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New in 13

Overview

Asterisk 13 is the next Long Term Support (LTS) release of Asterisk. As such, the focus of development for this release of
Asterisk was on improving the usability and features developed in the previous Standard release, Asterisk 12. Beyond a
general refinement of end user features, development focussed heavily on the Asterisk APIs - the Asterisk Manager
Interface (AMI) and the Asterisk REST Interface (ARI) - and the PJSIP stack in Asterisk. Some highlights of the new
features include:

® Asterisk security events are now provided via AMI, allowing end users to monitor their Asterisk system in
real time for security related issues.

® External control of Message Waiting Indicators (MWI) through both AMI and ARI.

® Reception/transmission of out of call text messages using any supported channel driver/protocol stack

through ARI.
® Resource List Server support in the PJSIP stack, providing subscriptions to lists of resources and batched

delivery of NOTI FY requests.
® Inter-Asterisk distributed device state and mailbox state using the PJSIP stack.

And much more!

It is important to note that Asterisk 13 is built on the architecture developed during the previous Standard release, Asterisk
12. Users upgrading to Asterisk 13 should read about the new features documented in New in 12, as well as the notes on up
grading to Asterisk 12. In particular, users upgrading to Asterisk 13 from a release prior to Asterisk 12 should read the
specifications on AMI, CDRs, and CEL, as these also apply to Asterisk 13:

® AMI v2 Specification
® Asterisk 12 CEL Specification
® Asterisk 12 CDR Specification

Finally, all users upgrading to Asterisk 13 should read the notes on upgrading to Asterisk 13.

Asterisk 12 was different

Some of the new features listed below were released in point releases of Asterisk 12. Per the Software
Configuration Management Policies laid out for Asterisk 12, new features were periodically merged and released
in that branch of Asterisk. This was done to help users of Asterisk migrating to the new platform develop features
in preparation for Asterisk 13.

While some of the features listed below were released under an Asterisk 12 release, they are all listed here as
"new in 13", for two reasons:

1. If you are upgrading from a previous LTS release (such as Asterisk 11), all of these features are

new.
2. If you are upgrading from some version of Asterisk 12, some of the previously released features
may be new (as they may not have been in your version of Asterisk 12).

Applications

AgentRequest
® The application will now return a new AGENT_STATUS value of NOT_CONNECTED if the agent fails to

connect with an incoming caller after being alerted to the presence of the incoming caller. The most likely
reason this would happen is the agent did not acknowledge the call in time.

ChanSpy

® ChanSpy now accepts a channel uniqueid or a fully specified channel name as the chanpr ef i x parameter
if the ' u' option is specified.

ConfBridge

® The ConfBridge dialplan application now sets a channel variable, CONFBRI GE_RESULT, upon exiting. This variable
can be used to determine how a channel exited the conference. Valid values upon exiting are:
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Value

FAI LED

HANGUP

Kl CKED

ENDVARKED

DTMF

Reason

The channel encountered an error and could not
enter the conference.

The channel exited the conference by hanging up.

The channel was kicked from the conference.

The channel left the conference as a result of the
last marked user leaving.

The channel pressed a DTMF sequence to exit the
conference.

® Added conference user option ' announce_j oi n_| eave_r evi ew . This option implies ' announce_j oi
n_| eave' with the added effect that the user will be asked if they want to confirm or re-record the recording

of their name when entering the conference.

DAHDIBarge

®* The module app_dahdi bar ge was deprecated and has been removed. Users of DAHDIBarge should use

ChanSpy instead.

Directory

® At exit, the Directory application now sets a channel variable DI RECTORY_RESULT to one of the following based on

the reason for exiting:

Value

OPERATOR

ASSI STANT

TI MEQUT

HANGUP

SELECTED

USEREXI T

FAI LED

Reason

user requested operator by pressing '0' for operator

user requested assistant by pressing *' for
assistant

user pressed nothing and Directory stopped waiting

user's channel hung up

user selected a user from the directory and is
routed
user pressed '# from the selection prompt to exit

directory failed in a way that wasn't accounted for.
Dang.
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MusicOnHold

® MusicOnHold streams (all modes other than "files") now support wide band audio.

MixMonitor
® A new option, B(), has been added that will turn on a periodic beep while the call is being recorded.

®* New options to play a beep when starting a recording and stopping a recording have been added. The option ' p' will play a beep to the
channel that starts the recording. The option ' P' will play a beep to the channel that stops the recording.

Monitor

® A new option, B() , has been added that will turn on a periodic beep while the call is being recorded.

Page

® Added options ' b' and' B' to apply pre-dial handlers for outgoing calls and for the channel executing Page respectively.

PickupChan

® PickupChan now accepts channel uniqueids of channels to pickup.

ReadFile

® The module app_r eadf i | e was deprecated and has been removed. Users of ReadFile should use f unc_env's FILE function instead.

Record

® The Record application now has an option ' o' which allows 0 to act as an exit key. This will set the the RECORD_STATUS variable to ' OP
ERATOR' instead of ' DTMF' .

Say

® |f the channel variable SAY_DTMF_| NTERRUPT is present on a channel and setto ' t r ue' (case insensitive), then any Say application (S
ayNumber, SayDigits, SayAlpha, SayAlphaCase, SayUnixTime, and SayCounted) will anticipate DTMF. If DTMF is received, these
applications will behave like the background application and jump to the received extension once a match is established or after a short
period of inactivity.

®* The Say family of dialplan applications now support the Japanese language. The | anguage parameter in say. conf now recognizes a
setting of j a, which will enable Japanese language specific mechanisms for playing back numbers, dates, and other items.

SayCountPL

®* The module app_saycount pl was deprecated and has been removed. Users of app_saycount pl should use the Say family of
applications.

SetMusicOnHold

®* The SetMusicOnHold dialplan application was deprecated and has been removed. Users of the application should use the CHANNEL func
tion's nusi ccl ass setting instead.

VoiceMalil

® VoiceMail and VoiceMailMain now support the Japanese language. The | anguage parameter in voi cemai | . conf now recognizes a
setting of j a, which will enable prompts to be played back using a Japanese grammatical structure. Additional prompts are necessary for
this functionality, including:

® jb-arimasu: there is
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jb-arimasen: there is not
jb-oshitekudasai: please press
jb-ni: article ni
jb-ga: article ga
jb-wa: article wa
® jb-wo: article wo
® VoiceMail mailboxes configured in voi cenai | . conf can now have multiple e-mail address specified for a single mailbox. Each e-mail
address is separated by the | character.

WaitMusicOnHold

® The WaitMusicOnHold dialplan application was deprecated and has been removed. Users of the application should use MusicOnHold wit
h a duration parameter instead.

Build System

® The location of the sample configuration files delivered with Asterisk have been moved from conf i gs to confi gs/ sanpl es. This
allows for other sample configuration sets to be defined in the future. The action of make sanpl es is exactly the same as previous
versions of Asterisk.

® The menusel ect tool has been pulled into the Asterisk repository. Generally, this change is transparent to those using tarballs of
Asterisk; to those working directly with the Asterisk repository, there is no accessing of the menusel ect or nxml external repositories.

®* The nenusel ect tool no longer uses a bundled nxm library. Instead, it now uses | i bxm 2. As a result, the | i bxm 2 development
library is now a required dependency for Asterisk.

Core

Account Codes

® Support for peer account was vastly improved in this version of Asterisk. Except for Queue, an account code is now consistently
propagated to outgoing channels before dialing. A channel's account code can change from its original non-empty value on channel
creation for the following specific reasons:
1. The dialplan sets it using CHANNEL (account code) .
2. An originate method specifies an account code value.
3. The calling channel propagates its peer account or account code to the outgoing channel's account code before dialing.
This change has two visible effects. One, Local channels now cross account code and peer account codes across the special bridge
between the ; 1 and ; 2 channels just like channels between normal bridges. Two, the CHANNEL ( peer account ) value can now be set
before Dial and FollowMe to set the account code on the outgoing channel(s).
® For Queue, an outgoing channel's non-empty account code will not change unless explicitly set by CHANNEL ( account code) . The
change has three visible effects:
1. As previously mentioned, Local channels now cross account code and peer account across the special bridge between the ;
1 and ; 2 channels just like channels between normal bridges.
2. The queue member will get an account code if it doesn't have one and one is available from the calling channel's peer accoun
t.
3. account code propagation includes Local channel members where the account codes are propagated early enough to be
available on the ; 2 channel.

AMI

® Added a new module that provides AMI control over MWI within Asterisk, r es_mwi _ext er nal _ami . Note that this module depends on
res_mai _ext er nal ; for more information on enabling this module, see r es_mai _ext er nal . This module provides the MWIGet/MWIU
pdate/MWIDelete actions, as well as the MWIGet/MWIGetComplete events.

Actions

® Added DialplanExtensionAdd and DialplanExtensionRemove AMI actions. These actions are analogous to the di al pl an add
ext ensi on and di al pl an renove ext ensi on CLI commands, respectively.

* Added AMI action LoggerRotate, which reloads and rotates logger in the same manner as the CLI command | ogger rot ate.

® Added AMI actions FAXSessions, FAXSession, and FAXStats, which replicate the functionality of the CLI commands f ax show
sessi ons, fax show session, andfax show st at s respectively.

* Added AMI actions PRIDebugSet, PRIDebugFileSet, and PRIDebugFileUnset, which enable manager control over PRI debugging levels
and file output.
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®* The AMI action PJSIPNotify may now send to a URI instead of only to a PJSIP endpoint as long as a default outbound endpoint is set.
This also applies to the equivalent CLI command (pj si p send noti fy).

®* The AMI action PJSIPShowEndpoint now includes ContactStatusDetail sections that give information on Asterisk's attempts to qualify the
endpoint.

® The MixMonitor action now has a Command header that can be used to indicate a post-process command to run once recording finishes.

® Added AMI actions DeviceStateList, PresenceStateList, and ExtensionStateList. Each of these can be used to list the current device
states, presence states, and extension states respectively. The DeviceStateList and PresenceStateList actions are provided by the res__
manager _devi ce_state. so and r es_nanager _pr esence_st at e. so modules, respectively.

® COriginate now takes optional parameters: Channelld and OtherChannelld, which can be used to set the channel uniqueid on creation.
The other id (specified by OtherChannelld) is only used when originating a Local channel, and is assigned to the second channel half of a
Local channel. If a Local channel is originated and OtherChannelld is not specified, Asterisk will default to appending a ; 2 to the
identifier provided by Channelld.

Events

* New DeviceStateChanged and PresenceStateChanged AMI events have been added. These events are emitted whenever a device state
or presence state change occurs. The events are controlled by r es_manager _devi ce_st at e. so and r es_nanager _presence_sta
t e. so. If the high frequency of these events is problematic for you, do not load these modules.

* New events have been added for the TALK_DETECT function. When the function is used on a channel, ChannelTalkingStart/ChannelTalk
ingStop events will be emitted to connected AMI clients indicating the start/stop of talking on the channel.

® The DialStatus field in the DialEnd event can now contain additional statuses that convey how the dial operation terminated. This
includes ABORT, CONTI NUE, and GOTO.

* AMI will now emit security events. A new class authorization has been added in manager.conf for the security events, security. The

new events are:

Event
FailedACL

InvalidAccountID

SessionLimit

MemoryLimit

LoadAverageLimit

RequestNotAllowed

AuthMethodNotAllowed

RequestBadFormat
SuccessfulAuth

UnexpectedAddress

ChallengeResponseFailed

InvalidPassword

ChallengeSent

InvalidTransport

Description
Raised when a request violates an ACL check.

Raised when a request fails an authentication check due to an invalid
account ID.

Raised when a request fails due to exceeding the number of allowed
concurrent sessions for a service.

Raised when a request fails due to an internal memory allocation failure.

@ This event is a bit optimistic. While you may receive this event
when Asterisk runs out of memory, it is highly likely that Asterisk
is... out of memory. Making events is sometimes out of the
guestion at that point.

Raised when a request fails because a configured load average limit
has been reached.
Raised when a request is not allowed by the service..

Raised when a request used an authentication method not allowed by
the service.

Raised when a request is received with bad formatting.
Raised when a request successfully authenticates.

Raised when a request has a different source address then what is
expected for a session already in progress with a service.

Raised when a request's attempt to authenticate has been challenged,
and the request failed the authentication challenge.

Raised when a request provides an invalid password during an
authentication attempt.

Raised when an Asterisk service send an authentication challenge to
a request.

Raised when a request attempts to use a transport not allowed by the
Asterisk service.

® Bridge related events now have two additional fields: BridgeName and BridgeCreator. BridgeName is a descriptive name for the bridge; B
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ridgeCreator is the name of the entity that created the bridge. This affects the following events: ConfbridgeStart, ConfbridgeEnd, Confbrid
geJoin, ConfbridgeLeave, ConfbridgeRecord, ConfbridgeStopRecord, ConfbridgeMute, ConfbridgeUnmute, ConfbridgeTalking, BlindTran
sfer, AttendedTransfer, BridgeCreate, BridgeDestroy, BridgeEnter, and BridgeLeave.

ARI

® Operations that create a resource can now provide the unique identifier as a parameter to the creation request. This includes:
® Channels:
® A channelld can now be provided when creating a channel, either in the request URI (POST
channel s/ ny- channel -i d) or as a query parameter. A Local channel will suffix the second channel id with ; 2 unless
the otherChannelld is provided as a query parameter.
® A snoop channel can be started with a snoopld, in the request URI (POST
channel s/ ny- channel -i d/ snoop/ ny- snoop-i d) or as a query parameter.
® Bridges: A bridgeld can now be provided when creating a bridge, either in the request URI (POST bri dges/ ny- bri dge-i d) or
as a query parameter.
® Playbacks: A playbackld can be provided when starting a playback, either in the request URI (POST
channel s/ ny-channel -i d/ pl ay/ ny- pl ayback-i d or POST bri dges/ ny-bri dge-id/ pl ay/ ny- pl ayback-i d) or as
a query parameter.
® Bridges: the bridge type used when creating a bridge is now a comma separated list of bridge properties. Valid options are: m xi ng, hol
di ng, dt nf _event s, and pr oxy_nedi a.
® The LiveRecording object in recording events now contains a target_uri field which contains the URI of what is being recorded.
® Stored recordings now support a new operation, copy. This will take an existing stored recording and copy it to a new location in the recor
dings directory.
¢ LiveRecording objects now have three additional fields that can be reported in a RecordingFinished ARI event:
® total_duration: the duration of the recording.
¢ talking_duration: optional. The duration of talking detected in the recording. This is only available if max_silence_seconds was
specified when the recording was started.
® silence_duration: optional. The duration of silence detected in the recording. This is only available if max_silence_seconds was
specified when the recording was started.
Note that all duration values are reported in seconds.
® Users of ARI can now send and receive out of call text messages. Messages can be sent using a sendMessage operation either directly
to a particular endpoint or to the endpoints resource directly. In the latter case, the destination is derived from the URI scheme. Text
messages are passed to ARI clients as TextMessageReceived events. ARI clients can choose to receive text messages by subscribing to
the particular endpoint technology or endpoints that they are interested in.
® The appl i cati ons resource now supports subscriptions to all endpoints of a particular channel technology. For example, subscribing to
an event Sour ce of endpoi nt : PJSI P will subscribe to all PJSI P endpoints.
®* New event models have been added for the TALK_DETECT function. When the function is used on a channel, ChannelTalkingStarted/Ch
annelTalkingFinished events will be emitted to connected WebSockets subscribed to the channel, indicating the start/stop of talking on
the channel.
® A new Playback URI t one has been added. Tones are specified either as an indication name, e.g., t one: busy , from indications.conf or
as a tone pattern, e.g., t one: 240/ 250, 0/ 250. Tones differ from normal playback URIs in that they must be stopped manually and will
continue to occupy a channel's ARI control queue until they are stopped. They also can not be rewound or fast-forwarded.
® User events can now be generated from ARI. Events can be signalled with arbitrary JSON variables, and include one or more of channe
I, bridge, or endpoi nt snapshots. An application must be specified which will receive the event message (other applications can
subscribe to it). If a channel is specified, the message will also be delivered to connected AMI clients. Dialplan generated user event
messages are still transmitted via the channel , and will only be received by a Stasis application they are attached to or if something is
subscribed to the channel .
®* The Bridge data model now contains the additional fields name and creator. The name field conveys a descriptive name for the
bridge; the creator field conveys the name of the entity that created the bridge. This affects all responses to HTTP requests that return a
Bridge data model as well as all event derived data models that contain a Bridge data model. The POST / bri dges operation may now
optionally specify a name to give to the bridge being created.
® Added a new ARI resource mailboxes which allows the creation and modification of mailboxes managed by external MWI. Modules r es__
mM _ext ernal andres_stasis_nai | box must be enabled to use this resource. For more information on external MWI control, see r
es_mm _external.
® Added new events for externally initiated transfers. The event BridgeBlindTransfer is now raised when a channel initiates a blind transfer
of a bridge in the ARI controlled application to the dialplan; the BridgeAttendedTransfer event is raised when a channel initiates
an attended transfer of a bridge in the ARI controlled application to the dialplan.
® Channel variables may now be specified as a body parameter to the POST / channel s operation. The vari abl es key in the JSON is
interpreted as a sequence of key/value pairs that will be added to the created channel as channel variables. Other parameters in the
JSON body are treated as query parameters of the same name.

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 19


https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+Channels+REST+API#Asterisk13ChannelsRESTAPI-originate
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+Channels+REST+API#Asterisk13ChannelsRESTAPI-originateWithId
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+Channels+REST+API#Asterisk13ChannelsRESTAPI-originateWithId
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+Channels+REST+API#Asterisk13ChannelsRESTAPI-snoopChannel
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+Channels+REST+API#Asterisk13ChannelsRESTAPI-snoopChannelWithId
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+Channels+REST+API#Asterisk13ChannelsRESTAPI-snoopChannelWithId
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+Bridges+REST+API#Asterisk13BridgesRESTAPI-create_or_update_with_id
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+Channels+REST+API#Asterisk13ChannelsRESTAPI-playWithId
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+Channels+REST+API#Asterisk13ChannelsRESTAPI-playWithId
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+Bridges+REST+API#Asterisk13BridgesRESTAPI-playWithId
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+REST+Data+Models#Asterisk13RESTDataModels-LiveRecording
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+Recordings+REST+API#Asterisk13RecordingsRESTAPI-copyStored
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+REST+Data+Models#Asterisk13RESTDataModels-LiveRecording
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+REST+Data+Models#Asterisk13RESTDataModels-RecordingFinished
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+Endpoints+REST+API#Asterisk13EndpointsRESTAPI-sendMessageToEndpoint
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+Endpoints+REST+API#Asterisk13EndpointsRESTAPI-sendMessage
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+REST+Data+Models#Asterisk13RESTDataModels-TextMessageReceived
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+Applications+REST+API#Asterisk13ApplicationsRESTAPI-subscribe
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+Applications+REST+API#Asterisk13ApplicationsRESTAPI-subscribe
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+REST+Data+Models#Asterisk13RESTDataModels-ChannelTalkingStarted
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+REST+Data+Models#Asterisk13RESTDataModels-ChannelTalkingFinished
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+REST+Data+Models#Asterisk13RESTDataModels-ChannelTalkingFinished
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+Events+REST+API#Asterisk13EventsRESTAPI-userEvent
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+REST+Data+Models#Asterisk13RESTDataModels-Bridge
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+REST+Data+Models#Asterisk13RESTDataModels-Bridge
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+REST+Data+Models#Asterisk13RESTDataModels-Bridge
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+Bridges+REST+API#Asterisk13BridgesRESTAPI-create
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+REST+Data+Models#Asterisk13RESTDataModels-BridgeBlindTransfer
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+REST+Data+Models#Asterisk13RESTDataModels-BridgeAttendedTransfer
https://wiki.asterisk.org/wiki/display/AST/Asterisk+13+Channels+REST+API#Asterisk13ChannelsRESTAPI-originate

CEL

® The bridge_technology extra field key has been added to BRI DGE_ENTER and BRI DGE_EXI T events.

CLI

® core show | ocks output now includes Thread/LWP ID, if the platform supports this feature.
®* New | ogger add channel and| ogger renpve channel CLIcommands have been added to allow creation and deletion of
dynamic logger channels without configuration changes. These dynamic logger channels will only exist until the next restart of asterisk.

Features

® Channel variables are now substituted in arguments passed to applications run by using dynamic features.

HTTP

® Asterisk's HTTP server now supports chunked Transfer-Encoding. This will be automatically handled by the HTTP server if a request is
received with a Transfer-Encoding type of chunked.

RealTime

® A new set of Alembic scripts has been added for CDR tables. This will create a cdr table with the default schema that Asterisk expects.
* Numerous updates have been made to the database schemas for several tables. See the Upgrading to Asterisk 13 notes for more
information.

TLS

® The TLS core in Asterisk now supports Perfect Forward Secrecy (PFS). Enabling PFS is attempted by default, and is dependent on the
configuration of the module using TLS.
® Ephemeral ECDH (ECDHE) is enabled by default. To disable it, do not specify a ECDHE cipher suite in sip.conf, for example:

t| sci pher =AES128- SHA: DES- CBC3- SHA
® Ephemeral DH (DHE) is disabled by default. To enable it, add DH parameters into the private key file, e.g., sip.conft | spri vat ekey.
For example, the default dh2048. pem- see http://www.opensource.apple.com/source/OpenSSL098/OpenSSL098-35.1/src/apps/dh204
8.pem?txt

® Because clients expect the server to prefer PFS, and because OpenSSL sorts its cipher suites by bit strength, see openssl ci phers
-v DEFAULT. Consider re-ordering your cipher suites in the respective configuration file. For example:

tl sci pher =AES128+k EECDH: AES128+k EDH: 3DES+kEDH: AES128- SHA: DES- CBC3- SHA: - ADH: - AE
CDH

will use PFS when offered by the client. Clients which do not offer PFS fall-back to AES-128 (or even 3DES, as recommended by RFC
3261).

CDR Backends

cdr_sqlite

® This module was deprecated and has been removed. Users of cdr _sql i t e should use cdr _sql i t e3_cust om

cdr_pgsaql

® Added the ability to support PostgreSQL appl i cat i on_nane on connections. This allows PostgreSQL to display the configured name
inthe pg_stat _acti vi ty view and CSV log entries. This setting is configurable for cdr _pgsql via the appnane configuration setting
in cdr_pgsql.conf.
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CEL Backends
cel_pgsql

® Added the ability to support PostgreSQL appl i cat i on_nane on connections. This allows PostgreSQL to display the configured name
inthe pg_stat _acti vity view and CSV log entries. This setting is configurable for cel _pgsql via the appnane configuration setting
in cel_pgsql.conf.

Channel Drivers

chan_dahdi

® SS7 support now requires | i bss7 v2.0 or later.

® Added SS7 support for connected line and redirecting.

® Most SS7 CLI commands have been reworked as well; additionally, new SS7 commands added. See the online CLI help for more
information.

® Several SS7 config option parameters have been added; see the description in chan_dahdi . conf . sanpl e.

chan_gtalk

® This module was deprecated and has been removed. Users of chan_gt al k should use chan_noti f .

chan_h323

® This module was deprecated and has been removed. Users of chan_h323 should use chan_ooh323.

chan_jingle

® This module was deprecated and has been removed. Users of chan_j i ngl e should use chan_noti f.

chan_sip

® The S| PPEER dialplan function no longer supports using a colon as a delimiter for parameters. The parameters for the function should
be delimited using a comma.
®* The SI PCHANI NFOdialplan function was deprecated and has been removed. Users of the function should use the CHANNEL function
instead.
® SIP peers can now specify t rust _i d_out bound which affects RPID/PAI fields for prohibited cal | i ngpr es information. Values are | e
gacy, no, and yes. By default, | egacy is used.
® trust_id_out bound=l egacy - behaviour remains the same as in previous versions of Asterisk. When dealing with prohibited
cal | i ngpr es and sendr pi d=pai / r pi d, RPID/PAI headers are appended to outbound SIP messages just as they are
with allowed cal | i ngpr es values, but data about the remote party's identity is anonymized. When sendr pi d=r pi d, only the
remote party's domain is anonymized.
® trust_id_out bound=no - when dealing with prohibited cal | i ngpr es, RPID/PAI headers are not sent.
® trust_i d_out bound=yes - RPID/PAI headers are applied with the full remote party information intact even for prohibited cal
I i ngpr es information. In the case of PAI, a Pri vacy: i d header will be appended for prohibited calling information to
communicate that the private information should not be relayed to untrusted parties.
® TEL URI support for inbound INVITE requests has been added. chan_si p will now handle TEL schemes in the Request and From URIs.
The phone-context in the Request URI will be stored in the SI PURI PHONECONTEXT channel variable on the inbound channel.

Functions

AST_SORCERY

® The AST_SORCERY function exposes sorcery-based configuration files like pjsip.conf to the dialplan.

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 21


http://downloads.asterisk.org/pub/telephony/libss7/libss7-2.0.0.tar.gz
https://wiki/display/AST/Asterisk+12+Function_SIPCHANINFO

AUDIOHOOK_INHERIT

® The AUDI OHOOK | NHERI T function has been deprecated. Audiohooks are now unconditionally inherited through masquerades. As a
side benefit, more than one audiohook of a given type may persist through a masquerade now.

CONFBRIDGE

®* The CONFBRIDGE dialplan function is now capable of creating/modifying dynamic conference user menus.
®* The CONFBRIDGE dialplan function is now capable of removing dynamic conference menus, bridge settings, and user settings that have
been applied by the CONFBRIDGE dialplan function.

JACK_HOOK

® The JACK_HOXX function now supports audio with a sample rate higher than 8kHz.

MIXMONITOR

® A new function, M XMONI TOR, has been added to allow access to individual instances of MixMonitor on a channel.

PERIODIC_HOOK

® A new function, PERIODIC_HOOK, has been added which allows for running a periodic dialplan hook on a channel. Any audio
generated by this hook will be injected into the call.

TALK_DETECT

® A new function, TALK_DETECT, has been added. When set on a channel, this function causes events indicating the starting/stopping of
talking on said channel to be emitted to both AMI and ARI clients.

Resources

res_config_pgsql

® Added the ability to support PostgreSQL appl i cat i on_namne on connections. This allows PostgreSQL to display the configured name
inthe pg_stat _acti vi ty view and CSV log entries. This setting is configurable for r es_confi g_pgsql viathe dbappnane configura
tion setting in res_pgsql.conf.

res_hep

* A new module, r es_hep, has been added that acts as a generic packet capture agent for the Homer Encapsulation Protocol (HEP)
version 3. It can be configured via hep. conf . Other modules use r es_hep to send message traffic to a HEP capture server.

res_hep_pjsip
®* A new module, res_hep_pj si p, has been added that will forward PJSIP message traffic to a HEP capture server. See r es_hep for
more information.
res_hep_rtcp

® A new module, res_hep_rtcp, has been added that will forward RTCP call statistics to a HEP capture server. See r es_hep for more
information.

res_mwi_external
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res_

res_

res_

res_

res_

res_

res_

A new module, res_ma _ext er nal , has been added to Asterisk. This module acts as a base framework that other modules can build
on top of to allow an external system to control MWI within Asterisk. For implementations that make use of r es_mni _ext er nal , see the
res_muai _external _am notes under the AMI changes and r es_ari _nai | boxes notes under the ARI changes. Note thatres_mai _
ext er nal conflicts with other modules that may produce MWI themselves, such as app_voi cemai | . res_nmwi _ext er nal and other
modules that depend on it cannot be built or loaded with app_voi cerai | present.

parking

Manager action Park now takes an additional argument AnnounceChannel which can be used to announce the parked call's location to
an arbitrary channel in a bridge. If Channel and TimeoutChannel are the two parties in a two-party bridge, TimeoutChannel is treated as
having parked Channel (in the same manner as the Park Call DTMF feature) and will receive announcements prior to being hung up.

pjsip
The endpoi nt configuration object now supports account code. Any channel created for an endpoint with this setting will have its acco
unt code set to the specified value.
transport and endpoi nt ToS options (t 0s, t os_audi o, and t os_vi deo) may now be set as the named set of ToS values (¢csO - ¢
s7,af 11 - af 43, ef ).
Added the following new CLI commands:

® pjsip show contacts - list all current PJSIP contacts.

® pjsip show contact - show specific information about a current PJSIP contact.

® pjsip show channel -show detailed information about a PJSIP channel.
Path support has been added with the support _pat h option inr egi st rati on and aor sections. This functionality is provided by a
new module, r es_pj si p_pat h. so.
A debug option has been added to the gl obal s section that will allow sip messages to be logged.
A set _var option has been added to endpoints that will automatically set the desired variable(s) on a channel created for that endpoint.
DNS functionality will now automatically be enabled if the system configured nameservers can be retrieved. If the system configured
nameservers can not be retrieved the functionality will resort to using basic system resolution. Functionality such as SRV records
and fail-over will not be available if the basic system resolution is in use.
Several new tables and columns have been added to the realtime schema for the r es_pj si p related modules. See the UPGRADE note
s for updating the database schema.

pjsip_multihomed

A new module, res_pj si p_nul ti honed handles situations where the system Asterisk is running out has multiple interfaces. res_pj s
i p_mul ti homed determines which interface should be used during message sending.

pjsip_outbound_publish

A new module, r es_pj si p_out bound_publ i sh provides the mechanisms for sending PUBLI SH requests for specific event packages
to another SIP User Agent. See Exchanging Device and Mailbox State Using PJSIP for examples on configuring this feature.

pjsip_outbound_registration

A new CLI command has been added: pj si p show regi strati ons, which lists all configured PJSIP registrations.

pjsip_pidf_digium_body_ supplement

A new module, res_pj si p_pi df _di gi um body_suppl enent provides NOTIFY request body formatting for presence support in
Digium phones.

pjsip_pubsub

Subscriptions can now be persisted via the subscri pti on_per si st ence objectin pj si p. conf. Note that it is up to the configuration
insorcery. conf to determine how the subscription is persisted.

The publish/subscribe core module has been updated to support RFC 4662 Resource Lists, allowing Asterisk to act as a Resource List
Server (RLS). Resource lists are configured in pj si p. conf under a new object type, r esour ce_| i st. Resource lists can contain
either nessage- sunmmar y or pr esence events, can be composed of specific resources that provide the event, or other resource lists.
Inbound publication support is provided by a new object, i nbound- publ i cat i on. This configures r es_pj si p_pubsub to accept PUBL
| SHrequests from a particular resource. Which events are accepted is constructed dynamically; see r es_pj si p_publ i sh_asteri sk f
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or more information and Exchanging Device and Mailbox State Using PJSIP for examples on configuring this feature.

res_pjsip_publish_asterisk
® Anew module, res_pj si p_publ i sh_asteri sk adds support for PUBLI SHrequests of Asterisk information to other Asterisk servers.
This module is intended only for Asterisk to Asterisk exchanges of information. Currently, this includes both mailbox state and device
state information. See Exchanging Device and Mailbox State Using PJSIP for examples on configuring this feature.

res_pjsip_send_to_voicemalil

®* Anew module, res_pj si p_send_t o_voi cenui | allows for REFER requests with particular headers to transfer a PJSIP channel
directly to a particular extension that has VoiceMail. This is intended to be used with Digium phones that support this feature.
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Upgrading to Asterisk 13

Overview

As Asterisk 13 is built on the architecture introduced in Asterisk 12, users upgrading to Asterisk 13 from an older version of
Asterisk should be aware of the architectural changes that were made in the previous Standard release. It is recommended
that you review:

® The upgrade notes on this page

®* The New in 13 information, which lists the major new features in Asterisk 13

® The notes on Upgrading to Asterisk 12 if you are upgrading from a version of Asterisk prior to Asterisk 12
The notes on what is New in 12 if if you are upgrading from a version of Asterisk prior to Asterisk 12.

General Asterisk Updates

® The asterisk command line - | option and the ast eri sk. conf i nternal _ti m ng option have been
removed. Internal timing is always enabled if any timing module is loaded.

® The per console verbose level feature as previously implemented in Asterisk 11 caused a large performance
penalty. The fix required some minor incompatibilities if the new r ast er i sk is used to connect to an earlier
version. If the new r ast er i sk connects to an older Asterisk version then the root console verbose level is
always affected by the core set verbose command of the remote console even though it may appear to
only affect the current console. If an older version of r ast eri sk connects to the new version of Asterisk
then the core set verbose command will have no effect.

® The asterisk compatibility options in ast eri sk. conf have been removed. These options enabled certain
backwards compatibility features for pbx_real ti me, res_agi , and app_set that made their behaviour
similar to Asterisk 1.4. Users who used these backwards compatibility settings should update their dialplans
touse', " instead of' | ' as a delimiter, and should use the Set dialplan application instead of the MSet dia
Iplan application.

Applications

ConfBridge

®* The sound_pl ace_i nt o_conf er ence sound used in ConfBridge is now deprecated and is no longer
functional. It has technically been broken since its inception and - to meet its documented use case - a
different method is used to achieve the same goal. The new method is to use sound_begi n to play a
sound to the conference when wai t mar ked users are moved into the conference.

SetMusicOnHold

® The SetMusicOnHold dialplan application was deprecated and has been removed. Users of the application
should use the CHANNEL function's musi ccl ass setting instead.

WaitMusicOnHold

® The WaitMusicOnHold dialplan application was deprecated and has been removed. Users of the application
should use MusicOnHold with a dur at i on parameter instead.
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Build System

® Sample config files have been moved from conf i gs/ to a sub-folder of that directory, sanpl es.

®* The menusel ect utility has been pulled into the Asterisk repository. As a result, the | i bxm 2 development library is now a required
dependency for Asterisk.

* A new Compiler Flag, REF_DEBUG, has been added. When enabled, reference counted objects will emit additional debug information to the ref s |
og file located in the standard Asterisk log file directory. This log file is useful in tracking down object leaks and other reference counting issues.
Prior to this version, this option was only available by modifying the source code directly. This change also includes a new script, r ef counter. p
y, inthe cont ri b folder that will process the r ef s log file. Note that this replaces the r ef count er utility that could be built from the uti | s direc
tory.

CDR Backends

cdr_sqlite

® The cdr_sql i t e module was deprecated and has been removed. Users of this module should use the cdr _sql i t e3_cust ommodule
instead.

Channel Drivers

chan_dahdi

® SS7 support now requires | i bss7 v2.0 or later.
® Added the i nband_on_set up_ack compatibility option to chan_dahdi . conf to deal with switches that don't send an inband progress
indication in the SETUP ACKNOW.EDGE message. Default is now no.
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chan_gtalk

® This module was deprecated and has been removed. Users of chan_gt al k should use chan_noti f .

chan_h323

® This module was deprecated and has been removed. Users of chan_h323 should use chan_ooh323.

chan_jingle

® This module was deprecated and has been removed. Users of chan_j i ngl e should use chan_noti f.

chan_pjsip

® Added af orce_avp option to chan_pj si p which will force the usage of RTP/ AVP, RTP/ AVPF, RTP/ SAVP, or RTP/ SAVPF as the
media transport type in SDP offers depending on settings, even when DTLS is used for media encryption. This option can be set to
improve interoperability with WebRTC clients that don't use the RFC defined transport for DTLS.

® Added anmedi a_use_recei ved_t ransport option to chan_pj si p which will cause the SDP answer to use the media transport as
received in the SDP offer.

chan_sip

Made set SI PREFERREDBYHDR as inheritable for better chan_pj si p interoperability.

The SI PPEER dialplan function no longer supports using a colon as a delimiter for parameters. The parameters for the function should be

delimited using a comma.

® The SI PCHANI NFOdialplan function was deprecated and has been removed. Users of the function should use the CHANNEL function
instead.

®* Added af or ce_avp option for chan_si p. When enabled this option will cause the media transport in the offer or answer SDP to be RT

P/ AVP, RTP/ AVPF, RTP/ SAVP, or RTP/ SAVPF even if a DTLS stream has been configured. This option can be set to improve

interoperability with WebRTC clients that don't use the RFC defined transport for DTLS.

The dt | sveri fy option in chan_si p now has additional values besides yes and no. If yes is specified both the certificate and

fingerprint will be verified. If no is specified then neither the certificate or fingerprint is verified. If cer ti f i cat e is specified then only the

certificate is verified. If f i nger pri nt is specified then only the fingerprint is verified.

® Adtl sfingerprint option has been added to chan_si p which allows the hash to be specified for the DTLS fingerprint placed in
SDP. Supported values are sha- 1 and sha- 256 with sha- 256 being the default.

® The progressi nband=never option is now more zealous in the persecution of progress messages coming from Asterisk. Channels

bridged with a SIP channel that has pr ogr essi nband=never set will not be able to forward their progress indications through to the

SIP device. chan_si p will now turn such progress indications into a 180 Ringing (if a 180 has not yet been transmitted) if pr ogr essi nb

and=never .

The codec preference order in an SDP during an offer is slightly different than previous releases. Prior to Asterisk 13, the preference

order of codecs used to be:

a. Our preferred codec
b. Our configured codecs
¢. Any non-audio joint codecs

1 Internal Implementation Details Ahead

“ One of the ways the new media format architecture in Asterisk 13 improves performance is by reference counting formats, such that they can be
reused in many places without additional allocation. To not require a large amount of locking, an instance of a format is immutable by
convention. This works well except for formats with attributes. Since a media format with an attribute is a different object than the same format
without an attribute, we have to carry over the formats with attributes from an inbound offer so that the correct attributes are offered in an
outgoing INVITE request. This requires some subtle tweaks to the preference order to ensure that the media format with attributes is offered to a
remote peer, as opposed to the same media format (but without attributes) that may be stored in the peer object.

Now, in Asterisk 13, the preference order of codecs is:

a. Our preferred codec
b. Any joint codecs offered by the inbound offer
c. All other codecs that are not the preferred codec and not a joint codec offered by the inbound offer

® chan_sip is now an extended support module.
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chan_unistim

® The uni sti m conf dat ef or mat has changed the meaning of options values to conform to the values used inside Unistim protocol.
® Added dt nf _dur at i on option with changing default operation to disable received DTMF playback on a Unistim phone.

Core

® The behaviour of account code has changed somewhat to support peer account . The main change is that Local channels now cross a
ccount code and peer account settings across the special bridge between the ; 1 and ; 2 channels just like channels between normal
bridges. See New in 13 for more information.

ARI

® The ARI version has been changed to 1.5.0. This is to reflect the backwards compatible changes listed in New in 13.

® A bug fix in bridge creation has caused a behavioural change in how subscriptions are created for bridges. A bridge created through ARI,
does not, by itself, have a subscription created for any particular Stasis application. When a channel in a Stasis application joins a bridge,
an implicit event subscription is created for that bridge as well. Previously, when a channel left such a bridge, the subscription was
leaked; this allowed for later bridge events to continue to be pushed to the subscribed applications. That leak has been fixed; as a result,
bridge events that were delivered after a channel left the bridge are no longer delivered. An application must subscribe to a bridge
through the applications resource if it wishes to receive all events related to a bridge.

AMI

®* The AMI version has been changed to 2.5.0. This is to reflect the backwards compatible changes listed in New in 13.
® MixMonitor AMI actions now require users to have authorization classes:
® MixMonitor - syst em
® MixMonitorMute - cal | or system
® StopMixMonitor - cal | or syst em
®* The undocumented manager . conf setting bl ock- socket s has been removed. It interferes with TCP/TLS inactivity timeouts.
® The response to the PresenceState AMI action has historically contained two Message keys. The first of these is used as an informative
message regarding the success/failure of the action; the second contains a Presence state specific message. Having two keys with the
same unigue name in an AMI message is cumbersome for some client; hence, the Presence specific Message has been deprecated.
The message will now contain a PresenceMessage key for the presence specific information; the Message key containing presence
information will be removed in the next major version of AMI.
® The manager . conf setting event fil t er now takes an "extended" regular expression instead of a "basic" one.

CDR

®* The endbef or ehext en setting now defaults to yes, instead of no. When set to no, this setting will cause a new CDR to be generated
when a channel enters into hangup logic (either the ' h' extension or a hangup handler subroutine). In general, this is not the preferred
default: this causes extra CDRs to be generated for a channel in many common dialplans.

CLI

® core show settings now lists the current console verbosity in addition to the root console verbosity.
® core set verbose has not been able to support the by module verbose logging levels since verbose logging levels were made per
console. That syntax is now removed and a silence option added in its place.

HTTP

® Added http. conf session_i nacti vity timer option to close HTTP connections that aren't doing anything.
® Added support for persistent HTTP connections. To enable persistent HTTP connections configure the keep alive time between HTTP
requests. The keep alive time between HTTP requests is configured in ht t p. conf with the sessi on_keep_al i ve parameter.

Logging
® The ver bose setting in logger.conf still takes an optional argument, specifying the verbosity level for each logging destination. However,

the default is now to once again follow the current root console level. As a result, using the AMI Command action with cor e set
ver bose could again set the root console verbose level and affect the verbose level logged.
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RealTime

Whoops

@ The database migration script that adds the ext ensi ons table had to be modified due to an error when installing for MySQL. The ext ensi ons
table's i d column was changed to be a primary key. This could potentially cause a migration problem. If so, it may be necessary to manually
alter the affected table/column to bring it back in line with the migration scripts.

® A number of Alembic scripts have been updated between Asterisk 12 and Asterisk 13. These include the following:
® Forthe confi g RealTime schemas:
® 1758e8bbf 6b_i ncrease_user agent _col unm_si ze. py - increase the size of the user agent column in si ppeer s from 2
0 characters to 255 characters.
1d50859ed02e_cr eat e_account code. py - add the account code column to the ps_endpoi nt s table.
21e526ad3040_add_pj si p_debug_opti on. py - add the debug column to the ps_gl obal s table.
28887f 25a46f _creat e_queue_t abl es. py - creates the various Queue related tables.
2f ¢7930b41b3_add_pj si p_endpoi nt _options_for_12_1. py - adds the ps_syst ens, ps_gl obal s, ps_transports,
and ps_r egi strati ons tables. Adds several new columns for ps_endpoi nt's, ps_cont act s, and ps_aors.
® 3855ee4e5f85_add_m ssing_pj si p_options. py - adds the mnessage_cont ext column for the ps_endpoi nt s table
and the user _agent column for the ps_cont act s table.
® 4c573e7135bd_fix_tos_fiel d_types. py - changes the type of the ps_endpoi nts. t os_audi o, ps_endpoi nts. tos_
vi deo, and ps_t ransports.tos columns.
® 5139253c0423_nmake_q_nenber _uni quei d_aut oi nc. py - modifies the uni quei d column on the queue_nenber s table
to be a unique auto-incrementing index, if the database supports it.
® 51f 8cb66540e_add_further_dtls_options. py - adds the f or ce_avp and medi a_use_r ecei ved_t ransport colum
ns to the ps_endpoi nt s table.
® c6d929b23a8_create_pj si p_subscri ption_persi stence_. py - adds the ps_subscri pti on_persi st ence table.
® e96a0b8071c_i ncrease_pj si p_col unm_si ze. py - increases the size of the columns ps_gl obal s. user _agent, ps_co
ntacts.id,ps_contacts.uri,ps_contacts.user_agent,ps_registrations.client_uri,andps_registratio
ns.server_uri.
® For the voi cemai | ODBC backend schemas:
® 39428242f7f5_increase_recording_column_size.py - changed the type of the voi cenai | _nmessages. r ecor di ng columnto L
ar geBi nary, with a max size of 4294967295.
® Added a new family of schemas for CDR backends, cdr .

Resources

res_http_websocket
® Added a compatibility option to ari . conf, si p. conf, and pj si p. conf -websocket _write_tineout.When awebsocket

connection exists where Asterisk writes a substantial amount of data to the connected client, and the connected client is slow to process
the received data, the socket may be disconnected. In such cases, it may be necessary to adjust this value. Default is 100 ms.

res_odbc

® The compatibility setting, al | ow_enpty_string_i n_nont ext, has been removed. Empty column values will be stored as empty
strings during RealTime updates.

res_jabber

® This module was deprecated and has been removed. Users of this module should use r es_xnpp instead.

Scripts

safe_asterisk

®* The saf e_ast eri sk script was previously not installed on top of an existing version. This caused bug-fixes in that script not to be
deployed. If your saf e_ast eri sk script is customized, be sure to keep your changes. Custom values for variables should be created in
* . sh file(s) inside ASTETCDI R/ st art up. d/ . For more information, see the original bug report that necessitated this change, ASTERIS
K-21965.

® Changed a log message in saf e_ast eri sk and the $NOTI FY mail subject. If you use tools to parse either of them, update your parse
functions accordingly. The changed strings are:
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® "Exited on signal $EXITSIGNAL" =>"Asterisk exited on signal $EXI TSI GNAL."
® "Asterisk Died" =>"Asterisk on $MACH NE di ed (sig $EXI TSI GNAL) "

Utilities
refcounter

® Theref count er program has been removed in favour of the r ef count er . py scriptin contri b/ scripts.
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Asterisk 13 Command Reference

This page is the top level page for the XML/JSON derived documentation in Asterisk 13:

Dialplan applications and functions
Manager actions and events

AGI commands

ARI HTTP requests and events
Asterisk module configurations

Note that all documentation contained in this section is auto-generated. Requested changes to the documentation in this section should be made as
patches to the Asterisk source through the Asterisk issue tracker.
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Asterisk 13 AGICommand_answer
ANSWER

Synopsis

Answer channel

Description

Answers channel if not already in answer state. Returns - 1 on channel failure, or 0 if successful.

Syntax

ANSVER

Arguments

See Also

® Asterisk 13 AGICommand_hangup

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 AGICommand_asyncagi break
ASYNCAGI BREAK

Synopsis

Interrupts Async AGI

Description

Interrupts expected flow of Async AGI commands and returns control to previous source (typically, the PBX dialplan).

Syntax

ASYNCAG BREAK

Arguments

See Also

® Asterisk 13 AGICommand_hangup

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 AGICommand_channel status

CHANNEL STATUS

Synopsis

Returns status of the connected channel.

Description
Returns the status of the specified channelname. If no channel name is given then returns the status of the current channel.
Return values:

® 0 - Channel is down and available.

® 1 - Channel is down, but reserved.

® 2 - Channel is off hook.

® 3 - Digits (or equivalent) have been dialed.
® 4 -Lineisringing.

® 5 - Remote end is ringing.

® 6 -Lineisup.

® 7 -Lineis busy.

Syntax

CHANNEL STATUS CHANNELNAMVE

Arguments

¢ channel nane

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 AGICommand_control stream file
CONTROL STREAM FILE

Synopsis

Sends audio file on channel and allows the listener to control the stream.

Description

Send the given file, allowing playback to be controlled by the given digits, if any. Use double quotes for the digits if you wish none to be permitted. If
offsetms is provided then the audio will seek to offsetms before play starts. Returns 0 if playback completes without a digit being pressed, or the ASCII
numerical value of the digit if one was pressed, or - 1 on error or if the channel was disconnected. Returns the position where playback was terminated as

endpos.
It sets the following channel variables upon completion:

® CPLAYBACKSTATUS - Contains the status of the attempt as a text string

® SUCCESS

® USERSTOPPED

® REMOTESTOPPED

* ERROR
® CPLAYBACKOFFSET - Contains the offset in ms into the file where playback was at when it stopped. - 1 is end of file.
® CPLAYBACKSTOPKEY - If the playback is stopped by the user this variable contains the key that was pressed.

Syntax

CONTROL STREAM FI LE FI LENAME ESCAPE_DI G TS SKI PM5 FFCHAR REWCHR PAUSECHR OFFSETMs

Arguments

® fil enane - The file extension must not be included in the filename.
® escape_digits

® skipns

® ffchar - Defaults to *

®* rewchr - Defaults to #

® pausechr

® of f set ns - Offset, in milliseconds, to start the audio playback

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 AGICommand_database del
DATABASE DEL

Synopsis

Removes database key/value

Description
Deletes an entry in the Asterisk database for a given family and key.

Returns 1 if successful, 0 otherwise.

Syntax

DATABASE DEL FAM LY KEY

Arguments

® famly
® key

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.



Asterisk 13 AGICommand_database deltree
DATABASE DELTREE

Synopsis

Removes database keytree/value

Description
Deletes a family or specific keytree within a family in the Asterisk database.

Returns 1 if successful, 0 otherwise.

Syntax

DATABASE DELTREE FAM LY KEYTREE

Arguments

® famly
® keytree

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 AGICommand_database get
DATABASE GET

Synopsis
Gets database value

Description

Retrieves an entry in the Asterisk database for a given family and key.

Returns 0 if key is not set. Returns 1 if key is set and returns the variable in parenthesis.

Example return code: 200 result=1 (testvariable)

Syntax

DATABASE GET FAM LY KEY

Arguments

® fanmily
® key

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 AGICommand_database put
DATABASE PUT

Synopsis

Adds/updates database value

Description
Adds or updates an entry in the Asterisk database for a given family, key, and value.

Returns 1 if successful, 0 otherwise.

Syntax

DATABASE PUT FAM LY KEY VALUE

Arguments
® famly

® key
® val ue

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 AGICommand_exec
EXEC

Synopsis

Executes a given Application

Description

Executes application with given options.

Returns whatever the application returns, or - 2 on failure to find application.

Syntax

EXEC APPLI CATI ON GPTI ONS

Arguments

® application
® options

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 AGICommand_get data
GET DATA

Synopsis

Prompts for DTMF on a channel

Description
Stream the given file, and receive DTMF data.

Returns the digits received from the channel at the other end.

Syntax

GET DATA FILE TI MEQUT MAXDI G TS

Arguments
* file
® tineout

® maxdigits
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 AGICommand_get full variable
GET FULL VARIABLE

Synopsis

Evaluates a channel expression

Description

Returns 0 if variablename is not set or channel does not exist. Returns 1 if variablename is set and returns the variable in parenthesis. Understands
complex variable names and builtin variables, unlike GET VARIABLE.

Example return code: 200 result=1 (testvariable)

Syntax

GET FULL VARI ABLE VARI ABLENAMVE CHANNEL NAME

Arguments

® vari abl enane
® channel nane

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 AGICommand_get option
GET OPTION

Synopsis

Stream file, prompt for DTMF, with timeout.

Description

Behaves similar to STREAM FILE but used with a timeout option.

Syntax

GET OPTI ON FI LENAME ESCAPE_DI G TS TI MEOUT

Arguments
® filename

® escape_digits
® timeout

See Also

® Asterisk 13 AGICommand_stream file

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.



Asterisk 13 AGICommand_get variable
GET VARIABLE

Synopsis

Gets a channel variable.

Description
Returns 0 if variablename is not set. Returns 1 if variablename is set and returns the variable in parentheses.

Example return code: 200 result=1 (testvariable)

Syntax

GET VARI ABLE VARI ABLENAMVE

Arguments

® vari abl enane

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 AGICommand_gosub
GOSUB

Synopsis

Cause the channel to execute the specified dialplan subroutine.

Description

Cause the channel to execute the specified dialplan subroutine, returning to the dialplan with execution of a Return().

Syntax

GOSUB CONTEXT EXTENSI ON PRI ORI TY OPTI ONAL- ARGUVENT

Arguments

cont ext
ext ensi on
priority

°
°
°
® optional - argunment

See Also

® Asterisk 13 Application_GoSub

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.

46



Asterisk 13 AGICommand_hangup
HANGUP

Synopsis

Hangup a channel.

Description

Hangs up the specified channel. If no channel name is given, hangs up the current channel

Syntax

HANGUP CHANNEL NAMVE

Arguments

® channel nane
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 AGICommand_noop
NOOP

Synopsis

Does nothing.

Description

Does nothing.

Syntax

NooP

Arguments

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 AGICommand_receive char
RECEIVE CHAR

Synopsis
Receives one character from channels supporting it.

Description

Receives a character of text on a channel. Most channels do not support the reception of text. Returns the decimal value of the character if one is received,
or 0 if the channel does not support text reception. Returns - 1 only on error/hangup.

Syntax

RECEI VE CHAR TI MEQUT

Arguments

® tineout - The maximum time to wait for input in milliseconds, or 0 for infinite. Most channels

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 AGICommand_receive text
RECEIVE TEXT

Synopsis

Receives text from channels supporting it.

Description

Receives a string of text on a channel. Most channels do not support the reception of text. Returns - 1 for failure or 1 for success, and the string in
parenthesis.

Syntax

RECEI VE TEXT TI MEQUT

Arguments

® tineout - The timeout to be the maximum time to wait for input in milliseconds, or 0 for infinite.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 AGICommand_record file
RECORD FILE

Synopsis

Records to a given file.

Description

Record to a file until a given dtmf digit in the sequence is received. Returns - 1 on hangup or error. The format will specify what kind of file will be recorded.
The timeout is the maximum record time in milliseconds, or - 1 for no timeout. offset samples is optional, and, if provided, will seek to the offset without
exceeding the end of the file. silence is the number of seconds of silence allowed before the function returns despite the lack of dtmf digits or reaching time
out. silence value must be preceded by s= and is also optional.

Syntax

RECORD FI LE FI LENAME FORVAT ESCAPE_DI G TS TI MEQUT OFFSET SAMPLES BEEP S=SI LENCE

Arguments

® filenane
® formt
® escape_digits
® tineout
® of fset sanples
® BEEP

® s=silence

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 AGICommand_say alpha
SAY ALPHA

Synopsis

Says a given character string.

Description

Say a given character string, returning early if any of the given DTMF digits are received on the channel. Returns 0 if playback completes without a digit
being pressed, or the ASCII numerical value of the digit if one was pressed or - 1 on error/hangup.

Syntax

SAY ALPHA NUMBER ESCAPE_DI G TS

Arguments

® nunber
® escape_digits

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 AGICommand_say date
SAY DATE

Synopsis

Says a given date.

Description

Say a given date, returning early if any of the given DTMF digits are received on the channel. Returns 0 if playback completes without a digit being
pressed, or the ASCII numerical value of the digit if one was pressed or - 1 on error/hangup.

Syntax

SAY DATE DATE ESCAPE DI G TS

Arguments

® dat e - Is number of seconds elapsed since 00:00:00 on January 1, 1970. Coordinated Universal Time (UTC).
® escape_digits

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 AGICommand_say datetime
SAY DATETIME

Synopsis
Says a given time as specified by the format given.

Description

Say a given time, returning early if any of the given DTMF digits are received on the channel. Returns 0 if playback completes without a digit being pressed,
or the ASCII numerical value of the digit if one was pressed or - 1 on error/hangup.

Syntax

SAY DATETI ME TI ME ESCAPE_DI G TS FORMAT TI MEZONE

Arguments

ti me - Is number of seconds elapsed since 00:00:00 on January 1, 1970, Coordinated Universal Time (UTC)
escape_digits

format - Is the format the time should be said in. See voi cemai | . conf (defaultsto ABdY 'digits/at' | M).

L]
L]
°
® tinezone - Acceptable values can be found in / usr/ shar e/ zonei nf o Defaults to machine default.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 AGICommand_say digits
SAY DIGITS

Synopsis
Says a given digit string.

Description

Say a given digit string, returning early if any of the given DTMF digits are received on the channel. Returns 0 if playback completes without a digit being
pressed, or the ASCII numerical value of the digit if one was pressed or - 1 on error/hangup.

Syntax

SAY DI G TS NUMBER ESCAPE DI G TS

Arguments

® nunber
® escape_digits

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 AGICommand_say number
SAY NUMBER

Synopsis

Says a given number.

Description

Say a given number, returning early if any of the given DTMF digits are received on the channel. Returns 0 if playback completes without a digit being
pressed, or the ASCII numerical value of the digit if one was pressed or - 1 on error/hangup.

Syntax

SAY NUMBER NUMBER ESCAPE DI G TS GENDER

Arguments

® nunber
® escape_digits
® gender

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 AGICommand_say phonetic
SAY PHONETIC

Synopsis
Says a given character string with phonetics.

Description

Say a given character string with phonetics, returning early if any of the given DTMF digits are received on the channel. Returns 0 if playback completes
without a digit pressed, the ASCII numerical value of the digit if one was pressed, or - 1 on error/hangup.

Syntax

SAY PHONETI C STRI NG ESCAPE_DI G TS

Arguments

® string
® escape_digits

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 AGICommand_say time
SAY TIME

Synopsis
Says a given time.

Description

Say a given time, returning early if any of the given DTMF digits are received on the channel. Returns 0 if playback completes without a digit being pressed,
or the ASCII numerical value of the digit if one was pressed or - 1 on error/hangup.

Syntax

SAY TIME TI ME ESCAPE DI G TS

Arguments

® tine -Is number of seconds elapsed since 00:00:00 on January 1, 1970. Coordinated Universal Time (UTC).
® escape_digits

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 AGICommand_send image
SEND IMAGE

Synopsis

Sends images to channels supporting it.

Description

Sends the given image on a channel. Most channels do not support the transmission of images. Returns 0 if image is sent, or if the channel does not
support image transmission. Returns - 1 only on error/hangup. Image names should not include extensions.

Syntax

SEND | MAGE | MAGE

Arguments
® i mage
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 AGICommand_send text
SEND TEXT

Synopsis

Sends text to channels supporting it.

Description

Sends the given text on a channel. Most channels do not support the transmission of text. Returns 0 if text is sent, or if the channel does not support text
transmission. Returns - 1 only on error/hangup.

Syntax

SEND TEXT TEXT TO SEND

Arguments

® text to send - Text consisting of greater than one word should be placed in quotes since the command only accepts a single
argument.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 AGICommand_set autohangup

SET AUTOHANGUP
Synopsis
Autohangup channel in some time.

Description

Cause the channel to automatically hangup at time seconds in the future. Of course it can be hungup before then as well. Setting to 0 will cause the
autohangup feature to be disabled on this channel.

Syntax

SET AUTOHANGUP TI ME

Arguments
® tine
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 AGICommand_set callerid
SET CALLERID

Synopsis

Sets callerid for the current channel.

Description

Changes the callerid of the current channel.

Syntax

SET CALLERI D NUMBER

Arguments

® nunber
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 AGICommand_set context
SET CONTEXT

Synopsis

Sets channel context.

Description

Sets the context for continuation upon exiting the application.

Syntax

SET CONTEXT DESI RED CONTEXT

Arguments

® desired context

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 AGICommand_set extension
SET EXTENSION

Synopsis

Changes channel extension.

Description

Changes the extension for continuation upon exiting the application.

Syntax

SET EXTENSI ON NEW EXTENSI ON

Arguments

® new extension

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 AGICommand_set music
SET MUSIC

Synopsis

Enable/Disable Music on hold generator

Description

Enables/Disables the music on hold generator. If class is not specified, then the def aul t music on hold class will be used. This generator will be stopped
automatically when playing a file.

Always returns 0.

Syntax

SET MJUSIC CLASS

Arguments
* {1
* {1
® on
* {1
® off
® class
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 AGICommand_set priority
SET PRIORITY

Synopsis

Set channel dialplan priority.

Description

Changes the priority for continuation upon exiting the application. The priority must be a valid priority or label.

Syntax

SET PRIORITY PRICRI TY

Arguments
® priority
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 AGICommand_set variable
SET VARIABLE

Synopsis

Sets a channel variable.

Description

Sets a variable to the current channel.

Syntax

SET VARI ABLE VARI ABLENAME VALUE

Arguments

® vari abl enane
® val ue

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 AGICommand_speech activate grammar

SPEECH ACTIVATE GRAMMAR
Synopsis
Activates a grammar.

Description

Activates the specified grammar on the speech object.

Syntax

SPEECH ACTI VATE GRAMVAR GRAMVAR NAME

Arguments

® granmar nane
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 AGICommand_speech create
SPEECH CREATE

Synopsis

Creates a speech object.

Description

Create a speech object to be used by the other Speech AGI commands.

Syntax

SPEECH CREATE ENG NE

Arguments
® engi ne
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 AGICommand_speech deactivate grammar

SPEECH DEACTIVATE GRAMMAR
Synopsis
Deactivates a grammar.

Description

Deactivates the specified grammar on the speech object.

Syntax

SPEECH DEACTI VATE GRAMVAR GRAMVAR NAME

Arguments

® granmar nane
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.

70



Asterisk 13 AGICommand_speech destroy
SPEECH DESTROY

Synopsis

Destroys a speech object.

Description

Destroy the speech object created by SPEECH CREATE.

Syntax

SPEECH DESTROY

Arguments

See Also

® Asterisk 13 AGICommand_speech create

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 AGICommand_speech load grammar
SPEECH LOAD GRAMMAR

Synopsis

Loads a grammar.

Description

Loads the specified grammar as the specified name.

Syntax

SPEECH LOAD GRAMVAR GRAMVAR NAME PATH TO GRAMVAR

Arguments

® granmar nane
® path to granmar

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 AGICommand_speech recognize

SPEECH RECOGNIZE
Synopsis
Recognizes speech.

Description

Plays back given prompt while listening for speech and dtmf.

Syntax

SPEECH RECOGNI ZE PROVPT TI MEQUT OFFSET

Arguments
® pronpt

® tineout
® of fset

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 AGICommand_speech set
SPEECH SET

Synopsis

Sets a speech engine setting.

Description

Set an engine-specific setting.

Syntax

SPEECH SET NAME VALUE

Arguments

® nane
® val ue

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 AGICommand_speech unload grammar

SPEECH UNLOAD GRAMMAR
Synopsis
Unloads a grammar.

