

ZapRAS() — Executes the Zaptel ISDN Remote Access Server

Synopsis

ZapRAS( ar gs)

Executes an ISDN RAS server using pppd on the current channel. The channel must be a clear channel (i.e., PRI
source) and a Zaptel channel to be able to use this function (no modem emulation isincluded).

Y our pppd must be patched to be Zaptel-aware. ar gs isapipe-delimited list of arguments.

This application is for use only on ISDN lines, and your kernel must be patched to support ZapRAS() . You must
also have ppp support in your kernel.

exten => 123, 1, Answer ()

exten => 123, 1, ZapRas(debug| 64000| noaut h| net mask| 255. 255. 255. 0|
10. 0. 0. 1: 10. 0. 0. 2)

ZapScan()

ZapScan() — Scans Zap channels to monitor calls
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Synopsis

ZapScan( [ group])

Allows acall center manager to monitor Zap channels in a convenient way. Use # to select the next channel, and use
* 1o exit. You may limit scanning to a particular channel group (as set with the GROUP() function) by setting the
gr oup argument.

exten => 123, 1, ZapScan()

See Also

ZapBarge()
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Appendix B. Asterisk Dialplan
Functions

Dialplan functions are very powerful, and once you begin using them, you will wonder how you got along without
them. Functions are used in the dialplan in asimilar manner to variables. If it hel ps, you can think of them asintelligent
variables (or for those of you from the database world, variables with triggers). When you invoke them, they perform
a specific action, and their result becomes a part of the command in which you have included the function (in exactly
the same way as a variable would).

AGENT

AGENT — Returns information about an agent
Synopsis
AGENT(agentid[:iteny)

This function allows you to retrieve information pertaining to agents and may only be read, not set.

Thevalid itemsto retrieve are:

st at us (default) The status of the agent (LOGGEDI N | LOGGEDOUT)

passwor d The password of the agent

name The name of the agent

nohcl ass Music-on-hold class

ext en The callback extension for the Agent (Agent Cal | backLogi n)
channel The name of the active channel for the Agent (Agent Logi n)

ARRAY

ARRAY — Allows one to define several variables at onetime

Synopsis

ARRAY(var1[|var2[...][|varN])

The commarseparated list, which the function equals, will be interpreted as a set of values to which the comma-sepa-
rated list of variable namesin the argument should be set. This function may only be set, not read.

Set varl to 1 and var2 to 2.
exten => 123, 1, Set (ARRAY(var 1, var 2) =1\, 2)
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. Tip

Remember to either backslash your commasin extensions.conf or quote the entireargument, since Set ()
can take multiple arguments itself.

See Also

Set()

BASE64 _DECODE

BASE64 DECODE — Decodes a BASE64 encoded string
Synopsis
BASE64 DECODE( base64 stri ng)

Decodes a BASE64 string. This function may only be read, not set.

See Also

BASE64_ENCODE( )

BASE64 _ENCODE

BASE64 ENCODE — Encodes astring in BASE64
Synopsis
BASE64_ENCODE( st ri ng)

Encodes a string in BASE64. This function may only be read, not set.

See Also

BASE64_DECODE( )

BLACKLIST

BLACKLIST — Checksif the Caller ID is on the blacklist

Synopsis

When read, BLACKLI ST() usesthe AstDB to check if the Caler ID isin family bl ackl i st . Returns1 or 0.

This function may only be read, not set.

138



Draft Asterisk Dialplan Functions Draft

See Also

DB()

CALLERID
CALLERID — Getsor sets Caller ID data on the channel
Synopsis

CALLERI I dat at ype[, opti onal -Cl D))

CALLERI X ) parsestheCaller 1D string within the current channel and returnsall or part, as specified by dat at ype.
The allowable datatypes are al | , nane, num ani , dni d, or r dni s. Optionally, an alternative Caller ID may be
specified if you wish to parse that string instead of the Caller ID set on the channel.

This function may be both read and set.

CDR

CDR — Gets or sets CDR information for this call (which will be written to the CDR log)

Synopsis

CDR(fi el dnane[, opti ons])

Hereisalist of dl the available CDR field names:

clid Read-only. Usethe CALLERI D( al | ) function to set thisvalue.

| ast app Read-only. Denotes the last application run.

| ast dat a Read-only. Denotes the arguments to the last application run.

src Read-only. Use the CALLERI D( ani ) function to set this value.

dst Read-only. Corresponds to the final extension in the dialplan.

dcont ext Read-only. Correspondsto the final context in the dialplan.

channel Read-only. The name of the channel on which the call originated.

dst channel Read-only. The name of the channel on which the call terminated.

di sposition Read-only. Maximum reached state of the channel. If the u option is specified,

this value will be returned as an integer, instead of a string: 1 = NO ANSVEER,
2 = BUSY, 3 = FAI LED, 4 = ANSVERED.

amaf | ags Read/write. Billing flags. If the u optionis specified, thisvaluewill be returned
as an integer, instead of astring: 1 =OM T, 2 =Bl LLI NG, 3 = DOCUVEN-
TATI ON.
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account code Read/write. Billing account (19 char maximum).
userfield Read/write. User-defined field.
start Read-only. Time when the call started. If the u option is specified, this value

will be returned as an integer (seconds since the epoch) instead of a formatted
date/time string.

answer Read-only. Timewhen the call was answered (may be blank if the call isnot yet
answered). If the u option is specified, this value will be returned as an integer
(seconds since the epoch) instead of aformatted date/time string.

end Read-only. Timewhen the call was completed (may be blank if the call isnot yet
complete). If the u option is specified, this value will be returned as an integer
(seconds since the epoch) instead of aformatted date/time string.

duration Read-only. The difference between start and end, in seconds. May be O, if the
call isnot yet complete.

billsec Read-only. The difference between answer and end, in seconds. May be 0, if
the call isnot yet complete.

uni quei d Read-only. A string that will be unique per-call within this Asterisk instance.
The following options may be specified:

| All results will beretrieved from the last Call Detail Record for the call, in the
case of using multiple CDRs via ForkCDR().

r Custom CDR variables will be retrieved from the last Call Detail Record, but
the standard fields will be retrieved from the first.

u The unparsed value will be returned. See the fieldname list above for entries
that are affected by thisflag.

You may also supply af i el dnamne not on the above list, and create your own variable, whose value can be changed
with this function, and this variable will be stored in the CDR.

See Also

CHANNEL ()

CHANNEL

CHANNEL — Gets or sets various channel parameters
Synopsis
CHANNEL (i t em)

Standard items (provided by al channel technologies) are:

audi or eadf or nat Read-only. Format currently being read.
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audi onat i vef or mat Read-only. Format used natively for audio.

vi deonat i vef or mat Read-only. Format used natively for video.

audi ow i t ef or mat Read-only. Format currently being written.

cal | group Read/write. Callgroups for call pickup.

channel t ype Read-only. Technology used for channel.

| anguage Read/write. Language used for sounds played and recorded.

nmusi ccl ass Read/write. Class used (from musiconhold.conf) for hold music.
rxgain Read/write. Receive gain (in dB) on channel driversthat support it.
t xgai n Read/write. Transmit gain (in dB) on channel drivers that support it.
t onezone Read/write. Regiona zone for indications played.

state Read-only. Current channel state.

transfercapability Read/write. What can be transferred on an ISDN circuit. Current valid values are:
SPEECH Speech (default, voice calls)
D A TAL Unrestricted digital information (data calls)

RESTRI CTED_DI G TAL Restricted digital information

3K1AUDI O 3.1 kHz Audio (fax calls)

Dl d TAL_W TONES Unrestricted digital information with tones/announce-
ments

VI DEO Video

Additional items may be available from the channel driver providing the channel; see its documentation for details.
Any item requested that is not available on the current channel will return an empty string.

See Also

CDR()

CHECK_MD5

CHECK_MD5 — Validate an MD5 digest
Synopsis
CHECK _MD5( di gest , dat a)

Returns 1 on success, 0 on failure.

This function is deprecated in favor of using the MD5(') function with the built-in expression parser.
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See Also

MD5()

CHECKSIPDOMAIN

CHECKSIPDOMAIN — Checksif adomain islocal
Synopsis

CHECKSI PDOVAI N( dommai n| | P)

This function checks if the domain in the argument is configured as a local SIP domain that this Asterisk server is
configured to handle. Returns the domain nameif it islocally handled, otherwise an empty string. Check thedonai n
configuration optionin si p. conf .

CURL

CURL — Returns the data resulting from a GET or POST to a URI
Synopsis

CURL(url [| post -dat a])

By default, CURL() will performan HTTP GET toretrievetheur | . However, if post - dat a isspecified,an HTTP
POST will be performed instead.

See Also

SendURL ()

CUT

CUT — Cuts a string based on a given delimiter
Synopsis

CUT(var nane, char - del i m range- s)

CUT() worksinasimilar manner to thecut (1) Unix command-line tool, and is, in fact, designed based upon that
tool.

In the dialplan, you may specify character offsetsto select asubstring of avariable based purely on the uniform length
of characters (namely 1). CUT() is designed to help you work with data that may have multiple, variable-length
sections, divided by acommon delimiter.
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The most common case is the name of achannel, which is composed of two parts, a base name and a unique identifier
(e.g., SP/tomrabcd1234 or S P/bert-1a2b3c4d). CUT() may be used to trim the unique identifier, no matter how long
the base name may be:

Trimthe unique identifier fromthe current channel nane
exten => 123, 1, Set (chan=${ CUT( CHANNEL, -, 1) })

var nane isthe name of the variable that will be operated on. Note that CUT() operates on the name of avariable,
rather than upon the value of avariable. CUT() issomewhat uniquein thisregard.

char - del i misthe character that will serve as the delimiter (-' is the default)

r ange- spec alowsyou to define which fields are returned. Ther ange- spec can be specified as arange with -
(e.g., 1- 3) or agroup of ranges and field numbers by separating each with & (e.g., 1&3- 4). Note that if multiplefield
numbers are specified, the resulting value will have its fields separated by the same delimiter.

. Tip

range- spec uses a 1-based offset. That is, the first field is field 1 (as opposed to a 0-based offset,
where the first field would be 0).

See Also

FI ELDQTY()

DB

DB — Read or write to AstDB

Synopsis

DB(fam | y/ key)

Will return the value of the entry in the database (or blank if it does not exist), or set the value in the database.

See Also

DBdel(), DB_DELETE( ) , DBdeltres(), DB_EXI STS()

DB _DELETE

DB_DELETE — Deletes akey or key family from the AstDB database
Synopsis

DB_DELETE(f ani | y/ key)

Returns a value from the database and deleteit.
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See Also

DBdel(), DB( ) , DBdeltree()

DB_EXISTS

DB_EXISTS — Checks AstDB for specified key
Synopsis

DB_EXI STS(f ani | y/ key)

Check to seeif akey existsin the Asterisk database.

See Also

DB()

DUNDILOOKUP

DUNDILOOKUP — Queries DUNDiI peersfor a particular number
Synopsis

DUNDI LOOKUP( number [ | cont ext [ | opti on)

Does a DUND:i lookup of a phone number.

ENUMLOOKUP

ENUMLOOKUP — Queries the ENUM database for a particular number

Synopsis

ENUM_OOKUP( nunber [ | Met hod-t ype[ | options[]|record#[| zone-suffix]]]])

Allowsfor genera or specific querying of NAPTR records or counts of NAPTR typesfor ENUM or ENUM-like DNS
pointers.

ENV

ENV — References environment variables

Synopsis
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ENV( envnane)

Gets or sets the environment variable specified by envnane.

EVAL

EVAL — Evauates stored variables

Synopsis

EVAL(vari abl e)

EVAL() isoneof the most powerful dialplan functions. It permits one to store variable expressionsin alocation other
than ext ensi ons. conf, such as a database, yet evaluate them in the dialplan, as if they were included there all
along. You can bet that EVAL () isacornerstone in making adialplan truly dynamic.

W might store sonething like "SIP/${DB(ext2chan/123)}" in the
dat abase entry for extension/123, which tells us to | ook up yet
anot her dat abase entry.

exten => XXX 1, Set (di al | i ne=${ DB( ext ensi on/ ${ EXTEN}) })

exten => _XXX n, Di al (${ EVAL(${di alline})})

; Real world exanple (taken from producti on code)

exten => 1NXXNXXXXXX, n(generic), Set (provi der =${ DB(rt 2provi der/ ${rout e}) }- nanp)
exten => _INXXNXXXXXX, n( provi der), Di al (${ EVAL(${ DB(provi der/${provider})})})
exten => 1NXXNXXXXXX, n, Got o( next r out e)

See Also

Exec()

EXISTS

EXISTS — Checksif value is non-blank
Synopsis
EXI STS( dat a)

Existence test: returns 1 if non-blank, O otherwise

FIELDQTY

FIELDQTY — Countsfields

Synopsis

FI ELDQTY( var nanme| del i m
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Counts the fields, with an arbitrary delimiter

See Also

cuT()

FILTER

FILTER — Strips string of illegal characters
Synopsis
FI LTER(al | owed- char s| stri ng)

Filtersthe st r i ng to include only the characters shownin al | owed- char s:

; Ensure that the Caller*I D nunber contains only digits
exten => Set (CALLERI D( num) =${ FI LTER( 0123456789, ${ CALLERI D(num) })})

This function may only be read, not set.

See Also
QUOTE()

GLOBAL

GLOBAL — References global namespace
Synopsis
GLOBAL( var nane)

Gets or sets the global variable specified.

GROUP

GROUP — Associates the channel into a set group

Synopsis

GROUP( [ cat egory])

Gets or sets the channel group.

Permit only one user to access the paging system at once.
exten => 8000, 1, Set ( GROUP() =pager)
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exten => 8000, n, Got ol f ($[ ${ GROUP_COUNT( pager )} > 1] ?hangup)
exten => 8000, n, Page( SI P/ 101&SI P/ 102&SI P/ 103&SI P/ 104)
ext en => 8000, n( hangup) , Hangup

See Also

GROUP_COUNT( ) , GROUP_LI ST() , GROUP_MATCH_COUNT( )

GROUP_COUNT

GROUP_COUNT — Counts the number of channelsin the specified group.
Synopsis

GROUP_COUNT( [ gr oupnan®e] [ @at egory])

Counts the number of channelsin the specified group. Will return the count of the current channel if the gr oupnane
is not specified.

See Also

GROUP() , GROUP_LI ST() , GROUP_MATCH_COUNT()

GROUP LIST

GROUP_LIST — Lists channel groups
Synopsis

GROUP_LI ST() ([ gr oupnane] [ @at egory])

Getsalist of the groups set on a channel.

See Also

GROUP() , GROUP_COUNT( ) , GROUP_MATCH_COUNT()

GROUP_MATCH_COUNT

GROUP_MATCH_COUNT — Counts channels in a matching group name
Synopsis

GROUP_IVATCH_COUNT( gr oupmat ch[ @at egory])

Counts the number of channelsin the groups matching the specified pattern.
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See Also

GROUP( ) , GROUP_COUNT( ) , GROUP_LI ST()

IAXPEER — Obtains IAX channel information

Synopsis

| AXPEER( peer nanme[ | iteny)

| AXPEER( CURRENTCHANNEL[ | i t em )

GetsIAX peer information.

If peernameis specified, valid items are;

ip ThelPaddressof thispeer. If i t emisnot specified, thelPaddresswill begiven.
status The peer’sstatus (if qual i f y=yes).

mai | box The peer’s configured mailbox.

cont ext The peer’s configured context.

expire The epoch time of the next registration expiration for this peer.
dynam c Does this peer register with Asterisk? (yes/no)

cal l erid_nane The Caller ID name configured on this peer.

callerid num The Caller ID number configured on this peer.

codecs The peer’s configured codecs.

codec| x] Preferred codec index number x (beginning with zero).
See Also

S| PPEER()

IF

IF — Conditional value selection

Synopsis

| F(expr?[true][:fal se])

Conditional: returns the data following ? if true, otherwise the data following : .

Ret urns f oo
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exten => 123, 1, Set (sonet hi ng=${1 F($[ 2 > 1] ?f oo: bar)})
Ret ur ns bar
exten => 123, n, Set (sonet hi ng=${1 F($[2 < 1] ?foo: bar)})

See Also

Gotolf()

IFTIME

IFTIME — Compares the current system time to atime specification

Synopsis

| FTI ME(ti mes, days_of week, days_of nont h, nronths?[true][: fal se])

Conditional: Returns the data following ? if true, otherwise the data following :

tinmes Time ranges, in 24-hour format

days_of week Days of theweek (nmon, t ue, wed, t hu, fri,sat,sun)
days_of _nmonth Days of the month (1-31)

nont hs Months (j an, f eb, mar , apr, etc.)

See Also

GotolfTime()

ISNULL

ISNULL — Checksif avalueis blank
Synopsis

| SNULL( dat a)

Returns 1if dat a isblank or O otherwise.

See Also

LEN() , EXI STS()

KEYPADHASH

KEYPADHASH — Converts letters into numbers
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Synopsis

KEYPADHASH( st ri ng)

Hashesthelettersin st r i ng into the equivalent keypad numbers.

; Calculate the hashes of the authors' |ast nanmes. So, the

; correspondi ng val ues woul d be 623736, 76484, and 82663443536.

exten => 123, 1, Set (| ast namel=${ KEYPADHASH( Madsen) })
exten => 123, n, Set (| ast name2=${ KEYPADHASH( Sni t h) })
exten => 123, n, Set (| ast name3=${ KEYPADHASH( VanMeggel en) })

See Also

Directory()

LANGUAGE

LANGUAGE — Accesses the channel language
Synopsis

LANGUAGE( )

Gets or sets the channel’ s language.

This function is deprecated in favor of CHANNEL (| anguage) .

See Also

CHANNEL ()

LEN

LEN — Calculates the string length
Synopsis

LEN(stri ng)

Returnsthe length of st ri ng.

MATH

MATH — Mathematical calculations
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Synopsis

MATH( nunber 1op nunber 2[,type _of result])

Performs mathematical functions.

exten => 123, 1, Set (val uel=${ MATH( 1+2) })

MD5

MD5 — Calculates MD5 digest
Synopsis

MVD5( dat a)

Computes the MD5 digest of dat a.

See Also

SHAL()

MUSICCLASS

MUSICCLASS — Access achannel’ s music-on-hold setting
Synopsis

MUSI CCLASS()

AF  Note
._.-ul

Eir
Fid This function has been deprecated in favor of CHANNEL ( musi ccl ass) .

Reads or sets the music-on-hold class.

See Also

CHANNEL ()

QUEUE_MEMBER_COUNT

QUEUE_MEMBER_COUNT — Counts queue members
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Synopsis

QUEUE_MEMBER COUNT( queuenane)

Counts the number of members answering a queue.

See Also

QUEUE_MEMBER LI ST()

QUEUE_MEMBER_LIST

QUEUE_MEMBER_LIST — Lists queue members
Synopsis

QUEUE_MEMBER LI ST( queuenan®)

Returns alist of interfacesin a queue.

See Also

QUEUE_MEMBER_COUNT()

QUEUE_WAITING_COUNT

QUEUE_WAITING_COUNT — Count waiting calls
Synopsis

QUEUE_WAI TI NG_COUNT( queuenarne)

Counts number of calls currently waiting in a queue.

QUEUEAGENTCOUNT

QUEUEAGENTCOUNT
Synopsis

QUEUEAGENTCOUNT( queuenane)

A  Note
a5

i This function has been deprecated in favor of QUEUE_ MEMBER _COUNT() .
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Counts number of agents answering a queue.

See Also

QUEUE_MEMBER_COUNT() , QUEUE_MEMBER LI ST()

QUOTE

QUOTE — Escapes a string

Synopsis

QUOTE( st ri ng)

Quotes a given string, escaping embedded quotes as necessary.

See Also

FI LTER()

RAND

RAND — Random number
Synopsis

RAND([ mi n] [ | max] )

Chooses a random number within arange.

RAND( ) randomly picksan integer between mi n and max, inclusive, and returnsthat integer. If m n isnot specified,
it defaults to 0. If max is not specified, it defaults to the C constant | NT_MAX, which is 2,147,483,647 on 32-hit

platforms. Note that | NT_MAX is quite a bit larger on 64-bit platforms.

REALTIME

REALTIME — Retrieves real-time data

Synopsis

REALTI ME(f ani | y| fi el dmat ch[ | val ue[ | | del i ni[|delinm2]]])

Real-time read/write functions. Use the above syntax for aread and the following syntax for awrite:

REALTI ME(f ani | y| fi el dmat ch| val ue| fi el d)
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REGEX

REGEX — Compares based upon aregular expression
Synopsis

REGEX("regul ar expressi on" data)
Matches based upon aregular expression.

SET

SET — Setsavariable
Synopsis

SET(var nane=[ val ue])

SET assigns a value to a channel variable. It is frequently used to set values that contain the character | , since that

character is normally a delimiter when used with the application Set () .

See Also

Set()

SHA1

SHA1 — SHA-1 digest
Synopsis

SHA1( dat a)

Computes the SHA-1 digest of dat a.

See Also

MD5()

SIP_HEADER

SIP_HEADER — Retrieves a SIP header

Synopsis
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S| P_HEADER( nane[ , nunber])
Gets the specified SIP header.

SIPCHANINFO

SIPCHANINFO — Retrievesinfo on a SIP channel
Synopsis

SI PCHANI NFQ( i t em)

Gets the specified SIP parameter from the current channel.

Vadlid items are:

peerip The IP address of this SIP peer

recvip The source | P address of this SIP peer

from The SIP URI from the From: header

uri The SIP URI from the Contact: header

user agent The name of the SIP user agent

peer name The name of the SIP peer

t 38passt hr ough 1if T38is offered or enabled in this channel, otherwise 0

SIPPEER

SIPPEER — Retrieves info about a SIP peer
Synopsis

S| PPEER( peer nane[ | i teni)

Gets SIP peer information.

Vadlid items are:

ip ThelPaddressof thispeer. If i t emisnot specified, thelPaddresswill begiven.
mai | box This peer’s configured mailbox.

cont ext The peer’s configured context.

expire The epoch time of the next registration expiration.

dynam ¢ Does this device register with Asterisk? (yes/no)
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cal lerid _nane
cal l eri d_nunber
status
regexten

[imt

curcalls

| anguage
account code
user agent
codecs

codec| x]

See Also

| AXPEER()

SORT

SORT — Sortsalist
Synopsis

SORT(key1: val 1]

The Caller ID name configured on this peer.
The Caller ID number configured on this peer.
Thispeer's status (if qual i f y=yes).

This peer’ s registration extension, if configured.

Thispeer’scal limit.

Current number of calls. Only availableif call-limit is set on this peer.

Default language for this peer.
Account code for this peer.

The name of the SIP user agent.
The configured codecs for this peer.

Preferred codec index number x (beginning with zero).

... ][, keyN: val N])

Sortsalist of key/valsinto alist of keys, based upon the vals which can be any real number (float).

SPEECH

SPEECH — Retrievesinfo on speech recognition results

Synopsis

SPEECH( ar gunent )

Gets information about speech recognition results.

SPEECH_ENGINE

SPEECH_ENGINE — Modifies speech engine property
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Synopsis

SPEECH _ENG NE( nane) =val ue)

Changes a specific attribute of the speech engine.

SPEECH_GRAMMAR

SPEECH_GRAMMAR — Retrieves speech grammar information
Synopsis

SPEECH GRAMMVAR(r esult nunber)

Gets the matched grammar of aresult if available.

SPEECH_SCORE

SPEECH_SCORE — Retrieves speech recognition confidence score
Synopsis

SPEECH SCORE(result nunber)

Gets the confidence score of aresult.

SPEECH_TEXT

SPEECH_TEXT — Retrieves recognized text
Synopsis

SPEECH TEXT(result nunber)

Gets the recognized text of aresult.

SPRINTF

SPRINTF — Formats a string
Synopsis

SPRI NTF(format | argl[|...argN])
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Formats a variable or set of variables according to aformat string.
The most common case for the use of SPRINTF is to zero-pad a number to a certain length:

Returns 00123
exten => 123, 1, Set (padfi ve=${ SPRI NTF( %©5d, ${ EXTEN} ) })

Most of the format options listed in the manpage for spri nt f ( 3) areaso implemented in this dialplan function.

See Also

STRETI ME()

STAT

STAT — Evaluates filesystem attributes
Synopsis

STAT(fl ag, fil enane)

Does a check on the specified file.

f | ag may be one of the following options:

e Returns 1 if the file exists; O otherwise

S Returns the size of thefile, in bytes

f Returns 1 if the path referenced is a regular file (and not a directory, symlink,
socket, or device) or O otherwise

d Returns 1 if the path referenced is a directory (and not aregular file, symlink,
socket, or device) or O otherwise

M Returns the epoch time when the file contents were last modified

C Returns the epoch time when the file inode was last modified

m Returns the permissions mode of the file (as an octal number)

STRFTIME

STRFTIME — Formats the date and time

Synopsis

STRFTI ME([ epoch] [|[ti mezone][|format]])

Returns the current date/time in a specified format.
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STRFTI ME passes the epoch and f or mat arguments directly to the underlying st rfti me(3) Clibrary cal, so
check out that manpage for more information. Thet i mezone parameter should be the name of adirectory/filein/
usr/ shar e/ zonei nf o (e.g., Ameri ca/ Chi cago or Aner i ca/ New_Yor k).

See Also

STRPTI ME()

STRPTIME

STRPTIME — Converts a string into a date and time
Synopsis

STRPTI ME(dat eti ne| ti nezone| f or mat )

Returns the epoch of the arbitrary date/time string structured as described in the format.

The purpose of thisfunction isto take aformatted date/time and convert it back into seconds since the epoch (January
1st, 1970, at midnight GMT), so that you may do calculations with it, or simply convert it into some other date/time
format.

STRPTI ME passes the string and format directly to the underlying C library call st r pti ne(3), so check out that
manpage for moreinformation. Thet i mezone parameter should be the name of a directory/filein/ usr/ shar e/
zonei nf o (eg., Aneri ca/ Chi cago or Aner i ca/ New_Yor k).

See Also

STRFTI ME()

TIMEOUT

TIMEOUT — Accesses channel timeout values
Synopsis

TI MEQUT(ti meout t ype)

Gets or sets timeouts on the channel.
The timeouts that can be manipulated are:

absol ute The absolute maximum amount of time permitted for acall. A setting of O dis-
ables the timeout.

digit The maximum amount of time permitted between digits when the user istyping
in an extension. When this timeout expires, after the user has started to typein
an extension, the extension will be considered complete, and will beinterpreted.
Notethat if anextensiontypedinisvalid, it will not haveto timeout to betested,
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response

TXTCIDNAME

TXTCIDNAME — DNS lookup
Synopsis

TXTCI DNAVE( nunber )

Looks up acaller nameviaDNS.

URIDECODE

URIDECODE — Decodes a URI

Synopsis

URI DECODE( dat a)

sotypically at theexpiry of thistimeout, the extension will beconsideredinvalid
(and thus control will be passed to thei extension, or if it doesn’t exist the call
will be terminated). The default timeout is five seconds.

The maximum amount of time permitted after falling through a series of prior-
ities for achannel in which the user may begin typing an extension. If the user
does not type an extension in this amount of time, control will pass to the t
extension if it exists, and if not the call will be terminated. The default timeout
is 10 seconds.

Decodes a URI-encoded string according to RFC 2396.

See Also

URI ENCODE( )

URIENCODE

URIENCODE — Encodes a URI

Synopsis

URI ENCODE( dat a)

Encodes a string to URI-safe encoding according to RFC 2396.