Description

Unloads the specified grammar.

Syntax

SPEECH UNLCAD GRAMVAR GRAMVAR NAMVE

Arguments

® granmar nane
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 AGICommand_stream file
STREAM FILE

Synopsis

Sends audio file on channel.

Description

Send the given file, allowing playback to be interrupted by the given digits, if any. Returns 0 if playback completes without a digit being pressed, or the
ASCII numerical value of the digit if one was pressed, or - 1 on error or if the channel was disconnected. If musiconhold is playing before calling stream file
it will be automatically stopped and will not be restarted after completion.

It sets the following channel variables upon completion:

® PLAYBACKSTATUS - The status of the playback attempt as a text string.
® SUCCESS
® FAILED

Syntax

STREAM FI LE FI LENAME ESCAPE_DI G TS SAMPLE OFFSET

Arguments

® fil enamne - File name to play. The file extension must not be included in the filename.
® escape_di gi ts - Use double quotes for the digits if you wish none to be permitted.
* sanpl e of fset - If sample offset is provided then the audio will seek to sample offset before play starts.

See Also

® Asterisk 13 AGICommand_control stream file

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 AGICommand_tdd mode
TDD MODE

Synopsis

Toggles TDD mode (for the deaf).

Description

Enable/Disable TDD transmission/reception on a channel. Returns 1 if successful, or 0 if channel is not TDD-capable.

Syntax

TDD MODE BOOLEAN

Arguments
® bool ean
® on
® off
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 AGICommand_verbose
VERBOSE

Synopsis

Logs a message to the asterisk verbose log.

Description

Sends message to the console via verbose message system. level is the verbose level (1-4). Always returns 1

Syntax

VERBCSE MESSACGE LEVEL

Arguments

® nessage
® |evel

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 AGICommand_wait for digit
WAIT FOR DIGIT

Synopsis

Waits for a digit to be pressed.

Description

Waits up to timeout milliseconds for channel to receive a DTMF digit. Returns - 1 on channel failure, 0 if no digit is received in the timeout, or the numerical
value of the ascii of the digit if one is received. Use - 1 for the timeout value if you desire the call to block indefinitely.

Syntax

WAIT FOR DIG T TI MEQUT

Arguments

® timeout
See Also

Import Version
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Asterisk 13 AMI Actions
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Asterisk 13 ManagerAction_AbsoluteTimeout
AbsoluteTimeout

Synopsis

Set absolute timeout.

Description

Hangup a channel after a certain time. Acknowledges set time with Ti neout Set message.

Syntax

Action: Absol uteTi neout
Actionl D <val ue>
Channel : <val ue>

Ti meout: <val ue>

Arguments

® Actionl D- ActionlD for this transaction. Will be returned.
® Channel - Channel name to hangup.
® Ti neout - Maximum duration of the call (sec).

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerAction_AgentLogoff
AgentLogoff

Synopsis

Sets an agent as no longer logged in.

Description

Sets an agent as no longer logged in.

Syntax

Action: Agent Logof f
Actionl D <val ue>
Agent: <val ue>
Soft: <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.
® Agent - Agent ID of the agent to log off.
® Soft - Settotrue tonot hangup existing calls.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.

82



Asterisk 13 ManagerAction_Agents
Agents

Synopsis

Lists agents and their status.

Description

Will list info about all defined agents.

Syntax

Action: Agents
Actionl D <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.

See Also

® Asterisk 13 ManagerEvent_Agents
® Asterisk 13 ManagerEvent_AgentsComplete

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerAction_AGI
AGI

Synopsis

Add an AGI command to execute by Async AGI.

Description

Add an AGI command to the execute queue of the channel in Async AGI.

Syntax

Action: AG

Actionl D <val ue>
Channel : <val ue>
Command: <val ue>
Commandl D:  <val ue>

Arguments

® Actionl D- ActionlD for this transaction. Will be returned.
® Channel - Channel thatis currently in Async AGI.
®* Command - Application to execute.

¢ Conmandl D- This will be sent back in CommandID header of AsyncAGI exec event notification.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerAction_AOCMessage
AOCMessage

Synopsis

Generate an Advice of Charge message on a channel.

Description

Generates an AOC-D or AOC-E message on a channel.

Syntax

Action: ACCMessage

Actionl D <val ue>

Channel : <val ue>

Channel Prefix: <val ue>

MsgType: <val ue>

Char geType: <val ue>

Uni t Amount (0): <val ue>

Uni t Type(0): <val ue>
CurrencyName: <val ue>
CurrencyAnmount : <val ue>
CurrencyMul tiplier: <value>

Tot al Type: <val ue>

ACCBi | | i ngld: <val ue>

Char gi ngAssoci ationld: <val ue>
Char gi ngAssoci ati onNunber: <val ue>
Char gi ngAssoci ati onPl an: <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.
® Channel - Channel name to generate the AOC message on.
® Channel Prefi x - Partial channel prefix. By using this option one can match the beginning part of a channel name without having to put
the entire name in. For example if a channel name is SIP/snom-00000001 and this value is set to SIP/snom, then that channel matches
and the message will be sent. Note however that only the first matched channel has the message sent on it.
® MsgType - Defines what type of AOC message to create, AOC-D or AOC-E
°
. e
® Char geType - Defines what kind of charge this message represents.
® NA
®* FREE
® Currency
® Unit
® Uni t Anount (0) - This represents the amount of units charged. The ETSI AOC standard specifies that this value along with the optional
UnitType value are entries in a list. To accommodate this these values take an index value starting at 0 which can be used to generate
this list of unit entries. For Example, If two unit entires were required this could be achieved by setting the paramter UnitAmount(0)=1234
and UnitAmount(1)=5678. Note that UnitAmount at index 0 is required when ChargeType=Unit, all other entries in the list are optional.
® Unit Type(0) - Defines the type of unit. ETSI AOC standard specifies this as an integer value between 1 and 16, but this value is left
open to accept any positive integer. Like the UnitAmount parameter, this value represents a list entry and has an index parameter that
starts at 0.
® CurrencyNane - Specifies the currency's name. Note that this value is truncated after 10 characters.
® CurrencyAnpunt - Specifies the charge unit amount as a positive integer. This value is required when ChargeType==Currency.
® CurrencyMil tiplier - Specifies the currency multiplier. This value is required when ChargeType==Currency.
® OneThousandth
OneHundr edt h
OneTent h
One
Ten
Hundr ed
Thousand
®* Tot al Type - Defines what kind of AOC-D total is represented.
® Total
® SubTot al
® ACCBI | |i ngl d - Represents a bhilling ID associated with an AOC-D or AOC-E message. Note that only the first 3 items of the enum are
valid AOC-D hilling IDs
® Nor mal
® ReverseCharge
® CreditCard

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 85



Cal | FwdUncondi ti onal
Cal | FwdBusy

Cal | FwdNoRepl y

Cal | Defl ection

Cal | Transfer
® Chargi ngAssoci ati onl d - Charging association identifier. This is optional for AOC-E and can be set to any value between -32768
and 32767

® Chargi ngAssoci at i onNurber - Represents the charging association party number. This value is optional for AOC-E.
® Char gi ngAssoci ati onPl an - Integer representing the charging plan associated with the ChargingAssociationNumber. The value is
bits 7 through 1 of the Q.931 octet containing the type-of-number and numbering-plan-identification fields.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerAction_Atxfer
Atxfer

Synopsis

Attended transfer.

Description

Attended transfer.

Syntax

Action: Atxfer
Actionl D <val ue>
Channel : <val ue>
Exten: <val ue>
Context: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Channel - Transferer's channel.
® Ext en - Extension to transfer to.
® Cont ext - Context to transfer to.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerAction_BlindTransfer
BlindTransfer

Synopsis

Blind transfer channel(s) to the given destination

Description

Redirect all channels currently bridged to the specified channel to the specified destination.

Syntax

Action: BlindTransfer
Channel : <val ue>
Context: <val ue>
Exten: <val ue>

Arguments
® Channel

® Cont ext
® Exten

See Also

® Asterisk 13 ManagerAction_Redirect

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerAction_Bridge
Bridge

Synopsis

Bridge two channels already in the PBX.

Description

Bridge together two channels already in the PBX.

Syntax

Action: Bridge
Actionl D <val ue>
Channel 1: <val ue>
Channel 2: <val ue>
Tone: <val ue>

Arguments

® Actionl D- ActionlD for this transaction. Will be returned.
® Channel 1 - Channel to Bridge to Channel2.
® Channel 2 - Channel to Bridge to Channell.
®* Tone - Play courtesy tone to Channel 2.
® no
® Channel 1
® Channel 2
® Both

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerAction_BridgeDestroy
BridgeDestroy

Synopsis

Destroy a bridge.

Description

Deletes the bridge, causing channels to continue or hang up.

Syntax

Action: BridgeDestroy
Actionl D <val ue>
BridgeUni quei d: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® BridgeUni quei d - The unique ID of the bridge to destroy.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerAction_Bridgelnfo
Bridgelnfo

Synopsis

Get information about a bridge.

Description

Returns detailed information about a bridge and the channels in it.

Syntax

Action: Bridgelnfo
Actionl D <val ue>
BridgeUni quei d: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® BridgeUni quei d - The unique ID of the bridge about which to retreive information.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerAction_BridgeKick
BridgeKick

Synopsis

Kick a channel from a bridge.

Description

The channel is removed from the bridge.

Syntax

Action: BridgeKick
Actionl D <val ue>

[ Bri dgeUni quei d:] <val ue>
Channel : <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.

® BridgeUni quei d - The unique ID of the bridge containing the channel to destroy. This parameter can be omitted, or supplied to insure
that the channel is not removed from the wrong bridge.

® Channel - The channel to kick out of a bridge.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerAction_BridgeList
BridgeList

Synopsis

Get a list of bridges in the system.

Description

Returns a list of bridges, optionally filtering on a bridge type.

Syntax

Action: BridgelList
Actionl D <val ue>
Bri dgeType: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® BridgeType - Optional type for filtering the resulting list of bridges.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerAction_BridgeTechnologyList
BridgeTechnologyList

Synopsis

List available bridging technologies and their statuses.

Description

Returns detailed information about the available bridging technologies.

Syntax

Action: BridgeTechnol ogyLi st
Actionl D <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerAction_BridgeTechnologySuspend
BridgeTechnologySuspend

Synopsis

Suspend a bridging technology.

Description

Marks a bridging technology as suspended, which prevents subsequently created bridges from using it.

Syntax

Action: BridgeTechnol ogySuspend
Actionl D <val ue>
BridgeTechnol ogy: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® BridgeTechnol ogy - The name of the bridging technology to suspend.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerAction_BridgeTechnologyUnsuspend
BridgeTechnologyUnsuspend

Synopsis

Unsuspend a bridging technology.

Description

Clears a previously suspended bridging technology, which allows subsequently created bridges to use it.

Syntax

Action: BridgeTechnol ogyUnsuspend
Actionl D <val ue>
BridgeTechnol ogy: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® BridgeTechnol ogy - The name of the bridging technology to unsuspend.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerAction_Challenge
Challenge

Synopsis

Generate Challenge for MD5 Auth.

Description

Generate a challenge for MD5 authentication.

Syntax

Action: Chall enge
Actionl D <val ue>
Aut hType: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Aut hType - Digest algorithm to use in the challenge. Valid values are:
* MD5
See Also

Import Version
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Asterisk 13 ManagerAction_ChangeMonitor
ChangeMonitor

Synopsis

Change monitoring filename of a channel.

Description

This action may be used to change the file started by a previous 'Monitor' action.

Syntax

Action: ChangeMonitor
Actionl D <val ue>
Channel : <val ue>
File: <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.
® Channel - Used to specify the channel to record.
® Fi | e - Is the new name of the file created in the monitor spool directory.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerAction_Command
Command

Synopsis

Execute Asterisk CLI Command.

Description

Run a CLI command.

Syntax

Action: Command
Actionl D <val ue>
Command: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Command - Asterisk CLI command to run.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerAction_ConfbridgeKick
ConfbridgeKick

Synopsis
Kick a Confbridge user.
Description

Syntax

Action: ConfbridgeKick
Actionl D <val ue>

Conf erence: <val ue>
Channel : <val ue>

Arguments
® Actionl D- ActionID for this transaction. Will be returned.
® Conference

® Channel - If this parameter is not a complete channel name, the first channel with this prefix will be used.
If this parameter is "all", all channels will be kicked from the conference.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerAction_ConfbridgeList
ConfbridgeList

Synopsis

List participants in a conference.

Description

Lists all users in a particular ConfBridge conference. ConfbridgeList will follow as separate events, followed by a final event called ConfbridgeListComplete.

Syntax

Action: ConfbridgeList
Actionl D <val ue>
Conf erence: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Conf er ence - Conference number.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerAction_ConfbridgeListRooms
ConfbridgeListRooms

Synopsis

List active conferences.

Description

Lists data about all active conferences. ConfbridgeListRooms will follow as separate events, followed by a final event called
ConfbridgeListRoomsComplete.

Syntax

Action: ConfbridgeLi st Roons
Actionl D: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerAction_ConfbridgeLock
ConfbridgeLock

Synopsis
Lock a Confbridge conference.
Description

Syntax

Action: ConfbridgeLock
Actionl D <val ue>
Conf erence: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Conference

See Also

Import Version
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Asterisk 13 ManagerAction_ConfbridgeMute
ConfbridgeMute

Synopsis
Mute a Confbridge user.
Description

Syntax

Action: ConfbridgeMite
Actionl D <val ue>

Conf erence: <val ue>
Channel : <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.
® Conference
® Channel - If this parameter is not a complete channel name, the first channel with this prefix will be used.

See Also
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Asterisk 13 ManagerAction_ConfbridgeSetSingleVideoSrc
ConfbridgeSetSingleVideoSrc

Synopsis
Set a conference user as the single video source distributed to all other participants.
Description

Syntax

Action: ConfbridgeSet Si ngl eVi deoSrc
Actionl D <val ue>

Conf erence: <val ue>

Channel : <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.
® Conference
® Channel - If this parameter is not a complete channel name, the first channel with this prefix will be used.

See Also
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Asterisk 13 ManagerAction_ConfbridgeStartRecord
ConfbridgeStartRecord

Synopsis
Start recording a Confbridge conference.

Description

Start recording a conference. If recording is already present an error will be returned. If RecordFile is not provided, the default record file specified in the
conference's bridge profile will be used, if that is not present either a file will automatically be generated in the monitor directory.

Syntax

Action: ConfbridgeStartRecord
Actionl D: <val ue>

Conf erence: <val ue>

[ RecordFil e:] <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Conference
® RecordFile

See Also
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Asterisk 13 ManagerAction_ConfbridgeStopRecord
ConfbridgeStopRecord

Synopsis
Stop recording a Confbridge conference.
Description

Syntax

Action: ConfbridgeSt opRecord
Actionl D <val ue>
Conf erence: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Conference

See Also
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Asterisk 13 ManagerAction_ConfbridgeUnlock
ConfbridgeUnlock

Synopsis
Unlock a Confbridge conference.
Description

Syntax

Action: ConfbridgeUnl ock
Actionl D <val ue>
Conf erence: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Conference

See Also
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Asterisk 13 ManagerAction_ConfbridgeUnmute
ConfbridgeUnmute

Synopsis
Unmute a Confbridge user.
Description

Syntax

Action: ConfbridgeUnnute
Actionl D <val ue>

Conf erence: <val ue>
Channel : <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.
® Conference
® Channel - If this parameter is not a complete channel name, the first channel with this prefix will be used.

See Also
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Asterisk 13 ManagerAction_ControlPlayback
ControlPlayback

Synopsis

Control the playback of a file being played to a channel.

Description

Control the operation of a media file being played back to a channel. Note that this AMI action does not initiate playback of media to channel, but rather
controls the operation of a media operation that was already initiated on the channel.

Note
The pause and r est art Control options will stop a playback operation if that operation was not initiated from the ControlPlayback application

or the control stream file AGI command.

Syntax

Action: Control Pl ayback
Actionl D <val ue>
Channel : <val ue>
Control: <val ue>

Arguments

® Actionl D- ActionlD for this transaction. Will be returned.
® Channel - The name of the channel that currently has a file being played back to it.
® Control
® st op - Stop the playback operation.
® forward - Move the current position in the media forward. The amount of time that the stream moves forward is determined by

the skipms value passed to the application that initiated the playback.
Note
The default skipms value is 3000 ms.

® rever se - Move the current position in the media backward. The amount of time that the stream moves backward is determined
by the skipms value passed to the application that initiated the playback.

Note
The default skipms value is 3000 ms.

® pause - Pause/unpause the playback operation, if supported. If not supported, stop the playback.
® restart - Restart the playback operation, if supported. If not supported, stop the playback.

See Also
® Asterisk 13 Application_Playback
® Asterisk 13 Application_ControlPlayback

® Asterisk 13 AGICommand_stream file
® Asterisk 13 AGICommand_control stream file
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Asterisk 13 ManagerAction_CoreSettings
CoreSettings

Synopsis

Show PBX core settings (version etc).

Description

Query for Core PBX settings.

Syntax

Action: CoreSettings
Actionl D <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.

See Also
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Asterisk 13 ManagerAction_CoreShowChannels
CoreShowChannels

Synopsis

List currently active channels.

Description

List currently defined channels and some information about them.

Syntax

Action: CoreShowChannel s
Actionl D <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.

See Also
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Asterisk 13 ManagerAction_CoreStatus
CoreStatus

Synopsis

Show PBX core status variables.

Description

Query for Core PBX status.

Syntax

Action: CoreStatus
Actionl D <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.

See Also
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Asterisk 13 ManagerAction_CreateConfig
CreateConfig

Synopsis

Creates an empty file in the configuration directory.

Description

This action will create an empty file in the configuration directory. This action is intended to be used before an UpdateConfig action.

Syntax

Action: CreateConfig
Actionl D <val ue>
Fi | enane: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Fi | enane - The configuration filename to create (e.g. f 0o. conf).

See Also
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Asterisk 13 ManagerAction_DAHDIDialOffhook
DAHDIDialOffhook

Synopsis

Dial over DAHDI channel while offhook.

Description

Generate DTMF control frames to the bridged peer.

Syntax

Acti on: DAHDI Di al O f hook
Actionl D <val ue>

DAHDI Channel : <val ue>
Nunber: <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.
® DAHDI Channel - DAHDI channel number to dial digits.
® Nunber - Digits to dial.

See Also
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Asterisk 13 ManagerAction_DAHDIDNDoff
DAHDIDNDoff

Synopsis

Toggle DAHDI channel Do Not Disturb status OFF.

Description

Equivalent to the CLI command "dahdi set dnd channel off".

Note
Feature only supported by analog channels.

Syntax

Acti on: DAHDI DNDof f
Actionl D <val ue>
DAHDI Channel : <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® DAHDI Channel - DAHDI channel number to set DND off.

See Also
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Asterisk 13 ManagerAction_DAHDIDNDon
DAHDIDNDonN

Synopsis

Toggle DAHDI channel Do Not Disturb status ON.

Description

Equivalent to the CLI command "dahdi set dnd channel on".

Note
Feature only supported by analog channels.

Syntax

Acti on: DAHDI DNDon
Actionl D <val ue>
DAHDI Channel : <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® DAHDI Channel - DAHDI channel number to set DND on.

See Also
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Asterisk 13 ManagerAction_DAHDIHangup
DAHDIHangup

Synopsis

Hangup DAHDI Channel.

Description

Simulate an on-hook event by the user connected to the channel.

Note
Valid only for analog channels.

Syntax

Action: DAHDI Hangup
Actionl D <val ue>
DAHDI Channel : <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® DAHDI Channel - DAHDI channel number to hangup.

See Also
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Asterisk 13 ManagerAction_DAHDIRestart
DAHDIRestart

Synopsis

Fully Restart DAHDI channels (terminates calls).

Description

Equivalent to the CLI command "dahdi restart".

Syntax

Action: DAHDI Restart
Actionl D <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.

See Also
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Asterisk 13 ManagerAction_DAHDIShowChannels
DAHDIShowChannels

Synopsis

Show status of DAHDI channels.

Description

Similar to the CLI command "dahdi show channels".

Syntax

Acti on: DAHDI ShowChannel s
Actionl D <val ue>
DAHDI Channel : <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® DAHDI Channel - Specify the specific channel number to show. Show all channels if zero or not present.

See Also
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Asterisk 13 ManagerAction_DAHDITransfer
DAHDITransfer

Synopsis

Transfer DAHDI Channel.

Description

Simulate a flash hook event by the user connected to the channel.

Note
Valid only for analog channels.

Syntax

Action: DAHDI Tr ansfer
Actionl D <val ue>
DAHDI Channel : <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® DAHDI Channel - DAHDI channel number to transfer.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 121



Asterisk 13 ManagerAction_DataGet
DataGet

Synopsis

Retrieve the data api tree.

Description

Retrieve the data api tree.

Syntax

Action: DataGet
Actionl D <val ue>
Pat h: <val ue>
Search: <val ue>
Filter: <value>

Arguments

Act i onl D- ActionID for this transaction. Will be returned.
Pat h

Sear ch

Filter

See Also
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Asterisk 13 ManagerAction_DBDel
DBDel

Synopsis
Delete DB entry.
Description

Syntax

Action: DBDel
Actionl D <val ue>
Fami ly: <val ue>
Key: <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.
® Famly
® Key

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 123



Asterisk 13 ManagerAction_DBDelTree
DBDelTree

Synopsis
Delete DB Tree.
Description

Syntax

Action: DBDel Tree
Actionl D <val ue>
Fami ly: <val ue>
Key: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Fanmily
® Key

See Also
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Asterisk 13 ManagerAction_DBGet
DBGet

Synopsis
Get DB Entry.
Description

Syntax

Action: DBGet
Actionl D <val ue>
Fami ly: <val ue>
Key: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Fanmily
® Key

See Also
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Asterisk 13 ManagerAction_DBPut
DBPut

Synopsis
Put DB entry.
Description

Syntax

Action: DBPut
Actionl D <val ue>
Fami ly: <val ue>
Key: <val ue>

Val : <val ue>

Arguments

Act i onl D- ActionID for this transaction. Will be returned.
Fam |y

Key

Val

[ ]
[ ]
L]
L]
See Also
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Asterisk 13 ManagerAction_DeviceStateList
DeviceStateList

Synopsis

List the current known device states.

Description

This will list out all known device states in a sequence of DeviceStateChange events. When finished, a DeviceStateListComplete event will be emitted.

Syntax

Action: DeviceStateList
Actionl D <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.

See Also

® Asterisk 13 ManagerEvent_DeviceStateChange
® Asterisk 13 Function_DEVICE_STATE
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Asterisk 13 ManagerAction_DialplanExtensionAdd
DialplanExtensionAdd

Synopsis
Add an extension to the dialplan
Description

Syntax

Action: Dial pl anExt ensi onAdd
Actionl D <val ue>

Cont ext: <val ue>

Ext ensi on: <val ue>

Priority: <val ue>
Application: <val ue>
[ApplicationData:] <val ue>

[ Repl ace:] <val ue>

Arguments
® Acti onl D- ActionID for this transaction. Will be returned.
® Cont ext - Context where the extension will be created. The context will be created if it does not already exist.
® Ext ensi on - Name of the extension that will be created (may include callerid match by separating with '/*)
® Priority - Priority being added to this extension. Must be either hi nt or a numerical value.
® Appl i cati on - The application to use for this extension at the requested priority
® ApplicationDat a - Arguments to the application.
®* Repl ace - If set to 'yes', '1', 'true' or any of the other values we evaluate as true, then if an extension already exists at the requested

context, extension, and priority it will be overwritten. Otherwise, the existing extension will remain and the action will fail.
See Also
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Asterisk 13 ManagerAction_DialplanExtensionRemove
DialplanExtensionRemove

Synopsis
Remove an extension from the dialplan
Description

Syntax

Action: Dial pl anExt ensi onRenove
Actionl D <val ue>

Cont ext: <val ue>

Ext ensi on: <val ue>

[Priority:] <val ue>

Arguments

Act i onl D- ActionID for this transaction. Will be returned.
Cont ext - Context of the extension being removed
Ext ensi on - Name of the extension being removed (may include callerid match by separating with /)

[ ]
°
L]
® Priority -If provided, only remove this priority from the extension instead of all priorities in the extension.

See Also
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Asterisk 13 ManagerAction_Events
Events

Synopsis

Control Event Flow.

Description

Enable/Disable sending of events to this manager client.

Syntax

Action: Events
Actionl D <val ue>
Event Mask: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Event Mask
® on - If all events should be sent.
® of f - If no events should be sent.
® systemcall,log, ... - Toselect which flags events should have to be sent.

See Also
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Asterisk 13 ManagerAction_ExtensionState
ExtensionState

Synopsis

Check Extension Status.

Description
Report the extension state for given extension. If the extension has a hint, will use devicestate to check the status of the device connected to the extension.

Will return an Ext ensi on St at us message. The response will include the hint for the extension and the status.

Syntax

Action: ExtensionState
Actionl D <val ue>
Exten: <val ue>
Context: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Ext en - Extension to check state on.
® Cont ext - Context for extension.

See Also
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Asterisk 13 ManagerAction_ExtensionStateList
ExtensionStatelList

Synopsis

List the current known extension states.

Description

This will list out all known extension states in a sequence of ExtensionStatus events. When finished, a ExtensionStateListComplete event will be emitted.

Syntax

Action: ExtensionStateList
Actionl D <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.

See Also
® Asterisk 13 ManagerAction_ExtensionState

® Asterisk 13 Function_HINT
® Asterisk 13 Function_ EXTENSION_STATE
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Asterisk 13 ManagerAction_FAXSession
FAXSession

Synopsis
Responds with a detailed description of a single FAX session

Description

Provides details about a specific FAX session. The response will include a common subset of the output from the CLI command ‘fax show session
<session_number>' for each technology. If the FAX technolgy used by this session does not include a handler for FAXSession, then this action will fail.

Syntax

Action: FAXSession
Actionl D: <val ue>
Sessi onNunber: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Sessi onNunber - The session ID of the fax the user is interested in.

See Also
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Asterisk 13 ManagerAction_FAXSessions
FAXSessions

Synopsis

Lists active FAX sessions

Description

Will generate a series of FAXSession events with information about each FAXSession. Closes with a FAXSessionsComplete event which includes a count
of the included FAX sessions. This action works in the same manner as the CLI command 'fax show sessions'

Syntax

Action: FAXSessions
Actionl D: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.

See Also
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Asterisk 13 ManagerAction_FAXStats
FAXStats

Synopsis
Responds with fax statistics

Description

Provides FAX statistics including the number of active sessions, reserved sessions, completed sessions, failed sessions, and the number of
receive/transmit attempts. This command provides all of the non-technology specific information provided by the CLI command ‘fax show stats'

Syntax

Action: FAXStats
Actionl D: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.

See Also
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Asterisk 13 ManagerAction_Filter
Filter

Synopsis

Dynamically add filters for the current manager session.

Description

The filters added are only used for the current session. Once the connection is closed the filters are removed.

This comand requires the system permission because this command can be used to create filters that may bypass filters defined in manager.conf

Syntax

Action: Filter
Actionl D <val ue>
Oper ation: <val ue>
Filter: <value>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.
® (peration
® Add - Add a filter.
® Filter - Filters can be whitelist or blacklist
Example whitelist filter: "Event: Newchannel”
Example blacklist filter: "!Channel: DAHDI.*"
This filter option is used to whitelist or blacklist events per user to be reported with regular expressions and are allowed if both the regex
matches and the user has read access as defined in manager.conf. Filters are assumed to be for whitelisting unless preceeded by an
exclamation point, which marks it as being black. Evaluation of the filters is as follows:

If no filters are configured all events are reported as normal.

If there are white filters only: implied black all filter processed first, then white filters.

If there are black filters only: implied white all filter processed first, then black filters.

If there are both white and black filters: implied black all filter processed first, then white filters, and lastly black filters.

See Also
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Asterisk 13 ManagerAction_FilterList
FilterList

Synopsis

Show current event filters for this session

Description

The filters displayed are for the current session. Only those filters defined in manager.conf will be present upon starting a new session.

Syntax
See Also
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Asterisk 13 ManagerAction_GetConfig
GetConfig

Synopsis

Retrieve configuration.

Description

This action will dump the contents of a configuration file by category and contents or optionally by specified category only.

Syntax

Action: GetConfig
Actionl D <val ue>
Fi | enane: <val ue>
Cat egory: <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.
® Fi | enane - Configuration filename (e.g. f 0o. conf).
® Cat egory - Category in configuration file.

See Also
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Asterisk 13 ManagerAction_GetConfigJSON
GetConfigJSON

Synopsis

Retrieve configuration (JSON format).

Description

This action will dump the contents of a configuration file by category and contents in JSON format. This only makes sense to be used using rawman over
the HTTP interface.

Syntax

Action: GCet Confi gJSON
Actionl D: <val ue>
Fil ename: <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.
® Fi | enane - Configuration filename (e.g. f 0o. conf).

See Also
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Asterisk 13 ManagerAction_Getvar
Getvar

Synopsis

Gets a channel variable or function value.

Description

Get the value of a channel variable or function return.

Note
If a channel name is not provided then the variable is considered global.

Syntax

Action: Getvar
Actionl D <val ue>
Channel : <val ue>
Vari abl e: <val ue>

Arguments

® Acti onl D- ActionlD for this transaction. Will be returned.
® Channel - Channel to read variable from.
® Vari abl e - Variable name, function or expression.

See Also
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Asterisk 13 ManagerAction_Hangup
Hangup

Synopsis

Hangup channel.

Description

Hangup a channel.

Syntax

Action: Hangup
Actionl D <val ue>
Channel : <val ue>
Cause: <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.

® Channel - The exact channel name to be hungup, or to use a regular expression, set this parameter to: /regex/
Example exact channel: SIP/provider-0000012a
Example regular expression: /SIP/provider-.*$/

® Cause - Numeric hangup cause.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 141



Asterisk 13 ManagerAction_lAXnetstats
IAXnetstats

Synopsis

Show IAX Netstats.

Description

Show IAX channels network statistics.

Syntax

Action: | AXnetstats

Arguments

See Also
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Asterisk 13 ManagerAction_IAXpeerlist
IAXpeerlist

Synopsis

List IAX Peers.

Description

List all the IAX peers.

Syntax

Action: | AXpeerli st
Actionl D <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.

See Also
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Asterisk 13 ManagerAction_IAXpeers
IAXpeers

Synopsis
List IAX peers.
Description

Syntax

Action: | AXpeers
Actionl D <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.

See Also
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Asterisk 13 ManagerAction_IAXregistry
IAXregistry

Synopsis

Show IAX registrations.

Description

Show IAX registrations.

Syntax

Action: | AXregistry
Actionl D <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.

See Also
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Asterisk 13 ManagerAction_JabberSend_res_xmpp
JabberSend - [res_xmpp]

Synopsis

Sends a message to a Jabber Client.

Description

Sends a message to a Jabber Client.

Syntax

Action: Jabber Send
Actionl D <val ue>
Jabber: <val ue>
JID: <val ue>
Message: <val ue>

Arguments

® Actionl D- ActionlD for this transaction. Will be returned.
® Jabber - Client or transport Asterisk uses to connect to JABBER.
¢ JI D- XMPP/Jabber JID (Name) of recipient.
® Message - Message to be sent to the buddy.

See Also
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Asterisk 13 ManagerAction_ListCategories
ListCategories

Synopsis

List categories in configuration file.

Description

This action will dump the categories in a given file.

Syntax

Action: ListCategories
Actionl D <val ue>
Fi | enane: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Fi | enane - Configuration filename (e.g. f 0o. conf).

See Also
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Asterisk 13 ManagerAction_ListCommands
ListCommands

Synopsis

List available manager commands.

Description

Returns the action name and synopsis for every action that is available to the user.

Syntax

Action: ListComands
Actionl D <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.

See Also
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Asterisk 13 ManagerAction_LocalOptimizeAway
LocalOptimizeAway

Synopsis

Optimize away a local channel when possible.

Description

A local channel created with "/n" will not automatically optimize away. Calling this command on the local channel will clear that flag and allow it to optimize
away if it's bridged or when it becomes bridged.

Syntax

Action: Local Optimi zeAnay
Actionl D <val ue>
Channel : <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.
® Channel - The channel name to optimize away.

See Also
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Asterisk 13 ManagerAction_LoggerRotate
LoggerRotate

Synopsis

Reload and rotate the Asterisk logger.

Description

Reload and rotate the logger. Analogous to the CLI command 'logger rotate'.

Syntax

Action: LoggerRotate
Actionl D <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.

See Also
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Asterisk 13 ManagerAction_Login
Login

Synopsis

Login Manager.

Description

Login Manager.

Syntax

Action: Login
Actionl D <val ue>
User nane: <val ue>
Secret: <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.
® User nane - Username to login with as specified in manager.conf.
® Secret - Secret to login with as specified in manager.conf.

See Also
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Asterisk 13 ManagerAction_Logoff
Logoff

Synopsis

Logoff Manager.

Description

Logoff the current manager session.

Syntax

Action: Logoff
Actionl D <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.

See Also
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Asterisk 13 ManagerAction_MailboxCount
MailboxCount

Synopsis

Check Mailbox Message Count.

Description

Checks a voicemail account for new messages.
Returns number of urgent, new and old messages.
Message: Mailbox Message Count

Mailbox: mailboxid

UrgentMessages: count

NewMessages: count

OldMessages: count

Syntax

Action: Mail boxCount
Actionl D: <val ue>
Mai | box: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Mai | box - Full mailbox ID mailbox@vm-context.

See Also
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Asterisk 13 ManagerAction_MailboxStatus
MailboxStatus

Synopsis

Check mailbox.

Description

Checks a voicemail account for status.
Returns whether there are messages waiting.
Message: Mailbox Status.

Mailbox: mailboxid.

Waiting: 0 if messages waiting, 1 if no messages waiting.

Syntax

Action: Mail boxStatus
Actionl D <val ue>
Mai | box: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Mi | box - Full mailbox ID mailbox@vm-context.
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Asterisk 13 ManagerAction_MeetmelList
MeetmeList

Synopsis

List participants in a conference.

Description

Lists all users in a particular MeetMe conference. MeetmelList will follow as separate events, followed by a final event called MeetmeListComplete.

Syntax

Action: Meet meLi st
Actionl D <val ue>
[ Conference:] <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Conf er ence - Conference number.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 155



Asterisk 13 ManagerAction_MeetmeListRooms
MeetmeListRooms

Synopsis

List active conferences.

Description

Lists data about all active conferences. MeetmeListRooms will follow as separate events, followed by a final event called MeetmeListRoomsComplete.

Syntax

Action: Meet meLi st Roons
Actionl D <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.

See Also
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Asterisk 13 ManagerAction_MeetmeMute
MeetmeMute

Synopsis
Mute a Meetme user.
Description

Syntax

Action: MeetneMite
Actionl D <val ue>
Meet me: <val ue>
Usernum <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Meet ne
® Usernum

See Also
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Asterisk 13 ManagerAction_MeetmeUnmute
MeetmeUnmute

Synopsis
Unmute a Meetme user.
Description

Syntax

Action: MeetneUnnute
Actionl D <val ue>
Meet me: <val ue>
Usernum <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Meet ne
® Usernum
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Asterisk 13 ManagerAction_MessageSend
MessageSend

Synopsis
Send an out of call message to an endpoint.
Description

Syntax

Action: MessageSend
Actionl D <val ue>
To: <val ue>

From <val ue>

Body: <val ue>
Base64Body: <val ue>
Vari abl e: <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.
® To - The URI the message is to be sent to.
® Technology: PJSIP
Specifying a prefix of pj si p: will send the message as a SIP MESSAGE request.
® Technology: SIP
Specifying a prefix of si p: will send the message as a SIP MESSAGE request.
® Technology: XMPP
Specifying a prefix of xnmpp: will send the message as an XMPP chat message.
®* From- A From URI for the message if needed for the message technology being used to send this message.
® Technology: PJSIP
The f r omparameter can be a configured endpoint or in the form of "display-name" <URI>.
® Technology: SIP
The f r omparameter can be a configured peer name or in the form of "display-name" <URI>.
® Technology: XMPP
Specifying a prefix of xnmpp: will specify the account defined in xnmpp. conf to send the message from. Note that this field is
required for XMPP messages.
® Body - The message body text. This must not contain any newlines as that conflicts with the AMI protocol.
® Base64Body - Text bodies requiring the use of newlines have to be base64 encoded in this field. Base64Body will be decoded before
being sent out. Base64Body takes precedence over Body.
® Vari abl e - Message variable to set, multiple Variable: headers are allowed. The header value is a comma separated list of name=value
pairs.
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Asterisk 13 ManagerAction_MixMonitor
MixMonitor

Synopsis

Record a call and mix the audio during the recording. Use of StopMixMonitor is required to guarantee the audio file is available for processing during
dialplan execution.

Description
This action records the audio on the current channel to the specified file.

* M XMONI TOR_FI LENAME - Will contain the filename used to record the mixed stream.

Syntax

Action: M xMoni tor
Actionl D: <val ue>
Channel : <val ue>
File: <val ue>
options: <val ue>
Command: <val ue>

Arguments

® Actionl D- ActionlD for this transaction. Will be returned.

® Channel - Used to specify the channel to record.

® Fil e - Is the name of the file created in the monitor spool directory. Defaults to the same name as the channel (with slashes replaced
with dashes). This argument is optional if you specify to record unidirectional audio with either the r(filename) or t(filename) options in the
options field. If neither MIXMONITOR_FILENAME or this parameter is set, the mixed stream won't be recorded.

® opti ons - Options that apply to the MixMonitor in the same way as they would apply if invoked from the MixMonitor application. For a list

of available options, see the documentation for the mixmonitor application.
® Command - Will be executed when the recording is over. Any strings matching ~{ X} will be unescaped to X. All variables will be evaluated

at the time MixMonitor is called.
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Asterisk 13 ManagerAction_MixMonitorMute
MixMonitorMute

Synopsis

Mute / unMute a Mixmonitor recording.

Description

This action may be used to mute a MixMonitor recording.

Syntax

Action: M xMonitorMite
Actionl D <val ue>
Channel : <val ue>
Direction: <val ue>
State: <val ue>

Arguments

® Actionl D- ActionlD for this transaction. Will be returned.

® Channel - Used to specify the channel to mute.

® Direction - Which part of the recording to mute: read, write or both (from channel, to channel or both channels).
® State - Turn mute on or off : 1 to turn on, O to turn off.

See Also
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Asterisk 13 ManagerAction_ModuleCheck
ModuleCheck

Synopsis

Check if module is loaded.

Description

Checks if Asterisk module is loaded. Will return Success/Failure. For success returns, the module revision number is included.

Syntax

Action: Mdul eCheck
Actionl D <val ue>
Mbdul e: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Mbdul e - Asterisk module name (not including extension).

See Also
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Asterisk 13 ManagerAction_ModuleLoad

ModuleLoad
Synopsis
Module management.

Description

Loads, unloads or reloads an Asterisk module in a running system.

Syntax

Action: Mdul eLoad
Actionl D <val ue>
Mbdul e: <val ue>

LoadType: <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.
® Mbdul e - Asterisk module name (including .so extension) or subsystem identifier:
cdr

dnsngr

extconfig

enum

acl

nmanager

http

| ogger

features

dsp

udpt |

i ndi cati ons

cel

® plc

® LoadType - The operation to be done on module. Subsystem identifiers may only be reloaded.

® |l oad
® unl oad
® rel oad
If no module is specified for a r el oad loadtype, all modules are reloaded.
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Asterisk 13 ManagerAction_Monitor
Monitor

Synopsis

Monitor a channel.

Description

This action may be used to record the audio on a specified channel.

Syntax

Action: Monitor
Actionl D <val ue>
Channel : <val ue>
File: <val ue>
Format: <val ue>
M x: <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.
® Channel - Used to specify the channel to record.

® Fi | e - Is the name of the file created in the monitor spool directory. Defaults to the same name as the channel (with slashes replaced

with dashes).
® For mat - Is the audio recording format. Defaults to wav.
® M x - Boolean parameter as to whether to mix the input and output channels together after the recording is finished.
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Asterisk 13 ManagerAction_MuteAudio
MuteAudio

Synopsis

Mute an audio stream.

Description

Mute an incoming or outgoing audio stream on a channel.

Syntax

Action: MiteAudi o
Actionl D <val ue>
Channel : <val ue>
Direction: <val ue>
State: <val ue>

Arguments

® Actionl D- ActionlD for this transaction. Will be returned.
® Channel - The channel you want to mute.
® Direction
® i n - Set muting on inbound audio stream. (to the PBX)
® out - Set muting on outbound audio stream. (from the PBX)
® al |l - Set muting on inbound and outbound audio streams.
® State
® on - Turn muting on.
® of f - Turn muting off.
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Asterisk 13 ManagerAction_MW!IDelete
MWIDelete

Synopsis

Delete selected mailboxes.

Description

Delete the specified mailboxes.

Syntax

Action: MN Del ete
Actionl D <val ue>
Mai | box: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Mi | box - Mailbox ID in the form of / regex/ for all mailboxes matching the regular expression. Otherwise it is for a specific mailbox.
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Asterisk 13 ManagerAction_MWIGet
MWIGet

Synopsis

Get selected mailboxes with message counts.

Description

Get a list of mailboxes with their message counts.

Syntax

Action: MA Get
Actionl D <val ue>
Mai | box: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Mi | box - Mailbox ID in the form of / regex/ for all mailboxes matching the regular expression. Otherwise it is for a specific mailbox.
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Asterisk 13 ManagerAction_MWIUpdate
MWIUpdate

Synopsis

Update the mailbox message counts.

Description

Update the mailbox message counts.

Syntax

Action: MA Update
Actionl D <val ue>

Mai | box: <val ue>

d dMessages: <val ue>
NewMessages: <val ue>

Arguments
® Actionl D- ActionlD for this transaction. Will be returned.
® Mi | box - Specific mailbox ID.
® (A dMessages - The number of old messages in the mailbox. Defaults to zero if missing.
L]

Newlessages - The number of new messages in the mailbox. Defaults to zero if missing.
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Asterisk 13 ManagerAction_Originate
Originate

Synopsis

Originate a call.

Description

Generates an outgoing call to a Extension/Context/Priority or Application/Data

Syntax

Action: Originate
Actionl D <val ue>
Channel : <val ue>
Exten: <val ue>
Context: <val ue>
Priority: <value>
Application: <val ue>
Data: <val ue>

Ti meout: <val ue>
Callerl D <val ue>
Vari abl e: <val ue>
Account: <val ue>

Ear| yMedi a: <val ue>
Async: <val ue>
Codecs: <val ue>
Channel I d: <val ue>
Q her Channel | d:  <val ue>

Arguments

Act i onl D- ActionlD for this transaction. Will be returned.

Channel - Channel name to call.

Ext en - Extension to use (requires Cont ext and Priority)

Cont ext - Context to use (requires Ext en and Pri ority)

Priority - Priority to use (requires Ext en and Cont ext )

Appl i cati on - Application to execute.

Dat a - Data to use (requires Appl i cat i on).

Ti meout - How long to wait for call to be answered (in ms.).

Cal | er | D- Caller ID to be set on the outgoing channel.

Var i abl e - Channel variable to set, multiple Variable: headers are allowed.
Account - Account code.

Ear | yMedi a - Setto t r ue to force call bridge on early media..

Async - Set to t r ue for fast origination.

Codecs - Comma-separated list of codecs to use for this call.

Channel | d - Channel Uniqueld to be set on the channel.

G her Channel | d - Channel Uniqueld to be set on the second local channel.

See Also
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Asterisk 13 ManagerAction_Park
Park

Synopsis

Park a channel.

Description

Park an arbitrary channel with optional arguments for specifying the parking lot used, how long the channel should remain parked, and what dial string to
use as the parker if the call times out.

Syntax

Action: Park

Actionl D <val ue>

Channel : <val ue>

[ Ti meout Channel : ] <val ue>
[ AnnounceChannel :] <val ue>
[ Ti meout:] <val ue>

[ Parkinglot:] <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.

® Channel - Channel name to park.

® Ti meout Channel - Channel name to use when constructing the dial string that will be dialed if the parked channel times out. If Ti meou
t Channel is in a two party bridge with Channel , then Ti meout Channel will receive an announcement and be treated as having
parked Channel in the same manner as the Park Call DTMF feature.

® AnnounceChannel - If specified, then this channel will receive an announcement when Channel is parked if AnnounceChannel isin a
state where it can receive announcements (AnnounceChannel must be bridged). AnnounceChannel has no bearing on the actual state
of the parked call.

* Ti neout - Overrides the timeout of the parking lot for this park action. Specified in milliseconds, but will be converted to seconds. Use a
value of 0 to disable the timeout.

® Par ki ngl ot - The parking lot to use when parking the channel
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Asterisk 13 ManagerAction_ParkedCalls
ParkedCalls

Synopsis

List parked calls.

Description

List parked calls.

Syntax

Action: ParkedCalls
Actionl D <val ue>
Par ki ngLot: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Par ki ngLot - If specified, only show parked calls from the parking lot with this name.
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Asterisk 13 ManagerAction_Parkinglots
Parkinglots

Synopsis

Get a list of parking lots

Description

List all parking lots as a series of AMI events

Syntax

Action: Parkinglots
Actionl D <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
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Asterisk 13 ManagerAction_PauseMonitor
PauseMonitor

Synopsis

Pause monitoring of a channel.

Description

This action may be used to temporarily stop the recording of a channel.

Syntax

Action: PauseMonitor
Actionl D <val ue>
Channel : <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Channel - Used to specify the channel to record.
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Asterisk 13 ManagerAction_Ping
Ping

Synopsis

Keepalive command.

Description

A 'Ping' action will ellicit a 'Pong' response. Used to keep the manager connection open.

Syntax

Action: Ping
Actionl D <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
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Asterisk 13 ManagerAction_PJSIPNotify
PJSIPNotify

Synopsis

Send a NOTIFY to either an endpoint or an arbitrary URI.

Description

Sends a NOTIFY to an endpoint or an arbitrary URI.

All parameters for this event must be specified in the body of this requestvia multiple Var i abl e: nanme=val ue sequences.

Note
One (and only one) of Endpoi nt or URI must be specified. If UR is used, thedefault outbound endpoint will be used to send the message. If

the default outbound endpoint isn't configured, this command can not send to an arbitrary URI.

Syntax

Action: PJSIPNotify
Actionl D: <val ue>

[ Endpoi nt:] <val ue>
[URI:] <val ue>

Vari abl e: <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.

® Endpoi nt - The endpoint to which to send the NOTIFY.

® URI - Abritrary URI to which to send the NOTIFY.

® Vari abl e - Appends variables as headers/content to the NOTIFY. If the variable is named Cont ent , then the value will compose the
body of the message if another variable sets Cont ent - Type. name=value
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Asterisk 13 ManagerAction_PJSIPQualify
PJSIPQualify

Synopsis

Qualify a chan_pjsip endpoint.

Description

Qualify a chan_pjsip endpoint.

Syntax

Action: PJSIPQualify
Actionl D <val ue>
Endpoi nt: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Endpoi nt - The endpoint you want to qualify.
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Asterisk 13 ManagerAction_PJSIPShowEndpoint
PJSIPShowEndpoint

Synopsis

Detail listing of an endpoint and its objects.

Description

Provides a detailed listing of options for a given endpoint. Events are issued showing the configuration and status of the endpoint and associated objects.
These events include Endpoi nt Det ai | , Aor Det ai | , Aut hDet ai | , Transport Detai |l ,and | denti f yDet ai | . Some events may be listed multiple
times if multiple objects are associated (for instance AoRs). Once all detail events have been raised a final Endpoi nt Det ai | Conpl et e event is issued.

Syntax

Action: PJSI PShowEndpoi nt
Actionl D <val ue>
Endpoi nt: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Endpoi nt - The endpoint to list.
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Asterisk 13 ManagerAction_PJSIPShowEndpoints
PJSIPShowEndpoints

Synopsis

Lists PJSIP endpoints.

Description

Provides a listing of all endpoints. For each endpoint an Endpoi nt Li st event is raised that contains relevant attributes and status information. Once all
endpoints have been listed an Endpoi nt Li st Conpl et e event is issued.

Syntax

Action: PJSI PShowEndpoi nt's

Arguments

See Also
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Asterisk 13 ManagerAction_PJSIPShowRegistrationsinbound
PJSIPShowRegistrationsinbound

Synopsis

Lists PJSIP inbound registrations.

Description

In response | nboundRegi strati onDet ai | events showing configuration and status information are raised for each inbound registration object. As well
as Aut hDet ai | events for each associated auth object. Once all events are completed an | nboundRegi st rati onDet ai | Conpl et e is issued.

Syntax

Action: PJSI PShowRegi st rationsl nbound

Arguments

See Also
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Asterisk 13 ManagerAction_PJSIPShowRegistrationsOutbound
PJSIPShowRegistrationsOutbound

Synopsis

Lists PJSIP outbound registrations.

Description

In response Qut boundRegi strati onDet ai | events showing configuration and status information are raised for each outbound registration object. Aut h
Det ai | events are raised for each associated auth object as well. Once all events are completed an Qut boundRegi strati onDet ai | Conpl et e is

issued.

Syntax

Action: PJSI PShowRegi strati onsQut bound

Arguments
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Asterisk 13 ManagerAction_PJSIPShowResourceLists
PJSIPShowResourcelLists

Synopsis

Displays settings for configured resource lists.

Description

Provides a listing of all resource lists. An event Resour ceLi st Det ai | is issued for each resource list object. Once all detail events are completed a Reso
ur ceLi st Det ai | Conpl et e event is issued.

Syntax

Action: PJSI PShowResour celi sts

Arguments

See Also
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Asterisk 13 ManagerAction_PJSIPShowSubscriptionsinbound
PJSIPShowSubscriptionsinbound

Synopsis

Lists subscriptions.

Description

Provides a listing of all inbound subscriptions. An event | nboundSubscri pti onDet ai | is issued for each subscription object. Once all detail events are
completed an | nboundSubscri pti onDet ai | Conpl et e event is issued.

Syntax

Action: PJSI PShowSubscri ptionsl nbound

Arguments

See Also
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Asterisk 13 ManagerAction_PJSIPShowSubscriptionsOutbound
PJSIPShowSubscriptionsOutbound

Synopsis

Lists subscriptions.

Description

Provides a listing of all outbound subscriptions. An event Qut boundSubscri pti onDet ai | is issued for each subscription object. Once all detail events
are completed an Qut boundSubscri pti onDet ai | Conpl et e event is issued.

Syntax

Action: PJSI PShowSubscri pti onsQut bound

Arguments

See Also
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Asterisk 13 ManagerAction_PJSIPUnregister
PJSIPUnregister

Synopsis
Unregister an outbound registration.
Description

Syntax

Action: PJSIPUnregister
Actionl D <val ue>
Regi stration: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Regi stration - The outbound registration to unregister.

See Also
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Asterisk 13 ManagerAction_PlayDTMF
PlayDTMF

Synopsis

Play DTMF signal on a specific channel.

Description

Plays a dtmf digit on the specified channel.

Syntax

Action: Pl ayDTMF
Actionl D <val ue>
Channel : <val ue>
Digit: <val ue>
[Duration:] <val ue>

Arguments

Act i onl D- ActionID for this transaction. Will be returned.
Channel - Channel name to send digit to.

Di gi t - The DTMF digit to play.

Dur at i on - The duration, in milliseconds, of the digit to be played.

See Also
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Asterisk 13 ManagerAction_PresenceState
PresenceState

Synopsis
Check Presence State

Description

Report the presence state for the given presence provider.

Will return a Presence St at e message. The response will include the presence state and, if set, a presence subtype and custom message.

Syntax

Action: PresenceState
Actionl D <val ue>
Provi der: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Provi der - Presence Provider to check the state of

See Also
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Asterisk 13 ManagerAction_PresenceStateList
PresenceStateList

Synopsis

List the current known presence states.

Description

This will list out all known presence states in a sequence of PresenceStateChange events. When finished, a PresenceStateListComplete event will be
emitted.

Syntax

Action: PresenceStatelist
Actionl D: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.

See Also
® Asterisk 13 ManagerAction_PresenceState

® Asterisk 13 ManagerEvent_PresenceStatus
® Asterisk 13 Function_ PRESENCE_STATE
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Asterisk 13 ManagerAction_PRIDebugFileSet
PRIDebugFileSet

Synopsis

Set the file used for PRI debug message output

Description

Equivalent to the CLI command "pri set debug file <output-file>"

Syntax

Action: PRI DebugFi | eSet
Actionl D <val ue>
File: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Fil e - Path of file to write debug output.

See Also
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Asterisk 13 ManagerAction_PRIDebugFileUnset
PRIDebugFileUnset

Synopsis
Disables file output for PRI debug messages
Description

Syntax

Action: PRI DebugFil eUnset
Actionl D <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
See Also
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Asterisk 13 ManagerAction_PRIDebugSet
PRIDebugSet

Synopsis

Set PRI debug levels for a span

Description

Equivalent to the CLI command "pri set debug <level> span <span>".

Syntax

Action: PRI DebugSet
Actionl D <val ue>
Span: <val ue>

Level : <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.

® Span - Which span to affect.

® Level - What debug level to set. May be a numerical value or a text value from the list below
of f

on

hex

i ntense

See Also
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Asterisk 13 ManagerAction_PRIShowSpans
PRIShowSpans

Synopsis

Show status of PRI spans.

Description

Similar to the CLI command "pri show spans".

Syntax

Action: PRI ShowSpans
Actionl D <val ue>
Span: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Span - Specify the specific span to show. Show all spans if zero or not present.

See Also
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Asterisk 13 ManagerAction_QueueAdd

QueueAdd
Synopsis

Add interface to queue.
Description

Syntax

Action: QueueAdd
Actionl D <val ue>
Queue: <val ue>
Interface: <val ue>
Penal ty: <val ue>
Paused: <val ue>

Menber Name: <val ue>
Statel nterface: <val ue>

Arguments

Queue - Queue's name.

® Statelnterface
See Also
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Act i onl D- ActionID for this transaction. Will be returned.

I nt er f ace - The name of the interface (tech/name) to add to the queue.

Penal ty - A penalty (number) to apply to this member. Asterisk will distribute calls to members with higher penalties only after
attempting to distribute calls to those with lower penalty.

Paused - To pause or not the member initially (true/false or 1/0).

* Member Name - Text alias for the interface.
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Asterisk 13 ManagerAction_QueuelLog
QueuelLog

Synopsis
Adds custom entry in queue_log.
Description

Syntax

Action: QueuelLog
Actionl D <val ue>
Queue: <val ue>
Event: <val ue>

Uni quei d: <val ue>
Interface: <val ue>
Message: <val ue>

Arguments

Act i onl D- ActionID for this transaction. Will be returned.
Queue

Event

Uni quei d

Interface

Message

See Also
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Asterisk 13 ManagerAction_QueueMemberRingInUse
QueueMemberRingInUse

Synopsis
Set the ringinuse value for a queue member.
Description

Syntax

Action: QueueMenber Ri ngl nUse
Actionl D <val ue>

Interface: <value>

Ri ngl nUse: <val ue>

Queue: <val ue>

Arguments
® Acti onl D- ActionID for this transaction. Will be returned.
® Interface
® Ringl nUse
® Queue

See Also
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Asterisk 13 ManagerAction_QueuePause
QueuePause

Synopsis

Makes a queue member temporarily unavailable.

Description

Pause or unpause a member in a queue.

Syntax

Action: QueuePause
Actionl D <val ue>
Interface: <val ue>
Paused: <val ue>
Queue: <val ue>
Reason: <val ue>

Arguments

Act i onl D- ActionID for this transaction. Will be returned.

I nt er f ace - The name of the interface (tech/name) to pause or unpause.

Paused - Pause or unpause the interface. Set to 'true’ to pause the member or ‘'false' to unpause.

Queue - The name of the queue in which to pause or unpause this member. If not specified, the member will be paused or unpaused in
all the queues it is a member of.

® Reason - Text description, returned in the event QueueMemberPaused.

See Also
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Asterisk 13 ManagerAction_QueuePenalty
QueuePenalty

Synopsis

Set the penalty for a queue member.

Description

Change the penalty of a queue member

Syntax

Action: QueuePenal ty
Actionl D <val ue>
Interface: <val ue>
Penal ty: <val ue>
Queue: <val ue>

Arguments

® Actionl D- ActionlD for this transaction. Will be returned.

® | nterface - The interface (tech/name) of the member whose penalty to change.

® Penal ty - The new penalty (number) for the member. Must be nonnegative.

® Queue - If specified, only set the penalty for the member of this queue. Otherwise, set the penalty for the member in all queues to which
the member belongs.

See Also
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Asterisk 13 ManagerAction_QueueReload
QueueReload

Synopsis
Reload a queue, queues, or any sub-section of a queue or queues.
Description

Syntax

Action: QueueRel oad
Actionl D <val ue>
Queue: <val ue>
Menbers: <val ue>
Rul es: <val ue>

Par ameters: <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.
® Queue - The name of the queue to take action on. If no queue name is specified, then all queues are affected.
® Menber s - Whether to reload the queue's members.
® yes
® no
® Rul es - Whether to reload queuerules.conf
® yes
® no
® Par anet er s - Whether to reload the other queue options.
® yes
® no

See Also
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Asterisk 13 ManagerAction_QueueRemove
QueueRemove

Synopsis
Remove interface from queue.
Description

Syntax

Action: QueueRenove
Actionl D <val ue>
Queue: <val ue>
Interface: <val ue>

Arguments

® Acti onl D- ActionlD for this transaction. Will be returned.
® Queue - The name of the queue to take action on.
® | nterface - The interface (tech/name) to remove from queue.

See Also
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Asterisk 13 ManagerAction_QueueReset
QueueReset

Synopsis

Reset queue statistics.

Description

Reset the statistics for a queue.

Syntax

Action: QueueReset
Actionl D <val ue>
Queue: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Queue - The name of the queue on which to reset statistics.

See Also
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Asterisk 13 ManagerAction_QueueRule
QueueRule

Synopsis

Queue Rules.

Description

List queue rules defined in queuerules.conf

Syntax

Action: QueueRul e
Actionl D <val ue>
Rul e: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Rul e - The name of the rule in queuerules.conf whose contents to list.

See Also
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Asterisk 13 ManagerAction_Queues
Queues

Synopsis

Queues.

Description

Show queues information.

Syntax

Action: Queues

Arguments

See Also
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Asterisk 13 ManagerAction_QueueStatus
QueueStatus

Synopsis

Show queue status.

Description

Check the status of one or more queues.

Syntax

Action: QueueStatus
Actionl D <val ue>
Queue: <val ue>
Menber: <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.
® Queue - Limit the response to the status of the specified queue.
® Menber - Limit the response to the status of the specified member.

See Also
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Asterisk 13 ManagerAction_QueueSummary
QueueSummary

Synopsis

Show queue summary.

Description

Request the manager to send a QueueSummary event.

Syntax

Action: QueueSummary
Actionl D <val ue>
Queue: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Queue - Queue for which the summary is requested.

See Also
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Asterisk 13 ManagerAction_Redirect
Redirect

Synopsis

Redirect (transfer) a call.

Description

Redirect (transfer) a call.

Syntax

Action: Redirect
Actionl D <val ue>
Channel : <val ue>
ExtraChannel : <val ue>
Exten: <val ue>
ExtraExten: <val ue>
Context: <val ue>
ExtraContext: <val ue>
Priority: <val ue>
ExtraPriority: <value>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.

® Channel - Channel to redirect.

® ExtraChannel - Second call leg to transfer (optional).

® Ext en - Extension to transfer to.

® ExtraExt en - Extension to transfer extrachannel to (optional).

® Cont ext - Context to transfer to.

® ExtraContext - Context to transfer extrachannel to (optional).
® Priority - Priority to transfer to.

® ExtraPriority - Priority to transfer extrachannel to (optional).

See Also
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Asterisk 13 ManagerAction_Reload
Reload

Synopsis

Send a reload event.

Description

Send a reload event.

Syntax

Action: Rel oad
Actionl D <val ue>
Mbdul e: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Mbdul e - Name of the module to reload.

See Also
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Asterisk 13 ManagerAction_SendText
SendText

Synopsis

Send text message to channel.

Description

Sends A Text Message to a channel while in a call.

Syntax

Action: SendText
Actionl D <val ue>
Channel : <val ue>
Message: <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.
® Channel - Channel to send message to.
® Message - Message to send.

See Also
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Asterisk 13 ManagerAction_Setvar
Setvar

Synopsis

Sets a channel variable or function value.

Description

This command can be used to set the value of channel variables or dialplan functions.

Note
If a channel name is not provided then the variable is considered global.

Syntax

Action: Setvar
Actionl D <val ue>
Channel : <val ue>
Vari abl e: <val ue>
Val ue: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Channel - Channel to set variable for.

® Vari abl e - Variable name, function or expression.

® Val ue - Variable or function value.

See Also
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Asterisk 13 ManagerAction_ShowDialPlan
ShowDialPlan

Synopsis

Show dialplan contexts and extensions

Description

Show dialplan contexts and extensions. Be aware that showing the full dialplan may take a lot of capacity.