See Also

URI DECODE( )
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VMCOUNT

VMCOUNT — Counts voicemail messages
Synopsis

VMCOUNT( mai | box[ @ontext][|fol der])

Counts the voicemail in a specified mailbox.
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Appendix C. Command-line Reference

Thisisthe Asterisk command line interface reference. All available commands for Asterisk Business Edition version
C.1 arelisted below. Some commands have been marked as deprecated.

A  Note
rd
Fad The Asterisk command line interface is currently undergoing an update to make the command syntax

more consistant. Those commands which do not meet the current syntax format that are deprecated, but
have no yet received the required update have been marked with a star (*). All deprecated commands
will refer to the new and preferred syntax, but those deprecated commands marked with a star may not
yet have the new command implemented, but will be implemented in a future version (and is possible
that the latest version of Asterisk Business Edition may have those commands implemented by the time
you read this).

bang

I — Execute a shell command
Synopsis

This command will allow you to execute a shell command from the Asterisk console by prefixing any shell command
with the bang (!) character.

Example

*CLI> lecho "hello world"
hello world

abort halt

abort halt — Cancel arunning halt
Synopsis

Deprecated* in favor of core abort halt

add

add — Used to add dialplan entries from the Asterisk command line interface
Synopsis

Deprecated in favor of dialplan add
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ael

ael — Commands for dealing with AEL

Synopsis

This set command deals with AEL -- the alternative extension language for dialplan scriping.

Here we can go into greater detail.

ael debug

Thisturns on debugging for avariety of things
ael debug contexts

Debug the ael contexts

ael debug macros

Debug the ael macros

ael debug read

Debug the adl read, whatever that means

ael debug tokens

Debug the ael tokens (you know, the kind of tokens they sell you at amusement parks)
ael no

Thisturns off debugging for a variety of things

ael no debug

Turns off all ael debugging

agent

agent — Commands related to queue agents

Synopsis

These commands are used to view the status of online agents and to logoff agents from the console.

agent logoff <channel> [soft]

Set an agent offline.
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agent show online

Show status of agents.

agi
agi — Various commands related to the Asterisk Gateway Interface (AGI)
Synopsis

The following commands will give you more information about the Asterisk Gateway Interface, including commands
you can run from your scripts which Asterisk calls with the AGI () dialplan application.

agi debug

Deprecated* in favor of agi set debug
agi set

Set AGI options

agi set debug

Enable AGI debugging

agi set debug off

Disable AGI debugging

agi dumphtml <filename>

Dump the AGI commands to <filename>in HTML format

agi no debug

Deprecated* in favor of agi set debug off
agi show

List AGI commands or specific help

answer

answer — Answer an incoming console call

Synopsis

Deprecated in favor of console answer
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autoanswer

autoanswer — Sets/displays autoanswer

Synopsis

Deprecated in favor of console autoanswer

cdr status

cdr status — Display the Call Detail Record (CDR) status

Synopsis

clear profile

clear profile— Clear profiling information

Synopsis

Deprecated in favor of core clear profile

console

console — Various commands used for the control of the console channel

Synopsis

Various commands that allow you to control the console channel driver (soundcard).

console active [device]

If used without a parameter, displays which device is the current console. If a device is specified, the console sound

device is changed to the device specified.

console answer

Answers an incoming call on the console (OSS) channel.

console autoanswer <on | off>

Enables or disables autoanswer feature. If used without argument, displays the current on/off status of autoanswer.

The default value of autoanswer isinoss. conf .

console boost <decibels>

Set the amount of boost on the console by <decibels> decibels.
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console dial [extension[@context]]

Dialsagiven extension (and context if specified)

console flash

Flashes the call currently placed on the console.

console hangup

Hangs up any call currently placed on the console.

console mute

Mutes the microphone

console send text <message>

Sends a text message for display on the remote terminal.

console transfer <extension>[@context]

Transfers the currently connected call to the given extension (and context if specified)

console unmute

Unmutes the microphone

convert

convert — Convert an audio file from one format to another
Synopsis

Deprecated in favor of file convert

core

core — A set of core system commands

Synopsis

These are a set of commands used to set and view information about your system.

core clear profile

Clear profiling information
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core set

Options used to set various levels of core debugging information along with global variables.

core set debug <level>

Set the debug level. Useful values are 0 through 4. See logger.conf for enabling debugging on the console.
core set debug channel <channel> [off]

Enable or disable debugging information for a channel.

core set global <name> <value>

Set aglobal variable <name> to <value>

core set verbose <level>

Set the verbosity level. Useful values are O through 4. Verbosity will alow you to see what is happening in your
system during acall.

core show

Show information about related to a particular module in the system.
core show application <application>
Displaying information about a particular application

core show applications

Show all available applications

core show audio codecs

Displaysalist of audio codecs

core show channel <channel>

Display information on a specific channel

core show channels

Display information on channels

core show channeltype <type>

Give more details on that channel type

core show channeltypes

List available channel types
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core show codec <codec>

Shows a specific codec

core show codecs

Displaysalist of codecs

core show config mappings
Display config mappings (file names to config engines)
core show file

Display information about files used by Asterisk
core show file formats
Display file formats

core show file mappings

Display config mappings (file names to config engines)
core show function <function>
Describe a specific diaplan function

core show functions

Shows registered dialplan functions

core show globals

Show global dialplan variables

core show hints

Show dialplan hints

core show image

Get information about image codecs and formats
core show image codecs

Displays alist of image codecs

core show image formats

Displays alist of image formats
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core show license

Show the license(s) for this copy of Asterisk
core show profile

Display profiling info

core show switches

Show alternative switches

core show sysinfo

Show system information

core show threads

Show running threads

core show translation

Display trangation matrix

core show uptime

Show uptime information

core show version

Display version info

core show video codecs
Displaysalist of video codecs

core show warranty

Show the warranty (if any) for this copy of Asterisk

database

database — A set of commands to manage the local Asterisk database (AstDB)

Synopsis

These commands can be used to manage your local Asterisk database. The Asterisk database consists of keytrees
which are made up of a family name (top level), followed by various key names which then contain a value. For
example: /phones/100/username = jimmy, would be a family named 'phones’, with a key of '100/username’ (notice

how we perform a 2nd level -- '100' alone could have been the keyname), followed by ‘jimmy’ as the value.
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database del <family> <key>

Removes database key/value

database deltree <family>

Removes database keytree/values

database get <family> <key>

Gets database value

database put <family> <key> <value>
Adds/updates database value

database show [family [keytree]]

Shows database contents

database showkey <keytree>

Shows database contents

Examples

*CLI > dat abase del phones 100/ user nane

*CLI > dat abase del tree phones

*CLI > dat abase get phones 100/ user nane

*CLI > dat abase put phones 100/ user nane ji nmy

*CLI > dat abase showkey phones/ 100

debug

debug — Get debugging information about your system
Synopsis

Deprecated in favor of core set debug

dialplan

dialplan — Various commands for getting and setting information about your dialplan
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Synopsis
These commands are used for getting and setting information about your diaplan from the Asterisk console. Recom-

manded features are dialplan reload and dialplan show. Other dialplan commands can have unexpected effects and
should only be used after testing. Always be sure to have a backup of your Asterisk configuration files.

dialplan add

Add information to your dialplan from the Asterisk console
dialplan add extension

Add new extension into context

dialplan add ignorepat

Add new ignore pattern

dialplan add include

Include context in other context

dialplan reload

Reload extensions and * only* extensions

dialplan remove

Remove elements from your diaplan
dialplan remove extension
Remove a specified extension

dialplan remove ignorepat
Remove ignore pattern from context
dialplan remove include
Remove a specified include from context
dialplan save

Save dialplan changes you've made from the Asterisk console (not recommended). Saving the dialplan from the As-
terisk console will strip out comments from ext ensi ons. conf .

dialplan show [context]

Show diaplan, optionally a specific context
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dial
dial — Dial from the Asterisk console
Synopsis

Deprecated in favor of console dial

dnsmgr

dnsmgr — Asterisk DNS manager

Synopsis

The Asterisk DNS manager is used to control how often Asterisk will lookup DNS information for caching. See the
dnsngr . conf filefor configuration information.

dnsmgr reload

Reloads the DNS manager configuration

dnsmgr status

Display the DNS manager status

dont include

dont include — Remove an included context from the dialplan
Synopsis

Deprecated in favor of dialplan removeinclude

dump agihtml

dump agihtml — Dump the AGI commands to <filename> in HTML format

Synopsis

Deprecated in favor of agi dumphtml

dundi

dundi — Distributed Universal Number Directory (DUND:I) related commands

Synopsis
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Thefollowing commands arerelated to the DUNDI protocol, used for distributing information across multiple Asterisk
systems. DUND:I is configured inthedundi . conf file.

dundi debug

Deprecated* in favor of dundi set debug

dundi flush

Flush DUNDI cache

dundi lookup <number>[@context] [bypass]

L ookup an extension from the Asterisk console. If no context is specified, then lookup in the default context. If bypass
keyword is present, then don't look in the DUNDiI cache.

dundi no

Deprecated* in favor of dundi set debug off and dundi store history off

dundi precache <number>[@context]

Precache a number in DUNDI

dundi query <entity>[@context]

Query aDUNDI EID to get information about a remote system

dundi show

Get information about DUNDI servers and peers
dundi show entityid

Display Global Entity 1D

dundi show mappings

Show DUNDi mappings

dundi show peer <peer>
Show information on a specific DUNDiI peer
dundi show peers

Show defined DUNDI peers

dundi show precache

Show DUND:I precache
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dundi show requests

Show DUNDI requests

dundi show trans

Show active DUNDI transactions

dundi store history

Enable DUND:I historic records

extensions reload

extensions reload — Reload diaplan
Synopsis

Deprecated in favor of dialplan reload

features show

features show — Lists configured features

Synopsis

Lists configured features in Asterisk as configured from the f eat ur es. conf file

file convert

file convert — Convert an audio file

Synopsis

Convert fromfile_ intofil e out.If anabsolute path is not given, the default Asterisk sounds directory will

be used.

file convert <file_in> <file_out>

Example:

*CLI> file convert tt-weasels.gsmtt-weasels.ul aw

flash

flash — Flash an active console channel
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Synopsis

Deprecated in favor of console flash

funcdevstate list

funcdevstate list — List of custom device states
Synopsis

A list of custom device states as set by the DEVI CE_STATE( ) dialplan function

group show channels

group show channels — Display active channels with group(s)
Synopsis

Display the currently active channels within group(s) as set by the GROUP( ) dialplan function

help

help — Display help list, or specific help on acommand
Synopsis

Get alist of available options at the Asterisk console, or get more information about a specific command

http show status

http show status— Display HTTP server status
Synopsis

Get the status information about the built in mini-HTTP server, used by the Asterisk GUI

lax?2
iax2 — Commands related to the IAX2 channel
Synopsis

The following are various commands you can use to get more information about the Inter-Asterisk eXchange version
2 (IAX2) protocol
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lax2 jb
Deprecated in favor of iax2 set debug jb

lax2 no

Deprecated in favor of iax2 set <feature> off

lax2 provision <host> <template> [forced]

Provisions the given peer or |P address using a template matching either 'template’ or *' if the template is not found.
If 'forced is specified, even empty provisioning fields will be provisioned as empty fields.

lax2 prune realtime [<peername> | all]

Prunes object(s) from the cache

lax2 reload

Reloads IAX configuration fromi ax. conf

lax2 set

Enable or disable debugging information for the |AX2 protocol
lax2 set debug [off]

Enable or disable IAX debugging

lax2 set debug jb [off]

Enable or disable IAX jitterbuffer debugging

lax2 set debug trunk [off]

Enable or disable IAX trunk debugging

lax2 set mtu <value>

Set the system-wide | AX 1P mtu to <value> bytesnet or zero to disable. Disabling meansthat the operating system must
handle fragmentation of UDP packetswhen the |AX2 trunk packet exceedsthe UDP payload size. Thisissubstantially
below the IP mtu. Try 1240 on ethernets. Must be 172 or greater for G.711 samples.

lax2 show
Show various information about the IAX2 protocol

lax2 show cache

Display currently cached IAX diaplan results
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ilax2 show channels

Listsal currently active IAX channels

lax2 show firmware

Listsall known IAX firmware images

lax2 show netstats

Lists network status for al currently active IAX channels
lax2 show peer <peer>

Display details on specific IAX peer

lax2 show peers [registered] [like <pattern>]

Lists all known IAX2 peers. Optiona 'registered’ argument lists only peers with known addresses. Optional regular

expression pattern is used to filter the peer list.

lax2 show provisioning

Listsall known IAX provisioning templates or a specific oneif specified

lax2 show registry

Listsall registration requests and status

lax2 show stats

Display statisticson IAX channel driver

ilax2 show threads

Lists status of IAX helper threads

lax2 show users [like <pattern>]

Listsall known IAX users. Optional regular expression pattern is used to filter the user list.

lax2 test losspct <percentage>

For testing, throws away <percentage> percent of incoming packets

lax2 trunk

Deprecated in favor of iax2 set trunk debug

include context

include context — Include a dialplan context into another context
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Synopsis

Deprecated in favor of dialplan include

Indication

indication — Get information about country indications

Synopsis

Get information about country indications. Indications can be found in thei ndi cat i ons. conf file.

indication add <country> <indication> "<tonelists>"

Add the given indication to the country

indication remove <country> <indication>

Remove the given indication from the country

indication show [country [country [...]]]

Display either a condensed for of all country/indications, or the indications for the specified countries

Init keys
init keys — Initializes private keys (by reading in pass code from the user)
Synopsis

Deprecated in favor of keysinit

keys

keys — Commands related to initializing and viewing loaded keys
Synopsis

Commands related to initializing and viewing loaded keys
keys init

Initializes private keys (by reading in pass code from the user)

keys show

Displays information about RSA keys known by Asterisk
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load

load — Load modules

Synopsis

Deprecated in favor of module load

local

local show channels— Display currently active Local channels

Synopsis

Provides summary information on active local proxy channels

logger

logger — Information about logging
Synopsis
Get information about the logger module. Also seel ogger . conf.

logger mute

Disables logging output to the current console, making it possible to gather information without being disturbed by

scrolling lines.

logger reload

Reloads the logger subsystem state. Use after restarting syslogd(8) if you are using syslog logging.

logger rotate

Rotates and Reopensthelog files

logger show channels

List configured logger channels

manager

manager — Display information about the Asterisk Manager Interface (AMI)

Synopsis

Display information about the Asterisk Manager Interface (AMI). Also seemanager . conf.
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manager show command <command>

Shows the detailed description for a specific Asterisk manager interface command

manager show commands

Prints alisting of all the available Asterisk manager interface commands

manager show connected

Prints alisting of the users that are currently connected to the Asterisk manager interface

manager show eventq

Prints alisting of all events pending in the Asterisk manger event queue

manager show users

Prints alisting of all managers that are currently configured on that system

manager show user <user>

Display all information related to the manager user specified

meetme

meetme — Control and display information about active MeetMe conferences
Synopsis
Control and display information about active MeetMe conferences. Also see neet ne. conf .

meetme kick <confno> <usernumber>

Remove a user from a conference

meetme lock <confno>

Lock a conference room

meetme mute <confno> <usernumber>

Mute a user in aconference

meetme unlock <confno>

Unlock a conference room
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meetme unmute <confno> <usernumber>

Unmute a user in a conference

meetme list [concise] <confno>

List usersin a conference room

mgcp

mgcp — Information about the Media Gateway Control Protocol (MGCP) channel driver
Synopsis

Information about the MGCP channel driver

mgcp audit endpoint

Lists the capabilities of an endpoint in the MGCP (Media Gateway Control Protocol) subsystem. mgep debug MUST
be on to see the results of this command.

mgcp reload

Reload the MGCP channdl driver

mgcp set debug [off]

Enable or disable dumping of MGCP packets for debugging purposes

mgcp show endpoints

Lists al endpoints known to the MGCP subsystem

mixmonitor

mixmonitor — Start or stop MixMonitor for a provided channel

Synopsis
Start of stop MixMonitor for a provided channel

mixmonitor <start|stop> <chan_name> [args]

The optional arguments are passed to the MixMonitor application when the 'start' command is used.

module

module — Commands to control modules
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Synopsis

Commands to control modulesin Asterisk, such as loading, unloading, and reloading, in addition to module informa:
tion.

module load <module>

L oad the specified module into Asterisk

module reload [module]

Reloads configuration files for all listed modules which support reloading, or for al supported modules if none are
listed.

module show [like <keyword>]

Shows Asterisk modules currently in use, and usage statistics.

module unload [-f|-h] <module_1> [<module 2> ... ]

Unloads the specified module from Asterisk. The- f option causes the module to be unloaded eveniif it isin use (may
cause a crash) and the - h module causes the module to be unloaded even if the module says it cannot, which almost
always will cause acrash.

moh

moh — Music on Hold module
Synopsis
Get information about the currently loaded classes available to the Music on Hold module

moh show classes

Listsall Music on Hold classes

moh files

Lists all loaded file-based Music on Hold classes and their files.

moh reload

Reloads the Music on Hold module

mute

mute — Mute a console channel
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Synopsis

Deprecated in favor of console mute

no debug channel

no debug channel — Stop debugging a channel

Synopsis

Deprecated in favor of core set debug channel <channel> off

odbc

odbc show — Show currently loaded ODBC classes

odbc show [<class>]

List settings of a particular ODBC class. or, if not specified, all classes.

originate

originate — Originate acall from the console

Synopsis

There are two ways to use this command. A call can be originated between a channel and a specific application, or
between a channel and an extension in the dialplan. Thisis similar to call files or the manager originate action. Calls

originated with this command are given atimeout of 30 seconds.

Usagel: originate <tech/data> application <appname> [appdata]

This will originate a call between the specified channel tech/data and the given application. Arguments to the appli-
cation are optional. If the given arguments to the application include spaces, al of the arguments to the application

need to be placed in quotation marks.

Usage2: originate <tech/data> extension [exten@][context]

Thiswill originate a call between the specified channel tech/data and the given extension. If no context is specified,

the 'default’ context will be used. If no extension is given, the''s extension will be used.

osp

osp show — Displays information on Open Settlement Protocol support

Synopsis

Displays information on Open Settlement Protocol support
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0SS
0ss boost — Change the volume on the console channel
Synopsis

Deprecated in favor of console boost

pri
pri — Commands related to debugging Primary Rate Interfaces (PRI)
Synopsis

Commands related to debugging Primary Rate Interfaces (PRI) as configured by Zaptel. See zapt el . conf and
zapat a. conf.

pri debug span <span>
Enables debugging on a given PRI span

pri intense debug <span>
Enables debugging down to the Q.921 level

pri no debug span <span>
Disables debugging on a given PRI span

pri set debug file <filename>
Sends PRI debug output to the specified file

pri show

Show information about PRI spans

pri show debug <span>

Displays current PRI debug settings

pri show span <span>

Displays PRI Information

pri show spans

Displays PRI Information
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pri unset debug file

Ends PRI debug output to file

queue

gueue — Command related to the Queue module
Synopsis

Commands related to the Queue module such as adding, removing, and showing members of a queue.

gueue add member <channel>to <queue> [penalty
<penalty>]

Add amember to the queue

gueue remove member <channel> from <queue>

Remove a member from the queue

gqueue show

List available queues

realtime

realtime — Load and update variablesin realtime
Synopsis
Load and update variablesin reatime.

realtime load <family> <colmatch> <value>

Prints out alist of variables using the Realtime driver.

realtime update <family> <colmatch> <value>

Update a single variable using the Realtime driver.

reload

reload — Reload one or more modules
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Synopsis

Deprecated in favor of module reload

remove

remove — Remove data from your dialplan
Synopsis

Deprecated in favor of dialplan remove

restart

restart — Restart Asterisk

Synopsis

Restart your Asterisk system either immediately, or when all calls have compl eted.

restart now

Restart immediately, dropping all active calls

restart gracefully

Restart after all current calls have completed, but don't accept any new calls

restart when convenient

Restart when the system has no active calls

reep

rtcp — Debug Real Time Control Protocol (RTCP)
Synopsis

Debug RTCP

rtcp debug [off]

Enable or disable dumping of all RTCP packets
rtcp debug [ip host[:port]]

Enable dumping of all RTCP packets to and from host
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rtcp stats [off]

Enable or disable dumping of RTCP stats

rtp

rtp — Debug Real-time Transport Protocol
Synopsis

The Real-time Transport Protocol is used to transmit the media (audio) for some Vol P protocols, such as SIP

rtp debug

Enable RTP debugging

rtp no debug

Disable RTP debugging

save

save dialplan — Save changesto the dialplan
Synopsis

Deprecated in favor of dialplan save

say
say load

Synopsis

say load <new | old>

send

send text — Send text to a console channel
Synopsis

Deprecated in favor of console send text

187



Draft Command-line Reference

Draft

set

set — Set various levels of debugging information

Synopsis

Deprecated in favor of cor e set

show

show — Show information about a module

Synopsis

Deprecated in favor of <module> show

SIp

sip — Information about the SIP channel driver
Synopsis

Get information about various aspects of the SIP channel driver

sip debug

Deprecated in favor of sip set debug

sip history [off]

Enables or disables recording of SIP dialog history for debugging purposes

sip no debug

Deprecated in favor of sip set debug off

sip notify <type> <peer> [<peer>[...]]

Send aNOTIFY messageto a SIP peer or peers. Message types are defined insi p_not i fy. conf.

Sip prune realtime <peer | user> [<name> | all | like <pat-

tern>]

Prunes object(s) from the cache. Optional regular expression pattern is used to filter the objects.

sip reload

Reloads SIP configuration from si p. conf .
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sip set

Set various debugging options

sip set debug

Enable SIP message debugging

sip set debug ip <ip host>[:port]

Enable SIP message debugging for a specific peer

sip set debug peer <peer>

Enables dumping of SIP packets to and from host. Requires peer to be registered.

Sip show

Show information about various aspects of the SIP channel driver

sip show channel <channel>

Provides detailed status on a given SIP channel

sip show channels

Listsall currently active SIP channels

sip show domains

Listsall configured SIP local domains. Asterisk only responds to SIP messages to local domains.
sip show history

Provides detailed dialog history on agiven SIP channel.

sip show inuse [all]

List al SIP usersand peers usage counters and limits. Add option "all" to show all devices, not only those with alimit.
sip show objects

Lists status of known S|P objects

sip show peer <name> [load]

Shows all details on one SIP peer and the current status. Option "load" forces lookup of peer in realtime storage.
sip show peers [like <pattern>]

Lists al known SIP peers. Optional regular expression pattern is used to filter the peer list.
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sip show registry
Listsall registration requests and status.

sip show settings

Provides detailed list of the configuration of the SIP channel.

sip show subscriptions

Lists active SIP subscriptions for extension states

sip show users [like <pattern>]

Listsall known SIP users. Optional regular expression pattern is used to filter the user list.

sip show user <name> [load]

Shows all details on one SIP user and the current status. Option "load" forces |ookup of peer in realtime storage.

skinny

skinny — Get information about the Skinny channel driver
Synopsis

Get information about the Skinny channel driver and devices using it.

skinny reset <device id | all> [restart]

Causes a Skinny deviceto reset itself, optionally with afull restart.

skinny set debug [off]

Enables dumping of Skinny packets for debugging purposes.
skinny show
Show information about Skinny devices and lines

skinny show devices

Lists all devices known to the Skinny subsystem.

skinny show lines

Lists all lines known to the Skinny subsystem.

sla

sla— Show information about Shared Line Appearance
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Synopsis
Show information about Shared Line Appearance trunks and stations.

sla show trunks

Thiswill list al trunks defined insl a. conf .

sla show stations

Thiswill list all stations definedin sl a. conf .

soft

soft hangup — Hangup a call

Synopsis

Deprecated* in favor of core send soft hangup <channel>

soft hangup <channel>

Request that a channel be hung up. The hangup takes effect the next time the driver reads or writes from the channel

stop

stop — Stop the Asterisk process
Synopsis
Deprecated* in favor of core stop

stop gracefully

Causes Asterisk to not accept new calls, and exit when all active calls have terminated normally.

stop now

Shuts down a running Asterisk immediately, hanging up all active calls.

stop when convenient

Causes Asterisk to perform a shutdown when all active calls have ended.

stun

stun — Simple Traversal of UDP through NAT (STUN) debugging
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Synopsis
Debugging options related to STUN.

stun debug

Enable STUN (Simple Traversal of UDP through NATSs) debugging

stun no debug

Disable STUN (Simple Traversal of UDP through NATS) debugging

transcoder

transcoder show — Displays channel utilization of Zaptel transcoder(s)

Synopsis

Displays channel utilization of Zaptel transcoder(s)

transfer

transfer — Transfer a console channel

Synopsis

Deprecated in favor of console transfer

udptl

udptl — Debug UDPTL / T.38 Fax over IP
Synopsis

Debug UDPTL / T.38 Fax over IP

udptl debug [ip host[:port]]
Enable dumping of all UDPTL packets to and from host

udptl no debug

Disable dumping of all UDPTL packets

unload

unload — Unload a module
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Synopsis

Deprecated in favor of module unload

unmute

unmute — Unmute a console channel
Synopsis

Deprecated in favor of console unmute

voicemail

voicemail — Commands related to the V oicemail module

Synopsis

View information about mailboxesin the Voicemail system.

voicemail show users [for <vm_context>]
Lists all mailboxes currently set up

voicemail show zones

Lists zone message formats

zap

zap — Commands related to the Zaptel channel driver
Synopsis

Commands to show information about Zaptel channels

zap destroy channel <chan num>

DON'T USE THIS UNLESS YOU KNOW WHAT YOU ARE DOING. Immediately removes a given channel,
whether it isin use or not.

zap restart

Restarts the zaptel channels: destroys them all and then re-readsthem from zapat a. conf . Note that thiswill STOP
any running CALL on zaptel channels.
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zap show

Show information about Zaptel channels

zap show cadences

Shows all cadences currently defined

zap show channels

Shows alist of available channels

zap show channel <chan num>

Detailed information about a given channel

zap show status

Shows alist of Zaptel cards with status

194



Draft

Draft

Appendix D. AGI Reference
ANSWER

ANSWER

Answersthe channel (if it isnot already in an answered state).
Return values:
-1 Failure

0 Success

CHANNEL STATUS

CHANNEL STATUS

Synopsis

CHANNEL STATUS [ channel nane]

Queries the status of the channel indicated by channel namne or, if no channel is specified, the current channel.

Return values:

0 Channel is down and available
1 Channel is down, but reserved
2 Channel is off-hook

3 Digits have been dialed

4 Lineisringing

5 Lineisup

6 Lineisbusy
DATABASE DEL

DATABASE DEL

Synopsis

DATABASE DEL family key

Deletes an entry from the Asterisk database for the specified family and key.
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Return values:

0 Failure

1 Success
DATABASE DELTREE
DATABASE DELTREE

Synopsis

DATABASE DELTREE fam |y [keytree]

Deletes afamily and/or keytree from the Asterisk database.

Return values:

0 Failure
1 Success
DATABASE GET
DATABASE GET

Synopsis

DATABASE CGET fam |y key

Retrieves avalue from the Asterisk database for the specified family and key.

Return values:
0 Not set
1 ( value) Vaueis set (and isincluded in parentheses)

DATABASE PUT

DATABASE PUT
Synopsis

DATABASE PUT fam |y key val ue

Adds or updates an entry in the Asterisk database for the specified family and key, with the specified value.