Syntax

Action: ShowDi al Pl an
Actionl D <val ue>
Ext ensi on: <val ue>
Cont ext: <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.
® Ext ensi on - Show a specific extension.
® Cont ext - Show a specific context.

See Also
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Asterisk 13 ManagerAction_SIPnotify
SIPnotify

Synopsis
Send a SIP notify.

Description

Sends a SIP Notify event.

All parameters for this event must be specified in the body of this request via multiple Var i abl e: nane=val ue sequences.

Syntax

Action: SlPnotify
Actionl D <val ue>
Channel : <val ue>

Vari abl e: <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.
® Channel - Peer to receive the notify.
® Vari abl e - At least one variable pair must be specified. name=value

See Also
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Asterisk 13 ManagerAction_SIPpeers
SIPpeers

Synopsis

List SIP peers (text format).

Description

Lists SIP peers in text format with details on current status. Peer | i st will follow as separate events, followed by a final event called Peer | i st Conpl et e.

Syntax

Action: Sl Ppeers
Actionl D <val ue>

Arguments

® Actionl D- ActionlD for this transaction. Will be returned.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 210



Asterisk 13 ManagerAction_SIPpeerstatus
SIPpeerstatus

Synopsis

Show the status of one or all of the sip peers.

Description

Retrieves the status of one or all of the sip peers. If no peer name is specified, status for all of the sip peers will be retrieved.

Syntax

Action: Sl Ppeerstatus
Actionl D <val ue>
[Peer:] <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Peer - The peer name you want to check.

See Also
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Asterisk 13 ManagerAction_SIPqualifypeer
SIPqualifypeer

Synopsis

Qualify SIP peers.

Description

Qualify a SIP peer.

Syntax

Action: Sl Pqualifypeer
Actionl D <val ue>
Peer: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Peer - The peer name you want to qualify.

See Also

® Asterisk 13 ManagerEvent_SIPQualifyPeerDone
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Asterisk 13 ManagerAction_SIPshowpeer
SIPshowpeer

Synopsis

show SIP peer (text format).

Description

Show one SIP peer with details on current status.

Syntax

Action: Sl Pshowpeer
Actionl D <val ue>
Peer: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Peer - The peer name you want to check.

See Also
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Asterisk 13 ManagerAction_SIPshowregistry
SIPshowregistry

Synopsis

Show SIP registrations (text format).

Description

Lists all registration requests and status. Registrations will follow as separate events followed by a final event called Regi st r at i onsConpl et e.

Syntax

Action: Sl Pshow egistry
Actionl D <val ue>

Arguments

® Actionl D- ActionlD for this transaction. Will be returned.

See Also
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Asterisk 13 ManagerAction_SKINNYdevices
SKINNYdevices

Synopsis

List SKINNY devices (text format).

Description

Lists Skinny devices in text format with details on current status. Devicelist will follow as separate events, followed by a final event called
DevicelistComplete.

Syntax

Action: SKI NNYdevi ces
Actionl D: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 215



Asterisk 13 ManagerAction_SKINNYlines
SKINNYlines

Synopsis

List SKINNY lines (text format).

Description

Lists Skinny lines in text format with details on current status. Linelist will follow as separate events, followed by a final event called LinelistComplete.

Syntax

Action: SKINNYlines
Actionl D <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.

See Also
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Asterisk 13 ManagerAction_SKINNYshowdevice
SKINNYshowdevice

Synopsis

Show SKINNY device (text format).

Description

Show one SKINNY device with details on current status.

Syntax

Action: SKI NNYshowdevi ce
Actionl D <val ue>
Devi ce: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Devi ce - The device name you want to check.

See Also
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Asterisk 13 ManagerAction_SKINNYshowline
SKINNYshowline

Synopsis

Show SKINNY line (text format).

Description

Show one SKINNY line with details on current status.

Syntax

Action: SKINNYshow i ne
Actionl D <val ue>
Li ne: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Li ne - The line name you want to check.

See Also
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Asterisk 13 ManagerAction_Status
Status

Synopsis

List channel status.

Description

Will return the status information of each channel along with the value for the specified channel variables.

Syntax

Action: Status
Actionl D <val ue>
Channel : <val ue>
Vari abl es: <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.
® Channel - The name of the channel to query for status.
® Vari abl es - Comma, separated list of variable to include.

See Also
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Asterisk 13 ManagerAction_StopMixMonitor
StopMixMonitor

Synopsis

Stop recording a call through MixMonitor, and free the recording's file handle.

Description

This action stops the audio recording that was started with the M xMoni t or action on the current channel.

Syntax

Action: StopM xMonitor
Actionl D <val ue>
Channel : <val ue>
[MxMonitorl D] <val ue>

Arguments

® Acti onl D- ActionID for this transaction. Will be returned.
® Channel - The name of the channel monitored.
® M xMnitorlD-Ifavalid ID is provided, then this command will stop only that specific MixMonitor.

See Also
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Asterisk 13 ManagerAction_StopMonitor
StopMonitor

Synopsis

Stop monitoring a channel.

Description

This action may be used to end a previously started 'Monitor' action.

Syntax

Action: StopMonitor
Actionl D <val ue>
Channel : <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Channel - The name of the channel monitored.

See Also
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Asterisk 13 ManagerAction_UnpauseMonitor
UnpauseMonitor

Synopsis

Unpause monitoring of a channel.

Description

This action may be used to re-enable recording of a channel after calling PauseMonitor.

Syntax

Action: UnpauseMbnitor
Actionl D <val ue>
Channel : <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Channel - Used to specify the channel to record.

See Also
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Asterisk 13 ManagerAction_UpdateConfig
UpdateConfig

Synopsis

Update basic configuration.

Description

This action will modify, create, or delete configuration elements in Asterisk configuration files.

Syntax

Action: UpdateConfig
Actionl D <val ue>
SrcFi | enane: <val ue>
Dst Fi | enanme: <val ue>
Rel oad: <val ue>

Act i on- XXXXXX: <val ue>
Cat - XXXXXX: <val ue>
Var - XXXXXX:  <val ue>
Val ue- XXXXXX: <val ue>
Mat ch- XXXXXX:  <val ue>
Li ne- XXXXXX: <val ue>

Arguments

Act i onl D- ActionlD for this transaction. Will be returned.
Sr cFi | enane - Configuration filename to read (e.g. f 0o. conf).
Dst Fi | ename - Configuration filename to write (e.g. f 00. conf)
Rel oad - Whether or not a reload should take place (or name of specific module).
Act i on- XXXXXX - Action to take.
X's represent 6 digit number beginning with 000000.
® NewcCat

RenameCat
Del Cat
Enpt y Cat
Updat e
Del ete
Append
I nsert
® Cat - XXXXXX - Category to operate on.

X's represent 6 digit number beginning with 000000.
® Var - XXXXXX - Variable to work on.

X's represent 6 digit number beginning with 000000.
® Val ue- XXXXXX - Value to work on.

X's represent 6 digit number beginning with 000000.
® Mat ch- XXXXXX - Extra match required to match line.

X's represent 6 digit number beginning with 000000.
® Li ne- XXXXXX - Line in category to operate on (used with delete and insert actions).
X's represent 6 digit number beginning with 000000.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerAction_UserEvent
UserEvent

Synopsis

Send an arbitrary event.

Description

Send an event to manager sessions.

Syntax

Action: UserEvent
Actionl D <val ue>
User Event: <val ue>
Header 1: <val ue>
Header N: <val ue>

Arguments

Act i onl D- ActionID for this transaction. Will be returned.
User Event - Event string to send.

Header 1 - Contentl.

Header N - ContentN.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerAction_VoicemailRefresh
VoicemailRefresh

Synopsis

Tell Asterisk to poll mailboxes for a change

Description

Normally, MWI indicators are only sent when Asterisk itself changes a mailbox. With external programs that modify the content of a mailbox from outside
the application, an option exists called pol | mai | boxes that will cause voicemail to continually scan all mailboxes on a system for changes. This can
cause a large amount of load on a system. This command allows external applications to signal when a particular mailbox has changed, thus permitting
external applications to modify mailboxes and MWI to work without introducing considerable CPU load.

If Context is not specified, all mailboxes on the system will be polled for changes. If Context is specified, but Mailbox is omitted, then all mailboxes within C
ontext will be polled. Otherwise, only a single mailbox will be polled for changes.

Syntax

Action: Voicenail Refresh
Actionl D <val ue>
Context: <val ue>

Mai | box: <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.

® Cont ext
® Mil box
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerAction_VoicemailUsersList
VoicemailUsersList

Synopsis
List All Voicemail User Information.
Description

Syntax

Action: Voicemail UsersLi st
Actionl D <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerAction_WaitEvent
WaitEvent

Synopsis

Wait for an event to occur.

Description

This action will ellicit a Success response. Whenever a manager event is queued. Once WaitEvent has been called on an HTTP manager session, events
will be generated and queued.

Syntax

Action: WitEvent
Actionl D: <val ue>
Ti meout: <val ue>

Arguments

® Actionl D- ActionlD for this transaction. Will be returned.
* Ti meout - Maximum time (in seconds) to wait for events, - 1 means forever.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_AgentCalled
AgentCalled

Synopsis
Raised when an queue member is notified of a caller in the queue.
Description

Syntax

Event: AgentCal |l ed

Channel : <val ue>

Channel State: <val ue>

Channel St at eDesc: <val ue>

Cal | erl DNum <val ue>

Cal | er| DName: <val ue>

Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>

Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Dest Channel : <val ue>

Dest Channel State: <val ue>
Dest Channel St at eDesc: <val ue>
Dest Cal | er| DNum <val ue>

Dest Cal | er | DNane: <val ue>
Dest Connect edLi neNum <val ue>
Dest Connect edLi neNane: <val ue>
Dest Account Code: <val ue>

Dest Cont ext: <val ue>

Dest Exten: <val ue>
DestPriority: <value>

Dest Uni quei d: <val ue>

Queue: <val ue>

Menber Name: <val ue>
Interface: <val ue>

Arguments

¢ Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
¢ O f Hook
® Dialing
®* Ring
® Ringing
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Cal |l erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
® Dest Channel
® Dest Channel St at e - A numeric code for the channel's current state, related to DestChannelStateDesc
® Dest Channel St at eDesc
¢ Down
® Rsrvd
® O f Hook
® Dialing
® Ring
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® Ringing

* W

® Busy

® Dialing Ofhook

® Pre-ring

® Unknown

Dest Cal | er | DNum

Dest Cal | er | DNane

Dest Connect edLi neNum

Dest Connect edLi neNane

Dest Account Code

Dest Cont ext

Dest Ext en

DestPriority

Dest Uni quei d

Queue - The name of the queue.

Menber Nane - The name of the queue member.
I nt er f ace - The queue member's channel technology or location.

Class

AGENT

See Also
® Asterisk 13 ManagerEvent_AgentRingNoAnswer

® Asterisk 13 ManagerEvent_AgentComplete
® Asterisk 13 ManagerEvent_AgentConnect

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_AgentComplete
AgentComplete

Synopsis
Raised when a queue member has finished servicing a caller in the queue.
Description

Syntax

Event: Agent Conpl ete
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Dest Channel : <val ue>

Dest Channel State: <val ue>
Dest Channel St at eDesc: <val ue>
Dest Cal | er| DNum <val ue>
Dest Cal | er | DNane: <val ue>
Dest Connect edLi neNum <val ue>
Dest Connect edLi neNane: <val ue>
Dest Account Code: <val ue>
Dest Cont ext: <val ue>

Dest Exten: <val ue>
DestPriority: <value>

Dest Uni quei d: <val ue>
Queue: <val ue>

Menber Name: <val ue>
Interface: <val ue>

Hol dTi me: <val ue>

Tal kTi me: <val ue>

Reason: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uniqueid
® Dest Channel
® Dest Channel St at e - A numeric code for the channel's current state, related to DestChannelStateDesc
® Dest Channel St at eDesc
¢ Down
® Rsrvd
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Of f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
Dest Cal | er | DNum
Dest Cal | er | DNane
Dest Connect edLi neNum
Dest Connect edLi neNane
Dest Account Code
Dest Cont ext
Dest Ext en
DestPriority
Dest Uni quei d
Queue - The name of the queue.
Menber Nane - The name of the queue member.
I nt er f ace - The queue member's channel technology or location.
Hol dTi nme - The time the channel was in the queue, expressed in seconds since 00:00, Jan 1, 1970 UTC.
Tal kTi e - The time the queue member talked with the caller in the queue, expressed in seconds since 00:00, Jan 1, 1970 UTC.
Reason
® caller
® agent
® transfer

Class

AGENT

See Also

® Asterisk 13 ManagerEvent_AgentCalled
® Asterisk 13 ManagerEvent_AgentConnect

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_AgentConnect
AgentConnect

Synopsis
Raised when a queue member answers and is bridged to a caller in the queue.
Description

Syntax

Event: Agent Connect

Channel : <val ue>

Channel State: <val ue>

Channel St at eDesc: <val ue>

Cal | erl DNum <val ue>

Cal | er| DName: <val ue>

Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>

Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Dest Channel : <val ue>

Dest Channel State: <val ue>
Dest Channel St at eDesc: <val ue>
Dest Cal | er| DNum <val ue>

Dest Cal | er | DNane: <val ue>
Dest Connect edLi neNum <val ue>
Dest Connect edLi neNane: <val ue>
Dest Account Code: <val ue>

Dest Cont ext: <val ue>

Dest Exten: <val ue>
DestPriority: <value>

Dest Uni quei d: <val ue>

Queue: <val ue>

Menber Name: <val ue>
Interface: <val ue>

Ri ngTi ne: <val ue>

Hol dTi ne: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
¢ O f Hook
® Dialing
®* Ring
® Ringing
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Cal |l erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
® Dest Channel
® Dest Channel St at e - A numeric code for the channel's current state, related to DestChannelStateDesc
® Dest Channel St at eDesc
¢ Down
® Rsrvd
® O f Hook
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Di al i ng

Ri ng

Ri ngi ng

Up

Busy

Di al i ng O f hook

Pre-ring

Unknown

Dest Cal | er | DNum

Dest Cal | er | DNane

Dest Connect edLi neNum

Dest Connect edLi neNane

Dest Account Code

Dest Cont ext

Dest Ext en

DestPriority

Dest Uni quei d

Queue - The name of the queue.

Menber Nane - The name of the queue member.

I nt er f ace - The queue member's channel technology or location.
Ri ngTi ne - The time the queue member was rung, expressed in seconds since 00:00, Jan 1, 1970 UTC.
Hol dTi ne - The time the channel was in the queue, expressed in seconds since 00:00, Jan 1, 1970 UTC.

Class

AGENT

See Also
® Asterisk 13 ManagerEvent_AgentCalled

® Asterisk 13 ManagerEvent_AgentComplete
® Asterisk 13 ManagerEvent_AgentDump

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_AgentDump
AgentDump

Synopsis
Raised when a queue member hangs up on a caller in the queue.
Description

Syntax

Event: Agent Dunp

Channel : <val ue>

Channel State: <val ue>

Channel St at eDesc: <val ue>

Cal | erl DNum <val ue>

Cal | er| DName: <val ue>

Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>

Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Dest Channel : <val ue>

Dest Channel State: <val ue>
Dest Channel St at eDesc: <val ue>
Dest Cal | er| DNum <val ue>

Dest Cal | er | DNane: <val ue>
Dest Connect edLi neNum <val ue>
Dest Connect edLi neNane: <val ue>
Dest Account Code: <val ue>

Dest Cont ext: <val ue>

Dest Exten: <val ue>
DestPriority: <value>

Dest Uni quei d: <val ue>

Queue: <val ue>

Menber Name: <val ue>
Interface: <val ue>

Arguments

¢ Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
¢ O f Hook
® Dialing
®* Ring
® Ringing
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Cal |l erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
® Dest Channel
® Dest Channel St at e - A numeric code for the channel's current state, related to DestChannelStateDesc
® Dest Channel St at eDesc
¢ Down
® Rsrvd
® O f Hook
® Dialing
® Ring
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® Ringing

* W

® Busy

® Dialing Ofhook

® Pre-ring

® Unknown

Dest Cal | er | DNum

Dest Cal | er | DNane

Dest Connect edLi neNum

Dest Connect edLi neNane

Dest Account Code

Dest Cont ext

Dest Ext en

DestPriority

Dest Uni quei d

Queue - The name of the queue.

Menber Nane - The name of the queue member.
I nt er f ace - The queue member's channel technology or location.

Class

AGENT

See Also

® Asterisk 13 ManagerEvent_AgentCalled
® Asterisk 13 ManagerEvent_AgentConnect

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_AgentLogin
AgentLogin

Synopsis
Raised when an Agent has logged in.
Description

Syntax

Event: AgentLogin

Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Agent: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
¢ O f Hook
® Dialing
®* Ring
® Ringing
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Cal |l erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
°

Agent - Agent ID of the agent.

Class

AGENT

See Also

® Asterisk 13 Application_AgentLogin
® Asterisk 13 ManagerEvent_AgentLogoff

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_AgentLogoff
AgentLogoff

Synopsis
Raised when an Agent has logged off.
Description

Syntax

Event: Agent Logof f
Agent: <val ue>
Logi ntime: <val ue>

Arguments

® Agent - Agent ID of the agent.
® Logi nti me - The number of seconds the agent was logged in.

Class

AGENT

See Also

® Asterisk 13 ManagerEvent_AgentLogin

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_AgentRingNoAnswer
AgentRingNoAnswer

Synopsis
Raised when a queue member is notified of a caller in the queue and fails to answer.
Description

Syntax

Event: Agent Ri ngNoAnswer
Channel : <val ue>

Channel State: <val ue>

Channel St at eDesc: <val ue>

Cal | erl DNum <val ue>

Cal | er| DName: <val ue>

Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>

Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Dest Channel : <val ue>

Dest Channel State: <val ue>
Dest Channel St at eDesc: <val ue>
Dest Cal | er| DNum <val ue>

Dest Cal | er | DNane: <val ue>
Dest Connect edLi neNum <val ue>
Dest Connect edLi neNane: <val ue>
Dest Account Code: <val ue>

Dest Cont ext: <val ue>

Dest Exten: <val ue>
DestPriority: <value>

Dest Uni quei d: <val ue>

Queue: <val ue>

Menber Name: <val ue>
Interface: <val ue>

Ri ngTi ne: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

® Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uniqueid
® Dest Channel
® Dest Channel St at e - A numeric code for the channel's current state, related to DestChannelStateDesc
® Dest Channel St at eDesc
¢ Down
® Rsrvd
® O f Hook
® Dialing
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® Ring

® Ringing

* W

® Busy

® Dialing Ofhook
® Pre-ring

® Unknown

Dest Cal | er | DNum

Dest Cal | er | DNane

Dest Connect edLi neNum

Dest Connect edLi neNane

Dest Account Code

Dest Cont ext

Dest Ext en

DestPriority

Dest Uni quei d

Queue - The name of the queue.

Menber Nane - The name of the queue member.

I nt er f ace - The queue member's channel technology or location.
Ri ngTi ne - The time the queue member was rung, expressed in seconds since 00:00, Jan 1, 1970 UTC.

Class

AGENT

See Also

® Asterisk 13 ManagerEvent_AgentCalled

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_Agents
Agents

Synopsis

Response event in a series to the Agents AMI action containing information about a defined agent.

Description

The channel snapshot is present if the Status value is AGENT_| DLE or AGENT_ONCALL.

Syntax

Event: Agents

Agent: <val ue>

Name: <val ue>

Status: <val ue>

Tal ki ngToChan: <val ue>
Cal | Started: <val ue>
Logged! nTi me: <val ue>
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal l erl DNum <val ue>

Cal | er| DNanme: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>

Cont ext: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Actionl D <val ue>

Arguments

® Agent - Agent ID of the agent.
® Nane - User friendly name of the agent.
® Stat us - Current status of the agent.
The valid values are:
® AGENT_LOGGEDOFF
® AGENT_I DLE
® AGENT_ONCALL
® Tal ki ngToChan - BRIDGEPEER value on agent channel.
Present if Status value is AGENT_ONCALL.
® Cal |l Started - Epoche time when the agent started talking with the caller.
Present if Status value is AGENT_ONCALL.
® Logged! nTi ne - Epoche time when the agent logged in.
Present if Status value is AGENT_| DLE or AGENT_ONCALL.
® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNanme
® Account Code
® Cont ext
® Exten
® Priority
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® Uniqueid
® Actionl D- ActionID for this transaction. Will be returned.

Class

AGENT

See Also

® Asterisk 13 ManagerAction_Agents

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_AgentsComplete
AgentsComplete

Synopsis
Final response event in a series of events to the Agents AMI action.
Description

Syntax

Event: AgentsConplete
Actionl D <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.

Class

AGENT

See Also

® Asterisk 13 ManagerAction_Agents

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_AGIExecEnd
AGIExecEnd

Synopsis
Raised when a received AGI command completes processing.
Description

Syntax

Event: AG ExecEnd

Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>
Command: <val ue>

Commandl d: <val ue>

Resul t Code: <val ue>

Resul t: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

Conmand - The AGI command as received from the external source.

Commrandl| d - Random identification number assigned to the execution of this command.
Resul t Code - The numeric result code from AGI

Resul t - The text result reason from AGI

® Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Cal |l er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uniqueid
[ ]
L ]
[ ]
[ ]

Class

AGI
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_AGIExecStart
AGIExecStart

Synopsis
Raised when a received AGI command starts processing.
Description

Syntax

Event: AGQ ExecStart
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>
Command: <val ue>

Commandl d: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

Conmand - The AGI command as received from the external source.
Commrandl| d - Random identification number assigned to the execution of this command.

® Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Cal |l er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uniqueid
[ ]
L ]

Class

AGI
See Also

Import Version
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Asterisk 13 ManagerEvent_Alarm
Alarm

Synopsis
Raised when an alarm is set on a DAHDI channel.
Description

Syntax

Event: Alarm
DAHDI Channel : <val ue>
Alarm <val ue>

Arguments

® DAHDI Channel - The channel on which the alarm occurred.

Note
This is not an Asterisk channel identifier.

® Al ar m- A textual description of the alarm that occurred.

Class

SYSTEM

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_AlarmClear
AlarmClear

Synopsis
Raised when an alarm is cleared on a DAHDI channel.
Description

Syntax

Event: Al arnCl ear
DAHDI Channel : <val ue>

Arguments

® DAHDI Channel - The DAHDI channel on which the alarm was cleared.

Note
This is not an Asterisk channel identifier.

Class

SYSTEM

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_AOC-D
AOC-D

Synopsis
Raised when an Advice of Charge message is sent during a call.
Description

Syntax

Event: ACC-D

Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Charge: <val ue>

Type: <val ue>

Bi I lingl D <val ue>

Tot al Type: <val ue>
Currency: <val ue>

Nanme: <val ue>

Cost: <val ue>

Ml tiplier: <val ue>
Units: <val ue>

Nunber O :  <val ue>

TypeOf: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
¢ O f Hook
® Dialing
®* Ring
® Ringing
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
® Charge
®* Type
® Not Avai | abl e
® Free
® Currency
® Units
® BillinglD
® Nor mal
® Reverse
® CreditCard

® Cal | Forwardi ngUncondi ti onal
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Cal | For war di ngBusy
Cal | For war di ngNoRepl y
Cal | Def | ection
Cal | Transfer
Not Avai | abl e
® Total Type
® SubTot al
® Total
Currency
Nane
Cost
Ml tiplier
1/ 1000
1/ 100
1/ 10
1
10
100
1000

® Units
® Nunber O
® TypeO™t
Class
AOC

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_AOC-E
AOC-E

Synopsis
Raised when an Advice of Charge message is sent at the end of a call.
Description

Syntax

Event: ACC-E

Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Char gi ngAssoci ati on: <val ue>
Nunber: <val ue>

Pl an: <val ue>

I D <val ue>

Charge: <val ue>

Type: <val ue>

Billingl D <val ue>

Tot al Type: <val ue>
Currency: <val ue>

Nanme: <val ue>

Cost: <val ue>

Ml tiplier: <val ue>
Units: <val ue>

Nunber O :  <val ue>

TypeOf: <val ue>

Arguments

¢ Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc
¢ Down

Rsrvd
O f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
Cal | er | DNum
Cal | er | DNare
Connect edLi neNum
Connect edLi neNare
Account Code
Cont ext
Ext en
Priority
Uni quei d
Char gi ngAssoci ati on
Nunber
Pl an
1D
Char ge
Type

® Not Avai | abl e

® Free
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® Currency
® Units

®* BillinglD
Nor nal
Rever se
CreditCard
Cal | For war di ngUncondi ti onal
Cal | For war di ngBusy
Cal | For war di ngNoRepl y
Cal | Def |l ection
Cal | Tr ansfer
Not Avai | abl e
®* Total Type

® SubTot al

® Total
Currency
Nanme
Cost
Mul tiplier
1/ 1000
1/ 100
1/10
1
10
100
1000

® Units

® Nunber O

® TypeO™t
Class

AOC

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_AOC-S
AOC-S

Synopsis
Raised when an Advice of Charge message is sent at the beginning of a call.
Description

Syntax

Event: ACC-S

Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Char geabl e: <val ue>

Rat eType: <val ue>
Currency: <val ue>

Nanme: <val ue>

Cost: <val ue>

Ml tiplier: <val ue>
Char gi ngType: <val ue>

St epFunction: <val ue>
Granul arity: <val ue>
Lengt h: <val ue>

Scal e: <val ue>

Unit: <val ue>

Speci al Code: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc
¢ Down
Rsrvd
O f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
Cal | er | DNum
Cal | er | DNare
Connect edLi neNum
Connect edLi neNare
Account Code
Cont ext
Ext en
Priority
Uni quei d
Char geabl e
Rat eType
® Not Avai | abl e
Free
Fr eeFr onBegi nni ng
Dur ati on
Fl ag
Vol une
Speci al Code
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® Currency

® Name

® Cost

® Multiplier
® 1/1000
¢ 1/100
® 1/10
°1
® 10
® 100
® 1000

Char gi ngType
St epFuncti on
Granularity
Lengt h
Scal e
Uni t
® Cctect
® Segnent
® Message
® Speci al Code

Class

AOC
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_AorDetail
AorDetail

Synopsis
Provide details about an Address of Record (AoR) section.
Description

Syntax

Event: AorDetail

bj ect Type: <val ue>

Obj ect Nanme: <val ue>

M ni munExpi rati on: <val ue>
Maxi munExpi ration: <val ue>
Def aul t Expi rati on: <val ue>
Qual i f yFrequency: <val ue>
Aut henti cateQual i fy: <val ue>
MaxCont acts: <val ue>
RenpoveExi sting: <val ue>
Mai | boxes: <val ue>

Qut boundPr oxy: <val ue>
Support Pat h: <val ue>

Tot al Contacts: <val ue>

Cont act sRegi st ered: <val ue>
Endpoi nt Nanme: <val ue>

Arguments

Obj ect Type - The object's type. This will always be 'aor'.
Obj ect Nane - The name of this object.

M ni nunExpi r ati on - Minimum keep alive time for an AoR
Maxi munExpi r at i on - Maximum time to keep an AoR

Qual i f yFrequency - Interval at which to qualify an AoR

Aut hent i cat eQual i fy - Authenticates a qualify request if needed

MaxCont act s - Maximum number of contacts that can bind to an AoR

RenoveExi st i ng - Determines whether new contacts replace existing ones.

Mai | boxes - Allow subscriptions for the specified mailbox(es)

Qut boundPr oxy - Outbound proxy used when sending OPTIONS request

Suppor t Pat h - Enables Path support for REGISTER requests and Route support for other requests.
Tot al Cont act s - The total number of contacts associated with this AoR.

Cont act sRegi st er ed - The number of non-permanent contacts associated with this AoR.

Endpoi nt Nane - The name of the endpoint associated with this information.

Class

COMMAND

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_AsyncAGIEnd
AsyncAGIEnd

Synopsis
Raised when a channel stops AsyncAGI command processing.
Description

Syntax

Event: AsyncAd End
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uniqueid
Class
AGI
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_AsyncAGIExec
AsyncAGIExec

Synopsis
Raised when AsyncAGI completes an AGI command.
Description

Syntax

Event: AsyncAG Exec
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

[ Commandl D:] <val ue>
Resul t: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

Comrandl| D - Optional command ID sent by the AsyncAGI server to identify the command.
Resul t - URL encoded result string from the executed AGI command.

® Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Cal |l er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uniqueid
[ ]
L ]

Class

AGI
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_AsyncAGIStart
AsyncAGlIStart

Synopsis
Raised when a channel starts AsyncAGI command processing.
Description

Syntax

Event: AsyncAd Start
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Env: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
¢ O f Hook
® Dialing
®* Ring
® Ringing
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Cal |l erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
°

Env - URL encoded string read from the AsyncAGI server.

Class

AGI
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_AttendedTransfer
AttendedTransfer

Synopsis

Raised when an attended transfer is complete.

Description

The headers in this event attempt to describe all the major details of the attended transfer. The two transferer channels and the two bridges are determined
based on their chronological establishment. So consider that Alice calls Bob, and then Alice transfers the call to Voicemail. The transferer and bridge
headers would be arranged as follows:

OrigTransfererChannel: Alice's channel in the bridge with Bob.
OrigBridgeUniqueid: The bridge between Alice and Bob.
SecondTransfererChannel: Alice's channel that called Voicemail.
SecondBridgeUniqueid: Not present, since a call to Voicemail has no bridge.

Now consider if the order were reversed; instead of having Alice call Bob and transfer him to Voicemail, Alice instead calls her Voicemail and transfers that
to Bob. The transferer and bridge headers would be arranged as follows:

OrigTransfererChannel: Alice's channel that called Voicemail.
OrigBridgeUniqueid: Not present, since a call to Voicemail has no bridge.
SecondTransfererChannel: Alice's channel in the bridge with Bob.

SecondBridgeUniqueid: The bridge between Alice and Bob.

Syntax
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Event: AttendedTransfer

Resul t: <val ue>

Ori gTransf er er Channel :  <val ue>
OigTransfererChannel State: <val ue>
Ori gTransf er er Channel St at eDesc: <val ue>
OigTransfererCal |l erl DNum <val ue>
OigTransfererCal | erl DNane: <val ue>
Oi gTransf erer Connect edLi neNum <val ue>
Ori gTransf er er Connect edLi neName: <val ue>
O i gTransf erer Account Code: <val ue>
OrigTransfererContext: <val ue>
OigTransfererExten: <val ue>
OigTransfererPriority: <val ue>

O i gTransfererUni queid: <val ue>

Ori gBridgeUni quei d: <val ue>
OrigBridgeType: <val ue>
OrigBridgeTechnol ogy: <val ue>
OigBridgeCreator: <val ue>
OrigBridgeNane: <val ue>

O i gBri dgeNuntChannel s: <val ue>
SecondTr ansf er er Channel : <val ue>
SecondTr ansf er er Channel State: <val ue>
SecondTr ansf er er Channel St at eDesc: <val ue>
SecondTransfererCal | erl DNum <val ue>
SecondTransfererCal | erl DName: <val ue>
SecondTr ansf er er Connect edLi neNum <val ue>
SecondTr ansf er er Connect edLi neNane: <val ue>
SecondTr ansf er er Account Code: <val ue>
SecondTr ansf erer Cont ext: <val ue>
SecondTr ansf er er Ext en: <val ue>
SecondTransfererPriority: <val ue>
SecondTr ansf er er Uni quei d: <val ue>
SecondBri dgeUni quei d: <val ue>
SecondBri dgeType: <val ue>

SecondBri dgeTechnol ogy: <val ue>
SecondBri dgeCreat or: <val ue>

SecondBri dgeNane: <val ue>

SecondBri dgeNunChannel s: <val ue>

Dest Type: <val ue>

Dest Bri dgeUni quei d: <val ue>

Dest App: <val ue>

Local OneChannel : <val ue>

Local OneChannel State: <val ue>

Local OneChannel St at eDesc: <val ue>
Local OneCal | er | DNum <val ue>

Local OneCal | er | DNanme: <val ue>

Local OneConnect edLi neNum <val ue>
Local OneConnect edLi neNanme: <val ue>
Local OneAccount Code: <val ue>

Local OneCont ext: <val ue>

Local OneExt en: <val ue>

Local OnePriority: <val ue>

Local OneUni quei d: <val ue>

Local TwoChannel : <val ue>

Local TwoChannel State: <val ue>

Local TwoChannel St at eDesc: <val ue>
Local TwoCal | er | DNum <val ue>

Local TwoCal | er | DNanme: <val ue>

Local TwoConnect edLi neNum <val ue>
Local TwoConnect edLi neName: <val ue>
Local TwoAccount Code: <val ue>

Local TwoCont ext: <val ue>

Local TwoExt en: <val ue>

Local TwoPriority: <val ue>

Local TwoUni quei d: <val ue>

Dest Tr ansf er er Channel : <val ue>

Transf ereeChannel : <val ue>

Transf ereeChannel State: <val ue>

Transf er eeChannel St at eDesc: <val ue>
TransfereeCal | erl DNum <val ue>
TransfereeCal | er| DNanme: <val ue>
Transf er eeConnect edLi neNum <val ue>
Tr ansf er eeConnect edLi neName: <val ue>
Transf er eeAccount Code: <val ue>
TransfereeContext: <val ue>

Transf ereeExten: <val ue>
TransfereePriority: <val ue>

Transf er eeUni quei d: <val ue>

Arguments

® Resul t - Indicates if the transfer was successful or if it failed.
® Fail - Aninternal error occurred.
® | nvalid - Invalid configuration for transfer (e.g. Not bridged)
®* Not Pernmitted - Bridge does not permit transfers
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® Success - Transfer completed successfully

Note
A result of Success does not necessarily mean that a target was succesfully contacted. It means that a party was succesfully
placed into the dialplan at the expected location.

® OigTransfererChannel
® OigTransfererChannel State - Anumeric code for the channel's current state, related to OrigTransfererChannelStateDesc
* Ui gTr ansf er er Channel St at eDesc
Down
Rsrvd
Of f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
® Unknown
OigTransfererCall erl DNum
OrigTransfererCall erl DNane
Ori gTransf er er Connect edLi neNum
Ori gTr ansf er er Connect edLi neNane
Ori gTransf er er Account Code
Ori gTr ansf er er Cont ext
OrigTransfererExten
OigTransfererPriority
Ori gTransfererUni queid
Ori gBri dgeUni quei d
Ori gBri dgeType - The type of bridge
Ori gBri dgeTechnol ogy - Technology in use by the bridge
Ori gBri dgeCr eat or - Entity that created the bridge if applicable
Ori gBri dgeNane - Name used to refer to the bridge by its BridgeCreator if applicable
Ori gBri dgeNunthannel s - Number of channels in the bridge
SecondTr ansf er er Channel
SecondTr ansf er er Channel St at e - A numeric code for the channel's current state, related to SecondTransfererChannelStateDesc
SecondTr ansf er er Channel St at eDesc
¢ Down
Rsrvd
O f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
SecondTr ansfererCal | er| DNum
SecondTr ansf erer Cal | er | DNane
SecondTr ansf er er Connect edLi neNum
SecondTr ansf er er Connect edLi neNane
SecondTr ansf er er Account Code
SecondTr ansf er er Cont ext
SecondTr ansf er er Ext en
SecondTransfererPriority
SecondTr ansf er er Uni quei d
SecondBri dgeUni quei d
SecondBri dgeType - The type of bridge
SecondBr i dgeTechnol ogy - Technology in use by the bridge
SecondBri dgeCr eat or - Entity that created the bridge if applicable
SecondBri dgeNane - Name used to refer to the bridge by its BridgeCreator if applicable
SecondBr i dgeNuntChannel s - Number of channels in the bridge
Dest Type - Indicates the method by which the attended transfer completed.
Bri dge - The transfer was accomplished by merging two bridges into one.
App - The transfer was accomplished by having a channel or bridge run a dialplan application.
Li nk - The transfer was accomplished by linking two bridges together using a local channel pair.
Thr eeway - The transfer was accomplished by placing all parties into a threeway call.
Fai | - The transfer failed.
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® Dest Bri dgeUni quei d - Indicates the surviving bridge when bridges were merged to complete the transfer

Note
This header is only present when DestType is Bri dge or Thr eeway

® Dest App - Indicates the application that is running when the transfer completes

Note
This header is only present when DestType is App

® Local OneChannel

® Local OneChannel St at e - A numeric code for the channel's current state, related to LocalOneChannelStateDesc
® |ocal OneChannel St at eDesc
Down

Rsrvd

O f Hook

Di al i ng

Ri ng

Ri ngi ng

Up

Busy

Di al i ng O f hook
Pre-ring

Unknown

Local OneCal | er | DNum

Local OneCal | er | DNanme

Local OneConnect edLi neNum
Local OneConnect edLi neNane
Local OneAccount Code

Local OneCont ext

Local OneExt en

Local OnePriority

Local OneUni quei d

Local TwoChannel

Local TwoChannel St at e - A numeric code for the channel's current state, related to LocalTwoChannelStateDesc
Local TwoChannel St at eDesc
Down

Rsrvd

O f Hook

Di al i ng

Ri ng

Ri ngi ng

Up

Busy

Di al i ng O f hook
Pre-ring

Unknown

Local TwoCal | er | DNum

Local TwoCal | er | DNanme

Local TwoConnect edLi neNum
Local TwoConnect edLi neNane
Local TwoAccount Code

Local TwoCont ext

Local TwoExt en

Local TwoPriority

Local TwoUni quei d

Dest Tr ansf er er Channel - The name of the surviving transferer channel when a transfer results in a threeway call

Note
This header is only present when DestType is Thr eeway

® Transf er eeChannel
®* Transf er eeChannel St at e - A numeric code for the channel's current state, related to TransfereeChannelStateDesc
®* Transf er eeChannel St at eDesc
¢ Down
Rsrvd
O f Hook
Di al i ng
Ri ng
Ri ngi ng
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Up

Busy

Di al i ng O f hook
Pre-ring

Unknown

TransfereeCal | er | DNum
Transf ereeCal | er | DNane

Tr ansf er eeConnect edLi neNum
Tr ansf er eeConnect edLi neNane
Tr ansf er eeAccount Code

Tr ansf er eeCont ext

Tr ansf er eeExt en
TransfereePriority

Tr ansf er eeUni quei d

Class

CALL
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_AuthDetail
AuthDetail

Synopsis
Provide details about an authentication section.
Description

Syntax

Event: AuthDetail

bj ect Type: <val ue>
Obj ect Nanme: <val ue>
User nane: <val ue>
Password: <val ue>
MI5Cr ed: <val ue>

Real m <val ue>

NoncelLi fetine: <val ue>
Aut hType: <val ue>
Endpoi nt Name: <val ue>

Arguments

® (bj ect Type - The object's type. This will always be "auth'.

® (bj ect Nane - The name of this object.

® User nane - Username to use for account

® Passwor d - Username to use for account

® MI5Cr ed - MD5 Hash used for authentication.

® Real m- SIP realm for endpoint

®* Nonceli f eti me - Lifetime of a nonce associated with this authentication config.
® Aut hType - Authentication type

® Endpoi nt Nane - The name of the endpoint associated with this information.

Class

COMMAND
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_AuthMethodNotAllowed
AuthMethodNotAllowed

Synopsis
Raised when a request used an authentication method not allowed by the service.
Description

Syntax

Event: Aut hMet hodNot Al | owed
Event TV: <val ue>
Severity: <val ue>
Service: <val ue>

Event Versi on: <val ue>
Account I D: <val ue>
Sessionl D: <val ue>
Local Address: <val ue>
Renot eAddr ess: <val ue>
Aut hMet hod:  <val ue>

[ Modul e:] <val ue>

[ SessionTV:] <val ue>

Arguments

® Event TV - The time the event was detected.
® Severity - Arelative severity of the security event.
® Informational
® Error
Ser vi ce - The Asterisk service that raised the security event.
Event Ver si on - The version of this event.
Account | D- The Service account associated with the security event notification.
Sessi onl D - A unique identifier for the session in the service that raised the event.
Local Addr ess - The address of the Asterisk service that raised the security event.

Aut hMet hod - The authentication method attempted.
Mbdul e - If available, the name of the module that raised the event.
Sessi onTV - The timestamp reported by the session.

Class

SECURITY
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.

Renot eAddr ess - The remote address of the entity that caused the security event to be raised.

264



Asterisk 13 ManagerEvent_BlindTransfer
BlindTransfer

Synopsis
Raised when a blind transfer is complete.
Description

Syntax

Event: BlindTransfer

Resul t: <val ue>

Transf erer Channel : <val ue>

Transf erer Channel State: <val ue>

Transf erer Channel St at eDesc: <val ue>
TransfererCal | erl DNum <val ue>
TransfererCal | erl DName: <val ue>
Transf er er Connect edLi neNum <val ue>
Transf er er Connect edLi neName: <val ue>
Transf er er Account Code: <val ue>
TransfererContext: <val ue>
Transferer Exten: <val ue>
TransfererPriority: <val ue>

Transf erer Uni quei d: <val ue>

Transf ereeChannel : <val ue>

Transf ereeChannel State: <val ue>
Transf er eeChannel St at eDesc: <val ue>
TransfereeCal | erl DNum <val ue>
TransfereeCal | er| DNanme: <val ue>
Transf er eeConnect edLi neNum <val ue>
Tr ansf er eeConnect edLi neName: <val ue>
Transf er eeAccount Code: <val ue>
TransfereeContext: <val ue>

Transf ereeExten: <val ue>
TransfereePriority: <val ue>

Transf er eeUni quei d: <val ue>

Bri dgeUni quei d: <val ue>

Bri dgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
BridgeCreator: <val ue>

Bri dgeNane: <val ue>

Bri dgeNunChannel s: <val ue>

I sExternal : <val ue>

Context: <val ue>

Ext ensi on: <val ue>

Arguments

® Resul t - Indicates if the transfer was successful or if it failed.
® Fail - Aninternal error occurred.
® | nvalid - Invalid configuration for transfer (e.g. Not bridged)
® Not Permtted - Bridge does not permit transfers
® Success - Transfer completed successfully

Note

A result of Success does not necessarily mean that a target was succesfully contacted. It means that a party was succesfully

placed into the dialplan at the expected location.

® Transf er er Channel

® Transf erer Channel St at e - A numeric code for the channel's current state, related to TransfererChannelStateDesc

®* TransfererChannel St at eDesc
¢ Down

Rsrvd

O f Hook

Di al i ng

Ri ng

Ri ngi ng

Up

Busy

Di al i ng O f hook

Pre-ring

Unknown
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TransfererCall er| DNum
TransfererCal | er| DNane
Tr ansf er er Connect edLi neNum
Tr ansf er er Connect edLi neNane
Tr ansf er er Account Code
Tr ansf er er Cont ext
Transf erer Ext en
TransfererPriority
Transf erer Uni quei d
Tr ansf er eeChannel
Tr ansf er eeChannel St at e - A numeric code for the channel's current state, related to TransfereeChannelStateDesc
Tr ansf er eeChannel St at eDesc
® Down
Rsrvd
O f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
TransfereeCal | er | DNum
Tr ansf ereeCal | er | DNane
Tr ansf er eeConnect edLi neNum
Tr ansf er eeConnect edLi neNane
Tr ansf er eeAccount Code
Tr ansf er eeCont ext
Tr ansf er eeExt en
TransfereePriority
Tr ansf er eeUni quei d
Bri dgeUni quei d
Bri dgeType - The type of bridge
Bri dgeTechnol ogy - Technology in use by the bridge
Bri dgeCr eat or - Entity that created the bridge if applicable
Br i dgeName - Name used to refer to the bridge by its BridgeCreator if applicable
Br i dgeNuntChannel s - Number of channels in the bridge
| sExt er nal - Indicates if the transfer was performed outside of Asterisk. For instance, a channel protocol native transfer is external. A
DTMF transfer is internal.
® Yes
® No
® Cont ext - Destination context for the blind transfer.
® Ext ensi on - Destination extension for the blind transfer.

Class

CALL
See Also

Import Version
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Asterisk 13 ManagerEvent_BridgeCreate
BridgeCreate

Synopsis
Raised when a bridge is created.
Description

Syntax

Event: BridgeCreate

Bri dgeUni quei d: <val ue>
BridgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
BridgeCreator: <val ue>

Bri dgeNane: <val ue>

Bri dgeNunChannel s: <val ue>

Arguments

Bri dgeUni quei d

Bri dgeType - The type of bridge

Bri dgeTechnol ogy - Technology in use by the bridge

Bri dgeCr eat or - Entity that created the bridge if applicable

Bri dgeNane - Name used to refer to the bridge by its BridgeCreator if applicable
Bri dgeNuntChannel s - Number of channels in the bridge

Class

CALL
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.

267



Asterisk 13 ManagerEvent_BridgeDestroy
BridgeDestroy

Synopsis
Raised when a bridge is destroyed.
Description

Syntax

Event: BridgeDestroy

Bri dgeUni quei d: <val ue>
BridgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
BridgeCreator: <val ue>

Bri dgeNane: <val ue>

Bri dgeNunChannel s: <val ue>

Arguments

Bri dgeUni quei d

Bri dgeType - The type of bridge

Bri dgeTechnol ogy - Technology in use by the bridge

Bri dgeCr eat or - Entity that created the bridge if applicable

Bri dgeNane - Name used to refer to the bridge by its BridgeCreator if applicable
Bri dgeNuntChannel s - Number of channels in the bridge

Class

CALL
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_BridgeEnter
BridgeEnter

Synopsis
Raised when a channel enters a bridge.
Description

Syntax

Event: BridgeEnter

Bri dgeUni quei d: <val ue>
BridgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
BridgeCreator: <val ue>

Bri dgeNane: <val ue>

Bri dgeNunChannel s: <val ue>
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

SwapUni quei d: <val ue>

Arguments

® BridgeUni queid

® BridgeType - The type of bridge

® BridgeTechnol ogy - Technology in use by the bridge

® BridgeCreator - Entity that created the bridge if applicable

® Bri dgeNane - Name used to refer to the bridge by its BridgeCreator if applicable

® Bri dgeNuntChannel s - Number of channels in the bridge

® Channel

® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* W
® Busy
® Dialing Ofhook
® Pre-ring
® Unknown
® Call er!l DNum
® Cal | er| DNanme
® Connect edLi neNum
® Connect edLi neNanme
® Account Code
® Cont ext
® Exten
® Priority
® Uniqueid
® SwapUni quei d - The uniqueid of the channel being swapped out of the bridge
Class
CALL
See Also
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Asterisk 13 ManagerEvent_BridgelnfoChannel
BridgelnfoChannel

Synopsis
Information about a channel in a bridge.
Description

Syntax

Event: Bridgel nf oChannel
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uniqueid
Class
COMMAND
See Also

Import Version
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Asterisk 13 ManagerEvent_BridgelnfoComplete
BridgelInfoComplete

Synopsis
Information about a bridge.
Description

Syntax

Event: Bridgel nf oConpl ete
Bri dgeUni quei d: <val ue>
BridgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
BridgeCreator: <val ue>

Bri dgeNane: <val ue>

Bri dgeNunChannel s: <val ue>

Arguments
® BridgeUni queid
® Bri dgeType - The type of bridge
® BridgeTechnol ogy - Technology in use by the bridge
® BridgeCreator - Entity that created the bridge if applicable
® Bri dgeNane - Name used to refer to the bridge by its BridgeCreator if applicable
® Bri dgeNuntChannel s - Number of channels in the bridge
Class
COMMAND
See Also

Import Version
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Asterisk 13 ManagerEvent_BridgelLeave
BridgeLeave

Synopsis
Raised when a channel leaves a bridge.
Description

Syntax

Event: BridgeLeave

Bri dgeUni quei d: <val ue>
BridgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
BridgeCreator: <val ue>

Bri dgeNane: <val ue>

Bri dgeNunChannel s: <val ue>
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Arguments

® BridgeUni queid

® Bri dgeType - The type of bridge

® BridgeTechnol ogy - Technology in use by the bridge

® BridgeCreator - Entity that created the bridge if applicable

® Bri dgeNane - Name used to refer to the bridge by its BridgeCreator if applicable

® Bri dgeNuntChannel s - Number of channels in the bridge

® Channel

® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
¢ O f Hook
® Dialing
®* Ring
® Ringi ng
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
Class
CALL
See Also

Import Version
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Asterisk 13 ManagerEvent_BridgeMerge
BridgeMerge

Synopsis
Raised when two bridges are merged.
Description

Syntax

Event: BridgeMerge

ToBri dgeUni quei d: <val ue>
ToBri dgeType: <val ue>

ToBri dgeTechnol ogy: <val ue>
ToBri dgeCreator: <val ue>
ToBri dgeName: <val ue>

ToBr i dgeNunChannel s: <val ue>
FronBri dgeUni quei d: <val ue>
FronBri dgeType: <val ue>
FronBri dgeTechnol ogy: <val ue>
FronBri dgeCreator: <val ue>
FronBri dgeName: <val ue>
FronBri dgeNunChannel s: <val ue>

Arguments
® ToBri dgeUni quei d
® ToBri dgeType - The type of bridge
® ToBri dgeTechnol ogy - Technology in use by the bridge
® ToBri dgeCreat or - Entity that created the bridge if applicable
® ToBri dgeNane - Name used to refer to the bridge by its BridgeCreator if applicable
® ToBri dgeNuntChannel s - Number of channels in the bridge
® FronBri dgeUni quei d
® FronBri dgeType - The type of bridge
® FronBri dgeTechnol ogy - Technology in use by the bridge
® FronBri dgeCreat or - Entity that created the bridge if applicable
®* FronBri dgeNane - Name used to refer to the bridge by its BridgeCreator if applicable
L]

Fr onBri dgeNunmChannel s - Number of channels in the bridge

Class

CALL
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.

275



Asterisk 13 ManagerEvent_ChallengeResponseFailed
ChallengeResponseFailed

Synopsis
Raised when a request's attempt to authenticate has been challenged, and the request failed the authentication challenge.
Description

Syntax

Event: Chal | engeResponseFai | ed
Event TV: <val ue>
Severity: <val ue>
Service: <val ue>

Event Versi on: <val ue>
Account I D: <val ue>
Sessionl D: <val ue>

Local Address: <val ue>
Renot eAddr ess: <val ue>
Chal | enge: <val ue>
Response: <val ue>

Expect edResponse: <val ue>
[ Modul e:] <val ue>

[ SessionTV:] <val ue>

Arguments

® Event TV - The time the event was detected.
® Severity - A relative severity of the security event.

® Informational

® Error
Ser vi ce - The Asterisk service that raised the security event.
Event Ver si on - The version of this event.
Account | D- The Service account associated with the security event notification.
Sessi onl D - A unique identifier for the session in the service that raised the event.
Local Addr ess - The address of the Asterisk service that raised the security event.
Renot eAddr ess - The remote address of the entity that caused the security event to be raised.
Chal | enge - The challenge that was sent.
Response - The response that was received.
Expect edResponse - The expected response to the challenge.
Modul e - If available, the name of the module that raised the event.
Sessi onTV - The timestamp reported by the session.

Class

SECURITY
See Also

Import Version
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Asterisk 13 ManagerEvent_ChallengeSent
ChallengeSent

Synopsis
Raised when an Asterisk service sends an authentication challenge to a request.
Description

Syntax

Event: Chal | engeSent
Event TV: <val ue>
Severity: <val ue>
Service: <val ue>
Event Versi on: <val ue>
Account I D: <val ue>
Sessionl D: <val ue>
Local Address: <val ue>
Renot eAddr ess: <val ue>
Chal | enge: <val ue>

[ Modul e:] <val ue>

[ SessionTV:] <val ue>

Arguments

® Event TV - The time the event was detected.
® Severity - Arelative severity of the security event.
® Informational
® Error
Ser vi ce - The Asterisk service that raised the security event.
Event Ver si on - The version of this event.
Account | D- The Service account associated with the security event notification.
Sessi onl D - A unique identifier for the session in the service that raised the event.
Local Addr ess - The address of the Asterisk service that raised the security event.

Chal | enge - The challenge that was sent.
Mbdul e - If available, the name of the module that raised the event.
Sessi onTV - The timestamp reported by the session.

Class

SECURITY

See Also

Import Version
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Asterisk 13 ManagerEvent_ChannelTalkingStart
ChannelTalkingStart

Synopsis
Raised when talking is detected on a channel.
Description

Syntax

Event: Channel Tal ki ngSt art
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uniqueid
Class
CLASS
See Also

® Asterisk 13 Function_TALK_DETECT
® Asterisk 13 ManagerEvent_ChannelTalkingStop
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Asterisk 13 ManagerEvent_ChannelTalkingStop
ChannelTalkingStop

Synopsis
Raised when talking is no longer detected on a channel.
Description

Syntax

Event: Channel Tal ki ngSt op
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>
Duration: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
¢ O f Hook
® Dialing
®* Ring
® Ringing
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Cal |l erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
°

Dur at i on - The length in time, in milliseconds, that talking was detected on the channel.

Class

CLASS

See Also

® Asterisk 13 Function_TALK_DETECT
® Asterisk 13 ManagerEvent_ChannelTalkingStart

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.

279



Asterisk 13 ManagerEvent_ChanSpyStart
ChanSpyStart

Synopsis
Raised when one channel begins spying on another channel.
Description

Syntax

Event: ChanSpyStart

Spyer Channel : <val ue>

Spyer Channel State: <val ue>
Spyer Channel St at eDesc: <val ue>
Spyer Cal | er | DNum <val ue>
Spyer Cal | er | DNane: <val ue>
Spyer Connect edLi neNum <val ue>
Spyer Connect edLi neNane: <val ue>
Spyer Account Code: <val ue>
Spyer Cont ext: <val ue>
Spyer Ext en: <val ue>
SpyerPriority: <value>

Spyer Uni quei d:  <val ue>
SpyeeChannel : <val ue>
SpyeeChannel State: <val ue>
SpyeeChannel St at eDesc: <val ue>
SpyeeCal | er | DNum <val ue>
SpyeeCal | er | DNane: <val ue>
SpyeeConnect edLi neNum <val ue>
SpyeeConnect edLi neNane: <val ue>
SpyeeAccount Code: <val ue>
SpyeeCont ext: <val ue>
SpyeeExt en: <val ue>
SpyeePriority: <value>
SpyeeUni quei d:  <val ue>

Arguments

® Spyer Channel
® Spyer Channel St at e - A numeric code for the channel's current state, related to SpyerChannelStateDesc
® Spyer Channel St at eDesc
¢ Down
Rsrvd
O f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
Spyer Cal | er | DNum
Spyer Cal | er | DNane
Spyer Connect edLi neNum
Spyer Connect edLi neNane
Spyer Account Code
Spyer Cont ext
Spyer Ext en
SpyerPriority
Spyer Uni quei d
SpyeeChannel
SpyeeChannel St at e - A numeric code for the channel's current state, related to SpyeeChannelStateDesc
SpyeeChannel St at eDesc
¢ Down
® Rsrvd
Of f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
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Busy

Di al i ng O f hook
Pre-ring
Unknown

SpyeeCal | er | DNum
SpyeeCal | er | DNane
SpyeeConnect edLi neNum
SpyeeConnect edLi neName
SpyeeAccount Code
SpyeeCont ext

SpyeeExt en
SpyeePriority

SpyeeUni quei d

Class

CALL

See Also

® Asterisk 13 Application_ChanSpyStop

Import Version
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Asterisk 13 ManagerEvent_ChanSpyStop
ChanSpyStop

Synopsis
Raised when a channel has stopped spying.
Description

Syntax

Event: ChanSpyStop

Spyer Channel : <val ue>

Spyer Channel State: <val ue>
Spyer Channel St at eDesc: <val ue>
Spyer Cal | er | DNum <val ue>
Spyer Cal | er | DNane: <val ue>
Spyer Connect edLi neNum <val ue>
Spyer Connect edLi neNane: <val ue>
Spyer Account Code: <val ue>
Spyer Cont ext: <val ue>
Spyer Ext en: <val ue>
SpyerPriority: <value>

Spyer Uni quei d:  <val ue>
SpyeeChannel : <val ue>
SpyeeChannel State: <val ue>
SpyeeChannel St at eDesc: <val ue>
SpyeeCal | er | DNum <val ue>
SpyeeCal | er | DNane: <val ue>
SpyeeConnect edLi neNum <val ue>
SpyeeConnect edLi neNane: <val ue>
SpyeeAccount Code: <val ue>
SpyeeCont ext: <val ue>
SpyeeExt en: <val ue>
SpyeePriority: <value>
SpyeeUni quei d:  <val ue>

Arguments

® Spyer Channel
® Spyer Channel St at e - A numeric code for the channel's current state, related to SpyerChannelStateDesc
® Spyer Channel St at eDesc
¢ Down
Rsrvd
O f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
Spyer Cal | er | DNum
Spyer Cal | er | DNane
Spyer Connect edLi neNum
Spyer Connect edLi neNane
Spyer Account Code
Spyer Cont ext
Spyer Ext en
SpyerPriority
Spyer Uni quei d
SpyeeChannel
SpyeeChannel St at e - A numeric code for the channel's current state, related to SpyeeChannelStateDesc
SpyeeChannel St at eDesc
¢ Down
® Rsrvd
Of f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
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Busy

Di al i ng O f hook
Pre-ring
Unknown

SpyeeCal | er | DNum
SpyeeCal | er | DNane
SpyeeConnect edLi neNum
SpyeeConnect edLi neName
SpyeeAccount Code
SpyeeCont ext

SpyeeExt en
SpyeePriority

SpyeeUni quei d

Class

CALL

See Also

® Asterisk 13 Application_ChanSpyStart
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Asterisk 13 ManagerEvent_ConfbridgeEnd
ConfbridgeEnd

Synopsis
Raised when a conference ends.
Description

Syntax

Event: Conf bri dgeEnd

Conf erence: <val ue>

Bri dgeUni quei d: <val ue>
Bri dgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
BridgeCreator: <val ue>

Bri dgeNane: <val ue>

Bri dgeNunChannel s: <val ue>

Arguments

Conf er ence - The name of the Confbridge conference.

Bri dgeUni quei d

Bri dgeType - The type of bridge

Bri dgeTechnol ogy - Technology in use by the bridge

Bri dgeCr eat or - Entity that created the bridge if applicable

Br i dgeNane - Name used to refer to the bridge by its BridgeCreator if applicable
Bri dgeNuntChannel s - Number of channels in the bridge

Class

CALL

See Also

® Asterisk 13 ManagerEvent_ConfbridgeStart
® Asterisk 13 Application_ConfBridge

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 284



Asterisk 13 ManagerEvent_ConfbridgeJoin
ConfbridgeJoin

Synopsis
Raised when a channel joins a Confbridge conference.
Description

Syntax

Event: ConfbridgeJoin

Conf erence: <val ue>

Bri dgeUni quei d: <val ue>
Bri dgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
BridgeCreator: <val ue>

Bri dgeNane: <val ue>

Bri dgeNunChannel s: <val ue>
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erI DNum <val ue>

Cal | er| DNanme: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>

Cont ext: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Arguments

Conf er ence - The name of the Confbridge conference.
Bri dgeUni quei d
Bri dgeType - The type of bridge
Bri dgeTechnol ogy - Technology in use by the bridge
Bri dgeCr eat or - Entity that created the bridge if applicable
Br i dgeNane - Name used to refer to the bridge by its BridgeCreator if applicable
Bri dgeNuntChannel s - Number of channels in the bridge
Channel
Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
Channel St at eDesc
¢ Down
Rsrvd
O f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
Cal | er | DNum
Cal | er | DName
Connect edLi neNum
Connect edLi neNanme
Account Code
Cont ext
Ext en
Priority
Uni quei d

Class

CALL

See Also
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Asterisk 13 ManagerEvent_ConfbridgelLeave
ConfbridgeLeave

Synopsis
Raised when a channel leaves a Confbridge conference.
Description

Syntax

Event: ConfbridgelLeave
Conf erence: <val ue>

Bri dgeUni quei d: <val ue>
Bri dgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
BridgeCreator: <val ue>

Bri dgeNane: <val ue>

Bri dgeNunChannel s: <val ue>
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erI DNum <val ue>

Cal | er| DNanme: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>

Cont ext: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Arguments

Conf er ence - The name of the Confbridge conference.
Bri dgeUni quei d
Bri dgeType - The type of bridge
Bri dgeTechnol ogy - Technology in use by the bridge
Bri dgeCr eat or - Entity that created the bridge if applicable
Br i dgeNane - Name used to refer to the bridge by its BridgeCreator if applicable
Bri dgeNuntChannel s - Number of channels in the bridge
Channel
Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
Channel St at eDesc
¢ Down
Rsrvd
O f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
Cal | er | DNum
Cal | er | DName
Connect edLi neNum
Connect edLi neNanme
Account Code
Cont ext
Ext en
Priority
Uni quei d

Class

CALL

See Also
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® Asterisk 13 ManagerEvent_ConfbridgeJoin
® Asterisk 13 Application_ConfBridge
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Asterisk 13 ManagerEvent_ConfbridgeMute
ConfbridgeMute

Synopsis
Raised when a Confbridge participant mutes.
Description

Syntax

Event: ConfbridgeMite

Conf erence: <val ue>

Bri dgeUni quei d: <val ue>
Bri dgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
BridgeCreator: <val ue>

Bri dgeNane: <val ue>

Bri dgeNunChannel s: <val ue>
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erI DNum <val ue>

Cal | er| DNanme: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>

Cont ext: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Arguments

Conf er ence - The name of the Confbridge conference.
Bri dgeUni quei d
Bri dgeType - The type of bridge
Bri dgeTechnol ogy - Technology in use by the bridge
Bri dgeCr eat or - Entity that created the bridge if applicable
Br i dgeNane - Name used to refer to the bridge by its BridgeCreator if applicable
Bri dgeNuntChannel s - Number of channels in the bridge
Channel
Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
Channel St at eDesc
¢ Down
Rsrvd
O f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
Cal | er | DNum
Cal | er | DName
Connect edLi neNum
Connect edLi neNanme
Account Code
Cont ext
Ext en
Priority
Uni quei d

Class

CALL

See Also
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® Asterisk 13 ManagerEvent_ConfbridgeUnmute
® Asterisk 13 Application_ConfBridge

Import Version
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Asterisk 13 ManagerEvent_ConfbridgeRecord
ConfbridgeRecord

Synopsis
Raised when a conference starts recording.
Description

Syntax

Event: ConfbridgeRecord
Conf erence: <val ue>

Bri dgeUni quei d: <val ue>
Bri dgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
BridgeCreator: <val ue>

Bri dgeNane: <val ue>

Bri dgeNunChannel s: <val ue>

Arguments

Conf er ence - The name of the Confbridge conference.