Return values:
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0 Failure

1 Success

EXEC

EXEC
Synopsis

EXEC application options

Executes the specified dialplan application, including options.

Return values:
-2 Failure to find the application
val ue Return value of the application

GET DATA

GET DATA
Synopsis

GET DATA filenane [tinmeout] [max_digits]

Plays the audio file specified by f i | enanme and accepts DTMF digits, up to the limit set by max_di gi t s. Similar

to the Backgr ound() dialplan application.

Return value:

val ue Digits received from the caller

GET FULL VARIABLE

GET FULL VARIABLE
Synopsis

GET FULL VARI ABLE vari abl enane [ channel nane]

If thevariableindicated by var i abl enane is set, returnsits value in parentheses. This command understands com-

plex variable names and built-in variable names, unlike GET VARI ABLE.

Return values:
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0 No channel, or variable not set

1 ( value) Valueisretrieved (and isincluded in parentheses)
GET OPTION

GET OPTION

Synopsis

GET OPTION fil ename escape_digits [timeout]

Behaves the same as STREAM FI LE, but hasat i meout option (in seconds).
Return value:

val ue ASCII vaue of digits received, in decimal

GET VARIABLE

GET VARIABLE
Synopsis

GET VARI ABLE vari abl enanme

If the variable is set, returns its value in parentheses. This command does not understand complex variables or built-
invariables; usethe GET FULL VARI ABLE command if your application requires these types of variables.

Return values:
0 No channel, or variable not set
1 ( value) Vaueisretrieved (and isincluded in parentheses)

HANGUP

Synopsis

HANGUP [ channel nane]

Hangs up the specified channel or, if no channel is given, the current channel.

Return values:

-1 Specified channel does not exist
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1 Hangup was successful

NoOp

NoOp
Synopsis

NoOp [text]

Performsno operation. Asaside effect, thiscommand printst ext to the Asterisk console. Usually used for debugging
purposes.

Return value:

0 No channel, or variable not set

RECEIVE CHAR

RECEIVE CHAR

Synopsis

RECEI VE CHAR ti neout

Receives a character of text on achannel. Specify at i meout in milliseconds as the maximum amount of timeto wait
for input, or set to O to wait infinitely. Note that most channels do not support the reception of text.

Return values:

-1 (hangup) Failure or hangup

char (timeout) Timeout

val ue ASCI| value of character, in decimal

RECORD FILE

RECORD FILE
Synopsis

RECORD FI LE filenane format escape digits tineout [offset sanples] [BEEP] [s=silence]

Records the channel audio to the specified file until the reception of a defined escape (DTMF) digit. The f or mat

argument defines the type of file to be recorded (wav, gsm etc.). Thet i neout argument is the maximum number
of milliseconds the recording can last, and can be set to - 1 for no timeout. The of f set _sanpl es argument is
optional; if provided, it will seek to the offset without exceeding the end of the file. The BEEP argument will play
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a beep to the user to signify the start of the record operation. The si | ence argument is the number of seconds of
silence allowed before the function returns despite the lack of DTMF digits or reaching the timeout. The silence value
must be preceded by s= and is also optional.

Return values:

-1 Failure

0 Successful recording
SAY ALPHA

SAY ALPHA

Synopsis

SAY ALPHA nunber escape digits

Says agiven character string, returning early if any of the given DTMF digits are received on the channel.

Return values:

-1 Error or hangup

0 Playback completed without being interrupted by an escape digit
val ue ASCII value of digit (if pressed), in decimal

SAY DATE

Synopsis

SAY DATE date escape digits

Says a given dat e, returning early if any of the given DTMF digits are received on the channel. The dat e is the
number of seconds elapsed since 00:00:00 on January 1, 1970, Coordinated Universal Time (UTC).

Return values:

-1 Error or hangup

0 Playback completed without being interrupted by an escape digit
val ue ASCII value of digit (if pressed), in decimal

SAY DATETIME

SAY DATETIME
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Synopsis

SAY DATETI ME datetinme escape digits [format] [tinezone]

Saysthe given dat et i e, returning early if any of the given DTMF digits are received on the channel. The dat e-
t i me isthe number of seconds elapsed since 00:00:00 on January 1, 1970, Coordinated Universal Time (UTC). The
optiona f or mat argument is the format in which the time should be spoken. (See voi cemail.conf for a complete de-
scription of the format options.) f or mat defaultsto " ABdY ' di gits/at' | M".Acceptablevaluesforti nme-
zone can be found in /usr/share/zoneinfo/. t i mezone defaults to the default time zone of the Asterisk server.

Return values:

-1 Error or hangup

0 Playback completed without being interrupted by an escape digit
val ue ASCII value of digit (if pressed), in decimal

SAY DIGITS

SAY DIGITS
Synopsis

SAY DI A TS nunber escape digits

Saysagiven digit string, returning early if any of the given DTMF digits are received on the channel.

Return values:

-1 Error or hangup

0 Playback completed without being interrupted by an escape digit
val ue ASCII vaue of digit (if pressed), in decimal

SAY NUMBER

Synopsis

SAY NUMBER nunber escape digits

Says a given number, returning early if any of the given DTMF digits are received on the channel.

Return values:

-1 Error or hangup

201



Draft AGI Reference Draft

0 Playback completed without being interrupted by an escape digit
val ue ASCII vaue of digit (if pressed), in decimal

SAY PHONETIC

SAY PHONETIC

Synopsis

SAY PHONETI C string escape _digits

Says a given character string with phonetics, returning early if any of the given DTMF digits are received on the
channel.

Return values:

-1 Error or hangup

0 Playback completed without being interrupted by an escape digit
val ue ASCII vaue of digit (if pressed), in decimal

SAY TIME

Synopsis

SAY TIME tinme escape digits

Saystheindicated t i me, returning early if any of the given DTMF digits are received on the channel. Theti e is
the number of seconds elapsed since 00:00:00 on January 1, 1970, Coordinated Universal Time (UTC).

Return values:

-1 Error or hangup

0 Playback completed without being interrupted by an escape digit
val ue ASCII value of digit (if pressed), in decimal

SEND IMAGE

Synopsis

SEND | MAGE | mage

202



Draft AGI Reference Draft

Sends the given image on the current channel. Most channels do not support the transmission of images. Image names
should not include extensions.

Return values:

-1 Error or hangup

0 Image sent, or channel does not support sending an image
SEND TEXT

Synopsis

SEND TEXT "text to_send"

Sends the specified text on the current channel. Most channels do not support the transmission of text. Text consisting
of more than one word should be placed in quotes, since the command accepts only a single argument.

Return values:

-1 Error or hangup

0 Text sent, or channel does not support sending text
SET AUTOHANGUP

SET AUTOHANGUP

Synopsis

SET AUTOHANGUP ti me

Causes the channel to automatically be hung up oncet i me seconds have elapsed. Of course, it can be hung up before
then aswell. Setting t i me to 0 will cause the aut ohangup feature to be disabled on this channel.

Return value:

0 Autohangup has been set

SET CALLERID

SET CALLERID

Synopsis

SET CALLERI D nunber
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Changesthe Caller ID of the current channel.
Return value:

1 Cdler ID has been set

SET CONTEXT

SET CONTEXT

Synopsis

SET CONTEXT cont ext

Setsthe cont ext for continuation upon exiting the AGI application.

Return value:

0 Context has been set

SET EXTENSION

SET EXTENSION

Synopsis

SET EXTENSI ON ext ensi on

Changesthe ext ensi on for continuation upon exiting the AGI application.

Return value:

0 Extension has been set

SET MUSIC ON

SET MUSIC ON
Synopsis

SET MUSIC ON [on| of f] [class]

Enables/disables the music-on-hold generator. If cl ass isnot specified, the default music-on-hold classwill be used.

Return value:

0 Alwaysreturns 0
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SET PRIORITY

SET PRIORITY
Synopsis

SET PRIORITY priority

Changes the priority for continuation upon exiting the AGI application. pri ori t y must be avalid priority or label.
Return value:

0 Priority has been set

SET VARIABLE

SET VARIABLE

Synopsis

SET VARI ABLE vari abl enane val ue

Sets or updates the val ue for the variable name specified by var i abl enane. If the variable does not exist, it is
created.

Return value:

1 Variable has been set

STREAM FILE

STREAM FILE

Synopsis

STREAM FI LE fil ename escape _digits [sanpl e_offset]

Play the audio file indicated by fi | ename, alowing playback to be interrupted by the digits specified by
escape_di gi ts, if any. Use double quotes for the digits if you wish none to be permitted. If sanpl e_of f set
is provided, the audio will seek to sanpl e_of f set before playback starts.

Remember, the file extension must not be included in the filename.

Return values:

0 Playback completed with no digit pressed

-1 Error or hangup
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val ue ASCII value of digit (if pressed), in decimal

TDD MODE

TDD MODE

Synopsis

Enables and disables Telecommunications Devices for the Deaf (TDD) transmission/reception on this channel. Return
values:

0 Channel not TDD-capable
1 Success
VERBOSE

VERBOSE

Synopsis

VERBCSE nessage | evel

Sendsnessage tothe console viathe verbose message system. Thel evel argument isthe minimum verbosity level
at which the message will appear on the Asterisk command-line interface.

Return value:

0 Alwaysreturns 0

WAIT FOR DIGIT

WAIT FOR DIGIT
Synopsis

VWAIT FOR DIG T ti neout

Waitsuptot i meout milliseconds for the channel to receive aDTMF digit. Use - 1 for thet i neout vaueif you
want the call to block indefinitely.

Return values:

-1 Error or channel failure

0 Timeout

val ue ASCII value of digit (if pressed), in decimal
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Appendix E. Asterisk Manager
Interface Actions

Thefollowingisalist of actions you can perform using the Manager Interface, or AMI.

AbsoluteTimeout

AbsoluteTimeout — Sets the AbsoluteTimeout on a channel

Hangs up a channel after acertain time.

Parameters

Channel [required] The name of the channel on which to set the absol ute timeouit.

Ti meout [required] The maximum duration of the call, in seconds.

ActionlD [optional] An identifier that can be used to identify the response to this action.
Notes

Asterisk will acknowledge the timeout setting with aTi meout Set message.

Privilege

cal | ,all

Example

Acti on: Absol ut eTi neout

Channel : Sl P/t est phone-10210698
Ti meout : 15

ActionlD: 12345

Response: Success

Message: Ti neout Set
Actionl D: 12345

AgentCallbackLogin

AgentCallbacklL ogin — Sets an agent as logged in to the queue system in callback mode

Logs the specified agent in to the Asterisk queue system in callback mode. When a call is distributed to this agent,
it will ring the specified extension.
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Parameters

Agent [required] Agent ID of the agent to log in to the system, as specified in
agents.conf.

Ext en [required] Extension to use for callback.

Cont ext [optional] Context to use for callback.

AckCal | [optional] Settot r ue to require an acknowledgement (the agent pressing the
# key) to accept the call when agent is called back.

W apupTi ne [optional] The minimum amount of time after disconnecting before the agent
will receive anew call.

Actionl D [optional] Anidentifier which can be used to identify the responseto thisaction.

Privilege

agent,al |

Example

Action: Agent Cal | backLogi n

Agent: 1001

Exten: 201

Cont ext: Lab
Actionl D: 24242424

Response: Success
Message: Agent |ogged in
Actionl D: 24242424

Event : Agent cal | backl ogi n
Privil ege: agent,all

Agent: 1001
Logi nchan: 201@ab

Notes

TheAgent Cal | backLogi n action (dlongwiththe Agent Cal | backLogi n() application) hasbeen deprecated.
Itissuggested you usethe QueueAdd actioninstead. See doc/queues-with-callback-members.txt inthe Asterisk source
code for more information.

AgentLogoff

AgentL ogoff — Sets an agent as no longer logged in
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L ogs off the specified agent for the queue system.

Parameters

Agent [required] Agent ID of the agent to log off.

Sof t [optional] Settot r ue to not hangup existing calls.

Acti onl D [optional] Anidentifier which can be used to identify the responseto thisaction.
Privilege

agent,al |

Example

Acti on: Agent Logof f

Agent: 1001

Soft: true

Acti onl D: bl ahbl ahbl ah

Response: Success

Message: Agent | ogged out
Actionl D: bl ahbl ahbl ah
Event : Agent cal | backl ogof f
Privilege: agent,all

Agent: 1001

Reason: ConmandLogof f

Logi nchan: 201@ab
Logi ntine: 5698

Agents

Agents — Lists agents and their status

This action lists information about all configured agents.
Privilege
agent,al |

Example

Action: Agents
Actionl D: nylistofagents
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Response: Success
Message: Agents will follow
Actionl D: nylistofagents

Event: Agents

Agent: 1001

Name: Jared Smith

Stat us: ACENT_I DLE
Loggedl nChan: 201@ab
Loggedl nTi ne: 1173237646
Tal ki ngTo: n/a

Actionl D: nylistofagents

Event: Agents

Agent: 1002

Nanme: Leif Madsen

St at us: ACGENT_LOGGEDOFF
Loggedl nChan: n/a
Loggedl nTi ne: 0O
Tal ki ngTo: n/a

Actionl D: nylistofagents

Event: Agents

Agent: 1003

Nane: Ji m VanMeggel en

St at us: ACGENT_LOGGEDOFF
Loggedl nChan: n/a
Loggedl nTi ne: 0O
Tal ki ngTo: n/a

Actionl D: nylistofagents

Event : Agent sConpl et e
Actionl D: nylistofagents

ChangeMonitor

ChangeM onitor — Changes monitoring filename of a channel

The ChangeMoni t or action may be used to change the file started by a previous Moni t or action. The following
parameters may be used to control this.

Parameters

Channel [required] Used to specify the channel to record.