Bri dgeUni quei d

Bri dgeType - The type of bridge

Bri dgeTechnol ogy - Technology in use by the bridge

Bri dgeCr eat or - Entity that created the bridge if applicable

Br i dgeNane - Name used to refer to the bridge by its BridgeCreator if applicable
Bri dgeNuntChannel s - Number of channels in the bridge

Class

CALL

See Also

® Asterisk 13 ManagerEvent_ConfbridgeStopRecord
® Asterisk 13 Application_ConfBridge
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Asterisk 13 ManagerEvent_ConfbridgeStart
ConfbridgeStart

Synopsis
Raised when a conference starts.
Description

Syntax

Event: ConfbridgeStart
Conf erence: <val ue>

Bri dgeUni quei d: <val ue>
Bri dgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
BridgeCreator: <val ue>

Bri dgeNane: <val ue>

Bri dgeNunChannel s: <val ue>

Arguments

Conf er ence - The name of the Confbridge conference.

Bri dgeUni quei d

Bri dgeType - The type of bridge

Bri dgeTechnol ogy - Technology in use by the bridge

Bri dgeCr eat or - Entity that created the bridge if applicable

Br i dgeNane - Name used to refer to the bridge by its BridgeCreator if applicable
Bri dgeNuntChannel s - Number of channels in the bridge

Class

CALL

See Also

® Asterisk 13 ManagerEvent_ConfbridgeEnd
® Asterisk 13 Application_ConfBridge
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Asterisk 13 ManagerEvent_ConfbridgeStopRecord
ConfbridgeStopRecord

Synopsis
Raised when a conference that was recording stops recording.
Description

Syntax

Event: Confbri dgeSt opRecord
Conf erence: <val ue>

Bri dgeUni quei d: <val ue>

Bri dgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
BridgeCreator: <val ue>

Bri dgeNane: <val ue>

Bri dgeNunChannel s: <val ue>

Arguments

Conf er ence - The name of the Confbridge conference.

Bri dgeUni quei d

Bri dgeType - The type of bridge

Bri dgeTechnol ogy - Technology in use by the bridge

Bri dgeCr eat or - Entity that created the bridge if applicable

Br i dgeNane - Name used to refer to the bridge by its BridgeCreator if applicable
Bri dgeNuntChannel s - Number of channels in the bridge

Class

CALL

See Also

® Asterisk 13 ManagerEvent_ConfbridgeRecord
® Asterisk 13 Application_ConfBridge
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Asterisk 13 ManagerEvent_ConfbridgeTalking
ConfbridgeTalking

Synopsis
Raised when a confbridge participant unmutes.
Description

Syntax

Event: ConfbridgeTal ki ng
Conf erence: <val ue>

Bri dgeUni quei d: <val ue>
Bri dgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
BridgeCreator: <val ue>

Bri dgeNane: <val ue>

Bri dgeNunChannel s: <val ue>
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erI DNum <val ue>

Cal | er| DNanme: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>

Cont ext: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Tal ki ngSt atus: <val ue>

Arguments

® Conf er ence - The name of the Confbridge conference.

® BridgeUni quei d

® BridgeType - The type of bridge

® BridgeTechnol ogy - Technology in use by the bridge

® BridgeCreator - Entity that created the bridge if applicable

® Bri dgeNane - Name used to refer to the bridge by its BridgeCreator if applicable

® Bri dgeNunChannel s - Number of channels in the bridge

® Channel

® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Cal |l er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uniqueid
® Tal ki ngSt at us
® on
® off
Class
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CALL

See Also

® Asterisk 13 Application_ConfBridge

Import Version
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Asterisk 13 ManagerEvent_ConfbridgeUnmute
ConfbridgeUnmute

Synopsis
Raised when a confbridge participant unmutes.
Description

Syntax

Event: ConfbridgeUnnute
Conf erence: <val ue>

Bri dgeUni quei d: <val ue>
Bri dgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
BridgeCreator: <val ue>

Bri dgeNane: <val ue>

Bri dgeNunChannel s: <val ue>
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erI DNum <val ue>

Cal | er| DNanme: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>

Cont ext: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Arguments

Conf er ence - The name of the Confbridge conference.
Bri dgeUni quei d
Bri dgeType - The type of bridge
Bri dgeTechnol ogy - Technology in use by the bridge
Bri dgeCr eat or - Entity that created the bridge if applicable
Br i dgeNane - Name used to refer to the bridge by its BridgeCreator if applicable
Bri dgeNuntChannel s - Number of channels in the bridge
Channel
Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
Channel St at eDesc
¢ Down
Rsrvd
O f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
Cal | er | DNum
Cal | er | DName
Connect edLi neNum
Connect edLi neNanme
Account Code
Cont ext
Ext en
Priority
Uni quei d

Class

CALL

See Also

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.

296
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Asterisk 13 ManagerEvent_ContactStatusDetail
ContactStatusDetail

Synopsis
Provide details about a contact's status.
Description

Syntax

Event: ContactStatusDetail
AOR: <val ue>

URI: <val ue>

Status: <val ue>

Roundtri pUsec: <val ue>
Endpoi nt Nanme: <val ue>

Arguments

ACR - The AoR that owns this contact.
URI - This contact's URI.
® Status - This contact's status.
® Reachabl e
® Unreachabl e
Roundt ri pUsec - The round trip time in microseconds.
Endpoi nt Nane - The name of the endpoint associated with this information.

Class

COMMAND

See Also
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Asterisk 13 ManagerEvent_DAHDIChannel
DAHDIChannel

Synopsis
Raised when a DAHDI channel is created or an underlying technology is associated with a DAHDI channel.
Description

Syntax

Event: DAHDI Channel
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

DAHDI Span: <val ue>

DAHDI Channel : <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

DAHDI Span - The DAHDI span associated with this channel.
DAHDI Channel - The DAHDI channel associated with this channel.

® Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Cal |l er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uniqueid
[ ]
L ]

Class

CALL
See Also

Import Version
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Asterisk 13 ManagerEvent_DeviceStateChange
DeviceStateChange

Synopsis

Raised when a device state changes

Description

This differs from the Ext ensi onSt at us event because this event is raised for all device state changes, not only for changes that affect dialplan hints.

Syntax

Event: Devi ceStat eChange
Devi ce: <val ue>
State: <val ue>

Arguments

® Devi ce - The device whose state has changed
® St at e - The new state of the device

Class

CALL

See Also

® Asterisk 13 ManagerEvent_ExtensionStatus

Import Version
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Asterisk 13 ManagerEvent_DeviceStateListComplete
DeviceStateListComplete

Synopsis

Indicates the end of the list the current known extension states.

Description

Syntax

Event: DeviceStatelLi st Conplete
Event Li st: <val ue>
Listltens: <val ue>

Arguments

® Event Li st - Conveys the status of the event list.
® Listltemns - Conveys the number of statuses reported.

Class

COMMAND

See Also

Import Version
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Asterisk 13 ManagerEvent_DialBegin
DialBegin

Synopsis
Raised when a dial action has started.
Description

Syntax

Event: Dial Begin

Channel : <val ue>

Channel State: <val ue>

Channel St at eDesc: <val ue>

Cal | erl DNum <val ue>

Cal | er| DName: <val ue>

Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>

Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Dest Channel : <val ue>

Dest Channel State: <val ue>
Dest Channel St at eDesc: <val ue>
Dest Cal | er| DNum <val ue>

Dest Cal | er | DNane: <val ue>
Dest Connect edLi neNum <val ue>
Dest Connect edLi neNane: <val ue>
Dest Account Code: <val ue>

Dest Cont ext: <val ue>

Dest Exten: <val ue>
DestPriority: <value>

Dest Uni quei d: <val ue>

Dial String: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc
¢ Down
Rsrvd
O f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
Cal | er | DNum
Cal | er | DNare
Connect edLi neNum
Connect edLi neNare
Account Code
Cont ext
Ext en
Priority
Uni quei d
Dest Channel
Dest Channel St at e - A numeric code for the channel's current state, related to DestChannelStateDesc
Dest Channel St at eDesc
¢ Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
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Up

Busy

Di al i ng O f hook
Pre-ring
Unknown

Dest Cal | er | DNum

Dest Cal | er | DNane

Dest Connect edLi neNum
Dest Connect edLi neNane
Dest Account Code

Dest Cont ext

Dest Ext en
DestPriority

Dest Uni quei d

Di al Stri ng - The non-technology specific device being dialed.

Class

CALL

See Also

® Asterisk 13 Application_Dial

Import Version
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Asterisk 13 ManagerEvent_DialEnd
DialEnd

Synopsis
Raised when a dial action has completed.
Description

Syntax

Event: Dial End

Channel : <val ue>

Channel State: <val ue>

Channel St at eDesc: <val ue>

Cal | erl DNum <val ue>

Cal | er| DName: <val ue>

Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>

Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Dest Channel : <val ue>

Dest Channel State: <val ue>
Dest Channel St at eDesc: <val ue>
Dest Cal | er| DNum <val ue>

Dest Cal | er | DNane: <val ue>
Dest Connect edLi neNum <val ue>
Dest Connect edLi neNane: <val ue>
Dest Account Code: <val ue>

Dest Cont ext: <val ue>

Dest Exten: <val ue>
DestPriority: <value>

Dest Uni quei d: <val ue>

Di al Status: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc
¢ Down
Rsrvd
O f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
Cal | er | DNum
Cal | er | DNare
Connect edLi neNum
Connect edLi neNare
Account Code
Cont ext
Ext en
Priority
Uni quei d
Dest Channel
Dest Channel St at e - A numeric code for the channel's current state, related to DestChannelStateDesc
Dest Channel St at eDesc
¢ Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
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Up
Busy

Di al i ng O f hook
Pre-ring
Unknown
Dest Cal | er | DNum
Dest Cal | er | DNane
Dest Connect edLi neNum
Dest Connect edLi neNane
Dest Account Code
Dest Cont ext
Dest Ext en
DestPriority
Dest Uni quei d
Di al St at us - The result of the dial operation.
® ABORT - The call was aborted.
ANSWER - The caller answered.
BUSY - The caller was busy.
CANCEL - The caller cancelled the call.
CHANUNAVAI L - The requested channel is unavailable.
CONGESTI ON - The called party is congested.
CONTI NUE - The dial completed, but the caller elected to continue in the dialplan.
GOTO- The dial completed, but the caller jumped to a dialplan location.
If known, the location the caller is jumping to will be appended to the result following a ":".
® NOANSVER - The called party failed to answer.

Class

CALL

See Also

® Asterisk 13 Application_Dial

Import Version
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Asterisk 13 ManagerEvent_DNDState
DNDState

Synopsis
Raised when the Do Not Disturb state is changed on a DAHDI channel.
Description

Syntax

Event: DNDSt ate
DAHDI Channel : <val ue>
Status: <val ue>

Arguments

¢ DAHDI Channel - The DAHDI channel on which DND status changed.

Note
This is not an Asterisk channel identifier.

® Status
® enabl ed
® di sabl ed
Class
SYSTEM
See Also

Import Version
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Asterisk 13 ManagerEvent_DTMFBegin
DTMFBegin

Synopsis
Raised when a DTMF digit has started on a channel.
Description

Syntax

Event: DTMFBegin

Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Digit: <val ue>

Direction: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

® Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Cal |l er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uniqueid

* Digit - DTMF digit received or transmitted (0-9, A-E, # or *
® Direction

® Recei ved
® Sent
Class
DTMF
See Also
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Asterisk 13 ManagerEvent_ DTMFENd
DTMFENd

Synopsis
Raised when a DTMF digit has ended on a channel.
Description

Syntax

Event: DTMFEnd

Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Digit: <val ue>
DurationMs: <val ue>
Direction: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

Di gi t - DTMF digit received or transmitted (0-9, A-E, # or *
Dur at i onMs - Duration (in milliseconds) DTMF was sent/received
® Direction

¢ Down
® Rsrvd
¢ O f Hook
® Dialing
®* Ring
® Ringing
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Cal |l erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
°
L]

® Received
® Sent
Class
DTMF
See Also
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Asterisk 13 ManagerEvent_EndpointDetail
EndpointDetail

Synopsis
Provide details about an endpoint section.
Description

Syntax

Event: EndpointDetai |

bj ect Type: <val ue>

Obj ect Nanme: <val ue>
Context: <val ue>

Di sal | ow. <val ue>

All ow. <val ue>

Dt nf Mode: <val ue>

Rt pl pv6: <val ue>

Rt pSymmetric: <val ue>

| ceSupport: <val ue>
UsePtime: <val ue>
ForceRport: <val ue>
RewriteContact: <val ue>
Transport: <val ue>

Qut boundPr oxy: <val ue>
MbhSuggest: <val ue>

100rel : <val ue>

Tinmers: <val ue>

Ti mersM nSe: <val ue>

Ti mer sSessExpi res: <val ue>
Aut h: <val ue>

Qut boundAut h: <val ue>
Aors: <val ue>

Medi aAddr ess: <val ue>

I dentifyBy: <val ue>

Di rect Medi a: <val ue>

Di rect Medi aMet hod: <val ue>
Connect edLi neMet hod: <val ue>
Direct Medi ad areM ti gation: <val ue>
Di sabl eDi rect Medi aOnNat : <val ue>
Cal lerid: <val ue>

Cal l eridPrivacy: <val ue>
Cal l eridTag: <val ue>
Trust|dl nbound: <val ue>
Trust | dQut bound: <val ue>
SendPai : <val ue>

SendRpi d: <val ue>

SendDi ver si on: <val ue>

Mai | boxes: <val ue>

Aggr egat eMni : <val ue>

Medi aEncryption: <val ue>
UseAvpf: <val ue>

For ceAvp: <val ue>

Medi aUseRecei vedTransport: <val ue>
OneTouchRecordi ng: <val ue>
| nbandPr ogress: <val ue>
Cal | Group: <val ue>

Pi ckupG oup: <val ue>
NanedCal | Group: <val ue>
NamedPi ckupG oup: <val ue>
Devi ceSt at eBusyAt: <val ue>
T38Udpt | : <val ue>

T38Udpt | Ec: <val ue>
T38Udpt | Maxdat agr am <val ue>
FaxDetect: <val ue>
T38Udpt | Nat: <val ue>
T38Udpt | | pv6: <val ue>
ToneZone: <val ue>
Language: <val ue>

Recor dOnFeat ure: <val ue>
Recor dOf f Feat ure: <val ue>
Al'l owTr ansfer: <val ue>
SdpOaner: <val ue>

SdpSessi on: <val ue>
TosAudi o: <val ue>

TosVi deo: <val ue>

CosAudi o: <val ue>

CosVi deo: <val ue>

Al | owSubscri be: <val ue>
SubM nExpiry: <val ue>
FromUser: <val ue>
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FronmDomai n:  <val ue>

Mn Fromser: <val ue>

Rt pEngi ne: <val ue>
DtlsVerify: <val ue>

Dt | sRekey: <val ue>
DtlsCertFile: <val ue>
Dt | sPrivateKey: <val ue>
Dt | sC pher: <val ue>

Dt | sCaFil e: <val ue>

Dt | sCaPat h: <val ue>

Dt | sSetup: <val ue>

Srt pTag32: <val ue>

Redi rect Met hod: <val ue>
Set Var: <val ue>
MessageCont ext: <val ue>
Account code: <val ue>
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Devi ceState: <val ue>
Acti veChannel s: <val ue>

Arguments

Obj ect Type - The object's type. This will always be 'endpoint'.

Obj ect Nane - The name of this object.

Cont ext - Dialplan context for inbound sessions

Di sal | ow- Media Codec(s) to disallow

Al | ow- Media Codec(s) to allow

Dt nf Mode - DTMF mode

Rt pl pv6 - Allow use of IPv6 for RTP traffic

Rt pSymmet ri c - Enforce that RTP must be symmetric

| ceSupport - Enable the ICE mechanism to help traverse NAT

UsePt i ne - Use Endpoint's requested packetisation interval

For ceRport - Force use of return port

Rewr i t eCont act - Allow Contact header to be rewritten with the source IP address-port
Transport - Desired transport configuration

Qut boundPr oxy - Proxy through which to send requests, a full SIP URI must be provided
MohSuggest - Default Music On Hold class

100r el - Allow support for RFC3262 provisional ACK tags

Ti mer s - Session timers for SIP packets

Ti mer sM nSe - Minimum session timers expiration period

Ti mer sSessExpi r es - Maximum session timer expiration period

Aut h - Authentication Object(s) associated with the endpoint

Qut boundAut h - Authentication object used for outbound requests

Aor s - AoR(s) to be used with the endpoint

Medi aAddr ess - IP address used in SDP for media handling

I dent i f yBy - Way(s) for Endpoint to be identified

Di r ect Medi a - Determines whether media may flow directly between endpoints.

Di r ect Medi aMet hod - Direct Media method type

Connect edLi neMet hod - Connected line method type

Di rect Medi ad areM ti gati on - Mitigation of direct media (re)INVITE glare

Di sabl eDi rect Medi aOnNat - Disable direct media session refreshes when NAT obstructs the media session
Cal | eri d - CallerID information for the endpoint

Cal | eri dPri vacy - Default privacy level

Cal | eri dTag - Internal id_tag for the endpoint

Trust | dl nbound - Accept identification information received from this endpoint

Trust | dCQut bound - Send private identification details to the endpoint.

SendPai - Send the P-Asserted-ldentity header

SendRpi d - Send the Remote-Party-ID header

SendDi ver si on - Send the Diversion header, conveying the diversion information to the called user agent
Mai | boxes - NOTIFY the endpoint when state changes for any of the specified mailboxes
Aggr egat eMr - Condense MWI notifications into a single NOTIFY.

Medi aEncr ypt i on - Determines whether res_pjsip will use and enforce usage of media encryption for this endpoint.
UseAvpf - Determines whether res_pjsip will use and enforce usage of AVPF for this endpoint.
For ceAvp - Determines whether res_pjsip will use and enforce usage of AVP, regardless of the RTP profile in use for this endpoint.
Medi aUseRecei vedTr ansport - Determines whether res_pjsip will use the media transport received in the offer SDP in the
corresponding answer SDP.

OneTouchRecor di ng - Determines whether one-touch recording is allowed for this endpoint.

I nbandPr ogr ess - Determines whether chan_pjsip will indicate ringing using inband progress.
Cal | Gr oup - The numeric pickup groups for a channel.

Pi ckupG oup - The numeric pickup groups that a channel can pickup.

NamedCal | G oup - The named pickup groups for a channel.

NanedPi ckupGr oup - The named pickup groups that a channel can pickup.

Devi ceSt at eBusyAt - The number of in-use channels which will cause busy to be returned as device state
T38Udpt | - Whether T.38 UDPTL support is enabled or not

T38Udpt | Ec - T.38 UDPTL error correction method

T38Udpt | Maxdat agr am- T.38 UDPTL maximum datagram size

FaxDet ect - Whether CNG tone detection is enabled

T38Udpt | Nat - Whether NAT support is enabled on UDPTL sessions

T38Udpt | | pv6 - Whether IPv6 is used for UDPTL Sessions

ToneZone - Set which country's indications to use for channels created for this endpoint.
Language - Set the default language to use for channels created for this endpoint.

Recor dOnFeat ur e - The feature to enact when one-touch recording is turned on.

Recor dOF f Feat ur e - The feature to enact when one-touch recording is turned off.

Al | owTr ansf er - Determines whether SIP REFER transfers are allowed for this endpoint
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SdpOwner - String placed as the username portion of an SDP origin (0=) line.

SdpSessi on - String used for the SDP session (s=) line.

TosAudi o - DSCP TOS bits for audio streams

TosVi deo - DSCP TOS bits for video streams

CosAudi o - Priority for audio streams

CosVi deo - Priority for video streams

Al | owSubscri be - Determines if endpoint is allowed to initiate subscriptions with Asterisk.
SubM nExpi ry - The minimum allowed expiry time for subscriptions initiated by the endpoint.
FromJser - Username to use in From header for requests to this endpoint.

Fr onDonwi n - Domain to user in From header for requests to this endpoint.

Mni Fr omser - Username to use in From header for unsolicited MWI NOTIFYs to this endpoint.

Rt pEngi ne - Name of the RTP engine to use for channels created for this endpoint

Dt | sVeri fy - Verify that the provided peer certificate is valid

Dt | sRekey - Interval at which to renegotiate the TLS session and rekey the SRTP session

Dt | sCert Fi | e - Path to certificate file to present to peer

Dt | sPri vat eKey - Path to private key for certificate file

Dt | sGi pher - Cipher to use for DTLS negotiation

Dt | sCaFi | e - Path to certificate authority certificate

Dt | sCaPat h - Path to a directory containing certificate authority certificates

Dt | sSet up - Whether we are willing to accept connections, connect to the other party, or both.
Srt pTag32 - Determines whether 32 byte tags should be used instead of 80 byte tags.

Redi r ect Met hod - How redirects received from an endpoint are handled

Set Var - Variable set on a channel involving the endpoint.

MessageCont ext - Context to route incoming MESSAGE requests to.

Account code - An accountcode to set automatically on any channels created for this endpoint.
Devi ceSt at e - The aggregate device state for this endpoint.

Act i veChannel s - The number of active channels associated with this endpoint.

COMMAND

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420717
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Asterisk 13 ManagerEvent_EndpointDetailComplete
EndpointDetailComplete

Synopsis
Provide final information about endpoint details.
Description

Syntax

Event: Endpoi nt Det ai | Conpl ete
Event Li st: <val ue>
Listltens: <val ue>

Arguments

® EventLi st
® Listltems

Class

COMMAND
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_EndpointList
EndpointList

Synopsis
Provide details about a contact's status.
Description

Syntax

Event: Endpoi ntLi st

bj ect Type: <val ue>

Obj ect Nanme: <val ue>
Transport: <val ue>

Aor: <val ue>

Aut hs: <val ue>

Qut boundAut hs: <val ue>
Devi ceState: <val ue>
ActiveChannel s: <val ue>

Arguments

Obj ect Type - The object's type. This will always be ‘endpoint'.

Obj ect Nane - The name of this object.

Transport - The transport configurations associated with this endpoint.

Aor - The aor configurations associated with this endpoint.

Aut hs - The inbound authentication configurations associated with this endpoint.

Devi ceSt at e - The aggregate device state for this endpoint.
Act i veChannel s - The number of active channels associated with this endpoint.

Class

COMMAND

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_EndpointListComplete

EndpointListComplete
Synopsis

Provide final information about an endpoint list.
Description

Syntax

Event: Endpoi ntLi st Conpl ete
Event Li st: <val ue>
Listltens: <val ue>

Arguments

® EventLi st
® Listltems

Class

COMMAND

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_ExtensionStateListComplete
ExtensionStateListComplete

Synopsis
Indicates the end of the list the current known extension states.
Description

Syntax

Event: ExtensionStatelListConplete
Event Li st: <val ue>
Listltens: <val ue>

Arguments

® Event Li st - Conveys the status of the event list.
® Listltemns - Conveys the number of statuses reported.

Class

COMMAND
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_ExtensionStatus
ExtensionStatus

Synopsis
Raised when a hint changes due to a device state change.
Description

Syntax

Event: ExtensionStatus
Exten: <val ue>

Cont ext: <val ue>

Hint: <val ue>

Status: <val ue>
StatusText: <val ue>

Arguments

Ext en

Cont ext

Hi nt

St at us

St at usText

Class

CALL
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_FailedACL

FailedACL

Synopsis

Raised

when a request violates an ACL check.

Description

Syntax

Event: FailedACL
Event TV: <val ue>
Severity: <val ue>
Service: <val ue>
Event Versi on: <val ue>
Account I D: <val ue>
Sessionl D: <val ue>
Local Address: <val ue>
Renot eAddr ess: <val ue>
[ Modul e:] <val ue>

[ ACLNanme:] <val ue>

[ SessionTV:] <val ue>

Arguments

Event TV - The time the event was detected.
Severity - Arelative severity of the security event.
® Informational
® Error
Ser vi ce - The Asterisk service that raised the security event.
Event Ver si on - The version of this event.
Account | D- The Service account associated with the security event notification.
Sessi onl D - A unique identifier for the session in the service that raised the event.
Local Addr ess - The address of the Asterisk service that raised the security event.

Renot eAddr ess - The remote address of the entity that caused the security event to be raised.

Mbdul e - If available, the name of the module that raised the event.
ACLNarne - If available, the name of the ACL that failed.
Sessi onTV - The timestamp reported by the session.

Class

SECURITY

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is
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Asterisk 13 ManagerEvent_FAXSession

FAXSession

Synopsis

Raised in response to FAXSession manager command
Description

Syntax

Event: FAXSession

[Actionl D] <val ue>

Sessi onNunber: <val ue>
Operation: <val ue>

State: <val ue>
[ErrorCorrectionhMde:] <val ue>
[ Dat aRate:] <val ue>

[ I mageResol ution:] <val ue>
[ PageNunber:] <val ue>

[Fil eNane:] <val ue>

[ PagesTransnmitted:] <val ue>
[ PagesRecei ved: ] <val ue>

[ Tot al BadLi nes:] <val ue>

Arguments

® ActionlD
Sessi onNunber - The numerical identifier for this particular session
® (perati on - FAX session operation type
® gat eway
V.21
send
receive
none
- Current state of the FAX session
Uninitialized
Initialized
Open

e
[ ]
[ ]
[ ]
® Active
[ ]
[ ]
[ ]
[ ]

® Stat

Conpl et e
Reser ved
I nactive
Unknown
® ErrorCorrecti onMbde - Whether error correcting mode is enabled for the FAX session. This field is not included when operation is
'V.21 Detect' or if operation is 'gateway' and state is 'Uninitialized'
® yes
® no
® Dat aRat e - Bit rate of the FAX. This field is not included when operation is 'V.21 Detect' or if operation is 'gateway' and state is
‘Uninitialized'.
* | mageResol uti on - Resolution of each page of the FAX. Will be in the format of X_RESxY_RES. This field is not included if the
operation is anything other than Receive/Transmit.
® PageNunber - Current number of pages transferred during this FAX session. May change as the FAX progresses. This field is not
included when operation is 'V.21 Detect' or if operation is ‘gateway' and state is 'Uninitialized'".
* Fi | eNane - Filename of the image being sent/recieved for this FAX session. This field is not included if Operation isn't 'send' or 'receive'.
® PagesTransnitted - Total number of pages sent during this session. This field is not included if Operation isn't 'send' or ‘receive’. Will
always be 0 for 'receive'.
® PagesRecei ved - Total number of pages received during this session. This field is not included if Operation is not 'send' or ‘receive’. Will
be 0 for 'send'.
® Tot al BadLi nes - Total number of bad lines sent/recieved during this session. This field is not included if Operation is not 'send' or
‘received'.

Class

REPORTING

See Also

Import Version
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Asterisk 13 ManagerEvent_FAXSessionsComplete
FAXSessionsComplete

Synopsis

Raised when all FAXSession events are completed for a FAXSessions command

Description

Syntax

Event: FAXSessi onsConpl ete
[Actionl D] <val ue>
Total : <val ue>

Arguments

® ActionlD
® Tot al - Count of FAXSession events sent in response to FAXSessions action

Class
CALL
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent FAXSessionsEntry
FAXSessionsEntry

Synopsis
A single list item for the FAXSessions AMI command
Description

Syntax

Event: FAXSessionsEntry
[Actionl D] <val ue>
Channel : <val ue>
Technol ogy: <val ue>
Sessi onNunber: <val ue>
Sessi onType: <val ue>
Oper ation: <val ue>
State: <val ue>

Files: <val ue>

Arguments

Actionl D
Channel - Name of the channel responsible for the FAX session
Technol ogy - The FAX technology that the FAX session is using
Sessi onNumber - The numerical identifier for this particular session
Sessi onType - FAX session passthru/relay type
* G711
® T.38
® (perati on - FAX session operation type
® gat eway
V. 21
send
receive
none
- Current state of the FAX session
Uninitialized
Initialized
Open

e
[ ]
[ ]
[ ]
® Active
[ ]
[ ]
[ ]
[ ]

® Stat

Conpl et e
Reserved
I nactive
Unknown
® Fil es - File or list of files associated with this FAX session

Class

REPORTING
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent FAXStats
FAXStats

Synopsis
Raised in response to FAXStats manager command
Description

Syntax

Event: FAXStats

[Actionl D] <val ue>
Current Sessi ons: <val ue>
ReservedSessi ons: <val ue>
Transmit Attenpts: <val ue>
Recei veAttenpts: <val ue>
Conpl et edFAXes: <val ue>
Fai | edFAXes: <val ue>

Arguments
® ActionlD
® Current Sessi ons - Number of active FAX sessions
® ReservedSessi ons - Number of reserved FAX sessions
® Transm t Att enpt s - Total FAX sessions for which Asterisk is/was the transmitter
® Recei veAtt enpt s - Total FAX sessions for which Asterisk is/was the recipient
® Conpl et edFAXes - Total FAX sessions which have been completed successfully
°

Fai | edFAXes - Total FAX sessions which failed to complete successfully

Class

REPORTING
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_FAXStatus
FAXStatus

Synopsis
Raised periodically during a fax transmission.
Description

Syntax

Event: FAXStatus

Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>
Operation: <val ue>
Status: <val ue>

Local Stationl D: <val ue>

Fi |l eName: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

® Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Cal |l er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uniqueid
® (Qperation
® gat eway
® receive
® send

® St at us - A text message describing the current status of the fax
® Local Stationl D- The value of the LOCALSTATI ONI D channel variable
® Fi | eName - The files being affected by the fax operation

Class

CALL
See Also

Import Version
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Asterisk 13 ManagerEvent_FullyBooted
FullyBooted

Synopsis
Raised when all Asterisk initialization procedures have finished.
Description

Syntax

Event: Ful | yBoot ed
Status: <val ue>

Arguments

® Stat us - Informational message

Class

SYSTEM

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_Hangup
Hangup

Synopsis
Raised when a channel is hung up.
Description

Syntax

Event: Hangup

Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Cause: <val ue>

Cause-txt: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

Cause - A numeric cause code for why the channel was hung up.
Cause-t xt - A description of why the channel was hung up.

® Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Cal |l er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uniqueid
[ ]
L ]

Class

CALL
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.

327



Asterisk 13 ManagerEvent_HangupHandlerPop
HangupHandlerPop

Synopsis
Raised when a hangup handler is removed from the handler stack by the CHANNEL() function.
Description

Syntax

Event: HangupHandl er Pop
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Handl er: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
¢ O f Hook
® Dialing
®* Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
® Handl er - Hangup handler parameter string passed to the Gosub application.
Class
DIALPLAN
See Also

® Asterisk 13 ManagerEvent_HangupHandlerPush
® Asterisk 13 Function_ CHANNEL

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_HangupHandlerPush
HangupHandlerPush

Synopsis
Raised when a hangup handler is added to the handler stack by the CHANNEL() function.
Description

Syntax

Event: HangupHandl er Push
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Handl er: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
¢ O f Hook
® Dialing
®* Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
® Handl er - Hangup handler parameter string passed to the Gosub application.
Class
DIALPLAN
See Also

® Asterisk 13 ManagerEvent_HangupHandlerPop
® Asterisk 13 Function_ CHANNEL

Import Version
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Asterisk 13 ManagerEvent_HangupHandlerRun
HangupHandlerRun

Synopsis
Raised when a hangup handler is about to be called.
Description

Syntax

Event: HangupHandl er Run
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Handl er: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
¢ O f Hook
® Dialing
®* Ring
® Ringing
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Cal |l erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
°

Handl er - Hangup handler parameter string passed to the Gosub application.

Class

DIALPLAN
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_HangupRequest
HangupRequest

Synopsis
Raised when a hangup is requested.
Description

Syntax

Event: HangupRequest
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Cause: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
¢ O f Hook
® Dialing
®* Ring
® Ringing
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Cal |l erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
°

Cause - A numeric cause code for why the channel was hung up.

Class

CALL
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_Hold

Hold

Synopsis

Raised when a channel goes on hold.
Description

Syntax

Event: Hold

Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Misi cCl ass: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
¢ O f Hook
® Dialing
®* Ring
® Ringing
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Cal |l erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
°

Musi cd ass - The suggested MusicClass, if provided.

Class

CALL
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_ldentifyDetail
IdentifyDetail

Synopsis
Provide details about an identify section.
Description

Syntax

Event: IdentifyDetail
bj ect Type: <val ue>
Obj ect Nanme: <val ue>
Endpoi nt: <val ue>

Mat ch: <val ue>

Endpoi nt Nanme: <val ue>

Arguments

Ohj ect Type - The object's type. This will always be ‘identify".

Obj ect Nane - The name of this object.

Endpoi nt - Name of Endpoint

Mat ch - IP addresses or networks to match against

Endpoi nt Nane - The name of the endpoint associated with this information.

Class

COMMAND
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_InvalidAccountID
InvalidAccountID

Synopsis
Raised when a request fails an authentication check due to an invalid account ID.
Description

Syntax

Event: |nvalidAccount|D
Event TV: <val ue>
Severity: <val ue>
Service: <val ue>

Event Versi on: <val ue>
Account I D: <val ue>
Sessionl D: <val ue>
Local Address: <val ue>
Renot eAddr ess: <val ue>
[ Modul e:] <val ue>

[ SessionTV:] <val ue>

Arguments

® Event TV - The time the event was detected.
® Severity - Arelative severity of the security event.
® Informational
® Error
Ser vi ce - The Asterisk service that raised the security event.
Event Ver si on - The version of this event.
Account | D- The Service account associated with the security event notification.
Sessi onl D - A unique identifier for the session in the service that raised the event.
Local Addr ess - The address of the Asterisk service that raised the security event.

Modul e - If available, the name of the module that raised the event.
Sessi onTV - The timestamp reported by the session.

Class

SECURITY
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.

Renot eAddr ess - The remote address of the entity that caused the security event to be raised.
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Asterisk 13 ManagerEvent_InvalidPassword
InvalidPassword

Synopsis
Raised when a request provides an invalid password during an authentication attempt.
Description

Syntax

Event: |nvalidPassword
Event TV: <val ue>
Severity: <val ue>
Service: <val ue>

Event Versi on: <val ue>
Account I D: <val ue>
Sessionl D: <val ue>
Local Address: <val ue>
Renot eAddr ess: <val ue>
[ Modul e:] <val ue>

[ SessionTV:] <val ue>

[ Chal | enge:] <val ue>

[ Recei vedChal | enge:] <val ue>
[ Reci evedHash:] <val ue>

Arguments

® Event TV - The time the event was detected.
® Severity - A relative severity of the security event.
® Informational
® Error
Ser vi ce - The Asterisk service that raised the security event.
Event Ver si on - The version of this event.
Account | D- The Service account associated with the security event notification.
Sessi onl D - A unique identifier for the session in the service that raised the event.
Local Addr ess - The address of the Asterisk service that raised the security event.

Modul e - If available, the name of the module that raised the event.
Sessi onTV - The timestamp reported by the session.

Chal | enge - The challenge that was sent.

Recei vedChal | enge - The challenge that was received.

Reci evedHash - The hash that was received.

Class

SECURITY
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.

Renot eAddr ess - The remote address of the entity that caused the security event to be raised.
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Asterisk 13 ManagerEvent_InvalidTransport
InvalidTransport

Synopsis
Raised when a request attempts to use a transport not allowed by the Asterisk service.
Description

Syntax

Event: InvalidTransport
Event TV: <val ue>
Severity: <val ue>
Service: <val ue>

Event Versi on: <val ue>
Account I D: <val ue>
Sessionl D: <val ue>
Local Address: <val ue>
Renot eAddr ess: <val ue>
Attenpt edTransport: <val ue>
[ Modul e:] <val ue>

[ SessionTV:] <val ue>

Arguments

® Event TV - The time the event was detected.
® Severity - Arelative severity of the security event.
® Informational
® Error
Ser vi ce - The Asterisk service that raised the security event.
Event Ver si on - The version of this event.
Account | D- The Service account associated with the security event notification.
Sessi onl D - A unique identifier for the session in the service that raised the event.
Local Addr ess - The address of the Asterisk service that raised the security event.

At t enpt edTr ansport - The transport type that the request attempted to use.
Mbdul e - If available, the name of the module that raised the event.
Sessi onTV - The timestamp reported by the session.

Class

SECURITY
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.

Renot eAddr ess - The remote address of the entity that caused the security event to be raised.
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Asterisk 13 ManagerEvent_LoadAverageLimit
LoadAverageLimit

Synopsis
Raised when a request fails because a configured load average limit has been reached.
Description

Syntax

Event: LoadAveragelLimit
Event TV: <val ue>
Severity: <val ue>
Service: <val ue>

Event Versi on: <val ue>
Account I D: <val ue>
Sessionl D: <val ue>
Local Address: <val ue>
Renot eAddr ess: <val ue>
[ Modul e:] <val ue>

[ SessionTV:] <val ue>

Arguments

® Event TV - The time the event was detected.
® Severity - Arelative severity of the security event.
® Informational
® Error
Ser vi ce - The Asterisk service that raised the security event.
Event Ver si on - The version of this event.
Account | D- The Service account associated with the security event notification.
Sessi onl D - A unique identifier for the session in the service that raised the event.
Local Addr ess - The address of the Asterisk service that raised the security event.

Modul e - If available, the name of the module that raised the event.
Sessi onTV - The timestamp reported by the session.

Class

SECURITY
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.

Renot eAddr ess - The remote address of the entity that caused the security event to be raised.
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Asterisk 13 ManagerEvent_LocalBridge
LocalBridge

Synopsis
Raised when two halves of a Local Channel form a bridge.
Description

Syntax

Event: Local Bridge

Local OneChannel : <val ue>

Local OneChannel State: <val ue>
Local OneChannel St at eDesc: <val ue>
Local OneCal | er | DNum <val ue>
Local OneCal | er | DNane: <val ue>
Local OneConnect edLi neNum <val ue>
Local OneConnect edLi neName: <val ue>
Local OneAccount Code: <val ue>
Local OneCont ext: <val ue>

Local OneExten: <val ue>

Local OnePriority: <val ue>

Local OneUni quei d: <val ue>

Local TwoChannel : <val ue>

Local TwoChannel State: <val ue>
Local TwoChannel St at eDesc: <val ue>
Local TwoCal | er | DNum <val ue>
Local TwoCal | er | DNanme: <val ue>
Local TwoConnect edLi neNum <val ue>
Local TwoConnect edLi neNanme: <val ue>
Local TwoAccount Code: <val ue>
Local TwoCont ext: <val ue>

Local TwoExt en: <val ue>

Local TwoPriority: <val ue>

Local TwoUni quei d: <val ue>
Context: <val ue>

Exten: <val ue>

Local Optim zation: <val ue>

Arguments

® Local OneChannel

® Local OneChannel St at e - A numeric code for the channel's current state, related to LocalOneChannelStateDesc
® |ocal OneChannel St at eDesc
Down

Rsrvd

O f Hook

Di al i ng

Ri ng

Ri ngi ng

Up

Busy

Di al i ng O f hook
Pre-ring

Unknown

Local OneCal | er | DNum

Local OneCal | er | DNare
Local OneConnect edLi neNum
Local OneConnect edLi neNanme
Local OneAccount Code

Local OneCont ext

Local OneExt en

Local OnePriority

Local OneUni quei d

Local TwoChannel

Local TwoChannel St at e - A numeric code for the channel's current state, related to LocalTwoChannelStateDesc
Local TwoChannel St at eDesc
Down

Rsrvd

O f Hook

Di al i ng

Ri ng

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Class

CALL

® Ringing

* U

® Busy

® Dialing Ofhook

® Pre-ring

¢ Unknown

Local TwoCal | er | DNum

Local TwoCal | er | DNanme
Local TwoConnect edLi neNum
Local TwoConnect edLi neNane
Local TwoAccount Code

Local TwoCont ext

Local TwoExt en

Local TwoPriority

Local TwoUni quei d

Cont ext - The context in the dialplan that Channel2 starts in.
Ext en - The extension in the dialplan that Channel2 starts in.

Local Opti m zati on
® Yes
®* No

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_LocalOptimizationBegin
LocalOptimizationBegin

Synopsis
Raised when two halves of a Local Channel begin to optimize themselves out of the media path.
Description

Syntax

Event: Local Opti ni zationBegin
Local OneChannel : <val ue>

Local OneChannel State: <val ue>
Local OneChannel St at eDesc: <val ue>
Local OneCal | er | DNum <val ue>
Local OneCal | er | DNane: <val ue>
Local OneConnect edLi neNum <val ue>
Local OneConnect edLi neName: <val ue>
Local OneAccount Code: <val ue>
Local OneCont ext: <val ue>

Local OneExten: <val ue>

Local OnePriority: <val ue>

Local OneUni quei d: <val ue>

Local TwoChannel : <val ue>

Local TwoChannel State: <val ue>
Local TwoChannel St at eDesc: <val ue>
Local TwoCal | er | DNum <val ue>
Local TwoCal | er | DNanme: <val ue>
Local TwoConnect edLi neNum <val ue>
Local TwoConnect edLi neNanme: <val ue>
Local TwoAccount Code: <val ue>
Local TwoCont ext: <val ue>

Local TwoExt en: <val ue>

Local TwoPriority: <val ue>

Local TwoUni quei d: <val ue>

Sour ceChannel : <val ue>

Sour ceChannel State: <val ue>

Sour ceChannel St at eDesc: <val ue>
Sour ceCal | er | DNum <val ue>

Sour ceCal | er | DName: <val ue>

Sour ceConnect edLi neNum  <val ue>
Sour ceConnect edLi neNare: <val ue>
Sour ceAccount Code: <val ue>

Sour ceCont ext: <val ue>

Sour ceExt en: <val ue>
SourcePriority: <val ue>

Sour ceUni quei d: <val ue>

Dest Uni quel d: <val ue>

Id: <val ue>

Arguments

® Local OneChannel

® Local OneChannel St at e - A numeric code for the channel's current state, related to LocalOneChannelStateDesc
® Local OneChannel St at eDesc
Down

Rsrvd

O f Hook

Di al i ng

Ri ng

Ri ngi ng

Up

Busy

Di al i ng O f hook
Pre-ring

Unknown

Local OneCal | er | DNum

Local OneCal | er | DNane
Local OneConnect edLi neNum
Local OneConnect edLi neNane
Local OneAccount Code

Local OneCont ext

Local OneExt en

Local OnePriority

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Local OneUni quei d
Local TwoChannel
Local TwoChannel St at e - A numeric code for the channel's current state, related to LocalTwoChannelStateDesc
Local TwoChannel St at eDesc
Down
Rsrvd
O f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
Local TwoCal | er | DNum
Local TwoCal | er | DNanme
Local TwoConnect edLi neNum
Local TwoConnect edLi neNane
Local TwoAccount Code
Local TwoCont ext
Local TwoExt en
Local TwoPriority
Local TwoUni quei d
Sour ceChannel
Sour ceChannel St at e - A numeric code for the channel's current state, related to SourceChannelStateDesc
Sour ceChannel St at eDesc
¢ Down
Rsrvd
O f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
Sour ceCal | er | DNum
Sour ceCal | er | DNare
Sour ceConnect edLi neNum
Sour ceConnect edLi neNanme
Sour ceAccount Code
Sour ceCont ext
Sour ceExt en
SourcePriority
Sour ceUni quei d
Dest Uni quel d - The unique ID of the bridge into which the local channel is optimizing.
I d - Identification for the optimization operation.

Class

CALL

See Also

® Asterisk 13 ManagerEvent_LocalOptimizationEnd
® Asterisk 13 ManagerAction_LocalOptimizeAway

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_LocalOptimizationEnd
LocalOptimizationEnd

Synopsis
Raised when two halves of a Local Channel have finished optimizing themselves out of the media path.
Description

Syntax

Event: Local Opti mi zati onEnd

Local OneChannel : <val ue>

Local OneChannel State: <val ue>
Local OneChannel St at eDesc: <val ue>
Local OneCal | er | DNum <val ue>
Local OneCal | er | DNane: <val ue>
Local OneConnect edLi neNum <val ue>
Local OneConnect edLi neName: <val ue>
Local OneAccount Code: <val ue>
Local OneCont ext: <val ue>

Local OneExten: <val ue>

Local OnePriority: <val ue>

Local OneUni quei d: <val ue>

Local TwoChannel : <val ue>

Local TwoChannel State: <val ue>
Local TwoChannel St at eDesc: <val ue>
Local TwoCal | er | DNum <val ue>

Local TwoCal | er | DNanme: <val ue>
Local TwoConnect edLi neNum <val ue>
Local TwoConnect edLi neNanme: <val ue>
Local TwoAccount Code: <val ue>

Local TwoCont ext: <val ue>

Local TwoExt en: <val ue>

Local TwoPriority: <val ue>

Local TwoUni quei d: <val ue>
Success: <val ue>

Id: <val ue>

Arguments

® Local OneChannel

® Local OneChannel St at e - A numeric code for the channel's current state, related to LocalOneChannelStateDesc
® Local OneChannel St at eDesc
Down

Rsrvd

O f Hook

Di al i ng

Ri ng

Ri ngi ng

Up

Busy

Di al i ng O f hook
Pre-ring

Unknown

Local OneCal | er | DNum

Local OneCal | er | DNanme
Local OneConnect edLi neNum
Local OneConnect edLi neNane
Local OneAccount Code

Local OneCont ext

Local OneExt en

Local OnePriority

Local OneUni quei d

Local TwoChannel

Local TwoChannel St at e - A numeric code for the channel's current state, related to LocalTwoChannelStateDesc
Local TwoChannel St at eDesc
Down

Rsrvd

O f Hook

Di al i ng

Ri ng
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Class

CALL

See Also

® Asterisk 13 ManagerEvent_LocalOptimizationBegin
® Asterisk 13 ManagerAction_LocalOptimizeAway

Ri ngi ng

Up

Busy

Di al i ng O f hook
Pre-ring
Unknown

Local TwoCal | er | DNum
Local TwoCal | er | DName
Local TwoConnect edLi neNum
Local TwoConnect edLi neName
Local TwoAccount Code
Local TwoCont ext
Local TwoExt en

Local TwoPriority
Local TwoUni quei d
Success - Indicates whether the local optimization succeeded.

I d - Identification for the optimization operation. Matches the Id from a previous Local Opti m zati onBegi n

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_LogChannel
LogChannel

Synopsis
Raised when a logging channel is re-enabled after a reload operation.
Description

Syntax

Event: LogChannel
Channel : <val ue>
Enabl ed: <val ue>

Arguments

® Channel - The name of the logging channel.
® Enabl ed

Class

SYSTEM

See Also

Synopsis

Raised when a logging channel is disabled.
Description

Syntax

Event: LogChannel
Channel : <val ue>
Enabl ed: <val ue>
Reason: <val ue>

Arguments

® Channel - The name of the logging channel.
® Enabl ed
® Reason

Class

SYSTEM
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_MCID
MCID

Synopsis
Published when a malicious call ID request arrives.
Description

Syntax

Event: MCID

Channel : <val ue>

Channel State: <val ue>

Channel St at eDesc: <val ue>

Cal | erl DNum <val ue>

Cal | er| DName: <val ue>

Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>

Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

MCal | er | DNunVal i d:  <val ue>
MCal | er | DNum  <val ue>

MCal | erI Dton: <val ue>

MCal | er | DNunPl an: <val ue>

MCal | er | DNunPres: <val ue>

MCal | er | DNaneVal i d: <val ue>
MCal | er | DNane: <val ue>

MCal | er | DNaneChar Set: <val ue>
MCal | er | DNanePres: <val ue>
MCal | er | DSubaddr: <val ue>

MCal | er | DSubaddr Type: <val ue>
MCal | er | DSubaddr Gdd: <val ue>
MCal | er | DPres: <val ue>
MConnect edl DNunval i d: <val ue>
MConnect edl DNum  <val ue>
MConnect edl Dt on: <val ue>
MConnect edl DNunPl an: <val ue>
MConnect edl DNunPres: <val ue>
MConnect edl DNaneVal i d: <val ue>
MConnect edl DNane: <val ue>
MConnect edl DNaneChar Set: <val ue>
MConnect edl DNanePres: <val ue>
MConnect edl DSubaddr: <val ue>
MConnect edl DSubaddr Type: <val ue>
MConnect edl DSubaddr Odd: <val ue>
MConnect edl DPres: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNanme
® Account Code
¢ Cont ext
® Exten
® Priority

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Class

CALL

Uni quei d

MCal | er | DNunval i d
MCal | er | DNum

MCal | er | Dt on

MCal | er | DNunPl an

MCal | er | DNunPr es

MCal | er | DNaneVal i d
MCal | er | DNane

MCal | er | DNanmeChar Set
MCal | er | DNanePr es
MCal | er | DSubaddr

MCal | er | DSubaddr Type
MCal | er | DSubaddr Gdd
MCal | er | DPr es
MConnect edl DNunval i d
MConnect edl DNum
MConnect edl Dt on
MConnect edl DNunPl an
MConnect edl DNunPr es
MConnect edl DNaneVal i d
MConnect edl DNane

MConnect edl DNanmeChar Set

MConnect edl DNanePr es
MConnect edl DSubaddr

MConnect edl DSubaddr Type
MConnect edl DSubaddr Cdd

MConnect edl DPr es

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_MeetmeEnd
MeetmeEnd

Synopsis
Raised when a MeetMe conference ends.
Description

Syntax

Event: Meet neEnd
Meet me: <val ue>

Arguments

®* Meet me - The identifier for the MeetMe conference.

Class

CALL

See Also

® Asterisk 13 ManagerEvent_MeetmeJoin

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_MeetmeJoin
MeetmeJoin

Synopsis
Raised when a user joins a MeetMe conference.
Description

Syntax

Event: MeetneJoin

Meet me: <val ue>

Usernum <val ue>

Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Arguments

Meet e - The identifier for the MeetMe conference.
User num- The identifier of the MeetMe user who joined.
Channel
Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
Channel St at eDesc
¢ Down
Rsrvd
O f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
Cal | erl DNum
Cal | er | DNare
Connect edLi neNum
Connect edLi neNare
Account Code
Cont ext
Ext en
Priority
Uni quei d

Class

CALL

See Also

® Asterisk 13 ManagerEvent_MeetmelLeave
® Asterisk 13 Application_MeetMe

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_MeetmelLeave
MeetmeLeave

Synopsis
Raised when a user leaves a MeetMe conference.
Description

Syntax

Event: Meet neLeave

Meet me: <val ue>

Usernum <val ue>

Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>
Duration: <val ue>

Arguments

Meet e - The identifier for the MeetMe conference.
User num- The identifier of the MeetMe user who joined.
Channel
Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
Channel St at eDesc
¢ Down
Rsrvd
O f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
Cal | er | DNum
Cal | er | DNarre
Connect edLi neNum
Connect edLi neNare
Account Code
Cont ext
Ext en
Priority
Uni quei d
Dur at i on - The length of time in seconds that the Meetme user was in the conference.

Class

CALL

See Also

® Asterisk 13 ManagerEvent_MeetmeJoin

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_MeetmeMute
MeetmeMute

Synopsis
Raised when a MeetMe user is muted or unmuted.
Description

Syntax

Event: MeetneMite

Meet me: <val ue>

Usernum <val ue>

Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>
Duration: <val ue>

Status: <val ue>

Arguments

Meet e - The identifier for the MeetMe conference.
User num- The identifier of the MeetMe user who joined.
Channel
Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
Channel St at eDesc
¢ Down
Rsrvd
O f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
Cal | er | DNum
Cal | er | DNare
Connect edLi neNum
Connect edLi neNare
Account Code
Cont ext
Ext en
Priority
Uni quei d
Dur at i on - The length of time in seconds that the Meetme user has been in the conference at the time of this event.
St at us
® on
® off

Class

CALL
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_MeetmeTalking
MeetmeTalking

Synopsis
Raised when a MeetMe user begins or ends talking.
Description

Syntax

Event: Meet neTal ki ng

Meet me: <val ue>

Usernum <val ue>

Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>
Duration: <val ue>

Status: <val ue>

Arguments

Meet e - The identifier for the MeetMe conference.
User num- The identifier of the MeetMe user who joined.
Channel
Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
Channel St at eDesc
¢ Down
Rsrvd
O f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
Cal | er | DNum
Cal | er | DNare
Connect edLi neNum
Connect edLi neNare
Account Code
Cont ext
Ext en
Priority
Uni quei d
Dur at i on - The length of time in seconds that the Meetme user has been in the conference at the time of this event.
St at us
® on
® off

Class

CALL
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_MeetmeTalkRequest
MeetmeTalkRequest

Synopsis
Raised when a MeetMe user has started talking.
Description

Syntax

Event: Meet neTal kRequest
Meet me: <val ue>

Usernum <val ue>

Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>
Duration: <val ue>

Status: <val ue>

Arguments

Meet e - The identifier for the MeetMe conference.
User num- The identifier of the MeetMe user who joined.
Channel
Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
Channel St at eDesc
¢ Down
Rsrvd
O f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
Cal | er | DNum
Cal | er | DNare
Connect edLi neNum
Connect edLi neNare
Account Code
Cont ext
Ext en
Priority
Uni quei d
Dur at i on - The length of time in seconds that the Meetme user has been in the conference at the time of this event.
St at us
® on
® off

Class

CALL
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_MemoryLimit
MemoryLimit

Synopsis
Raised when a request fails due to an internal memory allocation failure.
Description

Syntax

Event: MenoryLimit
Event TV: <val ue>
Severity: <val ue>
Service: <val ue>
Event Versi on: <val ue>
Account I D: <val ue>
Sessionl D: <val ue>
Local Address: <val ue>
Renot eAddr ess: <val ue>
[ Modul e:] <val ue>

[ SessionTV:] <val ue>

Arguments

® Event TV - The time the event was detected.
® Severity - Arelative severity of the security event.
® Informational
® Error
Ser vi ce - The Asterisk service that raised the security event.
Event Ver si on - The version of this event.
Account | D- The Service account associated with the security event notification.
Sessi onl D - A unique identifier for the session in the service that raised the event.
Local Addr ess - The address of the Asterisk service that raised the security event.

Modul e - If available, the name of the module that raised the event.
Sessi onTV - The timestamp reported by the session.

Class

SECURITY
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.

Renot eAddr ess - The remote address of the entity that caused the security event to be raised.
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Asterisk 13 ManagerEvent_MessageWaiting
MessageWaiting

Synopsis

Raised when the state of messages in a voicemail mailbox has changed or when a channel has finished interacting with a mailbox.

Description

Note
The Channel related parameters are only present if a channel was involved in the manipulation of a mailbox. If no channel is involved, the
parameters are not included with the event.

Syntax

Event: MessageWaiting
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Mai | box: <val ue>

Wai ting: <val ue>

New. <val ue>

ad: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

Mai | box - The mailbox with the new message, specified as nai | box@cont ext
Wi ti ng - Whether or not the mailbox has messages waiting for it.

New - The number of new messages.

® d d - The number of old messages.

® Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call er| DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uniqueid
[ ]
L ]
[ ]

Class

CALL

See Also

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_MiniVoiceMail
MiniVoiceMail

Synopsis

Raised when a natification is sent out by a MiniVoiceMail application
Description

Syntax

Event: M ni Voi ceMai |
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Action: <val ue>

Mai | box: <val ue>

Counter: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

Act i on - What action was taken. Currently, this will always be Sent Noti fi cati on
Mai | box - The mailbox that the notification was about, specified as mai | box@cont ext
Count er - A message counter derived from the MVM_COUNTER channel variable.

¢ Down
® Rsrvd
¢ O f Hook
® Dialing
®* Ring
® Ringing
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Cal |l erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
°
L]
L]

Class

CALL
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_MonitorStart
MonitorStart

Synopsis
Raised when monitoring has started on a channel.
Description

Syntax

Event: MnitorStart
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uniqueid
Class
CALL
See Also

® Asterisk 13 ManagerEvent_MonitorStop
® Asterisk 13 Application_Monitor
® Asterisk 13 ManagerAction_Monitor

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_MonitorStop
MonitorStop

Synopsis
Raised when monitoring has stopped on a channel.
Description

Syntax

Event: Monitor Stop
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uniqueid
Class
CALL
See Also

® Asterisk 13 ManagerEvent_MonitorStart
® Asterisk 13 Application_StopMonitor
® Asterisk 13 ManagerAction_StopMonitor

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.

358



Asterisk 13 ManagerEvent_MusicOnHoldStart
MusicOnHoldStart

Synopsis
Raised when music on hold has started on a channel.
Description

Syntax

Event: MusicOnHol dStart
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Cl ass: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
¢ O f Hook
® Dialing
®* Ring
® Ringing
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Cal |l erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid

® d ass - The class of music being played on the channel

Class

CALL

See Also

® Asterisk 13 ManagerEvent_MusicOnHoldStop
® Asterisk 13 Application_MusicOnHold

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_MusicOnHoldStop
MusicOnHoldStop

Synopsis
Raised when music on hold has stopped on a channel.
Description

Syntax

Event: Misi cOnHol dSt op
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uniqueid
Class
CALL
See Also

® Asterisk 13 ManagerEvent_MusicOnHoldStart
® Asterisk 13 Application_StopMusicOnHold

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_ MWIGet
MWIGet

Synopsis
Raised in response to a MWIGet command.
Description

Syntax

Event: MA Get
[Actionl D] <val ue>
Mai | box: <val ue>

a dMessages: <val ue>
NewMessages: <val ue>

Arguments

Actionl D
Mai | box - Specific mailbox ID.
A dMessages - The number of old messages in the mailbox.

L]
L]
°
®* Newivessages - The number of new messages in the mailbox.

Class

REPORTING

See Also

® Asterisk 13 ManagerAction_MWIGet

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 361



Asterisk 13 ManagerEvent_ MWIGetComplete
MWIGetComplete

Synopsis
Raised in response to a MWIGet command.
Description

Syntax

Event: MA Get Conpl ete
[Actionl D] <val ue>
Event List: <val ue>
Listltens: <val ue>

Arguments
® ActionlD

® Event Li st
® Listltens - The number of mailboxes reported.

Class

REPORTING

See Also

® Asterisk 13 ManagerAction_MWIGet

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_NewAccountCode
NewAccountCode

Synopsis
Raised when a Channel's AccountCode is changed.
Description

Syntax

Event: NewAccount Code
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

a dAccount Code: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
¢ O f Hook
® Dialing
®* Ring
® Ringing
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Cal |l erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid

® (d dAccount Code - The channel's previous account code

Class

CALL
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_NewCallerid
NewCallerid

Synopsis
Raised when a channel receives new Caller ID information.
Description

Syntax

Event: NewCallerid

Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

CID-Cal lingPres: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
¢ O f Hook
® Dialing
®* Ring
® Ringing
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Cal |l erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
°

Cl D- Cal I i ngPr es - A description of the Caller ID presentation.

Class

CALL
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_Newchannel
Newchannel

Synopsis
Raised when a new channel is created.
Description

Syntax

Event: Newchannel

Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uniqueid
Class
CALL
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_NewExten
NewExten

Synopsis
Raised when a channel enters a new context, extension, priority.
Description

Syntax

Event: NewExten

Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Ext ensi on: <val ue>

Appl i cation: <val ue>
AppDat a: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

Ext ensi on - Deprecated in 12, but kept for backward compatability. Please use 'Exten’ instead.
Appl i cat i on - The application about to be executed.
AppDat a - The data to be passed to the application.