File [required] The new filename in which the monitored channel will be recorded.
Acti onl D [optional] An identifier that can be used to identify the response to this action.
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Privilege
call,all

Example

Acti on: ChangeMoni t or

Channel : SIP/1inksys-084c63cO
File: newtest-recording
Actionl D: 555544443333

Response: Success
Actionl D: 555544443333
Message: Changed monitor fil enane

Command

Command — Executes an Asterisk CLI command

Runs an Asterisk CLI command asif it had been run from the CLI.

Parameters

Comand [required] Asterisk CLI command to run.

Acti onl D [optional] An action identifier that can be used to identify the response from
Asterisk.

Privilege

conmand, al |

Example

Action: Comand
Command: core show version
Actionl D: 0123456789abcdef

Response: Fol | ows

Privil ege: Conmand

Actionl D: 0123456789abcdef

Asteri sk SVN-branch-1.4-r55869 built by jsmth @hockey on a ppc runni ng Li nux
on 2007-02-21 16:55:26 UTC

- - END COMVAND- -
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DBGet

DBGet — Gets AstDB entry

This action retrieves a value from the AstDB database.

Parameters

Fam |y [required] The AstDB key family from which to retrieve the value
Key [required] The name of the AstDB key.

Acti onl D [optional] An identifier that can be used to identify the response to this action.
Privilege
systemal |

Example

Acti on: DBCet
Fam ly: testfanily

Key: mnykey
Actionl D: 01234-ast db-43210

Response: Success

Message: Result will follow
Actionl D: 01234-astdb-43210
Event: DBGCet Response

Fam ly: testfanily

Key: mnykey
Val : 42
Actionl D: 01234-ast db-43210

DBPut

DBPut — Puts DB entry

Setsakey valuein the AstDB database.

Parameters

Fam |y [required ] The AstDB key family in which to set the value.
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Key [required] The name of the AstDB key.

Val [required ] The value to assign to the key.

Acti onl D [optional] An identifier that can be used to identify the response to this action.
Privilege

systemal |

Example

Acti on: DBPut

Fam ly: testfanily
Key: mnykey

Val: 42

Actionl D: testingl23

Response: Success
Message: Updat ed dat abase successfully
Actionl D: testingl23

Events

Events — Controls event flow

Enables or disables sending of events to this manager connection.

Parameters

Event Mask [required] Set to on if all events should be sent, of f if events should not be
sent, or syst em cal |, | og to select which type of events should be sent to
this manager connection.

Acti onl D [optional] Anidentifier which can be used to identify the responseto thisaction.

Privilege

none

Example

Action: Events
Event Mask: off
Actionl D: 2938416
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Response: Events O f
Actionl D: 2938416

Action: Events
Event Mask: | og, cal |
Actionl D: bl ahl1234

Response: Events On
Actionl D: bl ahl1234

ExtensionState

ExtensionState — Checks extension status

This command reports the extension state for the given extension. If the extension has a hint, thiswill report the status
of the device connected to the extension.

Parameters

Ext en [required] The name of the extension to check.

Cont ext [required] The name of the context that contains the extension.

Actionld [optional] An action identifier that can be used to identify this manager trans-
action.

Privilege

cal | ,all

Example

Acti on: ExtensionState
Ext en: 200

Context: |ab

Actionl D: 54321

Response: Success

Actionl D: 54321

Message: Extension Status
Exten: 200

Context: |lab

Hint: SIP/testphone
Status: O
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Notes
The following are the possible extension states:
- 2 Extension removed

-1 Extension hint not found

0 Idle
1 In use
2 Busy

GetConfig

GetConfig — Retrieves configuration

Retrieves the data from an Asterisk configuration file.

Parameters

Fi | enane [required]Name of the configuration file to retrieve.

Acti onl D [optional] An identifier that can be used to identify the response to this action.
Privilege

config,all

Example

Action: GetConfig
Fi | enanme: musi conhol d. conf
Actionl D: 09235012

Response: Success

Actionl D: 09235012

Cat egor y- 000000: def aul t

Li ne- 000000- 000000: node=files

Li ne- 000000- 000001: directory=/var/lib/asterisk/nmoh
Li ne- 000000- 000002: randonryes

GetVar

GetVar — Retrieves the value of avariable

Getsthe value of alocal channel variable or global variable
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Parameters

Channel
Vari abl e

Actionl D
Privilege
call,all

Example

Action: GCetVar

[optional] The name of the channel from which to retrieve the variable value.
[required] Variable name.

[optional] An identifier that can be used to identify the response to this action.

Channel : SIP/1inksys2-1020e2b0

Vari abl e: SI PUSERAGENT

Actionl D: abcdl1234

Response: Success

Vari abl e: SI PUSERAGENT

Val ue: Linksys/ SPA962-5.1.5

Actionl D: abcdl1234
Action: GCetVar
Vari abl e: TRUNKMSD

Response: Success

Vari abl e: TRUNKMSD
Val ue: 1

Hangup

Hangup — Hangs up channel

Hangs up the specified channel.

Parameters

Channel

Actionl D
Privilege
call,all

Example

[optional] The channel name to be hung up

[optional] An identifier that can be used to identify the response to this action
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Acti on: Hangup

Channel : SI P/ | abrat-8d3a
Response: Success
Message: Channel Hungup
Event: Hangup

Privilege: call,all
Channel : SI P/ | abr at-8d3a
Uni quei d: 1173448206. 0

Cause: O
Cause-t xt: Unknown

IAXNetstats

IAXNetstats — Shows |AX statistics

Shows a summary of network statistics for the IAX2 channel driver.
Privilege
none

Example

Action: | AXNetstats

| AX2/ 216. 207. 245. 8:4569-1 608 -1 0 -1 -1 0 -1 1 288 508 10 1 3 0 O

IAXPeers

IAXPeers— ListsIAX peers

Listsall IAX2 peers and their current status.
Privilege
none

Example

Action: | AXPeers

Nane/ User name Host Mask

Port

St at us
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jared/jared 192.168.0. 71 (S) 255.255.255.255 4569 UNREACHABLE
jaredsm th 192. 168. 0. 72 (S) 255.255.255.255 4569 XK (43 ns)
arrivaltel /8017 172.20.95.2 (S) 255.255.255.255 4569 Unnoni t or ed
sokol /jsmth 172.17.122. 217 (S) 255.255.255.255 4569 K (48 ns)
deno/ ast eri sk 216.207.245.47 (S) 255.255.255.255 4569 Unnoni t or ed

5 iax2 peers [2 online, 1 offline, 2 unnonitored]

ListCommands

ListCommands — Lists the manager commands

Lists the action name and synopsis for every Asterisk Manager Interface action.
Privilege
none

Example

Action: ListCommands

Response: Success

Absol ut eTi meout: Set Absolute Tineout (Priv: call,all)

Agent Cal | backLogi n: Sets an agent as |ogged in by callback (Priv: agent,all)
Agent Logoff: Sets an agent as no |longer logged in (Priv: agent,all)

ZapTransfer: Transfer Zap Channel (Priv: <none>)

Logoff

Logoff — Logs off manager session

Logs off this manager session.
Privilege
none

Example

Action: Logoff
Response: Goodbye
Message: Thanks for all the fish.
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MailboxCount

MailboxCount — Checks mailbox message count

Retrieves the number of messages for the specified voice mailbox.
Privilege
cal | ,all

Example

Action: Mil boxCount

Mai | box: 100@ ab

Actionl D. 54321abcde

Response: Success

Actionl D. 54321abcde

Message: Mail box Message Count
Mai | box: 100@ ab

NewMessages: 2

A dMessages: 0

MailboxStatus

MailboxStatus — Checks mailbox status

Checks the status for the specified voicemail box.

Parameters

Mai | box [required] The full mailbox 1D, including mailbox and context (box con-

text).

Acti onl D [optional] A uniqueidentifier that can be used to identify responsesto this man-

ager command.
Privilege
call,all

Example

Action: Mail boxStat us
Mai | box: 100@ ab
Actionl D: abcdef 0123456789
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Response: Success

Actionl D: abcdef 0123456789
Message: Mail box Status

Mai | box: 100@ ab

Waiting: 1

MeetmeMute

MeetmeMute — Mutes a MeetMe user

Mutes a particular user in a MeetMe conference bridge.

Parameters

Meet ne [required] The MeetMe conference bridge number.
User num [required] The user number in the specified bridge.

Acti onl D [optional] A unique identifier to help you identify responses to this command.
Privilege
cal | ,all

Example

Acti on: Meet neMut e
Meet ne: 104

Usernum 1

Actionl D. 5432154321

Response: Success
Actionl D: 5432154321
Message: User muted

Event: Meet neMut e

Privilege: call,all

Channel : SIP/1inksys2-10211dcO
Uni quei d: 1174008176. 3

Meet ne: 104

Usernum 1

Status: on

Notes

To find the User numnumber for aparticular caler, watch the Asterisk Manager Interface when anew member joins
a conference bridge. When it happens, you' |l see an event like this:
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Event: MeetneJoin

Privilege: call,all

Channel : SIP/1inksys2-10211dcO
Uni quei d: 1174008176. 3

Meet me: 104

Usernum 1

MeetMeUnmute

MeetMeUnmute — Unmutes a MeetMe user

Unmutes the specified user in aMeetMe conference bridge.

Parameters

Meet nme [required] The MeetMe conference bridge number.

User num [required] The user number in the specified bridge.

Acti onl D [optional] A unique identifier to help you identify responses to this command.

Privilege
cal | ,all

Example

Action: Meet neUnnut e

Meet ne: 104

Usernum 1

Acti onl D: abcdef ghi j kl mop

Response: Success
Acti onl D: abcdef ghi j kl mop
Message: User unnuted

Event: Meet neMut e

Privilege: call,all

Channel : SIP/linksys2-10211dcO
Uni quei d: 1174008176. 3

Meet me: 104

Usernum 1

Status: off

Monitor

Monitor — Monitors a channel
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Records the audio on a channel to the specified file.

Parameters

Channel [required] Specifes the channel to be recorded.

File [optional] The name of the file in which to record the channel. The path de-
faults to the Asterisk monitor spool directory, which is usually /var/spool/as-
terisk/monitor. If no filename is specified, the filename will be the name of the
channel, with slashes replaced with dashes.

For mat [optional] The audio format in which to record the channel. Defaults to wav .

M x [optional] A Boolean flag specifying whether or not Asterisk should mix the
inbound and outbound audio from the channel in to asinglefile.

ActionlD [optional] An identifier that can be used to identify the response to this action.

Privilege

call,all

Example

Action: Monitor

Channel : SIP/1inksys2-10216e38
Fi | ename: test-recording
Format: gsm

M x: true

Response: Success
Message: Started nonitoring channel

Originate

Originate — Originates call

Generates an outbound call from Asterisk, and connect the channel to a context/extension/priority combination or
diaplan application.

Parameters

Channel [required] Channel name to call. Once the called channel has answered, the
control of thecall will be passed to the specified Ext en/Cont ext /Pri ority
or Appl i cati on.

Ext en [optional] Extension to use (requires Cont ext and Pri ori ty).
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Cont ext [optional] Context to use (requires Ext en and Pri ori ty).

Priority [optional] Priority to use (requires Ext en and Cont ext ).

Application [optional] Application to use.

Dat a [optional] Data to pass as parameters to the application (requires Appl i ca-
tion).

Ti meout [optional] How long to wait for call to be answered (in ms).

CallerlD [optional] Caller ID to be set on the outgoing channel.

Vari abl e [optional] Channel variable to set. Multiple variable headers are allowed.

Account [optional] Account code.

Async [optional] Settot r ue for asynchronous origination. Asynchronous origination
alows you to originate one or more calls without waiting for an immediate
response.

Actionl D [optional] An identifier that can be used to identify the response to this action.

Privilege

call,all

Example

Action: Oiginate
Channel : SIP/1inksys2
Context: lab

Ext en: 201
Priority: 1
Cal l erl D:

Response: Success

Message: Originate successfully queued

Action: Oiginate

Appl i cation: Misi cOnHol d
Dat a: defaul t

Channel : SIP/1inksys2

Response: Success

Message: Origi nate successfully queued

Park

Park — Parks a channel
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Parks the specified channel in the parking lot.

Parameters

Channel [required] Channel nameto park.

Channel 2 [required] Channel to announce park info to (and return the call toif the parking
times out).

Ti meout [optional] Number of milliseconds to wait before callback.

Actionl D [optional] Anidentifier which can be used to identify the responseto thisaction.

Privilege

call,all

Example

Action: Park

Channel : SIP/1inksys-10228f b0
Channel 2: SI P/ 1linksys2-10231520
Ti neout : 45

Actionl D: parking-test-01
Response: Success

Actionl D: parking-test-01
Message: Park successful

Notes

The call parking lot is configured in features.conf in the Asterisk configuration directory.

ParkedCalls

ParkedCalls — Lists parked calls

Listsany callsthat are parked in the call parking lot.
Privilege
none

Example

Action: ParkedCalls
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Actionl D: 0982350175

Response: Success
Actionl D: 0982350175
Message: Parked calls will follow

Event: ParkedCal |

Exten: 701

Channel : SIP/1inksys2-101f 98a8
From SIP/Ilinksys2-101f98a8

Ti meout : 26

CallerID: |inksys2

Cal | er I DName: | i nksys2

Actionl D: 0982350175

Event : Par kedCal | sConpl et e
Actionl D: 0982350175

Notes

The call parking lot is configured in features.conf in the Asterisk configuration directory.

PauseMonitor

PauseM onitor — Pauses the recording of a channel

Pauses the monitoring (recording) of a channel if it is being monitored.

Parameters

Channel [required] The channel identifier of the channel that is currently being moni-

tored.

Actionl D [optional] An identifier that can be used to identify the response to this action.

Privilege
cal I ,all

Example

Action: PauselMonitor
Channel : SIP/1inksys2-10212040
Actionl D: 987987987987

Response: Success
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Actionl D: 987987987987
Message: Paused nonitoring of the channel

Ping
Ping — Keeps connection alive

Queries the Asterisk server to make sure it is still responding. Asterisk will respond with a Pong response. This
command can also be used to keep the manager connection from timing out.