¢ Down
® Rsrvd
¢ O f Hook
® Dialing
®* Ring
® Ringing
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Cal |l erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
°
L]
L]

Class

DIALPLAN
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_Newstate
Newstate

Synopsis
Raised when a channel's state changes.
Description

Syntax

Event: Newstate

Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uniqueid
Class
CALL
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_OriginateResponse
OriginateResponse

Synopsis
Raised in response to an Originate command.
Description

Syntax

Event: Origi nat eResponse
[Actionl D] <val ue>
Resonse: <val ue>

Channel : <val ue>

Cont ext: <val ue>

Exten: <val ue>

Reason: <val ue>

Uni quei d: <val ue>

Cal | erI DNum <val ue>

Cal | er| DName: <val ue>

Arguments

® ActionlD
® Resonse
® Failure
® Success
Channel
Cont ext
Ext en
Reason
Uni quei d
Cal | er | DNum
Cal | er | DNane

Class

CALL

See Also

® Asterisk 13 ManagerAction_Originate

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_ParkedCall

ParkedCall

Synopsis

Raised when a channel is parked.
Description

Syntax

Event: ParkedCal |

Par keeChannel : <val ue>

Par keeChannel State: <val ue>

Par keeChannel St at eDesc: <val ue>
Par keeCal | er | DNum <val ue>

Par keeCal | er | DNane: <val ue>

Par keeConnect edLi neNum <val ue>
Par keeConnect edLi neNane: <val ue>
Par keeAccount Code: <val ue>

Par keeCont ext: <val ue>

Par keeExt en: <val ue>

Par keePriority: <value>

Par keeUni quei d: <val ue>

Par ker Di al String: <val ue>

Par ki ngl ot : <val ue>

Par ki ngSpace: <val ue>

Par ki ngTi meout : <val ue>

Par ki ngDur ati on: <val ue>

Arguments

® Par keeChannel
® Par keeChannel St at e - A numeric code for the channel's current state, related to ParkeeChannelStateDesc
® Par keeChannel St at eDesc
¢ Down
Rsrvd
O f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
Par keeCal | er | DNum
Par keeCal | er | DNane
Par keeConnect edLi neNum
Par keeConnect edLi neNane
Par keeAccount Code
Par keeCont ext
Par keeExt en
Par keePriority
Par keeUni quei d
Par ker Di al Stri ng - Dial String that can be used to call back the parker on ParkingTimeout.
Par ki ngl ot - Name of the parking lot that the parkee is parked in
Par ki ngSpace - Parking Space that the parkee is parked in
Par ki ngTi neout - Time remaining until the parkee is forcefully removed from parking in seconds
Par ki ngDur at i on - Time the parkee has been in the parking bridge (in seconds)

Class

CALL
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.

369



Asterisk 13 ManagerEvent_ParkedCallGiveUp
ParkedCallGiveUp

Synopsis
Raised when a channel leaves a parking lot because it hung up without being answered.
Description

Syntax

Event: ParkedCal | G veUp

Par keeChannel : <val ue>

Par keeChannel State: <val ue>

Par keeChannel St at eDesc: <val ue>
Par keeCal | er | DNum <val ue>

Par keeCal | er | DNane: <val ue>

Par keeConnect edLi neNum <val ue>
Par keeConnect edLi neNane: <val ue>
Par keeAccount Code: <val ue>

Par keeCont ext: <val ue>

Par keeExt en: <val ue>

Par keePriority: <value>

Par keeUni quei d: <val ue>

Par ker Channel : <val ue>

Par ker Channel State: <val ue>

Par ker Channel St at eDesc: <val ue>
Par ker Cal | er| DNum <val ue>

Par ker Cal | er | DNane: <val ue>

Par ker Connect edLi neNum <val ue>
Par ker Connect edLi neNane: <val ue>
Par ker Account Code: <val ue>

Par ker Cont ext: <val ue>

Par ker Ext en: <val ue>
ParkerPriority: <value>

Par ker Uni quei d: <val ue>

Parker Di al String: <val ue>

Par ki ngl ot : <val ue>

Par ki ngSpace: <val ue>

Par ki ngTi meout : <val ue>

Par ki ngDur ati on: <val ue>

Arguments

® Par keeChannel
®* Par keeChannel St at e - A numeric code for the channel's current state, related to ParkeeChannelStateDesc
® Par keeChannel St at eDesc
¢ Down
Rsrvd
O f Hook
Di ali ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
Par keeCal | er | DNum
Par keeCal | er | DNanme
Par keeConnect edLi neNum
Par keeConnect edLi neNane
Par keeAccount Code
Par keeCont ext
Par keeExt en
Par keePriority
Par keeUni quei d
Par ker Channel
Par ker Channel St at e - A numeric code for the channel's current state, related to ParkerChannelStateDesc
Par ker Channel St at eDesc
¢ Down
® Rsrvd
® O f Hook
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Di al i ng

Ri ng

Ri ngi ng

Up

Busy

Di al i ng O f hook

Pre-ring

Unknown

Par ker Cal | er | DNum

Par ker Cal | er | DNane

Par ker Connect edLi neNum

Par ker Connect edLi neNane

Par ker Account Code

Par ker Cont ext

Par ker Ext en

ParkerPriority

Par ker Uni quei d

Par ker Di al Stri ng - Dial String that can be used to call back the parker on ParkingTimeout.
Par ki ngl ot - Name of the parking lot that the parkee is parked in

Par ki ngSpace - Parking Space that the parkee is parked in

Par ki ngTi meout - Time remaining until the parkee is forcefully removed from parking in seconds
Par ki ngDur at i on - Time the parkee has been in the parking bridge (in seconds)

Class

CALL
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 371



Asterisk 13 ManagerEvent_ParkedCallTimeOut
ParkedCallTimeOut

Synopsis
Raised when a channel leaves a parking lot due to reaching the time limit of being parked.
Description

Syntax

Event: ParkedCal | Ti meQut

Par keeChannel : <val ue>

Par keeChannel State: <val ue>

Par keeChannel St at eDesc: <val ue>
Par keeCal | er | DNum <val ue>

Par keeCal | er | DNane: <val ue>

Par keeConnect edLi neNum <val ue>
Par keeConnect edLi neNane: <val ue>
Par keeAccount Code: <val ue>

Par keeCont ext: <val ue>

Par keeExt en: <val ue>

Par keePriority: <value>

Par keeUni quei d: <val ue>

Par ker Channel : <val ue>

Par ker Channel State: <val ue>

Par ker Channel St at eDesc: <val ue>
Par ker Cal | er| DNum <val ue>

Par ker Cal | er | DNane: <val ue>

Par ker Connect edLi neNum <val ue>
Par ker Connect edLi neNane: <val ue>
Par ker Account Code: <val ue>

Par ker Cont ext: <val ue>

Par ker Ext en: <val ue>
ParkerPriority: <value>

Par ker Uni quei d: <val ue>

Parker Di al String: <val ue>

Par ki ngl ot : <val ue>

Par ki ngSpace: <val ue>

Par ki ngTi meout : <val ue>

Par ki ngDur ati on: <val ue>

Arguments

® Par keeChannel
®* Par keeChannel St at e - A numeric code for the channel's current state, related to ParkeeChannelStateDesc
® Par keeChannel St at eDesc
¢ Down
Rsrvd
O f Hook
Di ali ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
Par keeCal | er | DNum
Par keeCal | er | DNanme
Par keeConnect edLi neNum
Par keeConnect edLi neNane
Par keeAccount Code
Par keeCont ext
Par keeExt en
Par keePriority
Par keeUni quei d
Par ker Channel
Par ker Channel St at e - A numeric code for the channel's current state, related to ParkerChannelStateDesc
Par ker Channel St at eDesc
¢ Down
® Rsrvd
® O f Hook
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Di al i ng

Ri ng

Ri ngi ng

Up

Busy

Di al i ng O f hook

Pre-ring

Unknown

Par ker Cal | er | DNum

Par ker Cal | er | DNane

Par ker Connect edLi neNum

Par ker Connect edLi neNane

Par ker Account Code

Par ker Cont ext

Par ker Ext en

ParkerPriority

Par ker Uni quei d

Par ker Di al Stri ng - Dial String that can be used to call back the parker on ParkingTimeout.
Par ki ngl ot - Name of the parking lot that the parkee is parked in

Par ki ngSpace - Parking Space that the parkee is parked in

Par ki ngTi meout - Time remaining until the parkee is forcefully removed from parking in seconds
Par ki ngDur at i on - Time the parkee has been in the parking bridge (in seconds)

Class

CALL
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_PeerStatus
PeerStatus

Synopsis
Raised when the state of a peer changes.
Description

Syntax

Event: Peer Status
Channel Type: <val ue>
Peer: <val ue>

Peer St at us: <val ue>
Cause: <val ue>
Address: <val ue>
Port: <val ue>

Time: <val ue>

Arguments

® Channel Type - The channel technology of the peer.
® Peer - The name of the peer (including channel technology).
® Peer St at us - New status of the peer.

® Unknown
® Registered
® Unregistered
® Rejected
® Lagged
® Cause - The reason the status has changed.
® Address - New address of the peer.
® Port - New port for the peer.
* Ti ne - Time it takes to reach the peer and receive a response.
Class
SYSTEM
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_Pickup
Pickup

Synopsis
Raised when a call pickup occurs.
Description

Syntax

Event: Pickup

Channel : <val ue>

Channel State: <val ue>

Channel St at eDesc: <val ue>

Cal | erl DNum <val ue>

Cal | er| DName: <val ue>

Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>

Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Tar get Channel : <val ue>

Tar get Channel State: <val ue>

Tar get Channel St at eDesc: <val ue>
Target Cal | erl DNum <val ue>
Target Cal | er | DName: <val ue>

Tar get Connect edLi neNum <val ue>
Tar get Connect edLi neNanme: <val ue>
Tar get Account Code: <val ue>

Tar get Context: <val ue>

Tar get Exten: <val ue>
TargetPriority: <val ue>

Tar get Uni quei d: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc
¢ Down
Rsrvd
O f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
Cal | er | DNum
Cal | er | DNare
Connect edLi neNum
Connect edLi neNane
Account Code
Cont ext
Ext en
Priority
Uni quei d
Tar get Channel
Tar get Channel St at e - A numeric code for the channel's current state, related to TargetChannelStateDesc
Tar get Channel St at eDesc
¢ Down
® Rsrvd
O f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
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Busy

Di al i ng O f hook
Pre-ring

Unknown

Tar get Cal | er | DNum

Tar get Cal | er | DNane

Tar get Connect edLi neNum
Tar get Connect edLi neName
Tar get Account Code

Tar get Cont ext

Tar get Ext en
TargetPriority

Tar get Uni quei d

Class

CALL
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_PresenceStateChange
PresenceStateChange

Synopsis

Raised when a presence state changes

Description

This differs from the Pr esencesSt at us event because this event is raised for all presence state changes, not only for changes that affect dialplan hints.

Syntax

Event: PresenceSt at eChange
Presentity: <val ue>
Status: <val ue>

Subt ype: <val ue>

Message: <val ue>

Arguments

® Presentity - The entity whose presence state has changed
® St at us - The new status of the presentity

® Subt ype - The new subtype of the presentity

® Message - The new message of the presentity

Class

CALL

See Also

® Asterisk 13 ManagerEvent_PresenceStatus

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420717

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 377



Asterisk 13 ManagerEvent_PresenceStateListComplete
PresenceStateListComplete

Synopsis
Indicates the end of the list the current known extension states.
Description

Syntax

Event: PresenceSt at eLi st Conpl ete
Event Li st: <val ue>
Listltens: <val ue>

Arguments

® Event Li st - Conveys the status of the event list.
® Listltemns - Conveys the number of statuses reported.

Class

COMMAND
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 378



Asterisk 13 ManagerEvent_PresenceStatus

PresenceStatus

Synopsis

Raised when a hint changes due to a presence state change.

Description

Syntax

Event
Ext en:
Cont ext :

St at us
Subt ype:
Message:

PresenceSt at us
<val ue>

<val ue>

Hint: <val ue>

<val ue>
<val ue>
<val ue>

Arguments

Class

CALL

Ext en
Cont ext
Hi nt

St atus
Subt ype
Message

See Also

Import

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_QueueCallerAbandon
QueueCallerAbandon

Synopsis
Raised when a caller abandons the queue.
Description

Syntax

Event: QueueCal | er Abandon
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Queue: <val ue>

Position: <val ue>
Oiginal Position: <val ue>
Hol dTi me: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

Queue - The name of the queue.
Posi ti on - This channel's current position in the queue.
Ori gi nal Posi ti on - The channel's original position in the queue.

® Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Cal |l er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uniqueid
[ ]
L ]
[ ]
[ ]

Class

AGENT
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_QueueCallerJoin
QueueCallerJoin

Synopsis
Raised when a caller joins a Queue.
Description

Syntax

Event: QueueCall erJoin
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Queue: <val ue>

Position: <val ue>

Count : <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

Queue - The name of the queue.
Posi ti on - This channel's current position in the queue.
Count - The total number of channels in the queue.

¢ Down
® Rsrvd
¢ O f Hook
® Dialing
®* Ring
® Ringing
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Cal |l erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
°
L]
L]

Class

AGENT

See Also

® Asterisk 13 ManagerEvent_QueueCallerLeave
® Asterisk 13 Application_Queue

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_QueueCallerLeave
QueueCallerLeave

Synopsis
Raised when a caller leaves a Queue.
Description

Syntax

Event: QueueCal | er Leave
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Queue: <val ue>

Count: <val ue>

Posi tion: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

Queue - The name of the queue.
Count - The total number of channels in the queue.
Posi ti on - This channel's current position in the queue.

¢ Down
® Rsrvd
¢ O f Hook
® Dialing
®* Ring
® Ringing
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Cal |l erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
°
L]
L]

Class

AGENT

See Also

® Asterisk 13 ManagerEvent_QueueCallerJoin

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_QueueMemberAdded
QueueMemberAdded

Synopsis
Raised when a member is added to the queue.
Description

Syntax

Event: QueueMenber Added
Queue: <val ue>

Menber Name: <val ue>
Interface: <val ue>
Statel nterface: <val ue>
Menber shi p: <val ue>
Penal ty: <val ue>

Cal | sTaken: <val ue>
Last Cal | : <val ue>
Status: <val ue>

Paused: <val ue>

Ri ngi nuse: <val ue>

Arguments
® Queue - The name of the queue.
® Menber Nane - The name of the queue member.
® | nterface - The queue member's channel technology or location.
® Statel nterface - Channel technology or location from which to read device state changes.
®* Menbership
® dynanmic
® realtime
® static
® Penal ty - The penalty associated with the queue member.
® Cal | sTaken - The number of calls this queue member has serviced.
® Last Cal | - The time this member last took a call, expressed in seconds since 00:00, Jan 1, 1970 UTC.
® St at us - The numeric device state status of the queue member.
® 0 - AST_DEVICE_UNKNOWN
® 1-AST_DEVICE_NOT_INUSE
® 2 - AST_DEVICE_INUSE
® 3 - AST_DEVICE_BUSY
® 4 - AST_DEVICE_INVALID
® 5-AST_DEVICE_UNAVAILABLE
® 6 - AST_DEVICE_RINGING
® 7 - AST_DEVICE_RINGINUSE
® 8- AST_DEVICE_ONHOLD
® Paused
°0
°1
® Ringi nuse
°0
°1
Class
AGENT
See Also

® Asterisk 13 ManagerEvent_QueueMemberRemoved
® Asterisk 13 Application_AddQueueMember

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_QueueMemberPause
QueueMemberPause

Synopsis
Raised when a member is paused/unpaused in the queue.
Description

Syntax

Event: QueueMenber Pause
Queue: <val ue>

Menber Name: <val ue>
Interface: <val ue>
Statel nterface: <val ue>
Menber shi p: <val ue>
Penal ty: <val ue>

Cal | sTaken: <val ue>
Last Cal | : <val ue>
Status: <val ue>

Paused: <val ue>

Ri ngi nuse: <val ue>
Reason: <val ue>

Arguments

Queue - The name of the queue.
Menber Nane - The name of the queue member.
I nt er f ace - The queue member's channel technology or location.
St at el nt er f ace - Channel technology or location from which to read device state changes.
Menber shi p
® dynanic
® realtime
® static
Penal ty - The penalty associated with the queue member.
Cal | sTaken - The number of calls this queue member has serviced.

St at us - The numeric device state status of the queue member.
® 0 - AST_DEVICE_UNKNOWN
® 1-AST_DEVICE_NOT_INUSE

2 - AST_DEVICE_INUSE

3 - AST_DEVICE_BUSY

4 - AST_DEVICE_INVALID

5 - AST_DEVICE_UNAVAILABLE

6 - AST_DEVICE_RINGING

7 - AST_DEVICE_RINGINUSE

8 - AST_DEVICE_ONHOLD

Paused
°0
°1
® Ringi nuse
*0
°1
Reason - The reason a member was paused.

Class

AGENT

See Also

® Asterisk 13 Application_PauseQueueMember
® Asterisk 13 Application_UnPauseQueueMember

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_QueueMemberPenalty
QueueMemberPenalty

Synopsis
Raised when a member's penalty is changed.
Description

Syntax

Event: QueueMenber Penal ty
Queue: <val ue>

Menber Name: <val ue>
Interface: <val ue>
Statel nterface: <val ue>
Menber shi p: <val ue>
Penal ty: <val ue>

Cal | sTaken: <val ue>
Last Cal | : <val ue>
Status: <val ue>

Paused: <val ue>

Ri ngi nuse: <val ue>

Arguments
® Queue - The name of the queue.
® Menber Nane - The name of the queue member.
® | nterface - The queue member's channel technology or location.
® Statel nterface - Channel technology or location from which to read device state changes.
®* Menbership
® dynanmic
® realtime
® static
® Penal ty - The penalty associated with the queue member.
® Cal | sTaken - The number of calls this queue member has serviced.
® Last Cal | - The time this member last took a call, expressed in seconds since 00:00, Jan 1, 1970 UTC.
® St at us - The numeric device state status of the queue member.
® 0 - AST_DEVICE_UNKNOWN
® 1-AST_DEVICE_NOT_INUSE
® 2 - AST_DEVICE_INUSE
® 3 - AST_DEVICE_BUSY
® 4 - AST_DEVICE_INVALID
® 5-AST_DEVICE_UNAVAILABLE
® 6 - AST_DEVICE_RINGING
® 7 - AST_DEVICE_RINGINUSE
® 8- AST_DEVICE_ONHOLD
® Paused
°0
°1
® Ringi nuse
°0
°1
Class
AGENT
See Also

® Asterisk 13 Function_ QUEUE_MEMBER

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_QueueMemberRemoved
QueueMemberRemoved

Synopsis
Raised when a member is removed from the queue.
Description

Syntax

Event: QueueMenber Renoved
Queue: <val ue>

Menber Name: <val ue>
Interface: <val ue>
Statel nterface: <val ue>
Menber shi p: <val ue>
Penal ty: <val ue>

Cal | sTaken: <val ue>
Last Cal | : <val ue>
Status: <val ue>

Paused: <val ue>

Ri ngi nuse: <val ue>

Arguments
® Queue - The name of the queue.
® Menber Nane - The name of the queue member.
® | nterface - The queue member's channel technology or location.
® Statel nterface - Channel technology or location from which to read device state changes.
®* Menbership
® dynanmic
® realtime
® static
® Penal ty - The penalty associated with the queue member.
® Cal | sTaken - The number of calls this queue member has serviced.
® Last Cal | - The time this member last took a call, expressed in seconds since 00:00, Jan 1, 1970 UTC.
® St at us - The numeric device state status of the queue member.
® 0 - AST_DEVICE_UNKNOWN
® 1-AST_DEVICE_NOT_INUSE
® 2 - AST_DEVICE_INUSE
® 3 - AST_DEVICE_BUSY
® 4 - AST_DEVICE_INVALID
® 5-AST_DEVICE_UNAVAILABLE
® 6 - AST_DEVICE_RINGING
® 7 - AST_DEVICE_RINGINUSE
® 8- AST_DEVICE_ONHOLD
® Paused
°0
°1
® Ringi nuse
°0
°1
Class
AGENT
See Also

® Asterisk 13 ManagerEvent_QueueMemberAdded
® Asterisk 13 Application_RemoveQueueMember

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_QueueMemberRinginuse
QueueMemberRinginuse

Synopsis
Raised when a member's ringinuse setting is changed.
Description

Syntax

Event: QueueMenber Ri ngi nuse
Queue: <val ue>

Menber Name: <val ue>
Interface: <val ue>
Statel nterface: <val ue>
Menber shi p: <val ue>
Penal ty: <val ue>

Cal | sTaken: <val ue>
Last Cal | : <val ue>
Status: <val ue>

Paused: <val ue>

Ri ngi nuse: <val ue>

Arguments
® Queue - The name of the queue.
® Menber Nane - The name of the queue member.
® | nterface - The queue member's channel technology or location.
® Statel nterface - Channel technology or location from which to read device state changes.
®* Menbership
® dynanmic
® realtime
® static
® Penal ty - The penalty associated with the queue member.
® Cal | sTaken - The number of calls this queue member has serviced.
® Last Cal | - The time this member last took a call, expressed in seconds since 00:00, Jan 1, 1970 UTC.
® St at us - The numeric device state status of the queue member.
® 0 - AST_DEVICE_UNKNOWN
® 1-AST_DEVICE_NOT_INUSE
® 2 - AST_DEVICE_INUSE
® 3 - AST_DEVICE_BUSY
® 4 - AST_DEVICE_INVALID
® 5-AST_DEVICE_UNAVAILABLE
® 6 - AST_DEVICE_RINGING
® 7 - AST_DEVICE_RINGINUSE
® 8- AST_DEVICE_ONHOLD
® Paused
°0
°1
® Ringi nuse
°0
°1
Class
AGENT
See Also

® Asterisk 13 Function_ QUEUE_MEMBER

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_QueueMemberStatus
QueueMemberStatus

Synopsis
Raised when a Queue member's status has changed.
Description

Syntax

Event: QueueMenber St at us
Queue: <val ue>

Menber Name: <val ue>
Interface: <val ue>
Statel nterface: <val ue>
Menber shi p: <val ue>
Penal ty: <val ue>

Cal | sTaken: <val ue>
Last Cal | : <val ue>
Status: <val ue>

Paused: <val ue>

Ri ngi nuse: <val ue>

Arguments
® Queue - The name of the queue.
® Menber Nane - The name of the queue member.
® | nterface - The queue member's channel technology or location.
® Statel nterface - Channel technology or location from which to read device state changes.
®* Menbership
® dynanmic
® realtime
® static
® Penal ty - The penalty associated with the queue member.
® Cal | sTaken - The number of calls this queue member has serviced.
® Last Cal | - The time this member last took a call, expressed in seconds since 00:00, Jan 1, 1970 UTC.
® St at us - The numeric device state status of the queue member.
® 0 - AST_DEVICE_UNKNOWN
® 1-AST_DEVICE_NOT_INUSE
® 2 - AST_DEVICE_INUSE
® 3 - AST_DEVICE_BUSY
® 4 - AST_DEVICE_INVALID
® 5-AST_DEVICE_UNAVAILABLE
® 6 - AST_DEVICE_RINGING
® 7 - AST_DEVICE_RINGINUSE
® 8- AST_DEVICE_ONHOLD
® Paused
°0
°1
® Ringi nuse
°0
°1
Class
AGENT
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_ReceiveFAX

ReceiveFAX

Synopsis

Raised when a receive fax operation has completed.
Description

Syntax

Event: Recei veFAX

Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Local Stationl D: <val ue>
Renot eStationl D: <val ue>
PagesTransferred: <val ue>
Resol ution: <val ue>
TransferRate: <val ue>

Fi |l eName: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

® Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
Cal | er| DNum
Cal | er | DNane
Connect edLi neNum
Connect edLi neNane
Account Code
Cont ext
Ext en
Priority
Uni quei d

Local St ati onl D- The value of the LOCALSTATI ONI D channel variable
Renot eSt at i onl D- The value of the REMOTESTATI ONI D channel variable
PagesTr ansf err ed - The number of pages that have been transferred
Resol ut i on - The negotiated resolution

Tr ansf er Rat e - The negotiated transfer rate

Fi I eNane - The files being affected by the fax operation

Class

CALL
See Also

Import Version

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_Registry
Registry

Synopsis
Raised when an outbound registration completes.
Description

Syntax

Event: Registry
Channel Type: <val ue>
User name: <val ue>
Donmi n: <val ue>
Status: <val ue>
Cause: <val ue>

Arguments

Channel Type - The type of channel that was registered (or not).
User nane - The username portion of the registration.
Donmi n - The address portion of the registration.
St at us - The status of the registration request.
® Registered
® Unregistered
® Rejected
® Failed
® Cause - What caused the rejection of the request, if available.

Class

SYSTEM
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_Reload
Reload

Synopsis
Raised when a module has been reloaded in Asterisk.
Description

Syntax

Event: Rel oad
Mbdul e: <val ue>
Status: <val ue>

Arguments

® Mbdul e - The name of the module that was reloaded, or Al | if all modules were reloaded
® St at us - The numeric status code denoting the success or failure of the reload request.
® 0 - Success
1 - Request queued
2 - Module not found
3 - Error
4 - Reload already in progress
5 - Module uninitialized
6 - Reload not supported

Class

SYSTEM
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_Rename

Rename

Synopsis

Raised when the name of a channel is changed.
Description

Syntax

Event: Renane
Channel : <val ue>
Newnane: <val ue>
Uni quei d: <val ue>

Arguments

¢ Channel
®* Newnane
® Uniqueid

Class
CALL
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_RequestBadFormat
RequestBadFormat

Synopsis
Raised when a request is received with bad formatting.
Description

Syntax

Event: Request BadFor mat
Event TV: <val ue>
Severity: <val ue>
Service: <val ue>

Event Versi on: <val ue>
Account I D: <val ue>
Sessionl D: <val ue>
Local Address: <val ue>
Renot eAddr ess: <val ue>
Request Type: <val ue>

[ Modul e:] <val ue>

[ SessionTV:] <val ue>
[Account 1 D:] <val ue>

[ Request Params:] <val ue>

Arguments

® Event TV - The time the event was detected.
® Severity - A relative severity of the security event.
® Informational
® Error
Ser vi ce - The Asterisk service that raised the security event.
Event Ver si on - The version of this event.
Account | D- The Service account associated with the security event notification.
Sessi onl D - A unique identifier for the session in the service that raised the event.
Local Addr ess - The address of the Asterisk service that raised the security event.

Request Type - The type of request attempted.

Modul e - If available, the name of the module that raised the event.
Sessi onTV - The timestamp reported by the session.

Account | D- The account ID associated with the rejected request.
Request Par anms - Parameters provided to the rejected request.

Class

SECURITY
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.

Renot eAddr ess - The remote address of the entity that caused the security event to be raised.
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Asterisk 13 ManagerEvent_RequestNotAllowed
RequestNotAllowed

Synopsis
Raised when a request is not allowed by the service.
Description

Syntax

Event: Request Not Al | owed
Event TV: <val ue>
Severity: <val ue>
Service: <val ue>

Event Versi on: <val ue>
Account I D: <val ue>
Sessionl D: <val ue>

Local Address: <val ue>
Renot eAddr ess: <val ue>
Request Type: <val ue>

[ Modul e:] <val ue>

[ SessionTV:] <val ue>

[ Request Params:] <val ue>

Arguments

® Event TV - The time the event was detected.
® Severity - Arelative severity of the security event.
® Informational
® Error
Ser vi ce - The Asterisk service that raised the security event.
Event Ver si on - The version of this event.
Account | D- The Service account associated with the security event notification.
Sessi onl D - A unique identifier for the session in the service that raised the event.
Local Addr ess - The address of the Asterisk service that raised the security event.

Request Type - The type of request attempted.

Modul e - If available, the name of the module that raised the event.
Sessi onTV - The timestamp reported by the session.

Request Par anms - Parameters provided to the rejected request.

Class

SECURITY
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_RequestNotSupported
RequestNotSupported

Synopsis
Raised when a request fails due to some aspect of the requested item not being supported by the service.
Description

Syntax

Event: Request Not Supported
Event TV: <val ue>
Severity: <val ue>
Service: <val ue>

Event Versi on: <val ue>
Account I D: <val ue>
Sessionl D: <val ue>
Local Address: <val ue>
Renot eAddr ess: <val ue>
Request Type: <val ue>

[ Modul e:] <val ue>

[ SessionTV:] <val ue>

Arguments

® Event TV - The time the event was detected.
® Severity - Arelative severity of the security event.
® Informational
® Error
Ser vi ce - The Asterisk service that raised the security event.
Event Ver si on - The version of this event.
Account | D- The Service account associated with the security event notification.
Sessi onl D - A unique identifier for the session in the service that raised the event.
Local Addr ess - The address of the Asterisk service that raised the security event.

Request Type - The type of request attempted.
Mbdul e - If available, the name of the module that raised the event.
Sessi onTV - The timestamp reported by the session.

Class

SECURITY
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.

Renot eAddr ess - The remote address of the entity that caused the security event to be raised.
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Asterisk 13 ManagerEvent_ RTCPReceived
RTCPReceived

Synopsis
Raised when an RTCP packet is received.
Description

Syntax

Event: RTCPRecei ved

Channel : <val ue>

Channel State: <val ue>

Channel St at eDesc: <val ue>

Cal | erl DNum <val ue>

Cal | er| DName: <val ue>

Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>

Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

SSRC. <val ue>

PT: <val ue>

From <val ue>

RTT: <val ue>

Report Count : <val ue>

[ Sent NTP:] <val ue>

[ Sent RTP:] <val ue>

[ Sent Packets:] <val ue>

[Sent Cctets:] <val ue>

Repor t XSour ceSSRC:  <val ue>
Report XFracti onLost: <val ue>
Repor t XCunul ati veLost: <val ue>
Repor t XHi ghest Sequence: <val ue>
Repor t XSequenceNunber Cycl es: <val ue>
Report XI AJitter: <val ue>
Report XLSR:  <val ue>

Repor t XDLSR:  <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
¢ O f Hook
® Dialing
®* Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
® Unknown
® Call erl DNum
® Cal |l er| DNanme
® Connect edLi neNum
® Connect edLi neNanme
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
® SSRC- The SSRC identifier for the remote system
® PT - The type of packet for this RTCP report.
® 200(SR
® 201(RR

® From- The address the report was received from.
® RTT - Calculated Round-Trip Time in seconds

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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® Report Count - The number of reports that were received.

The report count determines the number of ReportX headers in the message. The X for each set of report headers will range from 0 to Re

port Count - 1.

Sent NTP - The time the sender generated the report. Only valid when PT is 200( SR) .

Sent RTP - The sender's last RTP timestamp. Only valid when PT is 200( SR) .

Sent Packet s - The number of packets the sender has sent. Only valid when PT is 200( SR) .

Sent Cct et s - The number of bytes the sender has sent. Only valid when PT is 200( SR) .

Repor t XSour ceSSRC - The SSRC for the source of this report block.

Report XFracti onLost - The fraction of RTP data packets from Repor t XSour ceSSRC lost since the previous SR or RR report was

sent.

Repor t XCunul ati veLost - The total number of RTP data packets from Repor t XSour ce SSRC lost since the beginning of reception.

® Report XHi ghest Sequence - The highest sequence number received in an RTP data packet from Repor t XSour ce SSRC.

® Report XSequenceNunber Cycl es - The number of sequence number cycles seen for the RTP data received from Report XSour ceSS
RC.

® Report XI AJitter - An estimate of the statistical variance of the RTP data packet interarrival time, measured in timestamp units.

® Report XLSR- The last SR timestamp received from Repor t XSour ceSSRC. If no SR has been received from Repor t XSour ceSSRC,
then 0.

® Report XDLSR- The delay, expressed in units of 1/65536 seconds, between receiving the last SR packet from Repor t XSour ceSSRC an
d sending this report.

Class

REPORTING
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_RTCPSent
RTCPSent

Synopsis
Raised when an RTCP packet is sent.
Description

Syntax

Event: RTCPSent

Channel : <val ue>

Channel State: <val ue>

Channel St at eDesc: <val ue>

Cal | erl DNum <val ue>

Cal | er| DName: <val ue>

Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>

Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

SSRC. <val ue>

PT: <val ue>

To: <val ue>

Report Count: <val ue>

[ Sent NTP: ] <val ue>

[ Sent RTP:] <val ue>

[ Sent Packets:] <val ue>
[SentCctets:] <val ue>

Repor t XSour ceSSRC: <val ue>
Repor t XFracti onLost: <val ue>
Repor t XCunul ati veLost: <val ue>
Repor t XHi ghest Sequence: <val ue>
Repor t XSequenceNunber Cycl es: <val ue>
Report XI Aditter: <val ue>
Report XLSR:  <val ue>

Report XDLSR:  <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

® Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uniqueid
® SSRC- The SSRC identifier for our stream
® PT - The type of packet for this RTCP report.
® 200( SR
* 201(RR)

® To - The address the report is sent to.
® Report Count - The number of reports that were sent.
The report count determines the number of ReportX headers in the message. The X for each set of report headers will range from 0 to Re
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port Count - 1.

Sent NTP - The time the sender generated the report. Only valid when PT is 200( SR) .

Sent RTP - The sender's last RTP timestamp. Only valid when PT is 200( SR) .

Sent Packet s - The number of packets the sender has sent. Only valid when PT is 200( SR) .

Sent Cct et s - The number of bytes the sender has sent. Only valid when PT is 200( SR) .

Repor t XSour ceSSRC - The SSRC for the source of this report block.

Repor t XFr act i onLost - The fraction of RTP data packets from Repor t XSour ceSSRC lost since the previous SR or RR report was

sent.

Repor t XCunul ati veLost - The total number of RTP data packets from Repor t XSour ce SSRC lost since the beginning of reception.

® Report XHi ghest Sequence - The highest sequence number received in an RTP data packet from Repor t XSour ce SSRC.

® Report XSequenceNunber Cycl es - The number of sequence number cycles seen for the RTP data received from Repor t XSour ceSS
RC.

® Report XI AJitter - An estimate of the statistical variance of the RTP data packet interarrival time, measured in timestamp units.

® Report XLSR- The last SR timestamp received from Repor t XSour ceSSRC. If no SR has been received from Repor t XSour ce SSRC,
then 0.

® Report XDLSR - The delay, expressed in units of 1/65536 seconds, between receiving the last SR packet from Repor t XSour ceSSRC an
d sending this report.

Class

REPORTING
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_SendFAX
SendFAX

Synopsis
Raised when a send fax operation has completed.
Description

Syntax

Event: SendFAX

Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Local Stationl D: <val ue>
Renot eStationl D: <val ue>
PagesTransferred: <val ue>
Resol ution: <val ue>
TransferRate: <val ue>

Fi |l eName: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

® Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
Cal | er| DNum
Cal | er | DNane
Connect edLi neNum
Connect edLi neNane
Account Code
Cont ext
Ext en
Priority
Uni quei d

Local St ati onl D- The value of the LOCALSTATI ONI D channel variable
Renot eSt at i onl D- The value of the REMOTESTATI ONI D channel variable
PagesTr ansf err ed - The number of pages that have been transferred
Resol ut i on - The negotiated resolution

Tr ansf er Rat e - The negotiated transfer rate

Fi I eNane - The files being affected by the fax operation

Class

CALL
See Also

Import Version

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_SessionLimit
SessionLimit

Synopsis
Raised when a request fails due to exceeding the number of allowed concurrent sessions for that service.
Description

Syntax

Event: SessionLimt
Event TV: <val ue>
Severity: <val ue>
Service: <val ue>
Event Versi on: <val ue>
Account I D: <val ue>
Sessionl D: <val ue>
Local Address: <val ue>
Renot eAddr ess: <val ue>
[ Modul e:] <val ue>

[ SessionTV:] <val ue>

Arguments

® Event TV - The time the event was detected.
® Severity - Arelative severity of the security event.
® Informational
® Error
Ser vi ce - The Asterisk service that raised the security event.
Event Ver si on - The version of this event.
Account | D- The Service account associated with the security event notification.
Sessi onl D - A unique identifier for the session in the service that raised the event.
Local Addr ess - The address of the Asterisk service that raised the security event.

Modul e - If available, the name of the module that raised the event.
Sessi onTV - The timestamp reported by the session.

Class

SECURITY
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 13 ManagerEvent_SessionTimeout
SessionTimeout

Synopsis
Raised when a SIP session times out.
Description

Syntax

Event: SessionTi neout
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Source: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
¢ O f Hook
® Dialing
®* Ring
® Ringing
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Cal |l erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
® Sour ce - The source of the session timeout.
® RTPTi neout
® Sl PSessi onTi ner
Class
CALL
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_Shutdown
Shutdown

Synopsis
Raised when Asterisk is shutdown or restarted.
Description

Syntax

Event: Shutdown
Shut down: <val ue>
Restart: <val ue>

Arguments

® Shut down - Whether the shutdown is proceeding cleanly (all channels were hungup successfully) or uncleanly (channels will be
terminated)
® Uncl eanly

® Jdeanly
® Rest art - Whether or not a restart will occur.
® True
® Fal se
Class
SYSTEM
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_SIPQualifyPeerDone
SIPQualifyPeerDone

Synopsis
Raised when SIPQualifyPeer has finished qualifying the specified peer.
Description

Syntax

Event: Sl PQualifyPeer Done
Peer: <val ue>
Actionl D: <val ue>

Arguments

® Peer - The name of the peer.
® Actionl D- This is only included if an ActionID Header was sent with the action request, in which case it will be that ActionID.

Class

CALL

See Also

® Asterisk 13 ManagerAction_SIPqualifypeer

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_SoftHangupRequest
SoftHangupRequest

Synopsis
Raised when a soft hangup is requested with a specific cause code.
Description

Syntax

Event: Sof t HangupRequest
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Cause: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
¢ O f Hook
® Dialing
®* Ring
® Ringing
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Cal |l erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
°

Cause - A numeric cause code for why the channel was hung up.

Class

CALL
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.

407



Asterisk 13 ManagerEvent_SpanAlarm
SpanAlarm

Synopsis
Raised when an alarm is set on a DAHDI span.
Description

Syntax

Event: SpanAl arm
Span: <val ue>
Alarm <val ue>

Arguments

® Span - The span on which the alarm occurred.
® Al ar m- A textual description of the alarm that occurred.

Class

SYSTEM

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_SpanAlarmClear
SpanAlarmClear

Synopsis
Raised when an alarm is cleared on a DAHDI span.
Description

Syntax

Event: SpanAl ar nCl ear
Span: <val ue>

Arguments

® Span - The span on which the alarm was cleared.

Class

SYSTEM

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_Status
Status

Synopsis
Raised in response to a Status command.
Description

Syntax

Event: Status

[Actionl D] <val ue>
Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erI DNum <val ue>

Cal | er| DNanme: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>

Cont ext: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Type: <val ue>

DNI D: <val ue>

Ti meToHangup: <val ue>
Bridgel D. <val ue>

Li nkedi d: <val ue>
Application: <val ue>
Data: <val ue>

Nati veformats: <val ue>
Readf ornmat: <val ue>
Readtrans: <val ue>
Witeformat: <value>
Witetrans: <val ue>

Cal | group: <val ue>

Pi ckupgroup: <val ue>
Seconds: <val ue>

Arguments

ActionlD
Channel
Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
Channel St at eDesc
¢ Down
Rsrvd
O f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
Cal | er| DNum
Cal | er | DNane
Connect edLi neNum
Connect edLi neNane
Account Code
Cont ext
Ext en
Priority
Uni quei d
Type - Type of channel
DNI D - Dialed number identifier
Ti meToHangup - Absolute lifetime of the channel
Bri dgel D- Identifier of the bridge the channel is in, may be empty if not in one
Li nkedi d
Appl i cati on - Application currently executing on the channel

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Dat a - Data given to the currently executing channel

Nat i vef or mat s - Media formats the connected party is willing to send or receive
Readf or mat - Media formats that frames from the channel are received in

Readt r ans - Translation path for media received in native formats

Wit ef or mat - Media formats that frames to the channel are accepted in

Wit etrans - Translation path for media sent to the connected party

Cal | gr oup - Configured call group on the channel

Pi ckupgr oup - Configured pickup group on the channel

Seconds - Number of seconds the channel has been active

Class

CALL

See Also

® Asterisk 13 ManagerAction_Status

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_SuccessfulAuth

SuccessfulAuth

Synopsis

Raised

when a request successfully authenticates with a service.

Description

Syntax

Event: Successful Auth
Event TV: <val ue>
Severity: <val ue>
Service: <val ue>

Event Versi on: <val ue>
Account I D: <val ue>
Sessionl D: <val ue>
Local Address: <val ue>
Renot eAddr ess: <val ue>
Usi ngPasswor d: <val ue>
[ Modul e:] <val ue>

[ SessionTV:] <val ue>

Arguments

Event TV - The time the event was detected.
Severity - Arelative severity of the security event.
® Informational
® Error
Ser vi ce - The Asterisk service that raised the security event.
Event Ver si on - The version of this event.
Account | D- The Service account associated with the security event notification.
Sessi onl D - A unique identifier for the session in the service that raised the event.
Local Addr ess - The address of the Asterisk service that raised the security event.

Renot eAddr ess - The remote address of the entity that caused the security event to be raised.

Usi ngPasswor d - Whether or not the authentication attempt included a password.
Mbdul e - If available, the name of the module that raised the event.
Sessi onTV - The timestamp reported by the session.

Class

SECURITY

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_TransportDetail
TransportDetail

Synopsis
Provide details about an authentication section.
Description

Syntax

Event: TransportDetail

bj ect Type: <val ue>

Obj ect Nanme: <val ue>

Protocol : <val ue>

Bi nd: <val ue>

AsycOper ations: <val ue>

Cali stFile: <value>

CertFile: <value>

PrivKeyFile: <val ue>

Password: <val ue>

Ext er nal Si gnal i ngAddr ess: <val ue>
Ext er nal Si gnal i ngPort: <val ue>
Ext er nal Medi aAddr ess: <val ue>
Donmi n: <val ue>

VerifyServer: <val ue>
VerifyQdient: <val ue>
RequireClientCert: <val ue>

Met hod: <val ue>

Ci pher: <val ue>

Local Net: <val ue>

Tos: <val ue>

Cos: <val ue>

Websocket Wit eTi meout: <val ue>
Endpoi nt Nanme: <val ue>

Arguments

Obj ect Type - The object's type. This will always be 'transport'.

Obj ect Nare - The name of this object.

Pr ot ocol - Protocol to use for SIP traffic

Bi nd - IP Address and optional port to bind to for this transport
AsycQper at i ons - Number of simultaneous Asynchronous Operations
Cali st Fi | e - File containing a list of certificates to read (TLS ONLY)
Cer t Fi | e - Certificate file for endpoint (TLS ONLY)

Pri vKeyFi | e - Private key file (TLS ONLY)

Passwor d - Password required for transport

Ext er nal Si gnal i ngAddr ess - External address for SIP signalling
Ext er nal Si gnal i ngPor t - External port for SIP signalling

Ext er nal Medi aAddr ess - External IP address to use in RTP handling
Domai n - Domain the transport comes from

Veri fyServer - Require verification of server certificate (TLS ONLY)
Veri fyd i ent - Require verification of client certificate (TLS ONLY)
Requi red i ent Cert - Require client certificate (TLS ONLY)

Met hod - Method of SSL transport (TLS ONLY)

Ci pher - Preferred Cryptography Cipher (TLS ONLY)

Local Net - Network to consider local (used for NAT purposes).

Tos - Enable TOS for the signalling sent over this transport

Cos - Enable COS for the signalling sent over this transport

Websocket Wit eTi meout - The timeout (in milliseconds) to set on WebSocket connections.
Endpoi nt Nane - The name of the endpoint associated with this information.

Class

COMMAND
See Also

Import Version
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Asterisk 13 ManagerEvent_UnexpectedAddress
UnexpectedAddress

Synopsis
Raised when a request has a different source address then what is expected for a session already in progress with a service.
Description

Syntax

Event: Unexpect edAddress
Event TV: <val ue>
Severity: <val ue>
Service: <val ue>

Event Versi on: <val ue>
Account I D: <val ue>
Sessionl D: <val ue>

Local Address: <val ue>
Renot eAddr ess: <val ue>
Expect edAddr ess: <val ue>
[ Modul e:] <val ue>

[ SessionTV:] <val ue>

Arguments

® Event TV - The time the event was detected.
® Severity - Arelative severity of the security event.

® Informational

® Error
Ser vi ce - The Asterisk service that raised the security event.
Event Ver si on - The version of this event.
Account | D- The Service account associated with the security event notification.
Sessi onl D - A unique identifier for the session in the service that raised the event.
Local Addr ess - The address of the Asterisk service that raised the security event.
Renot eAddr ess - The remote address of the entity that caused the security event to be raised.
Expect edAddr ess - The address that the request was expected to use.
Mbdul e - If available, the name of the module that raised the event.
Sessi onTV - The timestamp reported by the session.

Class

SECURITY
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_Unhold
Unhold

Synopsis
Raised when a channel goes off hold.
Description

Syntax

Event: Unhol d

Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uniqueid
Class
CALL
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_UnParkedCall
UnParkedCall

Synopsis
Raised when a channel leaves a parking lot because it was retrieved from the parking lot and reconnected.
Description

Syntax

Event: UnParkedCal |

Par keeChannel : <val ue>

Par keeChannel State: <val ue>

Par keeChannel St at eDesc: <val ue>
Par keeCal | er | DNum <val ue>

Par keeCal | er | DNane: <val ue>

Par keeConnect edLi neNum <val ue>
Par keeConnect edLi neNane: <val ue>
Par keeAccount Code: <val ue>

Par keeCont ext: <val ue>

Par keeExt en: <val ue>

Par keePriority: <value>

Par keeUni quei d: <val ue>

Par ker Channel : <val ue>

Par ker Channel State: <val ue>

Par ker Channel St at eDesc: <val ue>
Par ker Cal | er| DNum <val ue>

Par ker Cal | er | DNane: <val ue>

Par ker Connect edLi neNum <val ue>
Par ker Connect edLi neNane: <val ue>
Par ker Account Code: <val ue>

Par ker Cont ext: <val ue>

Par ker Ext en: <val ue>
ParkerPriority: <value>

Par ker Uni quei d: <val ue>

Parker Di al String: <val ue>

Par ki ngl ot : <val ue>

Par ki ngSpace: <val ue>

Par ki ngTi meout : <val ue>

Par ki ngDur ati on: <val ue>
Retriever Channel : <val ue>

Retri ever Channel State: <val ue>
Retri ever Channel St at eDesc: <val ue>
RetrieverCal |l erl DNum <val ue>
RetrieverCal | er| DName: <val ue>
Retri ever Connect edLi neNum <val ue>
Retri ever Connect edLi neNane: <val ue>
Retri ever Account Code: <val ue>
Retriever Context: <val ue>
Retriever Exten: <val ue>
RetrieverPriority: <value>
Retriever Uni quei d: <val ue>

Arguments

® Par keeChannel

® Par keeChannel St at e - A numeric code for the channel's current state, related to ParkeeChannelStateDesc

® Par keeChannel St at eDesc
¢ Down

Rsrvd

O f Hook

Di ali ng

Ri ng

Ri ngi ng

Up

Busy

Di al i ng O f hook

Pre-ring

Unknown

Par keeCal | er | DNum

Par keeCal | er | DNanme

Par keeConnect edLi neNum

Par keeConnect edLi neNane

Par keeAccount Code
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Par keeCont ext
Par keeExt en
Par keePriority
Par keeUni quei d
Par ker Channel
Par ker Channel St at e - A numeric code for the channel's current state, related to ParkerChannelStateDesc
Par ker Channel St at eDesc
® Down
Rsrvd
O f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
Par ker Cal | er | DNum
Par ker Cal | er | DNane
Par ker Connect edLi neNum
Par ker Connect edLi neNanme
Par ker Account Code
Par ker Cont ext
Par ker Ext en
ParkerPriority
Par ker Uni quei d
Par ker Di al Stri ng - Dial String that can be used to call back the parker on ParkingTimeout.
Par ki ngl ot - Name of the parking lot that the parkee is parked in
Par ki ngSpace - Parking Space that the parkee is parked in
Par ki ngTi meout - Time remaining until the parkee is forcefully removed from parking in seconds
Par ki ngDur at i on - Time the parkee has been in the parking bridge (in seconds)
Ret ri ever Channel
Ret ri ever Channel St at e - A numeric code for the channel's current state, related to RetrieverChannelStateDesc
Ret ri ever Channel St at eDesc
Down
Rsrvd
O f Hook
Di al i ng
Ri ng
Ri ngi ng
Up
Busy
Di al i ng O f hook
Pre-ring
Unknown
RetrieverCal | er| DNum
Retri ever Cal | er | DNane
Ret ri ever Connect edLi neNum
Ret ri ever Connect edLi neNane
Ret ri ever Account Code
Ret ri ever Cont ext
Retri ever Ext en
RetrieverPriority
Retri ever Uni quei d

Class

CALL
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.

418



Asterisk 13 ManagerEvent_UserEvent
UserEvent

Synopsis

A user defined event raised from the dialplan.

Description

Event may contain additional arbitrary parameters in addition to optional bridge and endpoint snapshots. Multiple snapshots of the same type are prefixed
with a numeric value.

Syntax

Event: User Event

Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal l erl DNum <val ue>

Cal | er | DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <value>

Uni quei d: <val ue>

User Event: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
® O f Hook
® Dialing
®* Ring
® Ringi ng
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Cal |l er| DNane
® Connect edLi neNum
® Connect edLi neNanme
¢ Account Code
® Cont ext
® Exten
® Priority
® Uni queid
°

User Event - The event name, as specified in the dialplan.

Class

USER

See Also

® Asterisk 13 Application_UserEvent

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ManagerEvent_VarSet
VarSet

Synopsis
Raised when a variable local to the gosub stack frame is set due to a subroutine call.
Description

Syntax

Event: Var Set

Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal | erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Vari abl e: <val ue>

Val ue: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

® Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Cal |l er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uniqueid
[ ]

Vari abl e - The LOCAL variable being set.

Note
The variable name will always be enclosed with LOCAL( )

® Val ue - The new value of the variable.

Class

DIALPLAN

See Also

Asterisk 13 Application_GoSub
Asterisk 13 AGICommand_gosub
Asterisk 13 Function_LOCAL
Asterisk 13 Function_LOCAL_PEEK

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.

420



Synopsis

Raised when a variable is shared between channels.
Description

Syntax

Event: Var Set

Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal l erl DNum <val ue>

Cal | er | DName: <val ue>
Connect edLi neNum  <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Vari abl e: <val ue>

Val ue: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call er| DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNanme
® Account Code
® Cont ext
® Exten
® Priority
® Uniqueid
L]

Vari abl e - The SHARED variable being set.

Note
The variable name will always be enclosed with SHARED( )

® Val ue - The new value of the variable.

Class

DIALPLAN

See Also

® Asterisk 13 Function_SHARED

Synopsis

Raised when a variable is set to a particular value.
Description

Syntax
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Event: Var Set

Channel : <val ue>

Channel State: <val ue>
Channel St at eDesc: <val ue>
Cal l erl DNum <val ue>

Cal | er| DName: <val ue>
Connect edLi neNum <val ue>
Connect edLi neNane: <val ue>
Account Code: <val ue>
Cont ext: <val ue>

Exten: <val ue>

Priority: <value>

Uni quei d: <val ue>

Vari abl e: <val ue>

Val ue: <val ue>

Arguments

® Channel
® Channel St at e - A numeric code for the channel's current state, related to ChannelStateDesc
® Channel St at eDesc

¢ Down
® Rsrvd
¢ O f Hook
® Dialing
® Ring
® Ringi ng
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
® Vari abl e - The variable being set.
® Val ue - The new value of the variable.
Class
DIALPLAN
See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 ARI
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Asterisk 13 Applications REST API

Applications

Method Path Return Model Summary

GET /applications List[Application] List all applications.

GET /applications/{applicationName} Application Get details of an application.

POST /applications/{applicationName}/sub = Application Subscribe an application to a event
scription source.

DELETE /applications/{applicationName}/sub = Application Unsubscribe an application from an
scription event source.

GET /applications

List all applications.

GET /applications/{applicationName}

Get details of an application.

Path parameters

® applicationName: string - Application's name

Error Responses

® 404 - Application does not exist.

POST /applications/{applicationName}/subscription
Subscribe an application to a event source. Returns the state of the application after the subscriptions have changed

Path parameters

® applicationName: string - Application's name

Query parameters
® eventSource: string - (required) URI for event source (channel:{channelld}, bridge:{bridgeld}, endpoint:{tech}[/{resource}],

deviceState:{deviceName}
® Allows comma separated values.

Error Responses
® 400 - Missing parameter.

® 404 - Application does not exist.
® 422 - Event source does not exist.

DELETE /applications/{applicationName}/subscription

Unsubscribe an application from an event source. Returns the state of the application after the subscriptions have changed

Path parameters

® applicationName: string - Application's name

Query parameters

® eventSource: string - (required) URI for event source (channel:{channelld}, bridge:{bridgeld}, endpoint:{tech}{/{resource}],
deviceState:{deviceName}
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® Allows comma separated values.

Error Responses

400 - Missing parameter; event source scheme not recognized.
404 - Application does not exist.
409 - Application not subscribed to event source.

[ ]
[ ]
[ ]
® 422 - Event source does not exist.
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Asterisk 13 Asterisk REST API

Asterisk
Method Path
GET /asterisk/info
GET /asterisk/variable
POST /asterisk/variable

GET /asterisk/info

Gets Asterisk system information.

Query parameters

® only: string - Filter information returned
® Allows comma separated values.

GET /asterisk/variable

Get the value of a global variable.

Query parameters

® variable: string - (required) The variable to get

Error Responses

® 400 - Missing variable parameter.

POST /asterisk/variable

Set the value of a global variable.

Query parameters

® variable: string - (required) The variable to set

® value: string - The value to set the variable to

Error Responses

® 400 - Missing variable parameter.

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.

Return Model
Asteriskinfo
Variable

void

Summary
Gets Asterisk system information.
Get the value of a global variable.

Set the value of a global variable.
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Asterisk 13 Bridges REST API

Bridges

Method Path Return Model Summary

GET /bridges List[Bridge] List all active bridges in Asterisk.

POST /bridges Bridge Create a new bridge.

POST /bridges/{bridgeld} Bridge Cr_ea_te a new bridge or updates an
existing one.

GET /bridges/{bridgeld} Bridge Get bridge details.

DELETE /bridges/{bridgeld} void Shut down a bridge.

POST /bridges/{bridgeld}/addChannel void Add a channel to a bridge.

POST /bridges/{bridgeld}/removeChannel  void Remove a channel from a bridge.

POST /bridges/{bridgeld}/moh void Play music on hold to a bridge or
change the MOH class that is
playing.

DELETE /bridges/{bridgeld}/moh void Stop playing music on hold to a
bridge.

POST /bridges/{bridgeld}/play Playback Start playback of media on a bridge.

POST /bridges/{bridgeld}/play/{playbackid} = Playback Start playback of media on a bridge.

POST /bridges/{bridgeld}/record LiveRecording Start a recording.

GET /bridges

List all active bridges in Asterisk.

POST /bridges

Create a new bridge. This bridge persists until it has been shut down, or Asterisk has been shut down.

Query parameters

® type: string - Comma separated list of bridge type attributes (mixing, holding, dtmf_events, proxy_media).
® bridgeld: string - Unique ID to give to the bridge being created.
® name: string - Name to give to the bridge being created.

POST /bridges/{bridgeld}

Create a new bridge or updates an existing one. This bridge persists until it has been shut down, or Asterisk has been shut down.

Path parameters

® bridgeld: string - Unique ID to give to the bridge being created.

Query parameters

® type: string - Comma separated list of bridge type attributes (mixing, holding, dtmf_events, proxy_media) to set.
® name: string - Set the name of the bridge.

GET /bridges/{bridgeld}

Get bridge details.

Path parameters
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® bridgeld: string - Bridge's id

Error Responses

® 404 - Bridge not found

DELETE /bridges/{bridgeld}

Shut down a bridge. If any channels are in this bridge, they will be removed and resume whatever they were doing beforehand.
Path parameters

® bridgeld: string - Bridge's id
Error Responses

® 404 - Bridge not found

POST /bridges/{bridgeld}/addChannel

Add a channel to a bridge.

Path parameters

® bridgeld: string - Bridge's id

Query parameters

® channel: string - (required) Ids of channels to add to bridge
® Allows comma separated values.
® role: string - Channel's role in the bridge

Error Responses

400 - Channel not found

404 - Bridge not found

409 - Bridge not in Stasis application; Channel currently recording
422 - Channel not in Stasis application

POST /bridges/{bridgeld}/removeChannel

Remove a channel from a bridge.

Path parameters
® bridgeld: string - Bridge's id
Query parameters

® channel: string - (required) Ids of channels to remove from bridge
® Allows comma separated values.

Error Responses
400 - Channel not found
404 - Bridge not found

409 - Bridge not in Stasis application
422 - Channel not in this bridge

o
o
[ ]
o
POST /bridges/{bridgeld}/moh
Play music on hold to a bridge or change the MOH class that is playing.

Path parameters
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® bridgeld: string - Bridge's id

Query parameters

* mohClass: string - Channel's id

Error Responses

® 404 - Bridge not found
® 409 - Bridge not in Stasis application

DELETE /bridges/{bridgeld}/moh

Stop playing music on hold to a bridge. This will only stop music on hold being played via POST bridges/{bridgeld}/moh.

Path parameters

® bridgeld: string - Bridge's id

Error Responses

® 404 - Bridge not found
® 409 - Bridge not in Stasis application

POST /bridges/{bridgeld}/play

Start playback of media on a bridge. The media URI may be any of a number of URI's. Currently sound:, recording:, number:, digits:, characters:, and tone:
URI's are supported. This operation creates a playback resource that can be used to control the playback of media (pause, rewind, fast forward, etc.)

Path parameters

® bridgeld: string - Bridge's id

Query parameters

media: string - (required) Media's URI to play.

lang: string - For sounds, selects language for sound.

offsetms: int - Number of media to skip before playing.

skipms: int = 3000 - Number of milliseconds to skip for forward/reverse operations.
playbackld: string - Playback Id.

Error Responses

® 404 - Bridge not found
® 409 - Bridge not in a Stasis application

POST /bridges/{bridgeld}/play/{playbacklid}

Start playback of media on a bridge. The media URI may be any of a number of URI's. Currently sound: and recording: URI's are supported. This operation
creates a playback resource that can be used to control the playback of media (pause, rewind, fast forward, etc.)

Path parameters

® bridgeld: string - Bridge's id
® playbackld: string - Playback ID.

Query parameters

media: string - (required) Media's URI to play.

lang: string - For sounds, selects language for sound.

offsetms: int - Number of media to skip before playing.

skipms: int = 3000 - Number of milliseconds to skip for forward/reverse operations.

Error Responses
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® 404 - Bridge not found
® 409 - Bridge not in a Stasis application

POST /bridges/{bridgeld}/record

Start a recording. This records the mixed audio from all channels patrticipating in this bridge.

Path parameters

® bridgeld: string - Bridge's id

Query parameters

name: string - (required) Recording's filename

format: string - (required) Format to encode audio in

maxDurationSeconds: int - Maximum duration of the recording, in seconds. O for no limit.
maxSilenceSeconds: int - Maximum duration of silence, in seconds. 0 for no limit.
ifExists: string = fail - Action to take if a recording with the same name already exists.
beep: boolean - Play beep when recording begins

terminateOn: string = none - DTMF input to terminate recording.

Error Responses

® 400 - Invalid parameters

® 404 - Bridge not found

® 409 - Bridge is not in a Stasis application; A recording with the same name already exists on the system and can not be overwritten
because it is in progress or ifExists=fail

® 422 - The format specified is unknown on this system
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Asterisk 13 Channels REST API

Channels

Method
GET
POST
GET

POST

DELETE

POST

POST
POST

DELETE
POST

POST
DELETE
POST
DELETE
POST

DELETE

POST
DELETE
POST

POST

POST

GET
POST

POST

POST

GET /channels

List all active channels in Asterisk.

POST /channels

Path

/channels

/channels
/channels/{channelld}

/channels/{channelld}

/channels/{channelld}

/channels/{channelld}/continue

/channels/{channelld}/answer
/channels/{channelld}/ring

/channels/{channelld}/ring

/channels/{channelld}/dtmf

/channels/{channelld}/mute
/channels/{channelld}/mute
/channels/{channelld}/hold
/channels/{channelld}/hold
/channels/{channelld}/moh

/channels/{channelld}/moh

/channels/{channelld}/silence
/channels/{channelld}/silence
/channels/{channelld}/play

/channels/{channelld}/play/{playbac
kid}

/channels/{channelld}/record

/channels/{channelld}/variable

/channels/{channelld}/variable

/channels/{channelld}/snoop

/channels/{channelld}/snoop/{shoop
Id}

Return Model
List[Channel]
Channel
Channel

Channel

void

void

void
void

void

void

void
void
void
void
void

void

void
void
Playback

Playback

LiveRecording

Variable

void

Channel

Channel

Summary

List all active channels in Asterisk.
Create a new channel (originate).
Channel details.

Create a new channel (originate
with id).

Delete (i.e. hangup) a channel.

Exit application; continue execution
in the dialplan.

Answer a channel.
Indicate ringing to a channel.

Stop ringing indication on a channel
if locally generated.

Send provided DTMF to a given
channel.

Mute a channel.

Unmute a channel.

Hold a channel.

Remove a channel from hold.
Play music on hold to a channel.

Stop playing music on hold to a
channel.

Play silence to a channel.
Stop playing silence to a channel.
Start playback of media.

Start playback of media and specify
the playbackid.

Start a recording.

Get the value of a channel variable
or function.

Set the value of a channel variable
or function.

Start snooping.

Start snooping.

Create a new channel (originate). The new channel is created immediately and a snapshot of it returned. If a Stasis application is provided it will be
automatically subscribed to the originated channel for further events and updates.
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Query parameters

endpoint: string - (required) Endpoint to call.

extension: string - The extension to dial after the endpoint answers

context: string - The context to dial after the endpoint answers. If omitted, uses ‘default’

priority: long - The priority to dial after the endpoint answers. If omitted, uses 1

app: string - The application that is subscribed to the originated channel, and passed to the Stasis application.
appArgs: string - The application arguments to pass to the Stasis application.

callerld: string - CallerID to use when dialing the endpoint or extension.

timeout: int = 30 - Timeout (in seconds) before giving up dialing, or -1 for no timeout.

channelld: string - The unique id to assign the channel on creation.

otherChannelld: string - The unique id to assign the second channel when using local channels.

Body parameter

® variables: containers - The "variables" key in the body object holds variable key/value pairs to set on the channel on creation. Other keys
in the body object are interpreted as query parameters. Ex. { "endpoint": "SIP/Alice", "variables": { "CALLERID(name)": "Alice" } }

Error Responses

® 400 - Invalid parameters for originating a channel.

GET /channels/{channelld}

Channel details.

Path parameters

® channelld: string - Channel's id

Error Responses

® 404 - Channel not found

POST /channels/{channelld}

Create a new channel (originate with id). The new channel is created immediately and a snapshot of it returned. If a Stasis application is provided it will be
automatically subscribed to the originated channel for further events and updates.

Path parameters

® channelld: string - The unique id to assign the channel on creation.

Query parameters

endpoint: string - (required) Endpoint to call.

extension: string - The extension to dial after the endpoint answers

context: string - The context to dial after the endpoint answers. If omitted, uses 'default’

priority: long - The priority to dial after the endpoint answers. If omitted, uses 1

app: string - The application that is subscribed to the originated channel, and passed to the Stasis application.
appArgs: string - The application arguments to pass to the Stasis application.

callerld: string - CallerID to use when dialing the endpoint or extension.

timeout: int = 30 - Timeout (in seconds) before giving up dialing, or -1 for no timeout.

otherChannelld: string - The unique id to assign the second channel when using local channels.

Body parameter

® variables: containers - The "variables" key in the body object holds variable key/value pairs to set on the channel on creation. Other keys
in the body object are interpreted as query parameters. Ex. { "endpoint": "SIP/Alice", "variables": { "CALLERID(name)": "Alice" } }

Error Responses

® 400 - Invalid parameters for originating a channel.

DELETE /channels/{channelld}
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Delete (i.e. hangup) a channel.

Path parameters

® channelld: string - Channel's id

Query parameters

® reason: string - Reason for hanging up the channel

Error Responses

® 400 - Invalid reason for hangup provided
® 404 - Channel not found

POST /channels/{channelld}/continue

Exit application; continue execution in the dialplan.

Path parameters

® channelld: string - Channel's id

Query parameters
® context: string - The context to continue to.

® extension: string - The extension to continue to.
® priority: int - The priority to continue to.

Error Responses

® 404 - Channel not found
® 409 - Channel not in a Stasis application

POST /channels/{channelld}/answer

Answer a channel.

Path parameters

® channelld: string - Channel's id

Error Responses

® 404 - Channel not found
® 409 - Channel not in a Stasis application

POST /channels/{channelld}/ring

Indicate ringing to a channel.

Path parameters

® channelld: string - Channel's id

Error Responses

® 404 - Channel not found
® 409 - Channel not in a Stasis application

DELETE /channels/{channelld}/ring

Stop ringing indication on a channel if locally generated.
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Path parameters

¢ channelld: string - Channel's id

Error Responses

® 404 - Channel not found
® 409 - Channel not in a Stasis application

POST /channels/{channelld}/dtmf

Send provided DTMF to a given channel.

Path parameters

® channelld: string - Channel's id

Query parameters

dtmf: string - DTMF To send.

before: int - Amount of time to wait before DTMF digits (specified in milliseconds) start.
between: int = 100 - Amount of time in between DTMF digits (specified in milliseconds).
duration: int = 100 - Length of each DTMF digit (specified in milliseconds).

after: int - Amount of time to wait after DTMF digits (specified in milliseconds) end.

Error Responses
® 400 - DTMF is required

® 404 - Channel not found
® 409 - Channel not in a Stasis application

POST /channels/{channelld}/mute

Mute a channel.

Path parameters

® channelld: string - Channel's id

Query parameters

® direction: string = both - Direction in which to mute audio

Error Responses

® 404 - Channel not found
® 409 - Channel not in a Stasis application

DELETE /channels/{channelld}/mute

Unmute a channel.

Path parameters

® channelld: string - Channel's id

Query parameters

® direction: string = both - Direction in which to unmute audio

Error Responses

® 404 - Channel not found
® 409 - Channel not in a Stasis application
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POST /channels/{channelld}/hold

Hold a channel.

Path parameters

® channelld: string - Channel's id

Error Responses
® 404 - Channel not found
® 409 - Channel not in a Stasis application

DELETE /channels/{channelld}/hold

Remove a channel from hold.

Path parameters
® channelld: string - Channel's id

Error Responses

® 404 - Channel not found
® 409 - Channel not in a Stasis application

POST /channels/{channelld}/moh

Play music on hold to a channel. Using media operations such as /play on a channel playing MOH in this manner will suspend MOH without resuming
automatically. If continuing music on hold is desired, the stasis application must reinitiate music on hold.

Path parameters

® channelld: string - Channel's id

Query parameters

® mohClass: string - Music on hold class to use

Error Responses

® 404 - Channel not found
® 409 - Channel not in a Stasis application

DELETE /channels/{channelld}/moh

Stop playing music on hold to a channel.

Path parameters

® channelld: string - Channel's id

Error Responses

® 404 - Channel not found
® 409 - Channel not in a Stasis application

POST /channels/{channelld}/silence

Play silence to a channel. Using media operations such as /play on a channel playing silence in this manner will suspend silence without resuming
automatically.

Path parameters
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¢ channelld: string - Channel's id

Error Responses

® 404 - Channel not found
® 409 - Channel not in a Stasis application

DELETE /channels/{channelld}/silence

Stop playing silence to a channel.

Path parameters

® channelld: string - Channel's id

Error Responses

® 404 - Channel not found
® 409 - Channel not in a Stasis application

POST /channels/{channelld}/play

Start playback of media. The media URI may be any of a number of URI's. Currently sound:, recording:, number:, digits:, characters:, and tone: URI's are
supported. This operation creates a playback resource that can be used to control the playback of media (pause, rewind, fast forward, etc.)

Path parameters

® channelld: string - Channel's id

Query parameters

media: string - (required) Media's URI to play.

lang: string - For sounds, selects language for sound.

offsetms: int - Number of media to skip before playing.

skipms: int = 3000 - Number of milliseconds to skip for forward/reverse operations.
playbackld: string - Playback ID.

Error Responses

® 404 - Channel not found
® 409 - Channel not in a Stasis application

POST /channels/{channelld}/play/{playbackld}

Start playback of media and specify the playbackld. The media URI may be any of a number of URI's. Currently sound: and recording: URI's are supported.
This operation creates a playback resource that can be used to control the playback of media (pause, rewind, fast forward, etc.)

Path parameters

® channelld: string - Channel's id
® playbackld: string - Playback ID.

Query parameters

media: string - (required) Media's URI to play.

lang: string - For sounds, selects language for sound.

offsetms: int - Number of media to skip before playing.

skipms: int = 3000 - Number of milliseconds to skip for forward/reverse operations.

Error Responses

® 404 - Channel not found
® 409 - Channel not in a Stasis application
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POST /channels/{channelld}/record

Start a recording. Record audio from a channel. Note that this will not capture audio sent to the channel. The bridge itself has a record feature if that's what
you want.

Path parameters

® channelld: string - Channel's id

Query parameters

name: string - (required) Recording's filename

format: string - (required) Format to encode audio in

maxDurationSeconds: int - Maximum duration of the recording, in seconds. 0 for no limit
maxSilenceSeconds: int - Maximum duration of silence, in seconds. 0 for no limit
ifExists: string = fail - Action to take if a recording with the same name already exists.
beep: boolean - Play beep when recording begins

terminateOn: string = none - DTMF input to terminate recording

Error Responses
® 400 - Invalid parameters
® 404 - Channel not found
® 409 - Channel is not in a Stasis application; the channel is currently bridged with other hcannels; A recording with the same name already

exists on the system and can not be overwritten because it is in progress or ifExists=fail
® 422 - The format specified is unknown on this system

GET /channels/{channelld}/variable
Get the value of a channel variable or function.

Path parameters

¢ channelld: string - Channel's id

Query parameters

® variable: string - (required) The channel variable or function to get

Error Responses
® 400 - Missing variable parameter.

® 404 - Channel not found
® 409 - Channel not in a Stasis application

POST /channels/{channelld}/variable

Set the value of a channel variable or function.

Path parameters

® channelld: string - Channel's id

Query parameters

® variable: string - (required) The channel variable or function to set
® value: string - The value to set the variable to

Error Responses

® 400 - Missing variable parameter.
® 404 - Channel not found
® 409 - Channel not in a Stasis application

POST /channels/{channelld}/snoop
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Start snooping. Snoop (spy/whisper) on a specific channel.

Path parameters

¢ channelld: string - Channel's id

Query parameters

spy: string = none - Direction of audio to spy on

whisper: string = none - Direction of audio to whisper into

app: string - (required) Application the snooping channel is placed into
appArgs: string - The application arguments to pass to the Stasis application
snoopld: string - Unique ID to assign to snooping channel

Error Responses

® 400 - Invalid parameters
® 404 - Channel not found

POST /channels/{channelld}/snoop/{snoopld}

Start snooping. Snoop (spy/whisper) on a specific channel.

Path parameters

¢ channelld: string - Channel's id
® snoopld: string - Unique ID to assign to snooping channel

Query parameters

spy: string = none - Direction of audio to spy on

whisper: string = none - Direction of audio to whisper into

app: string - (required) Application the snooping channel is placed into
appArgs: string - The application arguments to pass to the Stasis application

Error Responses

® 400 - Invalid parameters
® 404 - Channel not found
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Asterisk 13 Devicestates REST API

Devicestates

Method Path Return Model Summary

GET /deviceStates List[DeviceState] List all ARI controlled device states.

GET /deviceStates/{deviceName} DeviceState Retrieve the current state of a
device.

PUT /deviceStates/{deviceName} void Change the state of a device

controlled by ARI. (Note - implicitly
creates the device state).

DELETE /deviceStates/{deviceName} void Destroy a device-state controlled by
ARI.

GET /deviceStates

List all ARI controlled device states.

GET /deviceStates/{deviceName}

Retrieve the current state of a device.

Path parameters

® deviceName: string - Name of the device

PUT /deviceStates/{deviceName}

Change the state of a device controlled by ARI. (Note - implicitly creates the device state).
Path parameters

® deviceName: string - Name of the device
Query parameters

® deviceState: string - (required) Device state value

Error Responses
® 404 - Device name is missing

® 409 - Uncontrolled device specified

DELETE /deviceStates/{deviceName}

Destroy a device-state controlled by ARI.

Path parameters

® deviceName: string - Name of the device

Error Responses

® 404 - Device name is missing
® 409 - Uncontrolled device specified
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Asterisk 13 Endpoints REST API

Endpoints

Method Path

GET /endpoints

PUT /endpoints/sendMessage

GET /endpoints/{tech}

GET /endpoints/{tech}/{resource}

PUT /endpoints/{tech}/{resource}/sendM

essage

GET /endpoints

List all endpoints.

PUT /endpoints/sendMessage

Send a message to some technology URI or endpoint.

Query parameters

Return Model
List[Endpoint]

void

List{[Endpoint]

Endpoint

void

Summary
List all endpoints.

Send a message to some
technology URI or endpoint.

List available endoints for a given
endpoint technology.

Details for an endpoint.

Send a message to some endpoint
in a technology.

® to: string - (required) The endpoint resource or technology specific URI to send the message to. Valid resources are sip, pjsip, and

Xmpp.

and xmpp.
® body: string - The body of the message

Body parameter

® variables: containers -

Error Responses

® 404 - Endpoint not found

GET /endpoints/{tech}

List available endoints for a given endpoint technology.

Path parameters

® tech: string - Technology of the endpoints (sip,iax2,...)

Error Responses

® 404 - Endpoints not found

GET /endpoints/{tech}/{resource}
Details for an endpoint.
Path parameters

® tech: string - Technology of the endpoint
® resource: string - ID of the endpoint
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Error Responses

® 400 - Invalid parameters for sending a message.
® 404 - Endpoints not found

PUT /endpoints/{tech}/{resource}/sendMessage

Send a message to some endpoint in a technology.

Path parameters

® tech: string - Technology of the endpoint
® resource: string - ID of the endpoint

Query parameters
® from: string - (required) The endpoint resource or technology specific identity to send this message from. Valid resources are sip, pjsip,

and xmpp.
® body: string - The body of the message

Body parameter

® variables: containers -

Error Responses

® 400 - Invalid parameters for sending a message.
® 404 - Endpoint not found

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 441



Asterisk 13 Events REST API

Events
Method Path Return Model Summary

GET /events Message WebSocket connection for events.
POST /events/user/{eventName} void Generate a user event.

GET /events

WebSocket connection for events.

Query parameters
® app: string - (required) Applications to subscribe to.

® Allows comma separated values.

POST /events/user/{eventName}
Generate a user event.
Path parameters

® eventName: string - Event name

Query parameters

® application: string - (required) The name of the application that will receive this event

® source: string - URI for event source (channel:{channelld}, bridge:{bridgeld}, endpoint:{tech}/{resource}, deviceState:{deviceName}
® Allows comma separated values.

Body parameter

® variables: containers - The "variables" key in the body object holds custom key/value pairs to add to the user event. Ex. { "variables": {
"key": "value" } }

Error Responses

® 404 - Application does not exist.
® 422 - Event source not found.
® 400 - Invalid even tsource URI or userevent data.
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Asterisk 13 Mailboxes REST API

Mailboxes

Method Path Return Model Summary

GET /mailboxes List[Mailbox] List all mailboxes.

GET /mailboxes/{mailboxName} Mailbox Retrieve the current state of a
mailbox.

PUT /mailboxes/{mailboxName} void Change the state of a mailbox.
(Note - implicitly creates the
mailbox).

DELETE /mailboxes/{mailboxName} void Destroy a mailbox.

GET /mailboxes

List all mailboxes.

GET /mailboxes/{mailboxName}

Retrieve the current state of a mailbox.

Path parameters

® mailboxName: string - Name of the mailbox

Error Responses

® 404 - Mailbox not found

PUT /mailboxes/{mailboxName}

Change the state of a mailbox. (Note - implicitly creates the mailbox).

Path parameters

® mailboxName: string - Name of the mailbox

Query parameters

® oldMessages: int - (required) Count of old messages in the mailbox
® newMessages: int - (required) Count of new messages in the mailbox

Error Responses

® 404 - Mailbox not found

DELETE /mailboxes/{mailboxName}

Destroy a mailbox.

Path parameters

® mailboxName: string - Name of the mailbox

Error Responses

® 404 - Mailbox not found
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Asterisk 13 Playbacks REST API

Playbacks

Method Path Return Model Summary

GET Iplaybacks/{playbackld} Playback Get a playback's details.
DELETE Iplaybacks/{playbackld} void Stop a playback.

POST Iplaybacks/{playbackld}/control void Control a playback.

GET /playbacks/{playbacklId}

Get a playback's details.
Path parameters
® playbackld: string - Playback's id

Error Responses

® 404 - The playback cannot be found

DELETE /playbacks/{playbackld}

Stop a playback.
Path parameters
® playbackld: string - Playback's id

Error Responses

® 404 - The playback cannot be found

POST /playbacks/{playbacklid}/control

Control a playback.
Path parameters

® playbackld: string - Playback's id
Query parameters

® operation: string - (required) Operation to perform on the playback.

Error Responses
® 400 - The provided operation parameter was invalid

® 404 - The playback cannot be found
® 409 - The operation cannot be performed in the playback's current state
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Asterisk 13 Recordings REST API

Recordings

Method Path

GET Irecordings/stored

GET /recordings/stored/{recordingName}

DELETE /recordings/stored/{recordingName}

POST /recordings/stored/{recordingName}
/copy

GET /recordings/live/{recordingName}

DELETE /recordings/live/{recordingName}

POST /recordings/live/{recordingName}/st
op

POST Irecordings/live/{recordingName}/pa
use

DELETE /recordings/live/{recordingName}/pa
use

POST Irecordings/live/{recordingName}/m
ute

DELETE Irecordings/live/{recordingName}/m
ute

GET /recordings/stored

List recordings that are complete.

GET /recordings/stored/{recordingName}

Get a stored recording's details.

Path parameters

® recordingName: string - The name of the recording

Error Responses

® 404 - Recording not found

DELETE /recordings/stored/{recordingName}

Delete a stored recording.

Path parameters

® recordingName: string - The name of the recording

Error Responses

® 404 - Recording not found

POST /recordings/stored/{recordingName}/copy

Copy a stored recording.

Return Model
List[StoredRecording]
StoredRecording
void

StoredRecording

LiveRecording
void

void

void

void

void

void
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Summary

List recordings that are complete.
Get a stored recording's details.
Delete a stored recording.

Copy a stored recording.

List live recordings.
Stop a live recording and discard it.

Stop a live recording and store it.

Pause a live recording.

Unpause a live recording.

Mute a live recording.

Unmute a live recording.
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Path parameters

® recordingName: string - The name of the recording to copy

Query parameters

® destinationRecordingName: string - (required) The destination name of the recording

Error Responses

® 404 - Recording not found
® 409 - A recording with the same name already exists on the system

GET /recordings/live/{recordingName}

List live recordings.
Path parameters

® recordingName: string - The name of the recording

Error Responses

® 404 - Recording not found

DELETE /recordings/live/{recordingName}

Stop a live recording and discard it.
Path parameters

® recordingName: string - The name of the recording

Error Responses

® 404 - Recording not found

POST /recordings/live/{recordingName}/stop

Stop a live recording and store it.

Path parameters

® recordingName: string - The name of the recording

Error Responses

® 404 - Recording not found

POST /recordings/live/{recordingName}/pause

Pause a live recording. Pausing a recording suspends silence detection, which will be restarted when the recording is unpaused. Paused time is not
included in the accounting for maxDurationSeconds.

Path parameters

® recordingName: string - The name of the recording

Error Responses

® 404 - Recording not found
® 409 - Recording not in session
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DELETE /recordings/live/{recordingName}/pause

Unpause a live recording.

Path parameters

® recordingName: string - The name of the recording

Error Responses

® 404 - Recording not found
® 409 - Recording not in session

POST /recordings/live/{recordingName}/mute

Mute a live recording. Muting a recording suspends silence detection, which will be restarted when the recording is unmuted.

Path parameters

® recordingName: string - The name of the recording

Error Responses

® 404 - Recording not found
® 409 - Recording not in session

DELETE /recordings/live/{recordingName}/mute

Unmute a live recording.

Path parameters

® recordingName: string - The name of the recording

Error Responses

® 404 - Recording not found
® 409 - Recording not in session
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Asterisk 13 REST Data Models

Asteriskinfo

BuildInfo

Configinfo

Setld

Statusinfo

Systeminfo

Variable

Endpoint
TextMessage
TextMessageVariable
CallerlD

Channel

Dialed

DialplanCEP

Bridge

LiveRecording
StoredRecording
FormatLangPair
Sound

Playback

DeviceState

Mailbox
ApplicationReplaced
BridgeAttendedTransfer
BridgeBlindTransfer
BridgeCreated
BridgeDestroyed
BridgeMerged
ChannelCallerld
ChannelCreated
ChannelDestroyed
ChannelDialplan
ChannelDtmfReceived
ChannelEnteredBridge
ChannelHangupRequest
ChannelLeftBridge
ChannelStateChange
ChannelTalkingFinished
ChannelTalkingStarted
ChannelUserevent
ChannelVarset
DeviceStateChanged
Dial
EndpointStateChange
Event

Message
MissingParams
PlaybackFinished
PlaybackStarted
RecordingFailed
RecordingFinished
RecordingStarted
StasisEnd

StasisStart
TextMessageReceived
Application

AsteriskInfo

Asterisk system information
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* Expand

{ source
"properties": {
"status": {
"required": false,
"type": "Statuslnfo",
"description": "Info about Asterisk status"
H
"config": {
"required": false,
"type": "Configlnfo",
"description": "Info about Asterisk configuration"
H
"build": {
"required": false,
"type": "Buildlnfo",
"description”: "Info about how Asterisk was built"
H
"systenl': {
"required": false,
"type": "System nfo",
"description": "Info about the systemrunning Asterisk"
}
H
"id": "Asterisklnfo",
"description": "Asterisk systeminformation"
}
® build: BuildInfo (optional) - Info about how Asterisk was built
® config: ConfigInfo (optional) - Info about Asterisk configuration
® status: Statusinfo (optional) - Info about Asterisk status
® system: Systeminfo (optional) - Info about the system running Asterisk
BuildInfo

Info about how Asterisk was built
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* Expand

{ source
"properties": {
"kernel ": {
"required": true,
"type": "string"
"description": "Kernel version Asterisk was built on."
H
"machi ne": {
"required": true,
"type": "string"
"description": "Machine architecture (x86_64, i686, ppc, etc.)"
H
"user": {
"required": true,
"type": "string",
"description": "Usernane that build Asterisk”
H
"date": {
"required": true,
"type": "string",
"description": "Date and tine when Asterisk was built."
b
"os": {
"required": true,
"type": "string"
"description": "OS Asterisk was built on."
b
"options": {
"required": true,
"type": "string"
"description": "Conpile tine options, or enpty string if default.”
}
H
"id": "Buildlnfo",
"description": "Info about how Asterisk was built"
}
® date: string - Date and time when Asterisk was built.
® kernel: string - Kernel version Asterisk was built on.
® machine: string - Machine architecture (x86_64, i686, ppc, etc.)
® options: string - Compile time options, or empty string if default.
® os: string - OS Asterisk was built on.
® user: string - Username that build Asterisk
Configinfo

Info about Asterisk configuration
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* Expand

{ source

"properties": {
"name": {
"required": true,
"type": "string",
"description": "Asterisk system nane."
H
"defaul t _I anguage": ({
"required": true,
"type": "string",
"description": "Default |anguage for nedia playback."
H
"max_l oad": {
"required": false,
"type": "double",

"description”: "Maxinum|oad avg on system"”
H
"setid": {

"required": true,

"type": "Setld",

"description": "Effective user/group id for running Asterisk."
b

"max_open_files": {

"required": false,

"type": "int",

"description": "Mxinmm nunber of open file handles (files, sockets)."
b
"max_channel s": {

"required": false,

"type”: lli nt ll,
"description": "Maxi mum nunber of sinmultaneous channels."
}
I
"id": "Configlnfo",
"description": "Info about Asterisk configuration"
}
¢ default_language: string - Default language for media playback.
® max_channels: int (optional) - Maximum number of simultaneous channels.
®* max_load: double (optional) - Maximum load avg on system.
* max_open_files: int (optional) - Maximum number of open file handles (files, sockets).
® name: string - Asterisk system name.
® setid: Setld - Effective user/group id for running Asterisk.
Setld

Effective user/group id

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 451



{
"properties": {
"group": {
"required": true,
"type": "string",
"description": "Effective group id."
H
"user": {
"required": true,
"type": "string",
"description": "Effective user id."
}
H
"id": "Setld",
"description": "Effective user/group id"
}

® group: string - Effective group id.
® user: string - Effective user id.

Statusinfo

Info about Asterisk status

{
"properties": {
"last _reload_tine": {

"required": true,
"type": "Date",
"description": "Tine when Asterisk was |ast rel oaded."

H

"startup_tinme": {
"required": true,
"type": "Date",
"description": "Tinme when Asterisk was started.”

}

}

d": "Statuslnfo",

"description": "Info about Asterisk status"
}

® last_reload_time: Date - Time when Asterisk was last reloaded.
® startup_time: Date - Time when Asterisk was started.

Systeminfo

Info about Asterisk
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"properties": {
"entity_id": {
"required": true
"type": "string",
"description": ""
H
"version": {
"required": true,
"type": "string",
"description": "Asterisk version."
}
H
"id": "System nfo",
"description": "Info about Asterisk"

® entity_id: string
® version: string - Asterisk version.

Variable

The value of a channel variable

* Expand
source

"properties": {
"val ue": {
"required": true,
"type": "string",
"description": "The value of the variable requested"
}
H
"id": "Variable",
"description": "The value of a channel vari able"

® value: string - The value of the variable requested

Endpoint
An external device that may offer/accept calls to/from Asterisk.

Unlike most resources, which have a single unique identifier, an endpoint is uniquely identified by the technology/resource pair.
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{
"properties": {
"resource": {
"required": true,
"type": "string",
"description": "ldentifier of the endpoint, specific to the given technol ogy."
H
"state": {
"al | owabl eVal ues": {
"val ueType": "LIST",
"val ues": [
"unknown"
"of fline",
"online"

]

H

"required": false

"type": "string"

"description": "Endpoint's state"
H
"technol ogy": {

"required": true,

"type": "string",

"description": "Technol ogy of the endpoint"
H
"channel _ids": {

"required": true,

"type": "List[string]"

"description": "ld's of channels associated with this endpoint”
}
o
"id": "Endpoint"”,
"description": "An external device that may offer/accept calls to/from

Asterisk.\n\nUnlike nost resources, which have a single unique identifier, an endpoint is
uni quely identified by the technol ogy/resource pair."

}

channel_ids: List[string] - Id's of channels associated with this endpoint
resource: string - Identifier of the endpoint, specific to the given technology.
state: string (optional) - Endpoint's state

technology: string - Technology of the endpoint

TextMessage

A text message.
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"properties": {
"body": {
"required": true,
"type": "string",
"description": "The text of the nessage.

n

H
"to": {

"required": true,

"type": "string",

"description": "A technol ogy specific URl specifying the destination of the
message. Valid technol ogies include sip, pjsip, and xnp. The destination of a nessage
shoul d be an endpoint."

b
"variables": {

"required": false,

"type": "List[Text MessageVari abl e]",

"description": "Technol ogy specific key/val ue pairs associated with the nessage."

b
"from: {

"required": true,

"type": "string",

"description": "A technol ogy specific URl specifying the source of the nmessage. For
sip and pjsip technol ogies, any SIP URI can be specified. For xnpp, the URl nust
correspond to the client connection being used to send the nessage."”

}
o
"id": "TextMessage",
"description": "A text nessage."

® body: string - The text of the message.

® from: string - A technology specific URI specifying the source of the message. For sip and pjsip technologies, any SIP URI can be
specified. For xmpp, the URI must correspond to the client connection being used to send the message.

® to: string - A technology specific URI specifying the destination of the message. Valid technologies include sip, pjsip, and xmp. The
destination of a message should be an endpoint.

® variables: List[TextMessageVariable] (optional) - Technology specific key/value pairs associated with the message.

TextMessageVariable

A key/value pair variable in a text message.
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"properties": {
"val ue": {
"required": true,
"type": "string",
"description": "The value of the variable."
I
"key": {
"required": true,
"type": "string"
"description”: "A unique key identifying the variable."
}
I
"id": "TextMessageVari abl e"
"description": "A key/value pair variable in a text nessage."
}
® key: string - A unigue key identifying the variable.
® value: string - The value of the variable.
CallerID
Caller identification
* Expand
{ source
"properties": {
"nane": {
"required": true,
"type": "string"
}
"nunber": {
"required": true,
"type": "string"
}
I
"id"': "CallerlD",
"description": "Caller identification”
}
® name: string
® number: string
Channel
A specific communication connection between Asterisk and an Endpoint.
* Expand
source

"properties": {
"account code": {
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"required": true,
"type": "string"

I
"name": {
"required": true,
"type": "string",
"description": "Nanme of the channel (i.e. SIP/foo-0000a7e3)"
o
"caller": {
"required": true,
"type": "CallerlD'
o

"creationtine": {
"required": true,
"type": "Date",
"description": "Tinmestanp when channel was created"
b
"state": {
"al | owabl eVal ues": {
"val ueType": "LIST",
"val ues": [
" Down",
"Rsrved",
" O f Hook",
"Dialing",
"Ring",
"Ri ngi ng",
"Up",
"Busy",
"Dialing Ofhook",
"Pre-ring",
" Unknown"

]

H

"required": true,

"type": "string"

b

"connected": {
"required": true,
"type": "CallerlD'

H
"dial plan": {
"required": true,
"type": "Dial pl anCEP",
"description": "Current |location in the dialplan"
}
"id" {
"required": true,
"type": "string",
"description": "Unique identifier of the channel.\n\nThis is the sane as the
Uniqueid field in AM."
}
H
"id": "Channel",
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"description": "A specific conmunication connection between Asterisk and an Endpoint."

accountcode: string

caller: CallerlD

connected: CallerlD

creationtime: Date - Timestamp when channel was created
dialplan: DialplanCEP - Current location in the dialplan

id: string - Unique identifier of the channel.

This is the same as the Uniqueid field in AMI.

® name: string - Name of the channel (i.e. SIP/foo-0000a7e3)
® state: string

Dialed

Dialed channel information.

{
"properties": {},
"id": "Dialed",
"description": "Dialed channel information."
}
DialplanCEP

Dialplan location (context/extension/priority)

{
"properties": {
"priority": {
"required": true,
"type": "long",
"description": "Priority in the dialplan”
H
"exten": {
"required": true,
"type": "string",
"description": "Extension in the dialplan"
b
"context": {
"required": true,
"type": "string",
"description": "Context in the dialplan"
}
o
"id": "D al pl anCEP",
"description": "Dialplan | ocation (context/extension/priority)"
}

® context: string - Context in the dialplan
® exten: string - Extension in the dialplan
® priority: long - Priority in the dialplan
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Bridge
The merging of media from one or more channels.

Everyone on the bridge receives the same audio.

* Expand

source

{
"properties": {
"bridge_type": {
"al | owabl eVal ues": {
"val ueType": "LIST",
"val ues": |
"m xi ng",
"hol di ng"
]
H
"required": true,
"type": "string",
"description": "Type of bridge technol ogy"
H
"nane": {
"required": true,
"type": "string",
"description": "Nane the creator gave the bridge"
H
"creator": {
"required": true,
"type": "string",
"description": "Entity that created the bridge"
b
"channel s": {
"required": true,
"type": "List[string]",
"description": "lds of channels participating in this bridge"
H
"bridge_class": {
"required": true,
"type": "string",
"description": "Bridging class"”
H
"technol ogy": {
"required": true,
"type": "string",
"description": "Nane of the current bridging technol ogy"

id: {
"required": true,
"type": "string",
"description": "Unique identifier for this bridge"
}
H
"id": "Bridge",
"description": "The nerging of nedia fromone or nore channel s.\n\nEveryone on the
bri dge receives the sane audio."

}
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bridge_class: string - Bridging class

bridge_type: string - Type of bridge technology

channels: List[string] - Ids of channels participating in this bridge
creator: string - Entity that created the bridge

id: string - Unique identifier for this bridge

name: string - Name the creator gave the bridge

technology: string - Name of the current bridging technology

LiveRecording

A recording that is in progress

* Expand
source

"properties": {
"tal king_duration": {
"required": false
"type": "int",
"description”: "Duration of talking, in seconds, detected in the recording. This is
only available if the recording was initiated with a non-zero nexSil enceSeconds."
H
"name": {
"required": true
"type": "string",
"description": "Base name for the recording"
b
"target _uri": {
"required": true,
"type": "string"
"description": "URl for the channel or bridge being recorded"
H
"format": {
"required": true,
"type": "string",
"description”: "Recording format (wav, gsm etc.)"
H
"cause": {
"required": false
"type": "string",
"description": "Cause for recording failure if failed"
H
"state": {
"al | owabl eVal ues": {
"val ueType": "LIST",
"val ues": [
"queued",
"recordi ng",
"paused"”,
"done",
"fail ed",
"cancel ed"
]
H
"required": true
"type": "string"
H
"duration": {
"required": false

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 460



"type": "int",

"description": "Duration in seconds of the recording"
I
"silence_duration": {

"required": false

"type": ui nt u,
"description": "Duration of silence, in seconds, detected in the recording. This is
only available if the recording was initiated with a non-zero naxSil enceSeconds. "

}
}

id": "LiveRecording",
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"description": "Arecording that is in progress”

cause: string (optional) - Cause for recording failure if failed

duration: int (optional) - Duration in seconds of the recording

format: string - Recording format (wav, gsm, etc.)

name: string - Base name for the recording

silence_duration: int (optional) - Duration of silence, in seconds, detected in the recording. This is only available if the recording was

initiated with a non-zero maxSilenceSeconds.

state: string

® talking_duration: int (optional) - Duration of talking, in seconds, detected in the recording. This is only available if the recording was
initiated with a non-zero maxSilenceSeconds.

® target_uri: string - URI for the channel or bridge being recorded

StoredRecording

A past recording that may be played back.

* Expand
source

"properties": {
"name": {
"required": true,
"type": "string"
I
"format": {
"required": true,
"type": "string"
}
}

id": "StoredRecording",
"description": "A past recording that may be played back."

® format: string
® name: string

FormatLangPair

Identifies the format and language of a sound file
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"properties": {

"l anguage": {
"required": true,
"type": "string"

I

"format": {

"required": true,
"type": "string"
}
I
"id": "FormatlLangPair",

"description": "ldentifies the format and | anguage of a sound file"

® format: string
® language: string

Sound

A media file that may be played back.

* Expand

( source
"properties": {
"text": {
"required": false,
"type": "string",

"description": "Text description of the sound, usually the words spoken."
H
"id" {

"required": true,

"type": "string",

"description": "Sound's identifier."
H

"formats": {
"required": true,
"type": "List[FormatlLangPair]",
"description": "The formats and | anguages in which this sound is available.”
}
H
"id": "Sound",
"description': "A nmedia file that may be played back."

}

® formats: List[FormatLangPair] - The formats and languages in which this sound is available.
® id: string - Sound's identifier.

® text: string (optional) - Text description of the sound, usually the words spoken.

Playback

Object representing the playback of media to a channel
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"properties": {

"l anguage": {
"type": "string",
"description": "For nedia types that support nultiple |anguages

requested for playback."

o

"media_uri": {
"required": true,
"type": "string"
"description": "URl for the nmedia to play back."

id: {
"required": true,
"type": "string",
"description": "ID for this playback operation”
}
"target _uri": {
"required": true,
"type": "string",

"description": "URl for the channel or bridge to play the nedia on"

b
"state": {

"al | owabl eVal ues": {
"val ueType": "LIST",
"values": [

"queued",

“playing”,

"conpl et e"
]

o

"required": true,

"type": "string",

"description": "Current state of the playback operation."

}
o
"id": "Playback",

"description": "Object representing the playback of nedia to a channel ™"

id: string - ID for this playback operation

media_uri: string - URI for the media to play back.
state: string - Current state of the playback operation.
target_uri: string - URI for the channel or bridge to play the media on

DeviceState

Represents the state of a device.
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{
"properties": {
"state": {
"al | owabl eVal ues": {
"val ueType": "LIST",
"val ues": [
" UNKNOVWN'
"NOT_| NUSE"
"1 NUSE",
" BUSY",
"1 NVALI D'
" UNAVAI LABLE"
"RI NG NG',
"Rl NG NUSE"
" ONHOLD'
]
H
"required": true,
"type": "string",
"description”: "Device's state"
H
"nane": {
"required": true,
"type": "string",
"description": "Nane of the device."
}
b
"id": "DeviceState",

"description": "Represents the state of a device."

}

® name: string - Name of the device.
® state: string - Device's state

Mailbox

Represents the state of a mailbox.
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"properties": {
"ol d_nessages": {
"required": true,
"type": "int",
"description": "Count of old nessages in the mail box."
H
"name": {
"required": true,
"type": "string",
"description": "Nanme of the mail box."
o
"new_nessages": {
"required": true,
"type": "int",
"description": "Count of new nessages in the nail box."
}
b
"id": "Mail box",
"description": "Represents the state of a mail box."
}

® name: string - Name of the mailbox.
® new_messages: int - Count of new messages in the mailbox.
® old_messages: int - Count of old messages in the mailbox.

ApplicationReplaced

Base type: Event
Notification that another WebSocket has taken over for an application.

An application may only be subscribed to by a single WebSocket at a time. If multiple WebSockets attempt to subscribe to the same application, the newer
WebSocket wins, and the older one receives this event.

* Expand
source

"properties": {},
"id": "ApplicationReplaced",
"description”: "Notification that another WbSocket has taken over for an

application.\n\nAn application may only be subscribed to by a single WbSocket at a tine.
If nultiple WebSockets attenpt to subscribe to the sane application, the newer WbSocket
wi ns, and the ol der one receives this event."

}

® type: string - Indicates the type of this message.
® application: string - Name of the application receiving the event.
® timestamp: Date (optional) - Time at which this event was created.

BridgeAttendedTransfer

Base type: Event

Notification that an attended transfer has occurred.
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"properties": {
"repl ace_channel ": {
"required": false
"type": "Channel ",
"description”: "The channel that is replacing transferer_first_leg in the swap"

"is_external": {

"required": true,

"type": "bool ean",

"description": "Wether the transfer was externally initiated or not"
I
"transferer_second_|l eg_bridge": {

"type": "Bridge",

"description": "Bridge the transferer second leg is in"
I
"destination_bridge": {

"type": "string",

"description": "Bridge that survived the nerge result"”
I
"transferer_second_l eg": {

"required": true,

"type": "Channel"

"description": "Second |leg of the transferer"
I
"destination_link_second_leg": {

"type": "Channel"

"description": "Second leg of a link transfer result”
I
"destination_threeway_channel ": {

"type": "Channel"

"description": "Transferer channel that survived the threeway result"
I

"transfer_target": {
"required": false
"type": "Channel ",

"description": "The channel that is being transferred to"
b
"result": {

"required": true,

"type": "string",

"description”: "The result of the transfer attenpt”
H

"destination_type": {
"required": true,
"type": "string",
"description": "How the transfer was acconplished"
}
"destination_application": {
"type": "string",
"description": "Application that has been transferred into"
}
"destination_threeway_bridge": {
"type": "Bridge",
"description": "Bridge that survived the threeway result”

H
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"destination_link_first_leg": {
"type": "Channel ",
"description": "First leg of a link transfer result"
b
"transferee": {
"required": false,
"type": "Channel ",
"description": "The channel that is being transferred"
b
"transferer_first_leg": {
"required": true,
"type": "Channel ",
"description": "First leg of the transferer"
H
"transferer_first_leg bridge": {
"type": "Bridge",
"description": "Bridge the transferer first legis in"
}
b
"id": "BridgeAttendedTransfer"”,
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"description": "Notification that an attended transfer has occurred.”

type: string - Indicates the type of this message.

application: string - Name of the application receiving the event.

timestamp: Date (optional) - Time at which this event was created.

destination_application: string (optional) - Application that has been transferred into
destination_bridge: string (optional) - Bridge that survived the merge result
destination_link_first_leg: Channel (optional) - First leg of a link transfer result
destination_link_second_leg: Channel (optional) - Second leg of a link transfer result
destination_threeway_bridge: Bridge (optional) - Bridge that survived the threeway result
destination_threeway_channel: Channel (optional) - Transferer channel that survived the threeway result
destination_type: string - How the transfer was accomplished

is_external: boolean - Whether the transfer was externally initiated or not

replace_channel: Channel (optional) - The channel that is replacing transferer_first_leg in the swap
result: string - The result of the transfer attempt

transfer_target: Channel (optional) - The channel that is being transferred to

transferee: Channel (optional) - The channel that is being transferred

transferer_first_leg: Channel - First leg of the transferer

transferer_first_leg_bridge: Bridge (optional) - Bridge the transferer first leg is in
transferer_second_leg: Channel - Second leg of the transferer

transferer_second_leg_bridge: Bridge (optional) - Bridge the transferer second leg is in

BridgeBlindTransfer

Base type: Event

Notification that a blind transfer has occurred.
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{
"properties": {
"bridge": {
"type": "Bridge",
"description": "The bridge being transferred"
b
"is_external": {
"required": true,
"type": "bool ean”
"description": "Wether the transfer was externally initiated or
b
"exten": {
"required": true,
"type": "string"
"description": "The extension transferred to"
H
"result": {
"required": true,
"type": "string",
"description”: "The result of the transfer attenpt”
H
"context": {
"required": true,
"type": "string",
"description": "The context transferred to"
b
"transferee": {
"required": false,
"type": "Channel"
"description": "The channel that is being transferred"
b
"channel ": {
"required": true,
"type": "Channel"
"description": "The channel performing the blind transfer”
}
H
"id": "BridgeBlindTransfer",
"description": "Notification that a blind transfer has occurred."
}
® type: string - Indicates the type of this message.
® application: string - Name of the application receiving the event.
® timestamp: Date (optional) - Time at which this event was created.
® bridge: Bridge (optional) - The bridge being transferred
® channel: Channel - The channel performing the blind transfer
® context: string - The context transferred to
® exten: string - The extension transferred to
® is_external: boolean - Whether the transfer was externally initiated or not
® result: string - The result of the transfer attempt
°

transferee: Channel (optional) - The channel that is being transferred

BridgeCreated

Base type: Event

Notification that a bridge has been created.
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"properties": {
"bridge": {
"required": true,
"type": "Bridge"
}
H
"id": "BridgeCreated",
"description": "Notification that a bridge has been created.”

® type: string - Indicates the type of this message.

® application: string - Name of the application receiving the event.

® timestamp: Date (optional) - Time at which this event was created.
® bridge: Bridge

BridgeDestroyed

Base type: Event

Notification that a bridge has been destroyed.

"properties": {
"bridge": {
"required": true,
"type": "Bridge"
}
}
"id": "BridgeDestroyed",

"description": "Notification that a bridge has been destroyed."

® type: string - Indicates the type of this message.
® application: string - Name of the application receiving the event.
® timestamp: Date (optional) - Time at which this event was created.
® bridge: Bridge
BridgeMerged
Base type: Event

Notification that one bridge has merged into another.
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"properties": {
"bridge": {
"required": true
"type": "Bridge"
b
"bridge_from': {
"required": true
"type": "Bridge"
}
b
"id": "BridgeMerged",
"description": "Notification that one bridge has nerged into another."

type: string - Indicates the type of this message.

application: string - Name of the application receiving the event.
timestamp: Date (optional) - Time at which this event was created.
bridge: Bridge

bridge_from: Bridge

ChannelCallerld

Base type: Event

Channel changed Caller ID.
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"properties": {
"caller_presentation_txt": {
"required": true,
"type": "string",
"description": "The text representation of the Caller Presentation value."
o
"cal l er_presentation": {
"required": true,
"type": "int",
"description": "The integer representation of the Caller Presentation value."
H
"channel ": {
"required": true
"type": "Channel"
"description": "The channel that changed Caller ID."

}
H
"id": "Channel Callerld",
"description": "Channel changed Caller ID."

type: string - Indicates the type of this message.

application: string - Name of the application receiving the event.

timestamp: Date (optional) - Time at which this event was created.

caller_presentation: int - The integer representation of the Caller Presentation value.
caller_presentation_txt: string - The text representation of the Caller Presentation value.
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® channel: Channel - The channel that changed Caller ID.

ChannelCreated

Base type: Event

Notification that a channel has been created.

* Expand
{ source
"properties": {
"channel ": {
"required": true,
"type": "Channel"
}
b
"id": "Channel Created",
"description": "Notification that a channel has been created."
}
® type: string - Indicates the type of this message.
® application: string - Name of the application receiving the event.
® timestamp: Date (optional) - Time at which this event was created.
® channel: Channel
ChannelDestroyed
Base type: Event
Notification that a channel has been destroyed.
* Expand
{ source
"properties": {
"cause": {
"required": true,
"type": "int",
"description": "lInteger representation of the cause of the hangup”
H
"cause_txt": {
"required": true,
"type": "string",
"description": "Text representation of the cause of the hangup"
b
"channel ": {
"required": true,
"type": "Channel"
}
b
"id": "Channel Destroyed",
"description": "Notification that a channel has been destroyed."
}
® type: string - Indicates the type of this message.
® application: string - Name of the application receiving the event.
® timestamp: Date (optional) - Time at which this event was created.
L]

cause: int - Integer representation of the cause of the hangup
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® cause_txt: string - Text representation of the cause of the hangup
® channel: Channel

ChannelDialplan

Base type: Event

Channel changed location in the dialplan.

* Expand
{ source
"properties": {
"di al pl an_app_data": {
"required": true,
ntypen: "Stl’i ng”,
"description": "The data to be passed to the application.”
I
"channel ": {
"required": true,
"type": "Channel ",
"description": "The channel that changed dial pl an | ocation."
I
"dial pl an_app": {
"required": true,
"type": "string",
"description": "The application about to be executed."
}
I
"id": "Channel D al pl an",
"description": "Channel changed | ocation in the dialplan."
}
® type: string - Indicates the type of this message.
® application: string - Name of the application receiving the event.
® timestamp: Date (optional) - Time at which this event was created.
® channel: Channel - The channel that changed dialplan location.
® dialplan_app: string - The application about to be executed.
L]

dialplan_app_data: string - The data to be passed to the application.

ChannelDtmfReceived

Base type: Event
DTMF received on a channel.

This event is sent when the DTMF ends. There is no notification about the start of DTMF
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* Expand
source

"properties": {

"duration_ms": {

"required": true,

"type": "int",

"description": "Number of milliseconds DTMF was recei ved"
H
"digit": {

"required": true,

"type": "string",

"description": "DTMF digit received (0-9, A-E, # or *)"
o
"channel ": {

"required": true,

"type": "Channel ",

"description": "The channel on which DTMF was received"
}

b,
"id": "Channel Dt nf Recei ved",

"description": "DTM received on a channel.\n\nThis event is sent when the DTMF ends.

There is no notification about the start of DTM"

}

type: string - Indicates the type of this message.

application: string - Name of the application receiving the event.
timestamp: Date (optional) - Time at which this event was created.
channel: Channel - The channel on which DTMF was received
digit: string - DTMF digit received (0-9, A-E, # or *)

duration_ms: int - Number of milliseconds DTMF was received

ChannelEnteredBridge

Base type: Event

Notification that a channel has entered a bridge.

” Expand

source

"properties": {

"bridge": {
"required": true,
"type": "Bridge"

}

"channel ": {
"type": "Channel"

}

I
"id": "Channel EnteredBridge",

"description": "Notification that a channel has entered a bridge."

type: string - Indicates the type of this message.

application: string - Name of the application receiving the event.
timestamp: Date (optional) - Time at which this event was created.
bridge: Bridge
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¢ channel: Channel (optional)

ChannelHangupRequest

Base type: Event

A hangup was requested on the channel.

* Expand
{ source
"properties": {
"soft": {
"type": "bool ean",
"description": "Wether the hangup request was a soft hangup request."
I
"cause": {
ntypeu: "i nt ||’
"description": "Integer representation of the cause of the hangup."
I
"channel ": {
"required": true,
"type": "Channel ",
"description": "The channel on which the hangup was requested."
}
I
"id": "Channel HangupRequest",
"description": "A hangup was requested on the channel."
}
® type: string - Indicates the type of this message.
® application: string - Name of the application receiving the event.
® timestamp: Date (optional) - Time at which this event was created.
® cause: int (optional) - Integer representation of the cause of the hangup.
® channel: Channel - The channel on which the hangup was requested.
°

soft: boolean (optional) - Whether the hangup request was a soft hangup request.

ChannellLeftBridge

Base type: Event

Notification that a channel has left a bridge.
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"properties": {
"bridge": {
"required": true,
"type": "Bridge"
b
"channel ": {
"required": true,
"type": "Channel"
}
b
"id": "Channel LeftBridge",
"description": "Notification that a channel has left a bridge."

type: string - Indicates the type of this message.

application: string - Name of the application receiving the event.
timestamp: Date (optional) - Time at which this event was created.
bridge: Bridge

channel: Channel

ChannelStateChange

Base type: Event

Notification of a channel's state change.

{
"properties": {
"channel ": {
"required": true,
"type": "Channel"
}
b,
"id": "Channel St at eChange",
"description": "Notification of a channel's state change."
}
® type: string - Indicates the type of this message.
® application: string - Name of the application receiving the event.
® timestamp: Date (optional) - Time at which this event was created.
°

channel: Channel

ChannelTalkingFinished

Base type: Event

Talking is no longer detected on the channel.
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* Expand

{ source
"properties": {
"duration": {
"required": true,
"type": "int",
"description": "The length of tinme, in mlliseconds, that tal king was detected on
the channel "
o
"channel ": {
"required": true,
"type": "Channel ",
"description": "The channel on which tal king conpleted."”
}
b
"id": "Channel Tal ki ngFi ni shed",
"description": "Talking is no | onger detected on the channel."
}
® type: string - Indicates the type of this message.
® application: string - Name of the application receiving the event.
® timestamp: Date (optional) - Time at which this event was created.
® channel: Channel - The channel on which talking completed.
® duration: int - The length of time, in milliseconds, that talking was detected on the channel
ChannelTalkingStarted
Base type: Event
Talking was detected on the channel.
* Expand
{ source
"properties": {
"channel ": {
"required": true,
"type": "Channel ",
"description": "The channel on which talking started."
}
o
"id": "Channel Tal ki ngStarted",
"description": "Tal king was detected on the channel."
}
® type: string - Indicates the type of this message.
® application: string - Name of the application receiving the event.
® timestamp: Date (optional) - Time at which this event was created.
°

channel: Channel - The channel on which talking started.

ChannelUserevent

Base type: Event

User-generated event with additional user-defined fields in the object.
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* Expand

{ source

"properties": {

"event name": {
"required": true,
"type": "string",

"description": "The nanme of the user event."
H
"bridge": {

"required": false,

"type": "Bridge",

"description": "A bridge that is signaled with the user event."
H

"userevent": {

"required": true,

"type": "object”,

"description”: "Custom Userevent data"
H
"endpoi nt": {

"required": false,

"type": "Endpoint",

"description": "A endpoint that is signaled with the user event."
b
"channel ": {
"required": false,
"type": "Channel ",
"description": "A channel that is signaled with the user event."
}
H
"id": "Channel Userevent",
"description": "User-generated event with additional user-defined fields in the
obj ect."
}
® type: string - Indicates the type of this message.
® application: string - Name of the application receiving the event.
® timestamp: Date (optional) - Time at which this event was created.
® bridge: Bridge (optional) - A bridge that is signaled with the user event.
¢ channel: Channel (optional) - A channel that is signaled with the user event.
® endpoint: Endpoint (optional) - A endpoint that is signaled with the user event.
® eventname: string - The name of the user event.
°

userevent: object - Custom Userevent data

ChannelVarset

Base type: Event

Channel variable changed.
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* Expand

source

"properties": {
"variable": {
"required": true,
"type": "string",
"description": "The variable that changed."
H
"channel ": {
"required": false,
"type": "Channel ",
"description”: "The channel on which the variable was set.\n\nlf mnissing, the
variable is a gl obal variable.”
H
"val ue": {
"required": true,
"type": "string",
"description": "The new val ue of the variable."
}
b
"id": "Channel Varset™",
"description": "Channel variable changed."

type: string - Indicates the type of this message.
application: string - Name of the application receiving the event.
timestamp: Date (optional) - Time at which this event was created.

L]
L]
L]
® channel: Channel (optional) - The channel on which the variable was set.

If missing, the variable is a global variable.

® value: string - The new value of the variable.
® variable: string - The variable that changed.

DeviceStateChanged

Base type: Event

Notification that a device state has changed.

? Expand

source

"properties": {
"device_state": {
"required": true,
"type": "DeviceState",
"description": "Device state object"
}
H
"id": "DeviceStateChanged",
"description": "Notification that a device state has changed."

® type: string - Indicates the type of this message.
® application: string - Name of the application receiving the event.
® timestamp: Date (optional) - Time at which this event was created.
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® device_state: DeviceState - Device state object

Dial
Base type: Event

Dialing state has changed.

* Expand

source

"properties": {
"forwarded": ({
"required": false
"type": "Channel"
"description": "Channel that the caller has been forwarded to."
b
"caller": {
"required": false
"type": "Channel"
"description”: "The calling channel."
H
"dial status": {
"required": true
"type": "string",
"description": "Current status of the dialing attenpt to the peer."
H
"forward": {
"required": false
"type": "string",
"description": "Forwarding target requested by the original dialed channel."
b
"dialstring": {
"required": false
"type": "string",
"description": "The dial string for calling the peer channel."
b
"peer": {
"required": true,
"type": "Channel"
"description”: "The dial ed channel ."
}
H
"id': "Dial",
"description": "Dialing state has changed. "

type: string - Indicates the type of this message.

application: string - Name of the application receiving the event.

timestamp: Date (optional) - Time at which this event was created.

caller: Channel (optional) - The calling channel.

dialstatus: string - Current status of the dialing attempt to the peer.

dialstring: string (optional) - The dial string for calling the peer channel.

forward: string (optional) - Forwarding target requested by the original dialed channel.
forwarded: Channel (optional) - Channel that the caller has been forwarded to.

peer: Channel - The dialed channel.

EndpointStateChange

Base type: Event
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Endpoint state changed.

* Expand
{ source
"properties": {
"endpoi nt": {
"required": true,
"type": "Endpoint"
}
I
"id": "Endpoint St ateChange”,
"description": "Endpoint state changed."
}
® type: string - Indicates the type of this message.
® application: string - Name of the application receiving the event.
® timestamp: Date (optional) - Time at which this event was created.
¢ endpoint: Endpoint
Event

Base type: Message

Subtypes: ApplicationReplaced BridgeAttendedTransfer BridgeBlindTransfer BridgeCreated BridgeDestroyed BridgeMerged ChannelCallerld ChannelCrea
ted ChannelDestroyed ChannelDialplan ChannelDtmfReceived ChannelEnteredBridge ChannelHangupRequest ChannelLeftBridge ChannelStateChange
ChannelTalkingFinished ChannelTalkingStarted ChannelUserevent ChannelVarset DeviceStateChanged Dial EndpointStateChange PlaybackFinished Play
backStarted RecordingFailed RecordingFinished RecordingStarted StasisEnd StasisStart TextMessageReceived

Base type for asynchronous events from Asterisk.
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* Expand

source

{
"subTypes": [
"Devi ceSt at eChanged”,
"Pl aybackSt art ed",
" Pl aybackFi ni shed",
"Recordi ngStarted",
"Recor di ngFi ni shed",
"Recor di ngFai | ed",
"Appl i cati onRepl aced",
"BridgeCreated",
"BridgeDestroyed",
"BridgeMer ged",
"BridgeBlindTransfer",
"BridgeAtt endedTransfer",
" Channel Creat ed",
" Channel Destroyed"”,
" Channel Ent er edBri dge",
"Channel Left Bri dge",
" Channel St at eChange”,
" Channel Dt nf Recei ved",
" Channel Di al pl an",
"Channel Cal l erl d",
" Channel User event ",
" Channel HangupRequest ",
" Channel Var set ",
"Channel Tal ki ngSt art ed",
" Channel Tal ki ngFi ni shed",
" Endpoi nt St at eChange",
"Dial",
" St asi send",
"StasisStart”,
" Text MessageRecei ved"
1,
"properties": {
"application": {
"required": true,
"type": "string",
"description": "Nanme of the application receiving the event."
o
"timestamp": {
"required": false,
"type": "Date",
"description": "Time at which this event was created."
}
}
"id": "Event",
"description": "Base type for asynchronous events from Asterisk."

}

® type: string - Indicates the type of this message.
® application: string - Name of the application receiving the event.
® timestamp: Date (optional) - Time at which this event was created.

Message
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Subtypes: ApplicationReplaced BridgeAttendedTransfer BridgeBlindTransfer BridgeCreated BridgeDestroyed BridgeMerged ChannelCallerld ChannelCrea
ted ChannelDestroyed ChannelDialplan ChannelDtmfReceived ChannelEnteredBridge ChannelHangupRequest ChannelLeftBridge ChannelStateChange
ChannelTalkingFinished ChannelTalkingStarted ChannelUserevent ChannelVarset DeviceStateChanged Dial EndpointStateChange Event MissingParams
PlaybackFinished PlaybackStarted RecordingFailed RecordingFinished RecordingStarted StasisEnd StasisStart TextMessageReceived

Base type for errors and events

* Expand
{ source
"discrimnator": "type",
"properties": {
"type": {
"required": true,
"type": "string",
"description”: "Indicates the type of this nessage.”
}
I
"subTypes": [
"M ssi ngPar ans",
"Event"
1.
"id": "Message",
"description": "Base type for errors and events”
}
® type: string - Indicates the type of this message.
MissingParams
Base type: Message
Error event sent when required params are missing.
* Expand
( source
"properties": {
"parans": {
"required": true,
"type": "List[string]",
"description": "Alist of the m ssing paraneters”
}
}
"id": "M ssingParans",
"description": "Error event sent when required parans are mssing."
}

® type: string - Indicates the type of this message.
® params: List[string] - A list of the missing parameters

PlaybackFinished

Base type: Event

Event showing the completion of a media playback operation.
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* Expand

{ source

"properties": {
"pl ayback": {
"required": true,
"type": "Playback",
"description": "Playback control object"
}
o
"id": "PlaybackFi ni shed",
"description": "Event showing the conpletion of a nmedia playback operation.”

type: string - Indicates the type of this message.

application: string - Name of the application receiving the event.
timestamp: Date (optional) - Time at which this event was created.
playback: Playback - Playback control object

PlaybackStarted

Base type: Event

Event showing the start of a media playback operation.

? Expand

{ source

"properties": {
"pl ayback": {
"required": true,
"type": "Playback",
"description": "Playback control object”
}

b,
"id": "PlaybackStarted",

"description": "Event showing the start of a nedia playback operation."”

type: string - Indicates the type of this message.

application: string - Name of the application receiving the event.
timestamp: Date (optional) - Time at which this event was created.
playback: Playback - Playback control object

RecordingFailed

Base type: Event

Event showing failure of a recording operation.
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"properties": {
"recording": {
"required": true,
"type": "LiveRecording",
"description": "Recording control object"
}
o
"extends": "Event",
"id": "RecordingFail ed",
"description": "Event showing failure of a recording operation.”

type: string - Indicates the type of this message.

application: string - Name of the application receiving the event.
timestamp: Date (optional) - Time at which this event was created.
recording: LiveRecording - Recording control object

RecordingFinished

Base type: Event

Event showing the completion of a recording operation.

"properties": {
"recording": {
"required": true,
"type": "LiveRecording",
"description": "Recording control object"
}
H
"extends": "Event",
"id": "RecordingFini shed",
"description": "Event showing the conpletion of a recording operation.”

type: string - Indicates the type of this message.

application: string - Name of the application receiving the event.
timestamp: Date (optional) - Time at which this event was created.
recording: LiveRecording - Recording control object

RecordingStarted

Base type: Event

Event showing the start of a recording operation.
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* Expand

{ source

"properties": {
"recording": {
"required": true,
"type": "LiveRecording",
"description": "Recording control object"
}
o
"extends": "Event",
"id": "RecordingStarted"
"description": "Event showi ng the start of a recording operation.”

type: string - Indicates the type of this message.

application: string - Name of the application receiving the event.
timestamp: Date (optional) - Time at which this event was created.
recording: LiveRecording - Recording control object

StasisEnd

Base type: Event

Notification that a channel has left a Stasis application.

* Expand

{ source

"properties": {
"channel ": {
"required": true,
"type": "Channel"

}

I

"id": "StasiskEnd",

"description": "Notification that a channel has left a Stasis application.”

}

® type: string - Indicates the type of this message.
® application: string - Name of the application receiving the event.
® timestamp: Date (optional) - Time at which this event was created.
L]

channel: Channel

StasisStart

Base type: Event

Notification that a channel has entered a Stasis application.
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* Expand

{ source

"properties": {
"args": {
"required": true,
"type": "List[string]"
"description": "Arguments to the application”
H
"repl ace_channel ": {
"required": false
"type": "Channel"
b
"channel ": {
"required": true,
"type": "Channel"
}
o
"id": "StasisStart",
"description": "Notification that a channel has entered a Stasis application.”

type: string - Indicates the type of this message.

application: string - Name of the application receiving the event.
timestamp: Date (optional) - Time at which this event was created.
args: List[string] - Arguments to the application

channel: Channel

replace_channel: Channel (optional)

TextMessageReceived

Base type: Event

A text message was received from an endpoint.