Example

Action: Ping

Response: Pong

PlayDTMF

PlayDTMF — Plays DTMF on a channel

Playsa DTMF digit on the specified channel.

Parameters

Channel [required] The identifier for the channel on which to send the DTMF digit.
Digit [required] The DTMF digit to play on the channel.

ActionlD [optional] An identifier that can be used to identify the response to this action.
Privilege
call,all

Example

Action: Pl ayDTM-
Channel : Local / 201@ ab- 157a, 1
Digit: 9

Response: Success
Message: DTMF successful |y queued
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QueueAdd

QueueAdd — Adds a member to the specified queue

Adds a queue member to acall queue.

Parameters
Queue

I nterface

Menber Nanme

Penal ty

Paused

ActionlD

Privilege
agent,al |

Example

Action: QueueAdd

Queue: myqueue
Interface: SIP/testphone
Menber Nane: Jared Smith
Penalty: 2

Paused: no

Actionl D: 4242424242

Response: Success
Actionl D: 4242424242

[required] The name of the queue.

[required] The name of the member to add to the queue. This will be a tech-
nology and resource, such as Sl P/ Jane or Local / 203@ ab/ n. Agents (as
defined in agents.conf) can also be added by using the Agent / 1234 syntax.

[optional] This is a human-readable alias for the interface, and will appear in
the queue statistics and queue logs.

[optional] A numerical penalty to apply to this queue member. Asterisk will
distribute calls to members with higher penalties only after attempting to dis-
tribute the call to all members with alower penalty.

[optional] Whether or not the member should be initially paused.

[optional] An action identifier that you can use to identify the response to this
manager transaction.

Message: Added interface to queue

Event: QueueMenber Added
Privil ege: agent, all
Queue: nmyqueue

Locati on: SIP/testphone
Menber Nanme: Jared Smith
Menber shi p: dynam c
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Penalty: 2

Cal | sTaken: 0

LastCall: O

Status: 1

Paused: O

QueuePause

QueuePause — Pauses or unpauses amember in acall queue

Pauses or unpauses a member in acall queue.

Parameters

I nterface

Paused

Queue

Actionl D

Privilege

agent,al |

Exampl

Action: Qu
I nterface:
Paused: tr

Queue: nyq

Response:

e

euePause

S| P/ t est phone
ue
ueue

sSuccess

[required] The name of the interface to pause or unpause.

[required] Whether or not the interface should be paused. Settot r ue to pause
the member, or f al se to unpause the member.

[optional] The name of the queue in which to pause or unpause this member.
If not specified, the member will be paused or unpaused in al the queuesit is
amember of.

[optional] An identifier that can be used to identify the response to this action.

Message: |Interface paused successfully

Event: Que
Privil ege:
Queue: nyq
Locati on:
Member Name
Paused: 1

Action: Qu
I nterface:

ueMenmber Paused
agent, al |

ueue

S| P/ t est phone

: Jared Smith

euePause
S| P/ t est phone

Paused: fal se

Response:

sSuccess
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Message: Interface unpaused successfully
Event: QueueMenber Paused

Privilege: agent,all

Queue: nyqueue
Location: SIP/testphone

Menber Nane: Jared Smth
Paused: O

QueueRemove

QueueRemove — Removes interface from queue

Removes interface from queue.

Parameters

Queue [required] Which queue to remove the member from.

Interface [required] The interface (member) to remove from the specified queue.

Acti onl D [optional] An identifier that can be used to identify the response to this action.

Privilege
agent,al |

Example

Action: QueueRenobve

Queue: nyqueue
Interface: SlIP/testphone

Response: Success
Message: Renpved interface from queue

Event: QueueMenber Removed

Privil ege: agent,all

Queue: nyqueue
Locati on: SIP/testphone

Mermber Nanme: Jared Snmith

QueueStatus

QueueStatus — Checks queue status

Checks the status of one or more queues.
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Parameters

Queue [optional] If specified, limits the response to the status of the specified queue.

Menber [optional] An action identifier that you can use to identify the response to this
manager transaction.

Actionl D [optional] An identifier that can be used to identify the response to this action.

Privilege

none

Example

Action: QueueSt at us
Queue: i nbound- queue
Actionl D: 11223344556677889900

Response: Success
Actionl D: 11223344556677889900
Message: Queue status will follow

Event: QueuePar ans
Queue: i nbound- queue
Max: O

Calls: 1

Hol dtime: 99
Conpl et ed: 540
Abandoned: 51

Servi ceLevel : 60
Servi cel evel Perf: 50.4
Weight: O

ActionlD: 11223344556677889900

Event: QueueMenber

Queue: i nbound- queue

Location: Local /4020@gents/n
Menber shi p: dynam c

Penalty: 2

Cal | sTaken: 25

Last Cal | : 1175563440

Status: 2

Paused: 0

Actionl D: 11223344556677889900

Event: QueueEntry

Queue: i nbound- queue
Position: 1

Channel : Zap/ 25-1

Cal lerI D. 8012317154

Cal | er | DNane: JOHN Q PUBLI C
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Wait: 377
Actionl D: 11223344556677889900

Event : QueueSt at usConpl et e
Actionl D: 11223344556677889900

Queues

Queues — Shows basic queue information

Shows the call queues along with the queue members, callers, and basic queue statistics.
Privilege
none

Example

Action: Queues

i nbound- queue has 0 calls (max unlimted) in 'rrmenory' strategy (81s hol dtinme),
WO, C 542, A:51, SL:50.4%within 60s
Menber s:
Local / 4020@gents/n with penalty 2 (dynam c) (Unknown) has taken
27 calls (last was 124 secs ago)
No Callers

Notes

This manager command gives the same output as the show queues command from the Asterisk command-line
interface. However, the output of this command is somewhat hard to parse programmatically. Y ou may want to use
the QueueSt at us command instead.

Redirect

Redirect — Redirects (transfers) a channel

Redirects a channel to anew context, extension, and priority in the dialplan.

Parameters

Channel [required] Channel to redirect.

Ext r aChannel [optional] Channel identifier of the second call leg to transfer.

Acti onl D [optional] An identifier that can be used to identify the response to this action.
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Ext en [required] Extension in the dialplan to transfer to.
Cont ext [required] Context to transfer to.

Priority [required] Priority to transfer to.
Privilege

call,all

Example

Action: Redirect

Channel : SIP/1inksys2-10201e90
Context: |ab

Ext en: 500

Priority: 1

Actionl D: 010123234545

Response: Success
Actionl D: 010123234545
Message: Redirect successful

SIPpeers

SlPpeers— Lists al SIP peers

Lists the currently configured SIP peers along with their status.

Parameters

Actionl D [optional] An action identifier that you can use to identify the response to this
manager transaction.

Privilege

systemal |

Example

Action: Sl PPeers
Acti onl D: 555444333222111

Response: Success
Actionl D: 555444333222111
Message: Peer status list will follow

232



Draft Asterisk Manager Interface Actions

Draft

Event: PeerEntry
Actionl D: 555444333222111
Channel type: SIP

oj ect Nane: | abr at
ChanObj ect Type: peer
| Paddress: 10.0.0. 75
| Pport: 5060
Dynam c: no

Nat support: no

Vi deoSupport: no
ACL: no

Status: OK (318 ms)
Real ti meDevi ce: no

Event: PeerEntry
Actionl D: 555444333222111
Channel type: SIP

hj ect Name: gui neapi g
ChanObj ect Type: peer

| Paddress: 172.18.227.72
| Pport: 5060

Dynam c: no

Nat support: no

Vi deoSupport: no

ACL: no

Status: Unnoni tored

Real t i meDevi ce: no

Event: PeerEntry
Actionl D: 555444333222111
Channel type: SIP

hj ect Nanme: anot her
ChanObj ect Type: peer

| Paddress: 172.18.227.73
| Pport: 5060

Dynam c: yes

Nat support: no

Vi deoSupport: no

ACL: no

Status: Unnoni tored

Real t i meDevi ce: no

Event: Peerli st Conpl ete
Listltens: 7
Actionl D: 555444333222111

SIPShowPeer

SIPShowPeer — Shows information about a SIP peer

Shows detailed information about a configured SIP peer.
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Parameters

Peer [required] The name of the SIP peer.

ActionlD [optional] An action identifier that you can use to identify the response to this
manager transaction.

Privilege

systemal

Example

Action: S| PShowPeer
Peer: |inksys2
Actionl D: 9988776655

Response: Success
Actionl D: 9988776655
Channel type: SIP

nj ect Nanme: |inksys2
ChanObj ect Type: peer
SecretExist: Y
VD5Secr et Exi st: N
Context: |ab
Language:

AMAf | ags: Unknown
CID-CallingPres: Presentation Allowed, Not Screened
Cal | gr oup:

Pi ckupgr oup:

Voi ceMai | box:

Tr ansf er Mode: open
Last MsgsSent: -1

Call-limt: O
MaxCal | BR: 384 kbps
Dynamc: Y

Cal l erid: "Linksys #2" <555>
RegExpire: 2516 seconds
Sl P- Aut hl nsecure: no

SI P- Nat Support: RFC3581
ACL: N

SIP-CanReinvite: Y

SI P-Prom scRedir: N

S| P- User Phone: N

SI P- Vi deoSupport: N

S| P- DTMFnode: rfc2833

SI PLast Msg: O

ToHost :

Address-1P: 192.168.5.71
Addr ess-Port: 5061
Default-addr-1P: 0.0.0.0
Def aul t - addr - port: 5056
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Def aul t - User name: | i nksys2

RegExt ensi on: 6100

Codecs: 0x4 (ul aw)

CodecOrder: ul aw

Stat us: Unnoni tored

SI P- User agent : Li nksys/ SPA962-5.1.5

Reg- Contact : sip:linksys2@92. 168.5. 71: 5061

SetCDRUserField

SetCDRUserField — Sets the CDR UserField

Sets the UserField setting for the CDR record on the specified channel.

Parameters

Channel [required] The channel on which to set the CDR UserField.

User Fi el d [required] The value to assign to the UserField in the CDR record.

Acti onl D [optional] An identifier that can be used to identify the response to this action.
Privilege

call,all

Example

Action: Set CDRUser Fi el d
Channel : Sl P/test-10225140
User Fi el d: abcdefg

Response: Success
Message: CDR Userfield Set

SetVar

SetVar — Sets channel variable

Setsaglobal or channel variable.

Parameters

Channel [optional] Channel on which to set the variable. If not set, the variable will be
set asaglobal variable.
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Vari abl e [required] Variable name.

Val ue [required] Value.

Acti onl D [optional] An identifier that can be used to identify the response to this action.
Privilege

call,all

Example

Action: Set Var

Channel : SIP/1inksys2-10225140
Vari abl e MyOmChannel Vari abl e
Val ue: 42

Response: Success
Message: Vari abl e Set

Acti on: Set Var
Vari abl e MyOwmnd obal Vari abl e
Val ue: 25

Response: Success
Message: Vari abl e Set

Status

Status — Lists channel status

Lists the status of one or more channels, showing details about their current state.

Parameters

Channel [optional] Limits the status output to the specified channel.

Acti onl D [optional] An action identifier that you can use to identify the response to this
manager transaction.

Privilege

call,all

Example
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Action: Status
Channel : Sl P/test-10225140
ActionlD: 101010101010101

Response: Success
Actionl D: 101010101010101
Message: Channel status will follow

Event: St atus

Privilege: Call

Channel : SIP/test-10225140
Cal lerl D. "Bob Jones" <501>
Cal I erl DNum 501

Cal | er| DNane: "Bob Jones"
Account :

State: Up

Context: |ab

Ext ensi on: 201

Priority: 1

Seconds: 865

Li nk: Local /200@ ab-4d13, 1
Uni quei d: 1177550165. 0
ActionlD: 101010101010101
Event : St at usConpl ete
ActionlD: 101010101010101

StopMonitor

StopMonitor — Stops the recording of a channel

Stops a previously started monitoring (recording) on a channel.

Parameters

Channel [required] The name of the channel to stop monitoring.

Acti onl D [optional] A unique identifier to help you identify responses to this command.

Privilege
call,all

Example

Acti on: St opMbnitor
Channel : SIP/linksys2-10216e38

Response: Success
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Message: Stopped nonitoring channel

UnpauseMonitor

UnpauseM onitor — Unpauses monitoring

Unpauses the monitoring (recording) of the specified channel.

Parameters

Channel [required] The name of the channel on which to unpause the monitoring.
Actionl D [optional] A unique identifier to help you identify responses to this command.
Privilege

cal | ,all

Example

Acti on: UnpauseMoni t or

Channel : SIP/linksys2-10212040
Actionl D. 282828282828282
Response: Success

Actionl D. 282828282828282
Message: Unpaused nonitoring of the channel

UpdateConfig

UpdateConfig — Updates a config file

Dynamically updates an Asterisk configuration file.

Parameters

SrcFi | enane [required] The filename of the configuration file from which to read the current
information.

Dst Fi | enane [required] The filename of the configuration file to be written.

Rel oad [optional] Specifies whether or not a reload should take place after the config-
uration update, or the name of a specific module that should be rel oaded.

Act i on- XXXXXX [required] An action to take. Can be one of NewCat , RenaneCat , Del Cat ,

Updat e, Del et e, or Append.
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Cat - XXXXXX [required] The name of the category to operate on.
Var - XXXXXX [optional] The name of the variable to operate on.

Val ue- XXXXXX
Mat ch- XXXXXX

Actionl D
Privilege
config,all

Example

Acti on: Updat eConfig
SrcFi | enane: si p. conf
Dst Fi | enanme: test. conf
Act i on- 000000: updat e
Cat - 000000: |i nksys
Var - 000000: rmmai | box
Val ue- 000000: 101@ ab

Response: Success

Notes

[optional] The value of the variable to operate on.
[optional] If set, an extra parameter that must be matched on the line.