? Expand

‘ source

"properties": {
"nmessage": {
"required": true,
"type": "TextMessage"
o
"endpoi nt": {
"required": false,
"type": "Endpoint"
}
H
"id": "Text MessageRecei ved",
"description": "A text nessage was received froman endpoint."”

type: string - Indicates the type of this message.

application: string - Name of the application receiving the event.
timestamp: Date (optional) - Time at which this event was created.
endpoint: Endpoint (optional)

message: TextMessage
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Application

Details of a Stasis application

{
"properties": {
"endpoi nt __ids": {
"required": true,
"type": "List[string]",
"description": "{tech}/{resource} for endpoints subscribed to
b
"channel _ids": {
"required": true,
"type": "List[string]",
"description": "ld's for channels subscribed to."
H
"bridge_ids": {
"required": true,
"type": "List[string]"
"description": "Id's for bridges subscribed to."
H
"devi ce_nanes": {
"required": true,
"type": "List[string]",
"description”: "Nanmes of the devices subscribed to."
H
"nane": {
"required": true,
"type": "string",
"description": "Nane of this application”
}
H
"id": "Application",
"description": "Details of a Stasis application”
}
® bridge_ids: List[string] - 1d's for bridges subscribed to.
® channel_ids: List[string] - Id's for channels subscribed to.
® device_names: List[string] - Names of the devices subscribed to.
® endpoint_ids: List[string] - {tech}/{resource} for endpoints subscribed to.
L]

name: string - Name of this application
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Asterisk 13 Sounds REST API

Sounds

Method Path Return Model Summary

GET /sounds List[Sound] List all sounds.

GET /sounds/{soundld} Sound Get a sound's details.
GET /sounds

List all sounds.

Query parameters

® lang: string - Lookup sound for a specific language.
® format: string - Lookup sound in a specific format.

GET /sounds/{soundld}

Get a sound's details.

Path parameters

® soundld: string - Sound's id
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Asterisk 13 Dialplan Applications
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Asterisk 13 Application_AddQueueMember

AddQueueMember()

Synopsis

Dynamically adds queue members.

Description
Dynamically adds interface to an existing queue. If the interface is already in the queue it will return an error.
This application sets the following channel variable upon completion:

®* AQWBTATUS - The status of the attempt to add a queue member as a text string.
* ADDED
* MEMBERALREADY
* NOSUCHQUEUE

Syntax

AddQueueMenber (queuenane, [i nterface, [ penal ty, [options, [ nenber nane, [stateinterface]]]]])

Arguments

gueuenane
interface
penal ty
options

menber nanme
statei nterface

See Also

Asterisk 13 Application_Queue

Asterisk 13 Application_QueuelLog

Asterisk 13 Application_AddQueueMember
Asterisk 13 Application_RemoveQueueMember
Asterisk 13 Application_PauseQueueMember
Asterisk 13 Application_UnpauseQueueMember
Asterisk 13 Function_QUEUE_VARIABLES
Asterisk 13 Function_ QUEUE_MEMBER

Asterisk 13 Function_ QUEUE_MEMBER_COUNT
Asterisk 13 Function_ QUEUE_EXISTS

Asterisk 13 Function_ QUEUE_WAITING_COUNT
Asterisk 13 Function_ QUEUE_MEMBER_LIST
Asterisk 13 Function_ QUEUE_MEMBER_PENALTY

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 Application_ADSIProg
ADSIProg()

Synopsis

Load Asterisk ADSI Scripts into phone

Description

This application programs an ADSI Phone with the given script

Syntax

ADSI Prog([script])

Arguments

® script - adsi script to use. If not given uses the default script ast eri sk. adsi

See Also

® Asterisk 13 Application_GetCPEID
® adsi. conf

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 Application_AELSub
AELSub()

Synopsis

Launch subroutine built with AEL

Description
Execute the named subroutine, defined in AEL, from another dialplan language, such as extensions.conf, Realtime extensions, or Lua.

The purpose of this application is to provide a sane entry point into AEL subroutines, the implementation of which may change from time to time.

Syntax

AELSub(routine, [args])

Arguments

® routine - Named subroutine to execute.
® args

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 494



Asterisk 13 Application_AgentLogin
AgentLogin()

Synopsis

Login an agent.

Description

Login an agent to the system. Any agent authentication is assumed to already be done by dialplan. While logged in, the agent can receive calls and will
hear the sound file specified by the config option custom_beep when a new call comes in for the agent. Login failures will continue in the dialplan with AGEN

T_STATUS set.

Before logging in, you can setup on the real agent channel the CHANNEL(dtmf-features) an agent will have when talking to a caller and you can setup on
the channel running this application the CONNECTEDLINE() information the agent will see while waiting for a caller.

AGENT_STATUS enumeration values:
® | NVALI D- The specified agent is invalid.
® ALREADY_LOGGED | N- The agent is already logged in.

Note
The Agents:Agentld device state is available to monitor the status of the agent.

Syntax

‘ Agent Logi n( Agent | d, [ opti ons])

Arguments

® Agentld
® options
® s -silent login - do not announce the login ok segment after agent logged on.

See Also

Asterisk 13 Application_Authenticate

Asterisk 13 Application_Queue

Asterisk 13 Application_AddQueueMember
Asterisk 13 Application_RemoveQueueMember
Asterisk 13 Application_PauseQueueMember
Asterisk 13 Application_UnpauseQueueMember
Asterisk 13 Function_ AGENT

Asterisk 13 Function_ CHANNEL (dtmf-features)
Asterisk 13 Function_ CONNECTEDLINE()
agent s. conf

queues. conf

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538
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Asterisk 13 Application_AgentRequest
AgentRequest()

Synopsis

Request an agent to connect with the channel.

Description

Request an agent to connect with the channel. Failure to find, alert the agent, or acknowledge the call will continue in the dialplan with AGENT_STATUS set.

AGENT_STATUS enumeration values:

I NVALI D - The specified agent is invalid.
NOT_LOGGED _| N- The agent is not available.

°

L]

® BUSY - The agent is on another call.

® NOT_CONNECTED - The agent did not connect with the call. The agent most likely did not acknowledge the call.
L]

ERROR - Alerting the agent failed.

Syntax

Agent Request ( Agent | d)

Arguments

® Agentld

See Also

® Asterisk 13 Application_AgentLogin

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 496



Asterisk 13 Application_AGI
AGI()

Synopsis

Executes an AGI compliant application.

Description

Executes an Asterisk Gateway Interface compliant program on a channel. AGI allows Asterisk to launch external programs written in any language to
control a telephony channel, play audio, read DTMF digits, etc. by communicating with the AGI protocol on stdin and stdout. As of 1. 6. 0, this channel will
not stop dialplan execution on hangup inside of this application. Dialplan execution will continue normally, even upon hangup until the AGI application
signals a desire to stop (either by exiting or, in the case of a net script, by closing the connection). A locally executed AGI script will receive SIGHUP on
hangup from the channel except when using DeadAGlI. A fast AGI server will correspondingly receive a HANGUP inline with the command dialog. Both of
theses signals may be disabled by setting the AG SI GHUP channel variable to no before executing the AGI application. Alternatively, if you would like the
AGI application to exit immediately after a channel hangup is detected, set the AG EXI TONHANGUP variable to yes.

Use the CLI command agi show commands to list available agi commands.
This application sets the following channel variable upon completion:

® AQ STATUS - The status of the attempt to the run the AGI script text string, one of:

® SUCCESS
®* FAILURE
* NOTFOUND
* HANGUP
Syntax
AG (command, argl, [arg2[,...]])
Arguments
® command
® args
® argl
® arg2
See Also

® Asterisk 13 Application_EAGI
® Asterisk 13 Application_DeadAGI
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Asterisk 13 Application_AlarmReceiver
AlarmReceiver()

Synopsis

Provide support for receiving alarm reports from a burglar or fire alarm panel.

Description

This application should be called whenever there is an alarm panel calling in to dump its events. The application will handshake with the alarm panel, and
receive events, validate them, handshake them, and store them until the panel hangs up. Once the panel hangs up, the application will run the system
command specified by the eventcmd setting in al ar nt ecei ver . conf and pipe the events to the standard input of the application. The configuration file
also contains settings for DTMF timing, and for the loudness of the acknowledgement tones.

Note
Few Ademco DTMF signalling formats are detected automaticaly: Contact ID, Express 4+1, Express 4+2, High Speed and Super Fast.

The application is affected by the following variables:

® ALARMRECEI VER _CALL_LI M T - Maximum call time, in milliseconds.
If set, this variable causes application to exit after the specified time.
® ALARMRECEI VER _RETRI ES_LI M T - Maximum number of retries per call.
If set, this variable causes application to exit after the specified number of messages.

Syntax

Al ar nRecei ver ()

Arguments

See Also

® al arnr ecei ver. conf
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Asterisk 13 Application_AMD
AMD()

Synopsis

Attempt to detect answering machines.

Description

This application attempts to detect answering machines at the beginning of outbound calls. Simply call this application after the call has been answered
(outbound only, of course).

When loaded, AMD reads amd.conf and uses the parameters specified as default values. Those default values get overwritten when the calling AMD with
parameters.

This application sets the following channel variables:

® AMDSTATUS - This is the status of the answering machine detection

* MACHINE

* HUMAN

* NOTSURE

* HANGUP
® AMDCAUSE - Indicates the cause that led to the conclusion
TOOLONG - Total Time.
INITIALSILENCE - Silence Duration - Initial Silence.
HUMAN - Silence Duration - afterGreetingSilence.
LONGGREETING - Voice Duration - Greeting.
MAXWORDLENGTH - Word Count - maximum number of words.

Syntax

AMD([initial Silence,[greeting,[afterGeetingSilence,[total Analysis

Ti me, [ m ni umWrdLengt h, [ bet weenWor dSi | ence, [ maxi muniNurber Of Wor ds, [ si | enceThr eshol d, [ maxi mumAordLengt h]11]111111)
Arguments

® initialSilence-Ismaximum initial silence duration before greeting.
If this is exceeded set as MACHINE
® greeting -is the maximum length of a greeting.
If this is exceeded set as MACHINE
® after G eetingSilence - Is the silence after detecting a greeting.
If this is exceeded set as HUMAN
® total Anal ysi s Tine - Isthe maximum time allowed for the algorithm
to decide HUMAN or MACHINE
® m ni umAdr dLengt h - Is the minimum duration of Voice considered to be a word
® bet weenWir dSi | ence - Is the minimum duration of silence after a word to consider the audio that follows to be a new word
® maxi munmNunber OF Wor ds - Is the maximum number of words in a greeting
If this is exceeded set as MACHINE
® silenceThreshol d - How long do we consider silence
® maxi numAbr dLengt h - Is the maximum duration of a word to accept.
If exceeded set as MACHINE

See Also

® Asterisk 13 Application_WaitForSilence
® Asterisk 13 Application_WaitForNoise
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Asterisk 13 Application_Answer
Answer()

Synopsis

Answer a channel if ringing.

Description

If the call has not been answered, this application will answer it. Otherwise, it has no effect on the call.

Syntax

Answer ([ del ay] )

Arguments

® del ay - Asterisk will wait this number of milliseconds before returning to the dialplan after answering the call.

See Also

® Asterisk 13 Application_Hangup
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Asterisk 13 Application_Authenticate
Authenticate()

Synopsis

Authenticate a user

Description

This application asks the caller to enter a given password in order to continue dialplan execution.

If the password begins with the / character, it is interpreted as a file which contains a list of valid passwords, listed 1 password per line in the file.
When using a database key, the value associated with the key can be anything.

Users have three attempts to authenticate before the channel is hung up.

Syntax

Aut hent i cat e( password, [ options, [ maxdi gits, [prompt]]])

Arguments

® passwor d - Password the user should know
® options
® a - Set the channels' account code to the password that is entered
® d - Interpret the given path as database key, not a literal file.
®* m- Interpret the given path as a file which contains a list of account codes and password hashes delimited with : , 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 - Remove the database key upon successful entry (valid with d only)
* maxdi gi t s - maximum acceptable number of digits. Stops reading after maxdigits have been entered (without requiring the user to
press the # key). Defaults to 0 - no limit - wait for the user press the # key.
® pronpt - Override the agent-pass prompt file.

See Also

® Asterisk 13 Application_VMAuthenticate
® Asterisk 13 Application_DISA
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Asterisk 13 Application_BackGround
BackGround()

Synopsis

Play an audio file while waiting for digits of an extension to go to.

Description

This application will play the given list of files (do not put extension) while waiting for an extension to be dialed by the calling channel. To continue waiting
for digits after this application has finished playing files, the Wi t Ext en application should be used.

If one of the requested sound files does not exist, call processing will be terminated.
This application sets the following channel variable upon completion:

® BACKGROUNDSTATUS - The status of the background attempt as a text string.

® SUCCESS
® FAILED
Syntax
BackGround(filenanel& filename2[& ..]],[options,[langoverride,[context]]])
Arguments

* filenanes
® filenanmel
® filename2
® options
® s - Causes the playback of the message to be skipped if the channel is not in the up state (i.e. it hasn't been answered yet). If
this happens, the application will return immediately.
® n - Don't answer the channel before playing the files.
®* m- Only break if a digit hit matches a one digit extension in the destination context.
® | angoverri de - Explicitly specifies which language to attempt to use for the requested sound files.
® cont ext - This is the dialplan context that this application will use when exiting to a dialed extension.

See Also
Asterisk 13 Application_ControlPlayback
Asterisk 13 Application_WaitExten

Asterisk 13 Application_BackgroundDetect
Asterisk 13 Function_TIMEOUT
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Asterisk 13 Application_BackgroundDetect
BackgroundDetect()

Synopsis

Background a file with talk detect.

Description

Plays back filename, waiting for interruption from a given digit (the digit must start the beginning of a valid extension, or it will be ignored). During the
playback of the file, audio is monitored in the receive direction, and if a period of non-silence which is greater than min ms yet less than max ms is followed
by silence for at least sil ms, which occurs during the first analysistime ms, then the audio playback is aborted and processing jumps to the talk extension, if
available.

Syntax

BackgroundDet ect (fil ename, [sil,[min,[nax,[analysistime]]]])

Arguments

¢ filename

® sil -If not specified, defaults to 1000.
® m n - If not specified, defaults to 100.
L]
°

max - If not specified, defaults to i nfinity.
anal ysi sti ne - If not specified, defaultsto i nfinity.

See Also
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Asterisk 13 Application_Bridge
Bridge()

Synopsis

Bridge two channels.

Description

Allows the ability to bridge two channels via the dialplan.
This application sets the following channel variable upon completion:

® BRI DGERESULT - The result of the bridge attempt as a text string.
® SUCCESS

FAILURE

LOOP

NONEXISTENT

INCOMPATIBLE

Syntax

Bri dge(channel , [options])

Arguments

® channel - The current channel is bridged to the specified channel.
® options
® p - Play a courtesy tone to channel.
® F - When the bridger hangs up, transfer the bridged party to the specified destination and start execution at that location.
® context
® exten
® priority
® F - When the bridger hangs up, transfer the bridged party to the next priority ofthe current extension and start execution at that
location.
® h - Allow the called party to hang up by sending the * DTMF digit.
® H- Allow the calling party to hang up by pressing the * DTMF digit.
® k - Allow the called party to enable parking of the call by sending the DTMF sequence defined for call parking in f eat ur es. con
f.
® K- Allow the calling party to enable parking of the call by sending the DTMF sequence defined for call parking in f eat ur es. con
f.
® L(xyz) - Limitthe call to x ms. Play a warning when y ms are left. Repeat the warning every z ms. The following special
variables can be used with this option:
® LIMT_PLAYAUDI O CALLER - Play sounds to the caller. yes|no (default yes)
LI M T_PLAYAUDI O _CALLEE - Play sounds to the callee. yes|no
LI M T_TI MEQUT_FI LE - File to play when time is up.
LI M T_CONNECT_FI LE - File to play when call begins.
LI M T_WARNI NG _FI LE - File to play as warning if y is defined. The default is to say the time remaining.

SB - Hang up the call after x seconds after the called party has answered the call.

t - Allow the called party to transfer the calling party by sending the DTMF sequence defined in f eat ur es. conf .

T - Allow the calling party to transfer the called party by sending the DTMF sequence defined in f eat ur es. conf .

w - Allow the called party to enable recording of the call by sending the DTMF sequence defined for one-touch recording in f eat

ures. conf.

® W- Allow the calling party to enable recording of the call by sending the DTMF sequence defined for one-touch recording in f eat
ures. conf.

® x - Cause the called party to be hung up after the bridge, instead of being restarted in the dialplan.

See Also
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Asterisk 13 Application_BridgeWait
BridgeWait()

Synopsis
Put a call into the holding bridge.

Description

This application places the incoming channel into a holding bridge. The channel will then wait in the holding bridge until some event occurs which removes
it from the holding bridge.

Note
This application will answer calls which haven't already been answered.

Syntax

‘ Bri dgeWit ([ name, [rol e, [options]]])

Arguments

® nane - Name of the holding bridge to join. This is a handle for Bri dgeWai t only and does not affect the actual bridges that are created.
If not provided, the reserved name def aul t will be used.
® rol e - Defines the channel's purpose for entering the holding bridge. Values are case sensitive.
® partici pant - The channel will enter the holding bridge to be placed on hold until it is removed from the bridge for some

reason. (default)
® announcer - The channel will enter the holding bridge to make announcements to channels that are currently in the holding

bridge. While an announcer is present, holding for the participants will be suspended.
® options
® m- The specified MOH class will be used/suggested for music on hold operations. This option will only be useful for
entertainment modes that use it (m and h).
® class
® e - Which entertainment mechanism should be used while on hold in the holding bridge. Only the first letter is read.

® m- Play music on hold (default)
® r - Ring without pause
® s - Generate silent audio
® h - Put the channel on hold
® n - No entertainment
® S- Automatically exit the bridge and return to the PBX after duration seconds.
® duration

See Also
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Asterisk 13 Application_Busy
Busy()

Synopsis

Indicate the Busy condition.

Description

This application will indicate the busy condition to the calling channel.

Syntax

Busy([tineout])

Arguments
® tineout - If specified, the calling channel will be hung up after the specified number of seconds. Otherwise, this application will wait until
the calling channel hangs up.
See Also

Asterisk 13 Application_Congestion
Asterisk 13 Application_Progress
Asterisk 13 Application_Playtones
Asterisk 13 Application_Hangup
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Asterisk 13 Application_CallCompletionCancel
CallCompletionCancel()

Synopsis

Cancel call completion service

Description

Cancel a Call Completion Request.
This application sets the following channel variables:

® CC_CANCEL_RESULT - This is the returned status of the cancel.
® SUCCESS
* FAIL
® CC_CANCEL_REASON- This is the reason the cancel failed.
®* NO_CORE_INSTANCE
®* NOT_GENERIC
®* UNSPECIFIED

Syntax

Cal | Conpl eti onCancel ()

Arguments

See Also
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Asterisk 13 Application_CallCompletionRequest
CallCompletionRequest()

Synopsis

Request call completion service for previous call

Description
Request call completion service for a previously failed call attempt.
This application sets the following channel variables:

® CC_REQUEST_RESULT - This is the returned status of the request.
® SUCCESS
* FAIL
® CC_REQUEST_REASON- This is the reason the request failed.
®* NO_CORE_INSTANCE
®* NOT_GENERIC
® TOO_MANY_REQUESTS
®* UNSPECIFIED

Syntax

Cal | Conpl eti onRequest ()

Arguments

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 508



Asterisk 13 Application_CELGenUserEvent
CELGenUserEvent()

Synopsis

Generates a CEL User Defined Event.

Description

A CEL event will be immediately generated by this channel, with the supplied name for a type.

Syntax

CELGenUser Event (event - nane, [ extra])

Arguments

® event - nane
® event - nane
® extra - Extra text to be included with the event.

See Also
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Asterisk 13 Application_ChangeMonitor
ChangeMonitor()

Synopsis

Change monitoring filename of a channel.

Description

Changes monitoring filename of a channel. Has no effect if the channel is not monitored.

Syntax

ChangeMoni tor (fi | enane_base)

Arguments

* fil ename_base - The new filename base to use for monitoring this channel.

See Also
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Asterisk 13 Application_ChanlsAvail
ChanlsAvail()

Synopsis

Check channel availability

Description
This application will check to see if any of the specified channels are available.
This application sets the following channel variables:

AVAI LCHAN - The name of the available channel, if one exists

AVAI LORI GCHAN - The canonical channel name that was used to create the channel
AVAI LSTATUS - The device state for the device

AVAI LCAUSECODE - The cause code returned when requesting the channel

Syntax

Chanl sAvai | ([ Technol ogy2/ Resource2[ & ..]],[options])

Arguments

® Technol ogy/ Resour ce - ** Technol ogy2/ Resour ce2 - Optional extra devices to check
If you need more then one enter them as Technology2/Resource2&Technology3/Resourse3&.....
Specification of the device(s) to check. These must be in the format of Technol ogy/ Resour ce, where Technology represents a
particular channel driver, and Resource represents a resource available to that particular channel driver.
® options
® a - Check for all available channels, not only the first one
® s - Consider the channel unavailable if the channel is in use at all
® t - Simply checks if specified channels exist in the channel list

See Also
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Asterisk 13 Application_ChannelRedirect
ChannelRedirect()

Synopsis

Redirects given channel to a dialplan target

Description
Sends the specified channel to the specified extension priority
This application sets the following channel variables upon completion

® CHANNELREDI RECT_STATUS - Are set to the result of the redirection
* NOCHANNEL
® SUCCESS

Syntax

Channel Redi rect (channel , [ context, [extension,]]priority)

Arguments

channel
cont ext
ext ensi on
priority

See Also
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Asterisk 13 Application_ChanSpy

ChanSpy()

Synopsis

Listen to a channel, and optionally whisper into it.

Description

This application is used to listen to the audio from an Asterisk channel. This includes the audio coming in and out of the channel being spied on. If the chan
pr efi x parameter is specified, only channels beginning with this string will be spied upon.

While spying, the following actions may be performed:

® Dialing # cycles the volume level.

® Dialing *

will stop spying and look for another channel to spy on.

® Dialing a series of digits followed by # builds a channel name to append to chanpr ef i x. For example, executing ChanSpy(Agent) and
then dialing the digits '1234+#' while spying will begin spying on the channel '‘Agent/1234'. Note that this feature will be overridden if the 'd'
or 'u' options are used.

Note

The X option supersedes the three features above in that if a valid single digit extension exists in the correct context ChanSpy will exit to it. This
also disables choosing a channel based on chanpr ef i x and a digit sequence.

Syntax

ChanSpy([chanprefix, [options]])

Arguments

® chanprefix
® options

b - Only spy on channels involved in a bridged call.
B - Instead of whispering on a single channel barge in on both channels involved in the call.
c
® digit - Specify a DTMF digit that can be used to spy on the next available channel.
d - Override the typical numeric DTMF functionality and instead use DTMF to switch between spy modes.
® 4 - spy mode
® 5 - whisper mode
® 6 - barge mode
e - Enable enforced mode, so the spying channel can only monitor extensions whose name is in the ext : delimited list.
® ext
E - Exit when the spied-on channel hangs up.
g
® grp - Only spy on channels in which one or more of the groups listed in grp matches one or more groups from the SPYG
ROUP variable set on the channel to be spied upon.
n - Say the name of the person being spied on if that person has recorded his/her name. If a context is specified, then that
voicemail context will be searched when retrieving the name, otherwise the def aul t context be used when searching for the
name (i.e. if SIP/1000 is the channel being spied on and no mailbox is specified, then 1000 will be used when searching for the

name).
® mai |l box
® cont ext

0 - Only listen to audio coming from this channel.
q - Don't play a beep when beginning to spy on a channel, or speak the selected channel name.
r - Record the session to the monitor spool directory. An optional base for the filename may be specified. The default is chansp
y.
® basenane
s - Skip the playback of the channel type (i.e. SIP, IAX, etc) when speaking the selected channel name.
S - Stop when no more channels are left to spy on.
u - The chanpr ef i x parameter is a channel uniqueid or fully specified channel name.
v - Adjust the initial volume in the range from - 4 to 4. A negative value refers to a quieter setting.
® val ue
w- Enable whi sper mode, so the spying channel can talk to the spied-on channel.
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® W- Enable pri vat e whi sper mode, so the spying channel can talk to the spied-on channel but cannot listen to that channel.
® X
® digit - Specify a DTMF digit that can be used to exit the application while actively spying on a channel. If there is no
channel being spied on, the DTMF digit will be ignored.
® X- Allow the user to exit ChanSpy to a valid single digit numeric extension in the current context or the context specified by the S

PY_EXI T_CONTEXT channel variable. The name of the last channel that was spied on will be stored in the SPY_CHANNEL variabl
e.

See Also
® Asterisk 13 Application_ExtenSpy

® Asterisk 13 ManagerEvent_ChanSpyStart
® Asterisk 13 ManagerEvent_ChanSpyStop

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 514



Asterisk 13 Application_ClearHash
ClearHash()

Synopsis

Clear the keys from a specified hashname.

Description

Clears all keys out of the specified hashname.

Syntax

Cl ear Hash( hashnane)

Arguments

® hashnane

See Also
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Asterisk 13 Application_ConfBridge
ConfBridge()

Synopsis

Conference bridge application.

Description
Enters the user into a specified conference bridge. The user can exit the conference by hangup or DTMF menu option.
This application sets the following channel variable upon completion:

®* CONFBRI DGE_RESULT
® FAILED - The channel encountered an error and could not enter the conference.
HANGUP - The channel exited the conference by hanging up.
KICKED - The channel was kicked from the conference.
ENDMARKED - The channel left the conference as a result of the last marked user leaving.
DTMF - The channel pressed a DTMF sequence to exit the conference.

Syntax

Conf Bri dge(conference, [bridge_profile, [user_profile, [nmenu]]])

Arguments

® conf er ence - Name of the conference bridge. You are not limited to just numbers.

® bridge_profile-The bridge profile name from confbridge.conf. When left blank, a dynamically built bridge profile created by the
CONFBRIDGE dialplan function is searched for on the channel and used. If no dynamic profile is present, the ‘default_bridge' profile
found in confbridge.conf is used.
It is important to note that while user profiles may be unigue for each participant, mixing bridge profiles on a single conference is _NOT_
recommended and will produce undefined results.

® user_profil e - The user profile name from confbridge.conf. When left blank, a dynamically built user profile created by the
CONFBRIDGE dialplan function is searched for on the channel and used. If no dynamic profile is present, the ‘default_user' profile found
in confbridge.conf is used.

® nmenu - The name of the DTMF menu in confbridge.conf to be applied to this channel. When left blank, a dynamically built menu profile
created by the CONFBRIDGE dialplan function is searched for on the channel and used. If no dynamic profile is present, the
'default_menu' profile found in confbridge.conf is used.

See Also
® Asterisk 13 Application_ConfBridge

® Asterisk 13 Function_CONFBRIDGE
® Asterisk 13 Function_CONFBRIDGE_INFO
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Asterisk 13 Application_Congestion
Congestion()

Synopsis

Indicate the Congestion condition.

Description

This application will indicate the congestion condition to the calling channel.

Syntax

Congestion([tineout])

Arguments
® tineout - If specified, the calling channel will be hung up after the specified number of seconds. Otherwise, this application will wait until
the calling channel hangs up.
See Also

Asterisk 13 Application_Busy
Asterisk 13 Application_Progress
Asterisk 13 Application_Playtones
Asterisk 13 Application_Hangup
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Asterisk 13 Application_ContinueWhile
ContinueWhile()

Synopsis

Restart a While loop.

Description

Returns to the top of the while loop and re-evaluates the conditional.

Syntax

Cont i nueWi | e()

Arguments

See Also
® Asterisk 13 Application_While

® Asterisk 13 Application_EndWhile
® Asterisk 13 Application_ExitWhile
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Asterisk 13 Application_ControlPlayback
ControlPlayback()

Synopsis

Play a file with fast forward and rewind.

Description

This application will play back the given filename.
It sets the following channel variables upon completion:

® CPLAYBACKSTATUS - Contains the status of the attempt as a text string

® SUCCESS

* USERSTOPPED

* REMOTESTOPPED

®* ERROR
® CPLAYBACKOFFSET - Contains the offset in ms into the file where playback was at when it stopped. - 1 is end of file.
® CPLAYBACKSTOPKEY - If the playback is stopped by the user this variable contains the key that was pressed.

Syntax

Control Pl ayback(fil ename, [skipns,[ff,[rew [stop,[pause,[restart,[options]]]]]1]])

Arguments

® filenane
® ski pms - This is number of milliseconds to skip when rewinding or fast-forwarding.
® ff - Fast-forward when this DTMF digit is received. (defaults to #)
® rew- Rewind when this DTMF digit is received. (defaults to *)
® stop - Stop playback when this DTMF digit is received.
® pause - Pause playback when this DTMF digit is received.
® restart - Restart playback when this DTMF digit is received.
® options

®o0

® tine - Start at time ms from the beginning of the file.

See Also
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Asterisk 13 Application_DAHDIAcceptR2Call
DAHDIAcceptR2Call()

Synopsis

Accept an R2 call if its not already accepted (you still need to answer it)

Description

This application will Accept the R2 call either with charge or no charge.

Syntax

DAHDI Accept R2Cal | (char ge)

Arguments

® charge - Yes or No.
Whether you want to accept the call with charge or without charge.

See Also

Import Version
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Asterisk 13 Application_ DAHDIRAS
DAHDIRAS()

Synopsis

Executes DAHDI ISDN RAS application.

Description

Executes a RAS server using pppd on the given channel. The channel must be a clear channel (i.e. PRI source) and a DAHDI channel to be able to use
this function (No modem emulation is included).

Your pppd must be patched to be DAHDI aware.

Syntax

DAHDI RAS( ar gs)

Arguments

® args - Alist of parameters to pass to the pppd daemon, separated by , characters.

See Also

Import Version
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Asterisk 13 Application_DAHDIScan
DAHDIScan()

Synopsis

Scan DAHDI channels to monitor calls.

Description

Allows a call center manager to monitor DAHDI channels in a convenient way. Use # to select the next channel and use * to exit.

Syntax

DAHDI Scan( [ group] )

Arguments

® group - Limit scanning to a channel group by setting this option.

See Also

® Asterisk 13 ManagerEvent_ChanSpyStart
® Asterisk 13 ManagerEvent_ChanSpyStop
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Asterisk 13 Application_DAHDISendCallreroutingFacility
DAHDISendCallreroutingFacility()

Synopsis

Send an ISDN call rerouting/deflection facility message.

Description

This application will send an ISDN switch specific call rerouting/deflection facility message over the current channel. Supported switches depend upon the
version of libpri in use.

Syntax

DAHDI SendCal | rerouti ngFaci | i ty(destination,[original,[reason]])

Arguments

® destinati on - Destination number.
® original -Original called number.
® reason - Diversion reason, if not specified defaults to unknown

See Also

Import Version
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Asterisk 13 Application_DAHDISendKeypadFacility
DAHDISendKeypadFacility()

Synopsis

Send digits out of band over a PRI.

Description

This application will send the given string of digits in a Keypad Facility IE over the current channel.

Syntax

DAHDI SendKeypadFaci lity(digits)

Arguments
® digits
See Also
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Asterisk 13 Application_DateTime
DateTime()

Synopsis

Says a specified time in a custom format.

Description

Say the date and time in a specified format.

Syntax

Dat eTi ne([uni xtine, [tinezone, [format]]])

Arguments

® uni xti me - time, in seconds since Jan 1, 1970. May be negative. Defaults to now.
® tinmezone -timezone, see / usr/ shar e/ zonei nf o for a list. Defaults to machine default.
® fornmat - aformatthe time is to be said in. See voi cenai | . conf . Defaults to ABdY "digits/at" | M

See Also

Import Version
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Asterisk 13 Application_DBdel
DBdel()

Synopsis

Delete a key from the asterisk database.

Description

This application will delete a key from the Asterisk database.

Note
This application has been DEPRECATED in favor of the DB_DELETE function.

Syntax

‘ DBdel (fami | y/ key)

Arguments

® famly
® key

See Also
® Asterisk 13 Function_DB_DELETE

® Asterisk 13 Application_DBdeltree
® Asterisk 13 Function_DB
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Asterisk 13 Application_DBdeltree
DBdeltree()

Synopsis

Delete a family or keytree from the asterisk database.

Description

This application will delete a family or keytree from the Asterisk database.

Syntax

DBdel tree(family/[keytree])

Arguments

® famly
® keytree

See Also
® Asterisk 13 Function_DB_DELETE

® Asterisk 13 Application_DBdel
® Asterisk 13 Function_DB
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Asterisk 13 Application_DeadAGI
DeadAGI()

Synopsis

Executes AGI on a hungup channel.

Description

Executes an Asterisk Gateway Interface compliant program on a channel. AGI allows Asterisk to launch external programs written in any language to
control a telephony channel, play audio, read DTMF digits, etc. by communicating with the AGI protocol on stdin and stdout. As of 1. 6. 0, this channel will
not stop dialplan execution on hangup inside of this application. Dialplan execution will continue normally, even upon hangup until the AGI application
signals a desire to stop (either by exiting or, in the case of a net script, by closing the connection). A locally executed AGI script will receive SIGHUP on
hangup from the channel except when using DeadAGlI. A fast AGI server will correspondingly receive a HANGUP inline with the command dialog. Both of
theses signals may be disabled by setting the AG SI GHUP channel variable to no before executing the AGI application. Alternatively, if you would like the
AGI application to exit immediately after a channel hangup is detected, set the AG EXI TONHANGUP variable to yes.

Use the CLI command agi show commands to list available agi commands.
This application sets the following channel variable upon completion:

® AQ STATUS - The status of the attempt to the run the AGI script text string, one of:

® SUCCESS
®* FAILURE
* NOTFOUND
* HANGUP
Syntax
DeadAG (commend, argl, [arg2[,...]])
Arguments
® command
® args
® argl
® arg2
See Also

® Asterisk 13 Application_AGI
® Asterisk 13 Application_EAGI

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 528



Asterisk 13 Application_Dial
Dial()

Synopsis

Attempt to connect to another device or endpoint and bridge the call.

Description

This application will place calls to one or more specified channels. As soon as one of the requested channels answers, the originating channel will be
answered, if it has not already been answered. These two channels will then be active in a bridged call. All other channels that were requested will then be
hung up.

Unless there is a timeout specified, the Dial application will wait indefinitely until one of the called channels answers, the user hangs up, or if all of the called
channels are busy or unavailable. Dialplan executing will continue if no requested channels can be called, or if the timeout expires. This application will
report normal termination if the originating channel hangs up, or if the call is bridged and either of the parties in the bridge ends the call.

If the OQUTBOUND_GROUP variable is set, all peer channels created by this application will be put into that group (as in Set(GROUP()=...). If the OQUTBOUND_G
ROUP_ONCE variable is set, all peer channels created by this application will be put into that group (as in Set(GROUP()=...). Unlike OUTBOUND_GROUP,
however, the variable will be unset after use.

This application sets the following channel variables:

® DI ALEDTI ME - This is the time from dialing a channel until when it is disconnected.
® ANSWEREDTI ME - This is the amount of time for actual call.
® DI ALSTATUS - This is the status of the call
® CHANUNAVAIL
CONGESTION
NOANSWER
BUSY
ANSWER
CANCEL
DONTCALL - For the Privacy and Screening Modes. Will be set if the called party chooses to send the calling party to the 'Go
Away" script.
®* TORTURE - For the Privacy and Screening Modes. Will be set if the called party chooses to send the calling party to the ‘torture’
script.
® INVALIDARGS

Syntax

Di al ( Technol ogy/ Resour ce&[ Technol ogy2/ Resource2[ & ..]],[timeout, [options, [URL]]])

Arguments

® Technol ogy/ Resour ce
® Technol ogy/ Resour ce - Specification of the device(s) to dial. These must be in the format of Technol ogy/ Resour ce,
where Technology represents a particular channel driver, and Resource represents a resource available to that particular
channel driver.
® Technol ogy2/ Resour ce2 - Optional extra devices to dial in parallel
If you need more then one enter them as Technology2/Resource2&Technology3/Resourse3&.....
® tineout - Specifies the number of seconds we attempt to dial the specified devices
If not specified, this defaults to 136 years.
® options
® A- Play an announcement to the called party, where x is the prompt to be played
® x - The file to play to the called party
® a - Immediately answer the calling channel when the called channel answers in all cases. Normally, the calling channel is
answered when the called channel answers, but when options such as A() and M() are used, the calling channel is not answered
until all actions on the called channel (such as playing an announcement) are completed. This option can be used to answer the
calling channel before doing anything on the called channel. You will rarely need to use this option, the default behavior is
adequate in most cases.
® b - Before initiating an outgoing call, Gosub to the specified location using the newly created channel. The Gosub will be
executed for each destination channel.
® context
® exten
® priority
® argl
® argN
® B - Before initiating the outgoing call(s), Gosub to the specified location using the current channel.
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® context
® exten
® priority
® argl
® argN
® C- Reset the call detail record (CDR) for this call.
® c - If the Dial() application cancels this call, always set HANGUPCAUSE to 'answered elsewhere'
® d - Allow the calling user to dial a 1 digit extension while waiting for a call to be answered. Exit to that extension if it exists in the
current context, or the context defined in the EXI TCONTEXT variable, if it exists.
® D- Send the specified DTMF strings after the called party has answered, but before the call gets bridged. The called DTMF
string is sent to the called party, and the calling DTMF string is sent to the calling party. Both arguments can be used alone. If pro
gress is specified, its DTMF is sent to the called party immediately after receiving a PROGRESS message.
See SendDTMF for valid digits.
® called
® calling
® progress
® e - Execute the h extension for peer after the call ends
® f -If xis not provided, force the CallerlD sent on a call-forward or deflection to the dialplan extension of this Dial() using a
dialplan hi nt . For example, some PSTNs do not allow CallerID to be set to anything other than the numbers assigned to you. If
x is provided, force the CallerID sent to x.
® X
® F - When the caller hangs up, transfer the called party to the specified destination and start execution at that location.
® context
® exten
® priority
® F - When the caller hangs up, transfer the called party to the next priority of the current extension and start execution at that
location.
® g - Proceed with dialplan execution at the next priority in the current extension if the destination channel hangs up.
® G- If the call is answered, transfer the calling party to the specified priority and the called party to the specified priority plus one.
® context
® exten
® priority
h - Allow the called party to hang up by sending the DTMF sequence defined for disconnect in f eat ur es. conf .
H - Allow the calling party to hang up by sending the DTMF sequence defined for disconnect in f eat ur es. conf.
i - Asterisk will ignore any forwarding requests it may receive on this dial attempt.
| - Asterisk will ignore any connected line update requests or any redirecting party update requests it may receive on this dial
attempt.
® k - Allow the called party to enable parking of the call by sending the DTMF sequence defined for call parking in f eat ur es. con
f.
® K- Allow the calling party to enable parking of the call by sending the DTMF sequence defined for call parking in f eat ur es. con
f.
® L - Limit the call to x milliseconds. Play a warning when y milliseconds are left. Repeat the warning every z milliseconds until time
expires.
This option is affected by the following variables:
® LI M T_PLAYAUDI O CALLER- If set, this variable causes Asterisk to play the prompts to the caller.
® YES default: (true)
®* NO
® LI M T_PLAYAUDI O CALLEE - If set, this variable causes Asterisk to play the prompts to the callee.
®* YES
® NO default: (true)
®* LI M T_TI MEQUT_FI LE - If specified, filename specifies the sound prompt to play when the timeout is reached. If not
set, the time remaining will be announced.
* FILENAME
® LI M T_CONNECT_FI LE - If specified, filename specifies the sound prompt to play when the call begins. If not set, the
time remaining will be announced.
® FILENAME
®* LI M T_WARNI NG _FI LE - If specified, filename specifies the sound prompt to play as a warning when time x is reached.
If not set, the time remaining will be announced.
® FILENAME
® x - Maximum call time, in milliseconds
® y - Warning time, in milliseconds
® z - Repeat time, in milliseconds
®* m- Provide hold music to the calling party until a requested channel answers. A specific music on hold class (as defined in nusi
conhol d. conf) can be specified.
® class
® M- Execute the specified macro for the called channel before connecting to the calling channel. Arguments can be specified to
the Macro using » as a delimiter. The macro can set the variable MACRO_RESULT to specify the following actions after the macro
is finished executing:
® MACRO _RESULT - If set, this action will be taken after the macro finished executing.
® ABORT - Hangup both legs of the call
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® CONGESTION - Behave as if line congestion was encountered
® BUSY - Behave as if a busy signal was encountered
® CONTINUE - Hangup the called party and allow the calling party to continue dialplan execution at the next
priority
® GOTO:[[<CONTEXT>"<EXTEN>"|<PRIORITY> - Transfer the call to the specified destination.
® macr o - Name of the macro that should be executed.
® arg - Macro arguments
® n - This option is a modifier for the call screening/privacy mode. (See the p and P options.) It specifies that no introductions are
to be saved in the pri v-cal | eri ntros directory.
® del et e - With delete either not specified or set to 0, the recorded introduction will not be deleted if the caller hangs up
while the remote party has not yet answered.
With delete set to 1, the introduction will always be deleted.
® N- This option is a modifier for the call screening/privacy mode. It specifies that if Caller*ID is present, do not screen the call.
® o - If xis not provided, specify that the CallerID that was present on the calling channel be stored as the CallerID on the called ¢
hannel. This was the behavior of Asterisk 1.0 and earlier. If x is provided, specify the CallerID stored on the called channel. Note
that o(${CALLERID(all)}) is similar to option o without the parameter.
® x
® O- Enables operator services mode. This option only works when bridging a DAHDI channel to another DAHDI channel only. if
specified on non-DAHDI interfaces, it will be ignored. When the destination answers (presumably an operator services station),
the originator no longer has control of their line. They may hang up, but the switch will not release their line until the destination
party (the operator) hangs up.
®* node - With mode either not specified or set to 1, the originator hanging up will cause the phone to ring back
immediately.
With mode set to 2, when the operator flashes the trunk, it will ring their phone back.
® p - This option enables screening mode. This is basically Privacy mode without memory.
® P - Enable privacy mode. Use x as the family/key in the AstDB database if it is provided. The current extension is used if a
database family/key is not specified.
® X
® r - Default: Indicate ringing to the calling party, even if the called party isn't actually ringing. Pass no audio to the calling party
until the called channel has answered.
® tone - Indicate progress to calling party. Send audio 'tone' from the indications.conf tonezone currently in use.
® R- Default: Indicate ringing to the calling party, even if the called party isn't actually ringing. Allow interruption of the ringback if
early media is received on the channel.
® S- Hang up the call x seconds after the called party has answered the call.
® X
® s - Force the outgoing callerid tag parameter to be set to the string x.
Works with the f option.
® x
® t - Allow the called party to transfer the calling party by sending the DTMF sequence defined in f eat ur es. conf . This setting
does not perform policy enforcement on transfers initiated by other methods.
® T - Allow the calling party to transfer the called party by sending the DTMF sequence defined in f eat ur es. conf . This setting
does not perform policy enforcement on transfers initiated by other methods.
® U- Execute via Gosub the routine x for the called channel before connecting to the calling channel. Arguments can be specified
to the Gosub using ” as a delimiter. The Gosub routine can set the variable GOSUB_RESULT to specify the following actions after
the Gosub returns.
® GOSUB_RESULT
® ABORT - Hangup both legs of the call.
® CONGESTION - Behave as if line congestion was encountered.
® BUSY - Behave as if a busy signal was encountered.
® CONTINUE - Hangup the called party and allow the calling party to continue dialplan execution at the next
priority.
® GOTO:[[<CONTEXT>"<EXTEN>"|<PRIORITY> - Transfer the call to the specified destination.
® x - Name of the subroutine to execute via Gosub
® ar g - Arguments for the Gosub routine
® u - Works with the f option.
® x - Force the outgoing callerid presentation indicator parameter to be set to one of the values passed in x: al | owed_no
t _screened al | owed_passed_screen al | owed_f ai | ed_screen al | owed prohi b_not _screened prohi b_p
assed_screen prohi b_fail ed_screen prohi bunavail abl e
® w- Allow the called party to enable recording of the call by sending the DTMF sequence defined for one-touch recording in f eat
ures. conf.
® W- Allow the calling party to enable recording of the call by sending the DTMF sequence defined for one-touch recording in f eat
ures. conf.
® x - Allow the called party to enable recording of the call by sending the DTMF sequence defined for one-touch automixmonitor in
features. conf.
® X- Allow the calling party to enable recording of the call by sending the DTMF sequence defined for one-touch automixmonitor in
features. conf.
® 7z - On a call forward, cancel any dial timeout which has been set for this call.
® URL - The optional URL will be sent to the called party if the channel driver supports it.
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Asterisk 13 Application_Dictate
Dictate()

Synopsis

Virtual Dictation Machine.

Description

Start dictation machine using optional base_dir for files.

Syntax

Dictate([base_dir,[filenanme]])

Arguments

® base dir
® filenane

See Also
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Asterisk 13 Application_Directory
Directory()

Synopsis

Provide directory of voicemail extensions.

Description

This application will present the calling channel with a directory of extensions from which they can search by name. The list of names and corresponding
extensions is retrieved from the voicemail configuration file, voi cemai | . conf .

This application will immediately exit if one of the following DTMF digits are received and the extension to jump to exists:
0 - Jump to the '0" extension, if it exists.

® - Jump to the 'a' extension, if it exists.
This application will set the following channel variable before completion:

® DI RECTORY_RESULT - Reason Directory application exited.

OPERATOR - User requested operator

ASSISTANT - User requested assistant

TIMEOUT - User allowed DTMF wait duration to pass without sending DTMF
HANGUP - The channel hung up before the application finished

SELECTED - User selected a user to call from the directory

USEREXIT - User exited with '# during selection

FAILED - The application failed

Syntax

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

Arguments

® vm cont ext - This is the context within voicemail.conf to use for the Directory. If not specified and sear chcont ext s=no in voi cemai
| . conf, then def aul t will be assumed.
® di al - cont ext - This is the dialplan context to use when looking for an extension that the user has selected, or when jumping to the o o
r a extension. If not specified, the current context will be used.
® options
® e - In addition to the name, also read the extension number to the caller before presenting dialing options.
* f - Allow the caller to enter the first name of a user in the directory instead of using the last name. If specified, the optional
number argument will be used for the number of characters the user should enter.
®n
® | - Allow the caller to enter the last name of a user in the directory. This is the default. If specified, the optional number argument
will be used for the number of characters the user should enter.
®n
® b - Allow the caller to enter either the first or the last name of a user in the directory. If specified, the optional number argument
will be used for the number of characters the user should enter.
®n
® a - Allow the caller to additionally enter an alias for a user in the directory. This option must be specified in addition to the f, | , or
b option.
®* m- Instead of reading each name sequentially and asking for confirmation, create a menu of up to 8 names.
® n - Read digits even if the channel is not answered.
® p - Pause for n milliseconds after the digits are typed. This is helpful for people with cellphones, who are not holding the receiver
to their ear while entering DTMF.
®n

Note
Only one of the f, |, or b options may be specified. If more than one is specified, then Directory will act as if b was
specified. The number of characters for the user to type defaults to 3.

See Also

Import Version
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Asterisk 13 Application_DISA
DISA()

Synopsis

Direct Inward System Access.

Description

The DISA, Direct Inward System Access, application allows someone from outside the telephone switch (PBX) to obtain an internal system dialtone and to
place calls from it as if they were placing a call from within the switch. DISA plays a dialtone. The user enters their numeric passcode, followed by the
pound sign #. If the passcode is correct, the user is then given system dialtone within context on which a call may be placed. If the user enters an invalid
extension and extension i exists in the specified context, it will be used.

Be aware that using this may compromise the security of your PBX.

The arguments to this application (in ext ensi ons. conf ) allow either specification of a single global passcode (that everyone uses), or individual
passcodes contained in a file (filename).

The file that contains the passcodes (if used) allows a complete specification of all of the same arguments available on the command line, with the sole
exception of the options. The file may contain blank lines, or comments starting with # or ; .

Syntax

DI SA(passcode| fi | enane, [ context, [cid, nai | box@ context],[options]]]])

Arguments

® passcode| fil enane - If you need to present a DISA dialtone without entering a password, simply set passcode to no- passwor d
You may specified a filename instead of a passcode, this filename must contain individual passcodes

® cont ext - Specifies the dialplan context in which the user-entered extension will be matched. If no context is specified, the DISA
application defaults to the di sa context. Presumably a normal system will have a special context set up for DISA use with some or a lot
of restrictions.

® ci d - Specifies a new (different) callerid to be used for this call.

* mai | box - Will cause a stutter-dialtone (indication dialrecall) to be used, if the specified mailbox contains any new messages.

® mai |l box
® cont ext
® options

® n - The DISA application will not answer initially.
® p - The extension entered will be considered complete when a # is entered.

See Also

® Asterisk 13 Application_Authenticate
® Asterisk 13 Application_VMAuthenticate
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Asterisk 13 Application_DumpChan
DumpChan()

Synopsis

Dump Info About The Calling Channel.

Description

Displays information on channel and listing of all channel variables. If level is specified, output is only displayed when the verbose level is currently set to
that number or greater.

Syntax

DumpChan([ | evel ])

Arguments

® | evel - Minimum verbose level

See Also

® Asterisk 13 Application_NoOp
® Asterisk 13 Application_Verbose
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Asterisk 13 Application_EAGI
EAGI()

Synopsis

Executes an EAGI compliant application.

Description

Using 'EAGI' provides enhanced AGI, with incoming audio available out of band on file descriptor 3.

Executes an Asterisk Gateway Interface compliant program on a channel. AGI allows Asterisk to launch external programs written in any language to
control a telephony channel, play audio, read DTMF digits, etc. by communicating with the AGI protocol on stdin and stdout. As of 1. 6. 0, this channel will
not stop dialplan execution on hangup inside of this application. Dialplan execution will continue normally, even upon hangup until the AGI application
signals a desire to stop (either by exiting or, in the case of a net script, by closing the connection). A locally executed AGI script will receive SIGHUP on
hangup from the channel except when using DeadAGI. A fast AGI server will correspondingly receive a HANGUP inline with the command dialog. Both of
theses signals may be disabled by setting the AG SI GHUP channel variable to no before executing the AGI application. Alternatively, if you would like the
AGI application to exit immediately after a channel hangup is detected, set the AG EXI TONHANGUP variable to yes.

Use the CLI command agi show conmands to list available agi commands.
This application sets the following channel variable upon completion:

® AG STATUS - The status of the attempt to the run the AGI script text string, one of:

® SUCCESS
®* FAILURE
* NOTFOUND
* HANGUP
Syntax
EAG (command, argl, [arg2[,...]])
Arguments
¢ command
® args
® argl
® arg2
See Also

® Asterisk 13 Application_AGI
® Asterisk 13 Application_DeadAGI
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Asterisk 13 Application_Echo
Echo()

Synopsis

Echo media, DTMF back to the calling party

Description

Echos back any media or DTMF frames read from the calling channel back to itself. This will not echo CONTROL, MODEM, or NULL frames. Note: If '#'
detected application exits.

This application does not automatically answer and should be preceeded by an application such as Answer() or Progress().

Syntax

Echo()

Arguments

See Also
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Asterisk 13 Application_EndWhile
EndWhile()

Synopsis

End a while loop.

Description

Return to the previous called Whi | e() .

Syntax

EndWhi | e()

Arguments

See Also
® Asterisk 13 Application_While

® Asterisk 13 Application_ExitWhile
® Asterisk 13 Application_ContinueWhile
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Asterisk 13 Application_Exec
Exec()

Synopsis

Executes dialplan application.

Description

Allows an arbitrary application to be invoked even when not hard coded into the dialplan. If the underlying application terminates the dialplan, or if the
application cannot be found, Exec will terminate the dialplan.

To invoke external applications, see the application System. If you would like to catch any error instead, see TryExec.

Syntax

Exec(appnane(ar gunents))

Arguments

® appnane - Application name and arguments of the dialplan application to execute.
® argunents

See Also

Import Version
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Asterisk 13 Application_Execlf
Execlf()

Synopsis
Executes dialplan application, conditionally.
Description

If expr is true, execute and return the result of appiftrue(args).

If expr is true, but appiftrue is not found, then the application will return a non-zero value.

Syntax

Execl f (expressi on?appi ftrue: [ appi ffal se])

Arguments

® expression

® execapp
® appiftrue
® args
® appiffal se
® args
See Also
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Asterisk 13 Application_ExeclfTime
ExeclfTime()

Synopsis

Conditional application execution based on the current time.

Description

This application will execute the specified dialplan application, with optional arguments, if the current time matches the given time specification.

Syntax

Execl f Ti me(ti nes, weekdays, ndays, nont hs, [ ti nezone] ?appnane[ (appargs]))

Arguments

® day_condition

® tinmes

®* weekdays

® ndays

® nonths

® tinmezone
® appnane

® appargs

See Also

® Asterisk 13 Application_Exec
® Asterisk 13 Application_Execlf
® Asterisk 13 Application_TryExec
°

Asterisk 13 Application_GotolfTime
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Asterisk 13 Application_ExitWhile
ExitWhile()

Synopsis

End a While loop.

Description

Exits a Whi | e() loop, whether or not the conditional has been satisfied.

Syntax

Exi t Wi | e()

Arguments

See Also
® Asterisk 13 Application_While

® Asterisk 13 Application_EndWhile
® Asterisk 13 Application_ContinueWhile
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Asterisk 13 Application_ExtenSpy

ExtenSpy()

Synopsis

Listen to a channel, and optionally whisper into it.

Description

This application is used to listen to the audio from an Asterisk channel. This includes the audio coming in and out of the channel being spied on. Only
channels created by outgoing calls for the specified extension will be selected for spying. If the optional context is not supplied, the current channel's
context will be used.

While spying, the following actions may be performed:

® Dialing # cycles the volume level.

® Dialing *

Note

will stop spying and look for another channel to spy on.

The X option supersedes the three features above in that if a valid single digit extension exists in the correct context ChanSpy will exit to it. This
also disables choosing a channel based on chanpr ef i x and a digit sequence.

Syntax

Ext enSpy(exten@ cont ext], [options])

Arguments
® exten
® ext en - Specify extension.
® cont ext - Optionally specify a context, defaults to def aul t .
® options

b - Only spy on channels involved in a bridged call.
B - Instead of whispering on a single channel barge in on both channels involved in the call.
c
® digit - Specify a DTMF digit that can be used to spy on the next available channel.
d - Override the typical numeric DTMF functionality and instead use DTMF to switch between spy modes.
® 4 - spy mode
® 5 - whisper mode
® 6 - barge mode
e - Enable enforced mode, so the spying channel can only monitor extensions whose name is in the ext : delimited list.
® ext
E - Exit when the spied-on channel hangs up.
¢}
® grp - Only spy on channels in which one or more of the groups listed in grp matches one or more groups from the SPYG
ROUP variable set on the channel to be spied upon.
n - Say the name of the person being spied on if that person has recorded his/her name. If a context is specified, then that
voicemail context will be searched when retrieving the name, otherwise the def aul t context be used when searching for the
name (i.e. if SIP/1000 is the channel being spied on and no mailbox is specified, then 1000 will be used when searching for the

name).
® mai |l box
® cont ext

0 - Only listen to audio coming from this channel.
g - Don't play a beep when beginning to spy on a channel, or speak the selected channel name.
r - Record the session to the monitor spool directory. An optional base for the filename may be specified. The default is chansp
y.
® basenane
s - Skip the playback of the channel type (i.e. SIP, IAX, etc) when speaking the selected channel name.
S - Stop when there are no more extensions left to spy on.
v - Adjust the initial volume in the range from - 4 to 4. A negative value refers to a quieter setting.
® val ue
w - Enable whi sper mode, so the spying channel can talk to the spied-on channel.
W- Enable pri vat e whi sper mode, so the spying channel can talk to the spied-on channel but cannot listen to that channel.
X
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® digit - Specify a DTMF digit that can be used to exit the application while actively spying on a channel. If there is no
channel being spied on, the DTMF digit will be ignored.
® X- Allow the user to exit ChanSpy to a valid single digit numeric extension in the current context or the context specified by the S
PY_EXI T_CONTEXT channel variable. The name of the last channel that was spied on will be stored in the SPY_CHANNEL variabl
e.

See Also
® Asterisk 13 Application_ChanSpy

® Asterisk 13 ManagerEvent_ChanSpyStart
® Asterisk 13 ManagerEvent_ChanSpyStop
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Asterisk 13 Application_ExternallVR
ExternallVR()

Synopsis

Interfaces with an external IVR application.

Description

Either forks a process to run given command or makes a socket to connect to given host 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 its stdout. The external application will receive all
DTMF events received on the channel, and notification if the channel is hung up. The 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. For more information see doc/ AST. pdf .

Syntax

External | VR(command|ivr://host([argl,[arg2[,...]]]),[options])

Arguments

® command]|ivr://host
® argl
® arg2
® options
® n - Tells ExternallVR() not to answer the channel.
® | - Tells ExternallVR() not to send a hangup and exit when the channel receives a hangup, instead it sends an | informative
message meaning that the external application MUST hang up the call with an Hcommand.
® d - Tells ExternallVR() to run on a channel that has been hung up and will not look for hangups. The external application must

exit with an E command.

See Also
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Asterisk 13 Application_Festival
Festival()

Synopsis

Say text to the user.

Description

Connect to Festival, send the argument, get back the waveform, play it to the user, allowing any given interrupt keys to immediately terminate and return
the value, or any to allow any number back (useful in dialplan).

Syntax

Festival (text, [intkeys])

Arguments

® text
® intkeys

See Also
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Asterisk 13 Application_Flash
Flash()

Synopsis

Flashes a DAHDI Trunk.

Description

Performs a flash on a DAHDI trunk. This can be used to access features provided on an incoming analogue circuit such as conference and call waiting.
Use with SendDTMF() to perform external transfers.

Syntax

Fl ash()

Arguments

See Also

® Asterisk 13 Application_SendDTMF
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Asterisk 13 Application_FollowMe
FollowMe()

Synopsis

Find-Me/Follow-Me application.

Description

This application performs Find-Me/Follow-Me functionality for the caller as defined in the profile matching the followmeid parameter in f ol | owne. conf . If
the specified followmeid profile doesn't exist in f ol | owre. conf , execution will be returned to the dialplan and call execution will continue at the next

priority.

Returns -1 on hangup.

Syntax

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

Arguments

® foll oweid
® options
® a - Record the caller's name so it can be announced to the callee on each step.
® B - Before initiating the outgoing call(s), Gosub to the specified location using the current channel.
® cont ext
® exten
® priority
® argl
® argN
® b - Before initiating an outgoing call, Gosub to the specified location using the newly created channel. The Gosub will be
executed for each destination channel.
® context
® exten
® priority
® argl
® argN
® d - Disable the 'Please hold while we try to connect your call' announcement.
® | - Asterisk will ignore any connected line update requests it may receive on this dial attempt.
® | - Disable local call optimization so that applications with audio hooks between the local bridge don't get dropped when the calls
get joined directly.
®* N- Don't answer the incoming call until we're ready to connect the caller or give up.
® n - Playback the unreachable status message if we've run out of steps or the callee has elected not to be reachable.
® s - Playback the incoming status message prior to starting the follow-me step(s)

See Also
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Asterisk 13 Application_ForkCDR
ForkCDR()

Synopsis

Forks the current Call Data Record for this channel.

Description

Causes the Call Data Record engine to fork a new CDR starting from the time the application is executed. The forked CDR will be linked to the end of the
CDRs associated with the channel.

Syntax

For kCDR([ opt i ons])

Arguments

® options

® a - If the channel is answered, set the answer time on the forked CDR to the current time. If this option is not used, the answer
time on the forked CDR will be the answer time on the original CDR. If the channel is not answered, this option has no effect.
Note that this option is implicitly assumed if the r option is used.

® e - End (finalize) the original CDR.

® r - Reset the start and answer times on the forked CDR. This will set the start and answer times (if the channel is answered) to
be set to the current time.
Note that this option implicitly assumes the a option.

® v - Do not copy CDR variables and attributes from the original CDR to the forked CDR.

See Also
® Asterisk 13 Function_CDR

® Asterisk 13 Application_NoCDR
® Asterisk 13 Application_ResetCDR
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Asterisk 13 Application_GetCPEID
GetCPEID()

Synopsis

Get ADSI CPE ID.

Description

Obtains and displays ADSI CPE ID and other information in order to properly setup dahdi . conf for on-hook operations.

Syntax

Get CPEI )

Arguments

See Also
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Asterisk 13 Application_Gosub
Gosub()

Synopsis
Jump to label, saving return address.

Description

Jumps to the label specified, saving the return address.

Syntax
Gosub([context,[exten,]]priority[(argl,[...][argN]))
Arguments
® context
® exten
® priority
® argl
® argN
See Also
® Asterisk 13 Application_Gosublf
® Asterisk 13 Application_Macro
® Asterisk 13 Application_Goto
® Asterisk 13 Application_Return
L]

Asterisk 13 Application_StackPop
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Asterisk 13 Application_Gosublf
Gosublf()

Synopsis

Conditionally jump to label, saving return address.

Description

If the condition is true, then jump to labeliftrue. If false, jumps to labeliffalse, if specified. In either case, a jump saves the return point in the dialplan, to be
returned to with a Return.

Syntax

Gosubl f (condition?[labeliftrue:[labeliffalse]])

Arguments

® condition
® destination
® | abel i ftrue - Continue at labeliftrue if the condition is true. Takes the form similar to Goto() of [[context,]extension,]priority.
¢ argl
® argN
® | abel i ffal se - Continue at labeliffalse if the condition is false. Takes the form similar to Goto() of [[context,]extension,]priority.
® argl
® argN

See Also

Asterisk 13 Application_Gosub
Asterisk 13 Application_Return
Asterisk 13 Application_Macrolf
Asterisk 13 Function_IF
Asterisk 13 Application_Gotolf
Asterisk 13 Application_Goto
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Asterisk 13 Application_Goto
Goto()

Synopsis

Jump to a particular priority, extension, or context.