[optional] An identifier that can be used to identify the response to this action.

Note that the first set of parameters should be numbered 000000, the second 000001, and so on. This allows you
to update many different configuration values at the same time. It should also be noted that the Asterisk GUI usesthis
its primary mechanism for updating the configuration of Asterisk.

UserkEvent

UserEvent — Sends an arbitrary event

Sends an arbitrary event to the Asterisk Manager Interface.

Parameters

User Event
Header
ActionlD
Privilege

user,al |

[required] The name of the arbitrary event to send.

[optional] The name and value of an arbitrary parameter to your event. Y ou may
add as many additional headers (along with their values) to your event.

[optional] Anidentifier which can be used to identify the responseto thisaction.
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Example

Action: UserEvent
Bl ah: one
Sonet hi ngEl se: two
Actionl D. 63346

Event: User Event
Privil ege: user,all
User Event :

Action: User Event
Bl ah: one

Sonet hi ngEl se: two
Actionl D:. 63346

WalitEvent

WaitEvent — Waits for an event to occur

After calingthisaction, Asterisk will sendyouaSuccess response as soon asanother event isqueued by the Asterisk
Manager Interface. Once Wi t Event has been called on an HTTP manager session, events will be generated and

queued.

Parameters

Ti neout

ActionlD
Privilege
none

Example
Action: Wit Event
Ti meout : 30
Action: Ping

Response: Success

[optional] Maximum time to wait for events.

Message: Waiting for Event...

Event: Wit Event Conpl et e

Response: Pong

[optional] An identifier that can be used to identify the response to this action.
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ZapDNDoff

ZapDNDoff — Sets a Zap channel’ s do not disturb status to off

Toggles the do not disturb state on the specified Zap channel to off.

Parameters

ZapChannel [required] The number of the Zap channel on which to turn off the do not disturb
status.

Acti onl D [optional] An identifier that can be used to identify the response to this action.

Privilege

none

Example

Act i on: ZapDNDof f

ZapChannel : 1

Actionl D: 01234567899876543210
Response: Success

Actionl D. 01234567899876543210
Message: DND Di sabl ed

ZapDNDon

ZapDNDon — Sets a Zap channel’ s do not disturb status to on

Toggles the do not disturb state on the specified Zap channel to on.

Parameters

ZapChannel [required] The number of the Zap channel on which to turn on the Do Not Dis-
turb status.

Acti onl D [optional] An identifier that can be used to identify the response to this action.

Privilege

none

Example
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Acti on: ZapDNDon

ZapChannel : 1

Actionl D: 98765432100123456789

Response: Success

Actionl D: 98765432100123456789

Message: DND Enabl ed

ZapDialOffhook

ZapDia Offhook — Dial's over Zap channel while off-hook

Dials the specified number on the Zap channel while the phone is off-hook.

Parameters

ZapChannel [required] The Zap channel on which to dial the number.

Nunber [required] The number to dial.

Acti onl D [optional] A unique identifier to help you identify responses to this command.
Privilege

none

Example

Action: ZapDi al O f hook
ZapChannel : 1

Nurmber: 543215432154321
Actionl D: 5676
Response: Success

Actionl D: 5676
Message: ZapDi al O f hook

ZapHangup

ZapHangup — Hangs up Zap channel

Hangs up the specified Zap channdl.

Parameters

ZapChannel [required] The Zap channel to hang up.
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Actionl D [optional] A unique identifier to help you identify responses to this command.
Privilege
none

Example

Acti on: ZapHangup
ZapChannel : 1-1
Actionl D: 98237892

Response: Success
Actionl D: 98237892
Message: ZapHangup

ZapRestart

ZapRestart — Fully restarts Zaptel channels

Completly restarts the Zaptel channels, terminating any callsin progress.
Privilege
none

Example

Action: ZapRestart

Response: Success
Message: ZapRestart: Success

ZapShowChannels

ZapShowChannels — Shows status Zapata channels

Shows the status of all the Zap channels.

Parameters

Acti onl D [optional] An action identifier that can be used to identify the response from
Asterisk.
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Privilege

none

Example

Action: ZapShowChannel s
Actionl D: 9999999999

Response: Success
Actionl D: 9999999999
Message: Zapata channel status will follow

Event: ZapShowChannel s
Channel : 1

Signal ling: FXO Kew start
Cont ext: incomn ng

DND: Di sabl ed

Alarm No Al arm

Actionl D: 9999999999

Event: ZapShowChannel s
Channel : 4

Signal ling: FXS Kew start
Cont ext: incomn ng

DND: Di sabl ed

Alarm No Al arm

Actionl D: 9999999999

Event : ZapShowChannel sConpl et e
Actionl D: 9999999999

ZapTransfer

ZapTransfer — Transfers Zap channel

Transfers a Zap channel.
Privilege
none

Example

Action: ZapTransfer
ZapChannel : 1
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Actionl D: 4242

Response: Success
Message: ZapTr ansfer
Actionl D: 4242

245



	Asterisk Business Edition
	Table of Contents
	Copyright
	Part I. Getting Started
	Chapter 1. Foreword
	Chapter 2. Introduction
	Chapter 3. Installing Asterisk Business Edition
	Mounting the CDROM
	Installing Dependencies
	Installing Asterisk Business Edition from CD
	Registering Asterisk Business Edition
	Enabling the Asterisk GUI
	Starting Asterisk Business Edition
	Installing Asterisk Business Edition from RPM
	Installing with yum
	Install with rpm

	Installing additional packages
	Speex
	OggVorbis Support
	mISDN Support
	Cepstral Support
	Open Settlement Protocol (OSP) Support

	Uninstalling Asterisk Business Edition
	Summary


	Part II. GUI Configuration and Operation
	Chapter 4. The AsteriskGUI™
	AsteriskGUI Setup
	Enable the Server
	Enable the AMI
	Restart Asterisk

	Using the AsteriskGUI
	GUI Log On
	GUI Overview


	Chapter 5. AsteriskGUI™ Section Descriptions
	User Extensions
	Conferencing
	Voicemail
	Call Queues
	Adding Service Providers
	Analog Providers
	VoIP Providers
	Custom VoIP
	Codecs
	Advanced


	Configure Hardware
	Digital Hardware
	Analog Hardware

	mISDN Config
	BRI Cards
	mISDN Service Providers

	Calling Rules
	Incoming Calls
	Voice Menus
	Voice Menu Options
	Creating a Voice Menu
	Record A Menu

	Time Based Rules
	Call Parking
	Parking A Call

	Ring Groups
	Creating A Ring Group

	Asterisk Management Options
	Advanced Options


	Part III. Reference
	Appendix A. Application Reference
	AddQueueMember()
	ADSIProg()
	AgentCallbackLogin()
	AgentLogin()
	AgentMonitorOutgoing()
	AGI()
	AMD()
	Answer()
	AppendCDRUserField()
	Authenticate()
	Background()
	BackgroundDetect()
	Busy()
	ChangeMonitor()
	ChanIsAvail()
	ChannelRedirect()
	ChanSpy()
	Congestion()
	ContinueWhile()
	ControlPlayback()
	DateTime()
	DBdel()
	DBdeltree()
	DeadAGI()
	Dial()
	Dictate()
	Directory()
	DISA()
	DumpChan()
	EAGI()
	Echo()
	EndWhile()
	Exec()
	ExecIf()
	ExitWhile()
	ExtenSpy()
	ExternalIVR()
	Flash()
	FollowMe()
	ForkCDR()
	GetCPEID()
	Gosub()
	GosubIf()
	Goto()
	GotoIf()
	GotoIfTime()
	Hangup()
	HasNewVoicemail()
	HasVoicemail()
	IAX2Provision()
	ImportVar()
	Log()
	LookupBlacklist()
	LookupCIDName()
	Macro()
	MacroExclusive()
	MacroExit()
	MacroIf()
	MailboxExists()
	MeetMe()
	MeetMeAdmin()
	MeetMeCount()
	Milliwatt()
	MixMonitor()
	Monitor()
	MorseCode()
	MP3Player()
	MusicOnHold()
	NBScat()
	NoCDR()
	NoOp()
	Page()
	Park()
	ParkAndAnnounce()
	ParkedCall()
	PauseMonitor()
	PauseQueueMember()
	Pickup()
	Playback()
	Playtones()
	PrivacyManager()
	Progress()
	Queue()
	QueueLog()
	Random()
	Read()
	ReadFile()
	RealTime
	RealTimeUpdate()
	Record()
	RemoveQueueMember()
	ResetCDR()
	RetryDial()
	Return()
	Ringing()
	SayAlpha()
	SayDigits()
	SayNumber()
	SayPhonetic()
	SayUnixTime()
	SendDTMF()
	SendImage()
	SendText()
	SendURL()
	Set()
	SetAMAFlags()
	SetCallerID()
	SetCallerPres()
	SetCDRUserField()
	SetGlobalVar()
	SetMusicOnHold()
	SetTransferCapability()
	SIPAddHeader()
	SIPDtmfMode()
	SLAStation()
	SLATrunk()
	SoftHangup()
	StackPop()
	StartMusicOnHold()
	StopMixMonitor()
	StopMonitor()
	StopPlaytones()
	StopMusicOnHold()
	System()
	Transfer()
	TryExec()
	TrySystem()
	UnpauseMonitor()
	UnpauseQueueMember()
	UserEvent()
	Verbose()
	VMAuthenticate()
	VoiceMail()
	VoiceMailMain()
	Wait()
	WaitExten()
	WaitForRing()
	WaitForSilence()
	WaitMusicOnHold()
	While()
	Zapateller()
	ZapBarge()
	ZapRAS()
	ZapScan()

	Appendix B. Asterisk Dialplan Functions
	AGENT
	ARRAY
	BASE64_DECODE
	BASE64_ENCODE
	BLACKLIST
	CALLERID
	CDR
	CHANNEL
	CHECK_MD5
	CHECKSIPDOMAIN
	CURL
	CUT
	DB
	DB_DELETE
	DB_EXISTS
	DUNDILOOKUP
	ENUMLOOKUP
	ENV
	EVAL
	EXISTS
	FIELDQTY
	FILTER
	GLOBAL
	GROUP
	GROUP_COUNT
	GROUP_LIST
	GROUP_MATCH_COUNT
	IAXPEER
	IF
	IFTIME
	ISNULL
	KEYPADHASH
	LANGUAGE
	LEN
	MATH
	MD5
	MUSICCLASS
	QUEUE_MEMBER_COUNT
	QUEUE_MEMBER_LIST
	QUEUE_WAITING_COUNT
	QUEUEAGENTCOUNT
	QUOTE
	RAND
	REALTIME
	REGEX
	SET
	SHA1
	SIP_HEADER
	SIPCHANINFO
	SIPPEER
	SORT
	SPEECH
	SPEECH_ENGINE
	SPEECH_GRAMMAR
	SPEECH_SCORE
	SPEECH_TEXT
	SPRINTF
	STAT
	STRFTIME
	STRPTIME
	TIMEOUT
	TXTCIDNAME
	URIDECODE
	URIENCODE
	VMCOUNT

	Appendix C. Command-line Reference
	bang
	abort halt
	add
	ael
	agent
	agi
	answer
	autoanswer
	cdr status
	clear profile
	console
	convert
	core
	database
	debug
	dialplan
	dial
	dnsmgr
	dont include
	dump agihtml
	dundi
	extensions reload
	features show
	file convert
	flash
	funcdevstate list
	group show channels
	help
	http show status
	iax2
	include context
	indication
	init keys
	keys
	load
	local
	logger
	manager
	meetme
	mgcp
	mixmonitor
	module
	moh
	mute
	no debug channel
	odbc
	originate
	osp
	oss
	pri
	queue
	realtime
	reload
	remove
	restart
	rtcp
	rtp
	save
	say
	send
	set
	show
	sip
	skinny
	sla
	soft
	stop
	stun
	transcoder
	transfer
	udptl
	unload
	unmute
	voicemail
	zap

	Appendix D. AGI Reference
	ANSWER
	CHANNEL STATUS
	DATABASE DEL
	DATABASE DELTREE
	DATABASE GET
	DATABASE PUT
	EXEC
	GET DATA
	GET FULL VARIABLE
	GET OPTION
	GET VARIABLE
	HANGUP
	NoOp
	RECEIVE CHAR
	RECORD FILE
	SAY ALPHA
	SAY DATE
	SAY DATETIME
	SAY DIGITS
	SAY NUMBER
	SAY PHONETIC
	SAY TIME
	SEND IMAGE
	SEND TEXT
	SET AUTOHANGUP
	SET CALLERID
	SET CONTEXT
	SET EXTENSION
	SET MUSIC ON
	SET PRIORITY
	SET VARIABLE
	STREAM FILE
	TDD MODE
	VERBOSE
	WAIT FOR DIGIT

	Appendix E. Asterisk Manager Interface Actions
	AbsoluteTimeout
	AgentCallbackLogin
	AgentLogoff
	Agents
	ChangeMonitor
	Command
	DBGet
	DBPut
	Events
	ExtensionState
	GetConfig
	GetVar
	Hangup
	IAXNetstats
	IAXPeers
	ListCommands
	Logoff
	MailboxCount
	MailboxStatus
	MeetmeMute
	MeetMeUnmute
	Monitor
	Originate
	Park
	ParkedCalls
	PauseMonitor
	Ping
	PlayDTMF
	QueueAdd
	QueuePause
	QueueRemove
	QueueStatus
	Queues
	Redirect
	SIPpeers
	SIPShowPeer
	SetCDRUserField
	SetVar
	Status
	StopMonitor
	UnpauseMonitor
	UpdateConfig
	UserEvent
	WaitEvent
	ZapDNDoff
	ZapDNDon
	ZapDialOffhook
	ZapHangup
	ZapRestart
	ZapShowChannels
	ZapTransfer