Description

This application will set the current context, extension, and priority in the channel structure. After it completes, the pbx engine will continue dialplan
execution at the specified location. If no specific extension, or extension and context, are specified, then this application will just set the specified priority of
the current extension.

At least a priority is required as an argument, or the goto will return a - 1,and the channel and call will be terminated.

If the location that is put into the channel information is bogus, and asterisk cannot find that location in the dialplan, then the execution engine will try to find
and execute the code in the i (invalid) extension in the current context. If that does not exist, it will try to execute the h extension. If neither the h nori exte
nsions have been defined, the channel is hung up, and the execution of instructions on the channel is terminated. What this means is that, for example, you
specify a context that does not exist, then it will not be possible to find the h or i extensions, and the call will terminate!

Syntax

Goto([context,[extensions,]]priority)

Arguments
® context
® extensions
® priority
See Also
Asterisk 13 Application_Gotolf
Asterisk 13 Application_GotolfTime

Asterisk 13 Application_Gosub
Asterisk 13 Application_Macro
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Asterisk 13 Application_Gotolf
Gotolf()

Synopsis

Conditional goto.

Description

This application will set the current context, extension, and priority in the channel structure based on the evaluation of the given condition. After this
application completes, the pbx engine will continue dialplan execution at the specified location in the dialplan. The labels are specified with the same syntax
as used within the Goto application. If the label chosen by the condition is omitted, no jump is performed, and the execution passes to the next instruction.
If the target location is bogus, and does not exist, the execution engine will try to find and execute the code in the i (invalid) extension in the current
context. If that does not exist, it will try to execute the h extension. If neither the h nori extensions have been defined, the channel is hung up, and the
execution of instructions on the channel is terminated. Remember that this command can set the current context, and if the context specified does not exist,
then it will not be able to find any 'h' or 'i' extensions there, and the channel and call will both be terminated!.

Syntax

Gotol f(condition?[labeliftrue:[labeliffalse]])

Arguments

® condition
® destination
® | abel i ftrue - Continue at labeliftrue if the condition is true. Takes the form similar to Goto() of [[context,]Jextension,]priority.
® | abel i ffal se - Continue at labeliffalse if the condition is false. Takes the form similar to Goto() of [[context,]extension,]priority.

See Also
Asterisk 13 Application_Goto
Asterisk 13 Application_GotolfTime

Asterisk 13 Application_Gosublf
Asterisk 13 Application_Macrolf
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Asterisk 13 Application_GotolfTime
GotolfTime()

Synopsis

Conditional Goto based on the current time.

Description

This application will set the context, extension, and priority in the channel structure based on the evaluation of the given time specification. After this
application completes, the pbx engine will continue dialplan execution at the specified location in the dialplan. If the current time is within the given time
specification, the channel will continue at labeliftrue. Otherwise the channel will continue at labeliffalse. If the label chosen by the condition is omitted, no
jump is performed, and execution passes to the next instruction. If the target jump location is bogus, the same actions would be taken as for Got o. Further
information on the time specification can be found in examples illustrating how to do time-based context includes in the dialplan.

Syntax

Cot ol f Ti ne(ti nes, weekdays, ndays, nont hs, [ti mezone] ?[| abeliftrue:[|abeliffalse]])

Arguments

® condition
® times
® weekdays
®* ndays
® nont hs
® timezone
® destination
® | abel i ftrue - Continue at labeliftrue if the condition is true. Takes the form similar to Goto() of [[context,]extension,]priority.
® | abel i ffal se - Continue at labeliffalse if the condition is false. Takes the form similar to Goto() of [[context,]extension,]priority.

See Also
Asterisk 13 Application_Gotolf
Asterisk 13 Application_Goto

Asterisk 13 Function_IFTIME
Asterisk 13 Function_TESTTIME
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Asterisk 13 Application_Hangup

Hangup()

Synopsis

Hang up the calling channel.

Description

This application will hang up the calling channel.

Syntax

Hangup([ causecode])

Arguments

® causecode - If a causecode is given the channel's hangup cause will be set to the given value.

See Also
® Asterisk 13 Application_Answer

® Asterisk 13 Application_Busy
® Asterisk 13 Application_Congestion
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Asterisk 13 Application_HangupCauseClear
HangupCauseClear()

Synopsis

Clears hangup cause information from the channel that is available through HANGUPCAUSE.

Description

Clears all channel-specific hangup cause information from the channel. This is never done automatically (i.e. for new Dial()s).

Syntax

See Also

® Asterisk 13 Function_HANGUPCAUSE
® Asterisk 13 Function_ HANGUPCAUSE_KEYS
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Asterisk 13 Application_IAX2Provision
IAX2Provision()

Synopsis

Provision a calling IAXy with a given template.

Description

Provisions the calling IAXy (assuming the calling entity is in fact an IAXy) with the given template. Returns - 1 on error or 0 on success.

Syntax

| AX2Provi sion([tenpl ate])

Arguments

® tenpl at e - If not specified, defaults to def aul t .

See Also
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Asterisk 13 Application_ICES
ICES()

Synopsis

Encode and stream using 'ices'.

Description

Streams to an icecast server using ices (available separately). A configuration file must be supplied for ices (see contrib/asterisk-ices.xml).

Note
ICES version 2 client and server required.

Syntax

‘ 1 CES(confi g)

Arguments

® confi g - ICES configuration file.

See Also
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Asterisk 13 Application_ImportVar
ImportVar()

Synopsis

Import a variable from a channel into a new variable.

Description

This application imports a variable from the specified channel (as opposed to the current one) and stores it as a variable (newvar) in the current channel
(the channel that is calling this application). Variables created by this application have the same inheritance properties as those created with the Set applic

ation.

Syntax

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

Arguments
® newar
® vardata

® channel nane
® variable

See Also

® Asterisk 13 Application_Set
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Asterisk 13 Application_Incomplete
Incomplete()

Synopsis
Returns AST_PBX_INCOMPLETE value.

Description

Signals the PBX routines that the previous matched extension is incomplete and that further input should be allowed before matching can be considered to
be complete. Can be used within a pattern match when certain criteria warrants a longer match.

Syntax

I nconpl ete([n])

Arguments

® n - If specified, then Incomplete will not attempt to answer the channel first.

Note
Most channel types need to be in Answer state in order to receive DTMF.

See Also
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Asterisk 13 Application_IVRDemo
IVRDemo()

Synopsis

IVR Demo Application.

Description

This is a skeleton application that shows you the basic structure to create your own asterisk applications and demonstrates the IVR demo.

Syntax

| VRDeno(fi | enane)

Arguments

® filenane
See Also
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Asterisk 13 Application_JabberJoin_res_xmpp
JabberJoin() - [res_xmpp]

Synopsis

Join a chat room

Description

Allows Asterisk to join a chat room.

Syntax

Jabber Joi n(Jabber, RoomJI D, [ Ni cknane] )

Arguments

® Jabber - Client or transport Asterisk uses to connect to Jabber.
® RoomJl D- XMPP/Jabber JID (Name) of chat room.
® Ni cknane - The nickname Asterisk will use in the chat room.

Note
If a different nickname is supplied to an already joined room, the old nick will be changed to the new one.

See Also
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Asterisk 13 Application_JabberLeave res xmpp
JabberLeave() - [res_xmpp]

Synopsis

Leave a chat room

Description

Allows Asterisk to leave a chat room.

Syntax

Jabber Leave(Jabber, RoomJI D, [ Ni cknane] )

Arguments

® Jabber - Client or transport Asterisk uses to connect to Jabber.
® RoomJl D- XMPP/Jabber JID (Name) of chat room.
® Ni cknane - The nickname Asterisk uses in the chat room.

See Also
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Asterisk 13 Application_JabberSend res_xmpp
JabberSend() - [res_xmpp]

Synopsis

Sends an XMPP message to a buddy.

Description

Sends the content of message as text message from the given account to the buddy identified by jid

Example: JabberSend(asterisk,bob@domain.com,Hello world) sends "Hello world" to bob@domain.com as an XMPP message from the account asterisk,
configured in xmpp.conf.

Syntax

Jabber Send(account, j i d, nessage)

Arguments

® account - The local named account to listen on (specified in xmpp.conf)

® jid - Jabber ID of the buddy to send the message to. It can be a bare JID (username@domain) or a full JID
(username@domain/resource).

® nmessage - The message to send.

See Also

® Asterisk 13 Function_JABBER_STATUS_res_xmpp
® Asterisk 13 Function_JABBER_RECEIVE_res_xmpp
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Asterisk 13 Application_JabberSendGroup_res_xmpp
JabberSendGroup() - [res_xmpp]

Synopsis

Send a Jabber Message to a specified chat room

Description

Allows user to send a message to a chat room via XMPP.

Note
To be able to send messages to a chat room, a user must have previously joined it. Use the JabberJoin function to do so.

Syntax

‘ Jabber SendGr oup( Jabber, RoomJI D, Message, [ Ni cknane] )

Arguments

® Jabber - Client or transport Asterisk uses to connect to Jabber.
® RoomJ| D- XMPP/Jabber JID (Name) of chat room.

® Message - Message to be sent to the chat room.

® Ni cknane - The nickname Asterisk uses in the chat room.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 568



Asterisk 13 Application_JabberStatus_res_xmpp
JabberStatus() - [res_xmpp]

Synopsis

Retrieve the status of a jabber list member

Description

This application is deprecated. Please use the JABBER_STATUS() function instead.

Retrieves the numeric status associated with the specified buddy JID. The return value in the _Variable_will be one of the following.

® 1-Online.

® 2 - Chatty.

* 3 - Away.

® 4 - Extended Away.
® 5 - Do Not Disturb.
® 6 - Offline.

® 7 - Not In Roster.

Syntax

Jabber St at us(Jabber, JI D, Vari abl e)

Arguments

® Jabber - Client or transport Asterisk users to connect to Jabber.
® JI D- XMPP/Jabber JID (Name) of recipient.
® Vari abl e - Variable to store the status of requested user.

See Also
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Asterisk 13 Application_JACK
JACK()

Synopsis

Jack Audio Connection Kit

Description

When executing this application, two jack ports will be created; one input and one output. Other applications can be hooked up to these ports to access
audio coming from, or being send to the channel.

Syntax

JACK([ options])

Arguments
® options
® s
® nane - Connect to the specified jack server name
®
® nane - Connect the output port that gets created to the specified jack input port
®o0
® nane - Connect the input port that gets created to the specified jack output port
°c
® nane - By default, Asterisk will use the channel name for the jack client name.
Use this option to specify a custom client name.
See Also
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Asterisk 13 Application_Log

Log()

Synopsis

Send arbitrary text to a selected log level.

Description

Sends an arbitrary text message to a selected log level.

Syntax

Log( | evel , message)

Arguments

® | evel - Level mustbe one of ERROR, WARNI NG, NOTI CE, DEBUG, VERBOSE or DTM-.
® message - Output text message.

See Also
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Asterisk 13 Application_Macro
Macro()

Synopsis

Macro Implementation.

Description
Executes a macro using the context macro- name, 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 TY respectively. Arguments become ARGL,
ARG, etc in the macro context.

If you Goto out of the Macro context, the Macro will terminate and control will be returned at the location of the Goto.

If MACRO_OFFSET is set at termination, Macro will attempt to continue at priority MACRO_OFFSET + N + 1 if such a step exists, and N + 1 otherwise.

Warning

@ Because of the way Macro is implemented (it executes the priorities contained within it via sub-engine), and a fixed per-thread memory stack
allowance, macros are limited to 7 levels of nesting (macro calling macro calling macro, etc.); It may be possible that stack-intensive applications
in deeply nested macros could cause asterisk to crash earlier than this limit. It is advised that if you need to deeply nest macro calls, that you
use the Gosub application (now allows arguments like a Macro) with explict Return() calls instead.

Warning
@ Use of the application Wi t Ext en within a macro will not function as expected. Please use the Read application in order to read DTMF from a
channel currently executing a macro.

Syntax

Macr o(name, argl, [arg2[,...]1])

Arguments

® nane - The name of the macro
® args

® argl

® arg2

See Also
® Asterisk 13 Application_MacroExit

® Asterisk 13 Application_Goto
® Asterisk 13 Application_Gosub

Import Version
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Asterisk 13 Application_MacroExclusive
MacroExclusive()

Synopsis

Exclusive Macro Implementation.

Description

Executes macro defined in the context macro- name. Only one call at a time may run the macro. (we'll wait if another call is busy executing in the Macro)

Arguments and return values as in application Macro()

Warning
Use of the application Wai t Ext en within a macro will not function as expected. Please use the Read application in order to read DTMF from a

channel currently executing a macro.

Syntax

Macr oExcl usi ve(nane, [argl, [arg2[,...]]1])

Arguments
® nane - The name of the macro

® argl
® arg2

See Also

® Asterisk 13 Application_Macro

Import Version
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Asterisk 13 Application_MacroEXxit
MacroExit()

Synopsis

Exit from Macro.

Description

Causes the currently running macro to exit as if it had ended normally by running out of priorities to execute. If used outside a macro, will likely cause
unexpected behavior.

Syntax

Macr oExi t ()

Arguments

See Also

® Asterisk 13 Application_Macro

Import Version
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Asterisk 13 Application_Macrolf
Macrolf()

Synopsis

Conditional Macro implementation.

Description
Executes macro defined in macroiftrue if expr is true (otherwise macroiffalse if provided)

Arguments and return values as in application Macro()

Warning
Use of the application Wai t Ext en within a macro will not function as expected. Please use the Read application in order to read DTMF from a

channel currently executing a macro.

Syntax

Macr ol f (expr ?macroi ftrue: [ nacroi ffal se])

Arguments

® expr
® destination
® nacroiftrue
® macroiftrue
® argl
® macroiffal se
® macroiffal se
® argl

See Also
® Asterisk 13 Application_Gotolf

® Asterisk 13 Application_Gosublf
® Asterisk 13 Function_IF

Import Version
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Asterisk 13 Application_MailboxExists
MailboxExists()

Synopsis

Check to see if Voicemail mailbox exists.

Description

Note

DEPRECATED. Use VM_INFO(mailbox[@context],exists) instead.
Check to see if the specified mailbox exists. If no voicemail context is specified, the def aul t context will be used.
This application will set the following channel variable upon completion:

* VMBOXEXI STSSTATUS - This will contain the status of the execution of the MailboxExists application. Possible values include:
® SUCCESS
®* FAILED

Syntax

Mai | boxExi st s(mai | box@ context], [options])

Arguments
®* mai |l box
® mai | box
® cont ext

® options - None options.

See Also

® Asterisk 13 Function_VM_INFO

Import Version
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Asterisk 13 Application_MeetMe

MeetMe()

Synopsis

MeetMe conference bridge.

Description

Enters the user into a specified MeetMe conference. If the confno is omitted, the user will be prompted to enter one. User can exit the conference by
hangup, or if the p option is specified, by pressing #.

Note

The DAHDI kernel modules and a functional DAHDI timing source (see dahdi_test) must be present for conferencing to operate properly. In
addition, the chan_dahdi channel driver must be loaded for the i and r options to operate at all.

Syntax

Meet Me( [ conf no, [options, [pin]]])

Arguments

® conf no - The conference number
® options

a - Set admin mode.
A - Set marked mode.
b - Run AGI script specified in MEETME_AG _ BACKGROUND Default: conf - backgr ound. agi .
¢ - Announce user(s) count on joining a conference.
C - Continue in dialplan when kicked out of conference.
d - Dynamically add conference.
D - Dynamically add conference, prompting for a PIN.
e - Select an empty conference.
E - Select an empty pinless conference.
F - Pass DTMF through the conference.
G- Play an intro announcement in conference.
® X - The file to playback
i - Announce user join/leave with review.
| - Announce user join/leave without review.
k - Close the conference if there's only one active participant left at exit.
| - Set listen only mode (Listen only, no talking).
m- Set initially muted.
M- Enable music on hold when the conference has a single caller. Optionally, specify a musiconhold class to use. If one is not
provided, it will use the channel's currently set music class, or def aul t .
® class
n - Disable the denoiser. By default, if f unc_speex is loaded, Asterisk will apply a denoiser to channels in the MeetMe
conference. However, channel drivers that present audio with a varying rate will experience degraded performance with a
denoiser attached. This parameter allows a channel joining the conference to choose not to have a denoiser attached without
having to unload f unc_speex.
0 - Set talker optimization - treats talkers who aren't speaking as being muted, meaning (a) No encode is done on transmission
and (b) Received audio that is not registered as talking is omitted causing no buildup in background noise.
p - Allow user to exit the conference by pressing # (default) or any of the defined keys. Dial plan execution will continue at the
next priority following MeetMe. The key used is set to channel variable MEETME_EXI T_KEY.
® keys
P - Always prompt for the pin even if it is specified.
g - Quiet mode (don't play enter/leave sounds).
r - Record conference (records as MEETME_RECORDI NGFI LE using format MEETME_RECORDI NGFORMAT. Default filename is me
et me- conf - r ec- ${ CONFNG} - ${ UNI QUEI D} and the default format is wav.
s - Present menu (user or admin) when * is received (send to menu).
t - Set talk only mode. (Talk only, no listening).
T - Set talker detection (sent to manager interface and meetme list).
v - Announce when a user is joining or leaving the conference. Use the voicemail greeting as the announcement. If the i or |
options are set, the application will fall back to them if no voicemail greeting can be found.
®* mai | box@ont ext - The mailbox and voicemail context to play from. If no context provided, assumed context is
default.
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® w- Wait until the marked user enters the conference.
® secs
® X - Leave the conference when the last marked user leaves.
® X- Allow user to exit the conference by entering a valid single digit extension MEETME_EXI T_CONTEXT or the current context if
that variable is not defined.
® 1 - Do not play message when first person enters
® S- Kick the user x seconds after he entered into the conference.
® X
® L - Limit the conference to x ms. Play a warning when y ms are left. Repeat the warning every z ms. The following special
variables can be used with this option:
® CONF_LI M T_TI MEQUT_FI LE - File to play when time is up.

® CONF_LI M T_WARNI NG_FI LE - File to play as warning if y is defined. The default is to say the time remaining.
L]
X
*y
¢z
® pin
See Also

® Asterisk 13 Application_MeetMeCount
® Asterisk 13 Application_MeetMeAdmin
® Asterisk 13 Application_MeetMeChannelAdmin
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Asterisk

13 Application_MeetMeAdmin

MeetMeAdmin()

Synopsis

MeetMe conference administration.

Description

Run admin command for conference confno.

Will additionally set the variable MEETMEADM NSTATUS with one of the following values:

* MEETMEADM NSTATUS

Syntax

NOPARSE - Invalid arguments.

NOTFOUND - User specified was not found.
FAILED - Another failure occurred.

OK - The operation was completed successfully.

Meet MeAdni n( conf no, conmand, [user])

Arguments

® confno

®* command

® user

See Also

e - Eject last user that joined.

E - Extend conference end time, if scheduled.
k - Kick one user out of conference.

K - Kick all users out of conference.

| - Unlock conference.

L - Lock conference.

m- Unmute one user.

M- Mute one user.

n - Unmute all users in the conference.

N - Mute all non-admin users in the conference.
r - Reset one user's volume settings.

R - Reset all users volume settings.

s - Lower entire conference speaking volume.
S - Raise entire conference speaking volume.
t - Lower one user's talk volume.

T - Raise one user's talk volume.

u - Lower one user's listen volume.

U - Raise one user's listen volume.

v - Lower entire conference listening volume.
V - Raise entire conference listening volume.

® Asterisk 13 Application_MeetMe

Import Version
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Asterisk 13 Application_MeetMeChannelAdmin
MeetMeChannelAdmin()

Synopsis

MeetMe conference Administration (channel specific).

Description

Run admin command for a specific channel in any conference.

Syntax

Meet MeChannel Adni n( channel , command)

Arguments

® channel

¢ conmand
® k - Kick the specified user out of the conference he is in.
®* m- Unmute the specified user.
® M- Mute the specified user.

See Also

Import Version
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Asterisk 13 Application_MeetMeCount
MeetMeCount()

Synopsis

MeetMe participant count.

Description

Plays back the number of users in the specified MeetMe conference. If var is specified, playback will be skipped and the value will be returned in the
variable. Upon application completion, MeetMeCount will hangup the channel, unless priority n+1 exists, in which case priority progress will continue.

Syntax

Meet MeCount (conf no, [var])

Arguments

® conf no - Conference number.
® var

See Also

® Asterisk 13 Application_MeetMe

Import Version
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Asterisk 13 Application_MessageSend
MessageSend|()

Synopsis

Send a text message.

Description

Send a text message. The body of the message that will be sent is what is currently set to MESSAGE( body) . The technology chosen for sending the
message is determined based on a prefix to the t o parameter.

This application sets the following channel variables:

® MESSAGE_SEND_STATUS - This is the message delivery status returned by this application.
® INVALID_PROTOCOL - No handler for the technology part of the URI was found.
® INVALID_URI - The protocol handler reported that the URI was not valid.
® SUCCESS - Successfully passed on to the protocol handler, but delivery has not necessarily been guaranteed.
® FAILURE - The protocol handler reported that it was unabled to deliver the message for some reason.

Syntax

MessageSend(to, [froni)

Arguments

® to-AToURI forthe message.

® Technology: PJSIP
Specifying a prefix of pj si p: will send the message as a SIP MESSAGE request.

® Technology: SIP
Specifying a prefix of si p: will send the message as a SIP MESSAGE request.

® Technology: XMPP
Specifying a prefix of xmpp: will send the message as an XMPP chat message.
* from- A From URI for the message if needed for the message technology being used to send this message.

® Technology: PJSIP
The f r omparameter can be a configured endpoint or in the form of "display-name" <URI>.

® Technology: SIP
The f r omparameter can be a configured peer name or in the form of "display-name" <URI>.

® Technology: XMPP
Specifying a prefix of xnmpp: will specify the account defined in xnpp. conf to send the message from. Note that this field is

required for XMPP messages.

See Also

Import Version
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Asterisk 13 Application_Milliwatt
Milliwatt()

Synopsis

Generate a Constant 1004Hz tone at 0dbm (mu-law).

Description

Previous versions of this application generated the tone at 1000Hz. If for some reason you would prefer that behavior, supply the o option to get the old
behavior.

Syntax

M I liwatt([options])

Arguments
® options
® 0 - Generate the tone at 1000Hz like previous version.
See Also

Import Version
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Asterisk 13 Application_MinivmAccMess
MinivmAccMess()

Synopsis

Record account specific messages.

Description

This application is part of the Mini-Voicemail system, configured in mi ni vm conf .

Use this application to record account specific audio/video messages for busy, unavailable and temporary messages.
Account specific directories will be created if they do not exist.

* MM ACCMESS_STATUS - This is the result of the attempt to record the specified greeting.
FAILED is set if the file can't be created.
® SUCCESS
* FAILED

Syntax

M ni vmAccMess(user namre@lonai n, [ options])

Arguments

®* mai | box
® user nane - Voicemail username
® donai n - Voicemail domain
® options
® u - Record the unavai | abl e greeting.
® b - Record the busy greeting.
® t - Record the temporary greeting.
® n - Account name.

See Also

Import Version
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Asterisk 13 Application_MinivmDelete
MinivmDelete()

Synopsis

Delete Mini-Voicemail voicemail messages.

Description
This application is part of the Mini-Voicemail system, configured in mi ni vm conf .
It deletes voicemail file set in MVM_FILENAME or given filename.

® WM DELETE_STATUS - This is the status of the delete operation.
® SUCCESS
®* FAILED

Syntax

M ni vinDel et e(fi | enane)

Arguments

® fil enane - File to delete

See Also

Import Version
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Asterisk 13 Application_MinivmGreet
MinivmGreet()

Synopsis

Play Mini-Voicemail prompts.

Description

This application is part of the Mini-Voicemail system, configured in minivm.conf.

MinivmGreet() plays default prompts or user specific prompts for an account.

Busy and unavailable messages can be choosen, but will be overridden if a temporary message exists for the account.

® MM GREET_STATUS - This is the status of the greeting playback.
® SUCCESS
* USEREXIT
® FAILED

Syntax

M ni vnGr eet (user name@onai n, [ opti ons])

Arguments

®* mai | box
® user nane - Voicemail username
® donai n - Voicemail domain
® options
® b - Play the busy greeting to the calling party.
® s - Skip the playback of instructions for leaving a message to the calling party.
® u - Play the unavai | abl e greeting.

See Also

Import Version
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Asterisk 13 Application_MinivmMWI
MinivmMWI()

Synopsis

Send Message Waiting Notification to subscriber(s) of mailbox.

Description

This application is part of the Mini-Voicemail system, configured in mi ni vm conf .

MinivmMWI is used to send message waiting indication to any devices whose channels have subscribed to the mailbox passed in the first parameter.

Syntax

M ni viWAI (user nane@lonzi n, ur gent, new, ol d)

Arguments

®* mai | box
® user nane - Voicemail username
® domai n - Voicemail domain
® urgent - Number of urgent messages in mailbox.
® new- Number of new messages in mailbox.
® ol d - Number of old messages in mailbox.

See Also
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Asterisk 13 Application_MinivmNotify
MinivmNotify()

Synopsis

Notify voicemail owner about new messages.

Description

This application is part of the Mini-Voicemail system, configured in minivm.conf.

MiniVMnotify forwards messages about new voicemail to e-mail and pager. If there's no user account for that address, a temporary account will be used
with default options (set in m ni vm conf).

If the channel variable \VM_COUNTER is set, this will be used in the message file name and available in the template for the message.

If no template is given, the default email template will be used to send email and default pager template to send paging message (if the user account is
configured with a paging address.

®* MM _NOTI FY_STATUS - This is the status of the notification attempt
® SUCCESS
® FAILED

Syntax

M ni viNot i f y(user nane@lonai n, [ opti ons])

Arguments

® mail box
® user nane - Voicemail username
® domai n - Voicemail domain
® options
® tenpl at e - E-mail template to use for voicemail notification

See Also
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Asterisk 13 Application_MinivmRecord
MinivmRecord()

Synopsis

Receive Mini-Voicemail and forward via e-mail.

Description

This application is part of the Mini-Voicemail system, configured in mi ni vm conf

MiniVM records audio file in configured format and forwards message to e-mail and pager.

If there's no user account for that address, a temporary account will be used with default options.

The recorded file name and path will be stored in M\VM_FI LENAME and the duration of the message will be stored in M\VM_DURATI ON

Note
If the caller hangs up after the recording, the only way to send the message and clean up is to execute in the h extension. The application will

exit if any of the following DTMF digits are received and the requested extension exist in the current context.

® MVYM RECORD_STATUS - This is the status of the record operation
® SUCCESS
® USEREXIT
® FAILED

Syntax

M ni virRecor d(user name@lomai n, [ opti ons])

Arguments

®* mai | box
® user nane - Voicemail username
® domai n - Voicemail domain
® options
® 0 - Jump to the o extension in the current dialplan context.
® * - Jump to the a extension in the current dialplan context.
® g - Use the specified amount of gain when recording the voicemail message. The units are whole-number decibels (dB).
® gai n - Amount of gain to use

See Also

Import Version
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Asterisk 13 Application_MixMonitor
MixMonitor()

Synopsis

Record a call and mix the audio during the recording. Use of StopMixMonitor is required to guarantee the audio file is available for processing during
dialplan execution.

Description

Records the audio on the current channel to the specified file.

This application does not automatically answer and should be preceeded by an application such as Answer or Progress().

Note
MixMonitor runs as an audiohook.

* M XMONI TOR_FI LENAME - Will contain the filename used to record.

Syntax

M xMoni tor (fil enane. extension, [options, [ comand]])

Arguments

* file
® fil enane - If flename is an absolute path, uses that path, otherwise creates the file in the configured monitoring directory from
ast eri sk. conf.
® extension
® options
® a - Append to the file instead of overwriting it.
® b - Only save audio to the file while the channel is bridged.
® B- Play a periodic beep while this call is being recorded.
® interval -lInterval, in seconds. Default is 15.
® v - Adjust the heard volume by a factor of x (range - 4 to 4)
® X
® V- Adjust the spoken volume by a factor of x (range - 4 to 4)
® X
® W- Adjust both, heard and spoken volumes by a factor of x (range - 4 to 4)
® X
® r - Use the specified file to record the receive audio feed. Like with the basic filename argument, if an absolute path isn't given,
it will create the file in the configured monitoring directory.
® file
® t - Use the specified file to record the transmit audio feed. Like with the basic filename argument, if an absolute path isn't given,
it will create the file in the configured monitoring directory.
® file
® | - Stores the MixMonitor's ID on this channel variable.
® chanvar
® p - Play a beep on the channel that starts the recording.
® P - Play a beep on the channel that stops the recording.
®* m- Create a copy of the recording as a voicemail in the indicated mailbox(es) separated by commas eg. m(1111default,...).
Folders can be optionally specified using the syntax: mailbox@context/folder
® mai | box
® command - Will be executed when the recording is over.
Any strings matching ~{ X} will be unescaped to X.
All variables will be evaluated at the time MixMonitor is called.

See Also

Asterisk 13 Application_Monitor

Asterisk 13 Application_StopMixMonitor
Asterisk 13 Application_PauseMonitor
Asterisk 13 Application_UnpauseMonitor
Asterisk 13 Function_ AUDIOHOOK_INHERIT
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Asterisk 13 Application_Monitor
Monitor()

Synopsis

Monitor a channel.

Description

Used to start 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 StopMonitor application.

By default, files are stored to / var / spool / ast eri sk/ noni t or/ . Returns - 1 if monitor files can't be opened or if the channel is already monitored,
otherwise 0.

Syntax

Moni tor(file_fornmat:[url base],[fname_base, [options]]])

Arguments

* file_format
® file_format - optional, if not set, defaults to wav

® url base
* fnane_base - if set, changes the filename used to the one specified.
® options

®* m- when the recording ends mix the two leg files into one and delete the two leg files. If the variable MONI TOR_EXEC is set, the
application referenced in it will be executed instead of soxmix/sox and the raw leg files will NOT be deleted automatically.
soxmix/sox or MONI TOR_EXEC is handed 3 arguments, the two leg files and a target mixed file name which is the same as the

leg file names only without the in/out designator.
If MONI TOR_EXEC_ARGS is set, the contents will be passed on as additional arguments to MONl TOR_EXEC. Both MONI TOR_EXE
C and the Mix flag can be set from the administrator interface.
® b - Don't begin recording unless a call is bridged to another channel.
® B- Play a periodic beep while this call is being recorded.
® interval -Interval, in seconds. Default is 15.
® | - Skip recording of input stream (disables moption).
® 0 - Skip recording of output stream (disables moption).

See Also

® Asterisk 13 Application_StopMonitor
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Asterisk 13 Application_Morsecode
Morsecode()

Synopsis
Plays morse code.

Description

Plays the Morse code equivalent of the passed string.

This application does not automatically answer and should be preceeded by an application such as Answer() or Progress().

This application uses the following variables:

® MORSEDI TLEN - Use this value in (ms) for length of dit
® MORSETONE - The pitch of the tone in (Hz), default is 800

Syntax

Mor secode(stri ng)

Arguments

® string - String to playback as morse code to channel

See Also

® Asterisk 13 Application_SayAlpha
® Asterisk 13 Application_SayPhonetic
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Asterisk 13 Application_MP3Player
MP3Player()

Synopsis

Play an MP3 file or M3U playlist file or stream.

Description

Executes mpg123 to play the given location, which typically would be a mp3 filename or m3u playlist filename or a URL. Please read http://en.wikipedia.org
Iwiki/M3U to see how M3U playlist file format is like, Example usage would be exten => 1234,1,MP3Player(/var/lib/asterisk/playlist. n3u) User can exit by

pressing any key on the dialpad, or by hanging up.

This application does not automatically answer and should be preceeded by an application such as Answer() or Progress().

Syntax

MP3P! ayer (Locat i on)

Arguments

® Locati on - Location of the file to be played. (argument passed to mpg123)

See Also
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Asterisk 13 Application_MSet
MSet()

Synopsis

Set channel variable(s) or function value(s).

Description

This function can be used to set the value of channel variables or dialplan functions. When setting variables, if the variable name is prefixed with _, the
variable will be inherited into channels created from the current channel If the variable name is prefixed with __, the variable will be inherited into channels
created from the current channel and all children channels. MSet behaves in a similar fashion to the way Set worked in 1.2/1.4 and is thus prone to doing
things that you may not expect. For example, it strips surrounding double-quotes from the right-hand side (value). If you need to put a separator character
(comma or vert-bar), you will need to escape them by inserting a backslash before them. Avoid its use if possible.

Syntax

Mset (nanel=val uel, nanme2=val ue2)

Arguments

® setl
® nanel
® val uel

® nane2
® val ue2

See Also

® Asterisk 13 Application_Set
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Asterisk 13 Application_MusicOnHold
MusicOnHold()

Synopsis

Play Music On Hold indefinitely.

Description

Plays hold music specified by class. If omitted, the default music source for the channel will be used. Change the default class with
Set(CHANNEL(musicclass)=...). If duration is given, hold music will be played specified number of seconds. If duration is ommited, music plays indefinitely.

Returns 0 when done, - 1 on hangup.

This application does not automatically answer and should be preceeded by an application such as Answer() or Progress().

Syntax

Musi cOnHol d(cl ass, [ duration])

Arguments

® class
® duration

See Also

Import Version
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Asterisk 13 Application_NBScat
NBScat()

Synopsis

Play an NBS local stream.

Description

Executes nbscat to listen to the local NBS stream. User can exit by pressing any key.

Syntax

NBScat ()

Arguments

See Also

Import Version
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Asterisk 13 Application_NoCDR
NoCDR()

Synopsis

Tell Asterisk to not maintain a CDR for this channel.

Description

This application will tell Asterisk not to maintain a CDR for the current channel. This does NOT mean that information is not tracked; rather, if the channel is
hung up no CDRs will be created for that channel.

If a subsequent call to ResetCDR occurs, all non-finalized CDRs created for the channel will be enabled.

Note
This application is deprecated. Please use the CDR_PROP function to disable CDRs on a channel.

Syntax

‘ NoCDR()

Arguments

See Also

® Asterisk 13 Application_ResetCDR
® Asterisk 13 Function_CDR_PROP

Import Version
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Asterisk 13 Application_NoOp
NoOp()

Synopsis
Do Nothing (No Operation).
Description

This application does nothing. However, it is useful for debugging purposes.

This method can be used to see the evaluations of variables or functions without having any effect.

Syntax

NoQp([text])

Arguments

® text - Any text provided can be viewed at the Asterisk CLI.

See Also

® Asterisk 13 Application_Verbose
® Asterisk 13 Application_Log

Import Version
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Asterisk 13 Application_ODBC_Commit
ODBC_Commit()

Synopsis

Commits a currently open database transaction.

Description

Commits the database transaction specified by transaction ID or the current active transaction, if not specified.

Syntax

ODBC_Commi t ([transaction 1D])

Arguments

® transaction ID
See Also

Import Version
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Asterisk 13 Application_ODBC_Rollback
ODBC_Rollback()

Synopsis

Rollback a currently open database transaction.

Description

Rolls back the database transaction specified by transaction ID or the current active transaction, if not specified.

Syntax

CODBC_Rol | back([transaction D))

Arguments

® transaction ID
See Also

Import Version
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Asterisk 13 Application_ODBCFinish
ODBCEFinish()

Synopsis

Clear the resultset of a sucessful multirow query.

Description

For queries which are marked as mode=multirow, this will clear any remaining rows of the specified resultset.

Syntax

QDBCFi ni sh(resul t-id)

Arguments

® result-id
See Also

Import Version
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Asterisk 13 Application_Originate
Originate()

Synopsis

Originate a call.

Description

This application originates an outbound call and connects it to a specified extension or application. This application will block until the outgoing call fails or
gets answered. At that point, this application will exit with the status variable set and dialplan processing will continue.

This application sets the following channel variable before exiting:

® ORI G NATE_STATUS - This indicates the result of the call origination.

FAILED

SUCCESS

BUSY

CONGESTION

HANGUP

RINGING

UNKNOWN - In practice, you should never see this value. Please report it to the issue tracker if you ever see it.

Syntax

Oiginate(tech_data,type,argl,[arg2,[arg3,[tineout]]])

Arguments

t ech_dat a - Channel technology and data for creating the outbound channel. For example, SIP/1234.

t ype - This should be app or ext en, depending on whether the outbound channel should be connected to an application or extension.
ar gl - If the type is app, then this is the application name. If the type is ext en, then this is the context that the channel will be sent to.
ar g2 - If the type is app, then this is the data passed as arguments to the application. If the type is ext en, then this is the extension that
the channel will be sent to.

ar g3 - If the type is ext en, then this is the priority that the channel is sent to. If the type is app, then this parameter is ignored.

® timeout - Timeoutin seconds. Default is 30 seconds.

See Also

Import Version
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Asterisk 13 Application_OSPAuth
OSPAuth()

Synopsis

OSP Authentication.

Description

Authenticate a call by OSP.
Input variables:

® OSPI NPEERI P - The last hop IP address.
® OSPI NTOKEN - The inbound OSP token.
QOutput variables:

® OSPI NHANDLE - The inbound call OSP transaction handle.
® OSPI NTI MELI M T - The inbound call duration limit in seconds.
This application sets the following channel variable upon completion:

® OSPAUTHSTATUS - The status of OSPAuth attempt as a text string, one of
® SUCCESS
®* FAILED
* ERROR

Syntax

OSPAut h([ provi der, [options]])

Arguments

® provi der - The name of the provider that authenticates the call.
® options - Reserverd.

See Also
® Asterisk 13 Application_OSPLookup

® Asterisk 13 Application_OSPNext
® Asterisk 13 Application_OSPFinish

Import Version
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Asterisk 13 Application_OSPFinish
OSPFinish()

Synopsis

Report OSP entry.

Description

Report call state.
Input variables:

OSPI NHANDLE - The inbound call OSP transaction handle.
OSPOUTHANDLE - The outbound call OSP transaction handle.
OSPAUTHSTATUS - The OSPAuth status.

OSPLOOKUPSTATUS - The OSPLookup status.

OSPNEXTSTATUS - The OSPNext status.

OSPI NAUDI OQOCS - The inbound call leg audio QoS string.
OSPOUTAUDI OQCS - The outbound call leg audio QoS string.

This application sets the following channel variable upon completion:

® OSPFI NI SHSTATUS - The status of the OSPFinish attempt as a text string, one of
® SUCCESS
® FAILED
® ERROR

Syntax

OSPFi ni sh([ cause, [options]])

Arguments

® cause - Hangup cause.
® options - Reserved.

See Also
® Asterisk 13 Application_OSPAuth

® Asterisk 13 Application_OSPLookup
® Asterisk 13 Application_OSPNext

Import Version
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Asterisk 13 Application_OSPLookup
OSPLookup()

Synopsis

Lookup destination by OSP.

Description

Looks up destination via OSP.
Input variables:

OSPI NACTUALSRC - The actual source device IP address in indirect mode.
GOSPI NPEERI P - The last hop IP address.

OSPI NTECH - The inbound channel technology for the call.

OSPI NHANDLE - The inbound call OSP transaction handle.

GSPI NTI MELI M T - The inbound call duration limit in seconds.

OSPI NNETWORKI D - The inbound source network ID.

OSPI NNPRN - The inbound routing number.

GSPI NNPCI C- The inbound carrier identification code.

OSPI NNPDI - The inbound number portability database dip indicator.
OSPI NSPI D - The inbound service provider identity.

OSPI NOCN - The inbound operator company number.

OSPI NSPN - The inbound service provider name.

OSPI NALTSPN - The inbound alternate service provider name.

OSPI NMCC - The inbound mobile country code.

OSPI NWNC - The inbound mobile network code.

OSPI NTOHOST - The inbound To header host part.

OSPI NRPI DUSER - The inbound Remote-Party-ID header user part.
OSPI NPAI USER - The inbound P-Asserted-Identify header user part.
OSPI NDI VUSER - The inbound Diversion header user part.

OSPI NDI VHOST - The inbound Diversion header host part.

OSPI NPCl USER - The inbound P-Charge-Info header user part.

Output variables:

OSPOUTHANDLE - The outbound call OSP transaction handle.
OSPOQUTTECH - The outbound channel technology for the call.
OSPDESTI NATI ON - The outbound destination IP address.
OSPQUTCALLI NG- The outbound calling number.
OSPOUTCALLED - The outbound called number.
OSPOUTNETWORKI D - The outbound destination network ID.
OSPOUTNPRN - The outbound routing number.

OSPOUTNPCI C - The outbound carrier identification code.
OSPOUTNPDI - The outbound number portability database dip indicator.
OSPQUTSPI D - The outbound service provider identity.
OSPOUTQOCN - The outbound operator company number.
OSPQOUTSPN - The outbound service provider name.
OSPOUTALTSPN - The outbound alternate service provider name.
OSPOUTMCC - The outbound mobile country code.

OSPOUTMNC - The outbound mobile network code.
OSPOUTTOKEN - The outbound OSP token.

OSPDESTREMAI LS - The number of remained destinations.
OSPQUTTI MELI M T - The outbound call duration limit in seconds.
OSPOUTCALLI DTYPES - The outbound Call-ID types.
OSPQUTCALLI D- The outbound Call-ID. Only for H.323.

OSPDI ALSTR - The outbound Dial command string.

This application sets the following channel variable upon completion:

® OSPLOOKUPSTATUS - The status of OSPLookup attempt as a text string, one of
® SUCCESS
®* FAILED
®* ERROR

Syntax

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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OSPLookup(exten, [ provider, [options]])

Arguments

® ext en - The exten of the call.

® provider - The name of the provider that is used to route the call.

® options
® h - generate H323 call id for the outbound call
® s - generate SIP call id for the outbound call. Have not been implemented
® | - generate IAX call id for the outbound call. Have not been implemented

See Also
® Asterisk 13 Application_OSPAuth

® Asterisk 13 Application_OSPNext
® Asterisk 13 Application_OSPFinish

Import Version
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Asterisk 13 Application_OSPNext
OSPNext()

Synopsis

Lookup next destination by OSP.

Description

Looks up the next destination via OSP.
Input variables:

OSPI NHANDLE - The inbound call OSP transaction handle.
OSPOUTHANDLE - The outbound call OSP transaction handle.
OSPI NTI MELI M T - The inbound call duration limit in seconds.
OSPOUTCALLI DTYPES - The outbound Call-ID types.
OSPDESTREMAI LS - The number of remained destinations.
Output variables:

OSPOUTTECH - The outbound channel technology.

OSPDESTI NATI ON - The destination IP address.

OSPOUTCALLI NG- The outbound calling number.

OSPQUTCALLED - The outbound called number.

OSPOUTNETWORKI D - The outbound destination network ID.
OSPOUTNPRN - The outbound routing number.

CSPOUTNPCI C - The outbound carrier identification code.
OSPOUTNPDI - The outbound number portability database dip indicator.
OSPQUTSPI D - The outbound service provider identity.

OSPOUTQOCN - The outbound operator company number.
OSPQUTSPN - The outbound service provider name.
OSPOUTALTSPN - The outbound alternate service provider name.
OSPOUTMCC - The outbound mobile country code.

OSPOUTMNC - The outbound mobile network code.

OSPOUTTOKEN - The outbound OSP token.

OSPDESTREMAI LS - The number of remained destinations.
OSPQUTTI MELI M T - The outbound call duration limit in seconds.
OSPOUTCALLI D- The outbound Call-ID. Only for H.323.

OSPDI ALSTR - The outbound Dial command string.

This application sets the following channel variable upon completion:

® OSPNEXTSTATUS - The status of the OSPNext attempt as a text string, one of

® SUCCESS
® FAILED
®* ERROR
Syntax
See Also

® Asterisk 13 Application_OSPAuth
® Asterisk 13 Application_OSPLookup
® Asterisk 13 Application_OSPFinish

Import Version
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Asterisk 13 Application_Page
Page()

Synopsis

Page series of phones

Description

Places outbound calls to the given technology/resource and dumps them into a conference bridge as muted participants. The original caller is dumped into
the conference as a speaker and the room is destroyed when the original caller leaves.

Syntax

Page( Technol ogy/ Resour ce&[ Technol ogy2/ Resource2[ & ..]],[options, [tinmeout]])

Arguments

® Technol ogy/ Resource
®* Technol ogy/ Resour ce - Specification of the device(s) to dial. These must be in the format of Technol ogy/ Resour ce,
where Technology represents a particular channel driver, and Resource represents a resource available to that particular
channel driver.
® Technol ogy2/ Resour ce2 - Optional extra devices to dial in parallel
If you need more than one, enter them as Technology2/Resource2& Technology3/Resourse3&.....
® options
® b - Before initiating an outgoing call, Gosub to the specified location using the newly created channel. The Gosub will be
executed for each destination channel.
® context
® exten
® priority
® argl
® argN
® B - Before initiating the outgoing call(s), Gosub to the specified location using the current channel.
® cont ext
® exten
® priority
® argl
® argN
d - Full duplex audio
i - Ignore attempts to forward the call
g - Quiet, do not play beep to caller
r - Record the page into a file ( CONFBRI DCE( br i dge, record_conf erence))
s - Only dial a channel if its device state says that it is NOT_| NUSE
A - Play an announcement to all paged participants
® x - The announcement to playback to all devices

® n - Do not play announcement to caller (alters Aﬂ behavior)
® tineout - Specify the length of time that the system will attempt to connect a call. After this duration, any page calls that have not been
answered will be hung up by the system.

See Also

® Asterisk 13 Application_ConfBridge

Import Version
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Asterisk 13 Application_Park
Park()

Synopsis
Park yourself.

Description

Used to park yourself (typically in combination with an attended transfer to know the parking space).

If you set the PARKI NGEXTEN variable to a parking space extension in the parking lot, Park() will attempt to park the call on that extension. If the extension
is already in use then execution will continue at the next priority.

Syntax

Par k([ par ki ng_| ot _nane, [ options]])

Arguments

® parki ng_| ot _nane - Specify in which parking lot to park a call.
The parking lot used is selected in the following order:
1) parking_lot_name option to this application
2) PARKI NGLOT variable
3) CHANNEL ( par ki ngl ot) function (Possibly preset by the channel driver.)
4) Default parking lot.
® options - A list of options for this parked call.
® r - Send ringing instead of MOH to the parked call.
®* R- Randomize the selection of a parking space.
® s - Silence announcement of the parking space number.
® c - If the parking times out, go to this place in the dialplan instead of where the parking lot defines the call should go.
® context
® extension
® priority
® t - Use atimeout of dur at i on seconds instead of the timeout specified by the parking lot.
® duration

See Also

® Asterisk 13 Application_ParkedCall

Import Version
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Asterisk 13 Application_ParkAndAnnounce
ParkAndAnnounce()

Synopsis

Park and Announce.

Description

Park a call into the parkinglot and announce the call to another channel.

The variable PARKEDAT will contain the parking extension into which the call was placed. Use with the Local channel to allow the dialplan to make use of
this information.

Syntax

Par kAndAnnounce( [ par ki ng_| ot _namne, [ opti ons, announce: [ announcel[:...]],]]dial)

Arguments

® parki ng_| ot _nane - Specify in which parking lot to park a call.
The parking lot used is selected in the following order:
1) parking_lot_name option to this application
2) PARKI NGLOT variable
3) CHANNEL ( par ki ngl ot) function (Possibly preset by the channel driver.)
4) Default parking lot.
® options - A list of options for this parked call.
® r - Send ringing instead of MOH to the parked call.
®* R- Randomize the selection of a parking space.
® c - If the parking times out, go to this place in the dialplan instead of where the parking lot defines the call should go.
® context
® extension
® priority
® t - Use atimeout of dur at i on seconds instead of the timeout specified by the parking lot.
® duration
® announce_tenpl ate
® announce - Colon-separated list of files to announce. The word PARKED will be replaced by a say_digits of the extension in
which the call is parked.
® announcel
® di al - The app_dial style resource to call to make the announcement. Console/dsp calls the console.

See Also

® Asterisk 13 Application_Park
® Asterisk 13 Application_ParkedCall

Import Version
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Asterisk 13 Application_ParkedCall
ParkedCall()

Synopsis
Retrieve a parked call.

Description

Used to retrieve a parked call from a parking lot.

Note
If a parking lot's parkext option is set, then Parking lots will automatically create and manage dialplan extensions in the parking lot context. If that
is the case then you will not need to manage parking extensions yourself, just include the parking context of the parking lot.

Syntax

Par kedCal | ([ par ki ng_| ot _nane, [ par ki ng_space] ])

Arguments

® parki ng_l ot _nane - Specify from which parking lot to retrieve a parked call.
The parking lot used is selected in the following order:
1) parking_lot_name option
2) PARKI NGLOT variable
3) CHANNEL ( par ki ngl ot) function (Possibly preset by the channel driver.)

4) Default parking lot.
® par ki ng_space - Parking space to retrieve a parked call from. If not provided then the first available parked call in the parking lot will be

retrieved.

See Also

® Asterisk 13 Application_Park

Import Version
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Asterisk 13 Application_PauseMonitor
PauseMonitor()

Synopsis

Pause monitoring of a channel.

Description

Pauses monitoring of a channel until it is re-enabled by a call to UnpauseMonitor.

Syntax

PauseMoni t or ()

Arguments

See Also

® Asterisk 13 Application_UnpauseMonitor

Import Version
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Asterisk 13 Application_PauseQueueMember
PauseQueueMember()

Synopsis

Pauses a queue member.

Description

Pauses (blocks calls for) a queue member. The given interface will be paused in the given queue. This prevents any calls from being sent from the queue
to the interface until it is unpaused with UnpauseQueueMember or the manager interface. If no queuename is given, the interface is paused in every queue
it is a member of. The application will fail if the interface is not found.

This application sets the following channel variable upon completion:

® PQWSTATUS - The status of the attempt to pause a queue member as a text string.
®* PAUSED
* NOTFOUND
Example: PauseQueueMember(,SIP/3000)

Syntax

PauseQueueMenber ([ queuenane, i nter f ace, [ options, [reason]]])

Arguments

® queuenane
® interface
® options

® reason - Is used to add extra information to the appropriate queue_log entries and manager events.

See Also

Asterisk 13 Application_Queue

Asterisk 13 Application_Queuelog

Asterisk 13 Application_AddQueueMember
Asterisk 13 Application_RemoveQueueMember
Asterisk 13 Application_PauseQueueMember
Asterisk 13 Application_UnpauseQueueMember
Asterisk 13 Function_ QUEUE_VARIABLES
Asterisk 13 Function QUEUE_MEMBER

Asterisk 13 Function QUEUE_MEMBER_COUNT
Asterisk 13 Function_ QUEUE_EXISTS

Asterisk 13 Function_ QUEUE_WAITING_COUNT
Asterisk 13 Function_ QUEUE_MEMBER_LIST
Asterisk 13 Function_ QUEUE_MEMBER_PENALTY

Import Version
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Asterisk 13 Application_Pickup
Pickup()

Synopsis

Directed extension call pickup.

Description
This application can pickup a specified ringing channel. The channel to pickup can be specified in the following ways.
1) If no extension targets are specified, the application will pickup a channel matching the pickup group of the requesting channel.

2) If the extension is specified with a context of the special string PI CKUPMARK (for example 10@PICKUPMARK), the application will pickup a channel
which has defined the channel variable PI CKUPMARK with the same value as extension (in this example, 10).

3) If the extension is specified with or without a context, the channel with a matching extension and context will be picked up. If no context is specified, the
current context will be used.

Note
The extension is typically set on matching channels by the dial application that created the channel. The context is set on matching channels by

the channel driver for the device.

Syntax
Pi ckup(ext ensi on&f extension2[ & ..]1])
Arguments
® targets
® ext ensi on - Specification of the pickup target.
® extension
® context
® ext ensi on2 - Additional specifications of pickup targets.
® extension2
® context2
See Also

Import Version
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Asterisk 13 Application_PickupChan
PickupChan()

Synopsis

Pickup a ringing channel.

Description

Pickup a specified channel if ringing.

Syntax

Pi ckupChan(channel & channel 2[ & ..]],[options])

Arguments
® channel -** channel

® channel 2
List of channel names or channel uniqueids to pickup if ringing. For example, a channel name could be Sl P/ bob or SI P/ bob- 0

0000000 to find SI P/ bob- 00000000.

® options
® p - Supplied channel names are prefixes. For example, Sl P/ bob will match SI P/ bob- 00000000 and Sl P/ bobby- 00000000.

See Also

Import Version
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Asterisk 13 Application_Playback
Playback()

Synopsis

Play a file.

Description

Plays back given filenames (do not put extension of wav/alaw etc). The playback command answer the channel if no options are specified. If the file is
non-existant it will fail

This application sets the following channel variable upon completion:

® PLAYBACKSTATUS - The status of the playback attempt as a text string.
® SUCCESS
® FAILED
See Also: Background (application) — for playing sound files that are interruptible

WaitExten (application) — wait for digits from caller, optionally play music on hold

Syntax

Pl ayback(filename&[filename2[& ..]],[options])

Arguments

* filenanes
¢ filename
¢ filenanme2
® options - Comma separated list of options
® ski p - Do not play if not answered
® noanswer - Playback without answering, otherwise the channel will be answered before the sound is played.

See Also

Asterisk 13 Application_Background

Asterisk 13 Application_WaitExten

Asterisk 13 Application_ControlPlayback
Asterisk 13 AGICommand_stream file
Asterisk 13 AGICommand_control stream file
Asterisk 13 ManagerAction_ControlPlayback
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Asterisk 13 Application_PlayTones
PlayTones()

Synopsis
Play a tone list.
Description

Plays a tone list. Execution will continue with the next step in the dialplan immediately while the tones continue to play.

See the sample i ndi cat i ons. conf for a description of the specification of a tonelist.

Syntax

Pl ayTones(ar g)

Arguments

® arg - Arg is either the tone name defined in the i ndi cat i ons. conf configuration file, or a directly specified list of frequencies and
durations.

See Also

® Asterisk 13 Application_StopPlayTones
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Asterisk 13 Application_PrivacyManager
PrivacyManager ()

Synopsis

Require phone number to be entered, if no CallerID sent

Description

If no Caller*ID is sent, PrivacyManager answers the channel and asks the caller to enter their phone number. The caller is given maxretries attempts to do
s0. The application does nothing if Caller*ID was received on the channel.

The application sets the following channel variable upon completion:

®* PRI VACYMGRSTATUS - The status of the privacy manager's attempt to collect a phone number from the user.

® SUCCESS
* FAILED

Syntax

PrivacyManager ([ nexretries, [minlength, [options,[context]]]])

Arguments

® maxretries - Total tries caller is allowed to input a callerid. Defaults to 3.
® m nl engt h - Minimum allowable digits in the input callerid number. Defaults to 10.
® options - Position reserved for options.

® cont ext - Context to check the given callerid against patterns.

See Also

® Asterisk 13 Application_Zapateller
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Asterisk 13 Application_Proceeding
Proceeding()

Synopsis

Indicate proceeding.

Description

This application will request that a proceeding message be provided to the calling channel.

Syntax

Proceedi ng()

Arguments

See Also
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Asterisk 13 Application_Progress
Progress()

Synopsis

Indicate progress.

Description

This application will request that in-band progress information be provided to the calling channel.

Syntax

Progress()

Arguments

See Also

Asterisk 13 Application_Busy
Asterisk 13 Application_Congestion
Asterisk 13 Application_Ringing
Asterisk 13 Application_Playtones
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Asterisk 13 Application_Queue

Queue()

Synopsis

Queue a call for a call queue.

Description

In addition to transferring the call, a call may be parked and then picked up by another user.

This application will return to the dialplan if the queue does not exist, or any of the join options cause the caller to not enter the queue.

This application does not automatically answer and should be preceeded by an application such as Answer(), Progress(), or Ringing().

This application sets the following channel variable upon completion:

® QUEUESTATUS - The status of the call as a text string.

Syntax

TIMEOUT

FULL
JOINEMPTY
LEAVEEMPTY
JOINUNAVAIL
LEAVEUNAVAIL
CONTINUE

Queue( queuenang, [ options, [ URL, [ announceoverride, [tinmeout, [ AG, [macro, [gosub,[rule,[position]]]]1111])

Arguments

® queuenane
® options

C- Mark all calls as "answered elsewhere" when cancelled.
¢ - Continue in the dialplan if the callee hangs up.
d - data-quality (modem) call (minimum delay).
F - When the caller hangs up, transfer the called member to the specified destination and start execution at that location.
® context
® exten
® priority
F - When the caller hangs up, transfer the called member to the next priority of the current extension and start execution at that
location.
h - Allow callee to hang up by pressing *.
H - Allow caller to hang up by pressing *.
n - No retries on the timeout; will exit this application and go to the next step.
i - Ignore call forward requests from queue members and do nothing when they are requested.
| - Asterisk will ignore any connected line update requests or any redirecting party update requests it may receive on this dial
attempt.
r - Ring instead of playing MOH. Periodic Announcements are still made, if applicable.
R - Ring instead of playing MOH when a member channel is actually ringing.
t - Allow the called user to transfer the calling user.
T - Allow the calling user to transfer the call.
w - Allow the called user to write the conversation to disk via Monitor.
W- Allow the calling user to write the conversation to disk via Monitor.
k - Allow the called party to enable parking of the call by sending the DTMF sequence defined for call parking in f eat ur es. con
f.
K - Allow the calling party to enable parking of the call by sending the DTMF sequence defined for call parking in f eat ur es. co
nf.
x - Allow the called user to write the conversation to disk via MixMonitor.
X - Allow the calling user to write the conversation to disk via MixMonitor.

® URL - URL will be sent to the called party if the channel supports it.
® announceoverride
® tineout - Will cause the queue to fail out after a specified number of seconds, checked between each queues. conf timeout and retry

cycle.

® AGQ - Will setup an AGI script to be executed on the calling party's channel once they are connected to a queue member.

® macro

- Will run a macro on the called party's channel (the queue member) once the parties are connected.

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 622



® gosub - Will run a gosub on the called party's channel (the queue member) once the parties are connected.

® rul e - Will cause the queue's defaultrule to be overridden by the rule specified.

® position - Attempt to enter the caller into the queue at the numerical position specified. 1 would attempt to enter the caller at the head
of the queue, and 3 would attempt to place the caller third in the queue.

See Also

Asterisk 13 Application_Queue

Asterisk 13 Application_QueuelLog

Asterisk 13 Application_AddQueueMember
Asterisk 13 Application_RemoveQueueMember
Asterisk 13 Application_PauseQueueMember
Asterisk 13 Application_UnpauseQueueMember
Asterisk 13 Function_QUEUE_VARIABLES
Asterisk 13 Function_ QUEUE_MEMBER

Asterisk 13 Function_ QUEUE_MEMBER_COUNT
Asterisk 13 Function_ QUEUE_EXISTS

Asterisk 13 Function_ QUEUE_WAITING_COUNT
Asterisk 13 Function_ QUEUE_MEMBER_LIST
Asterisk 13 Function_ QUEUE_MEMBER_PENALTY
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Asterisk 13 Application_QueuelLog
QueuelLog()

Synopsis

Writes to the queue_log file.

Description

Allows you to write your own events into the queue log.

Example: QueuelLog(101,${UNIQUEID},${AGENT},WENTONBREAK,600)

Syntax

QueuelLog(queuenane, uni quei d, agent, event, [ addi ti onal i nf o] )

Arguments

gqueuenane

uni quei d

agent

event
additionalinfo

See Also

Asterisk 13 Application_Queue

Asterisk 13 Application_Queuelog

Asterisk 13 Application_AddQueueMember
Asterisk 13 Application_RemoveQueueMember
Asterisk 13 Application_PauseQueueMember
Asterisk 13 Application_UnpauseQueueMember
Asterisk 13 Function_ QUEUE_VARIABLES
Asterisk 13 Function_ QUEUE_MEMBER

Asterisk 13 Function_ QUEUE_MEMBER_COUNT
Asterisk 13 Function_QUEUE_EXISTS

Asterisk 13 Function_ QUEUE_WAITING_COUNT
Asterisk 13 Function_ QUEUE_MEMBER_LIST
Asterisk 13 Function_ QUEUE_MEMBER_PENALTY
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Asterisk 13 Application_RaiseException
RaiseException()

Synopsis

Handle an exceptional condition.

Description

This application will jump to the e extension in the current context, setting the dialplan function EXCEPTION(). If the e extension does not exist, the call will
hangup.

Syntax

Rai seExcept i on(reason)

Arguments

® reason

See Also

® Asterisk 13 Function_Exception

Import Version
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Asterisk 13 Application_Read
Read()

Synopsis

Read a variable.

Description
Reads a #-terminated string of digits a certain number of times from the user in to the given variable.
This application sets the following channel variable upon completion:

® READSTATUS - This is the status of the read operation.
OK

ERROR

HANGUP

INTERRUPTED

SKIPPED

TIMEOUT

Syntax

Read(variable, filename& filename2[& ..]],[maxdigits,[options,[attenpts,[tinmeout]]]]])

Arguments

® vari abl e - The input digits will be stored in the given variable name.
fil enanes
* fil enamne - file(s) to play before reading digits or tone with option i
® filename2
* maxdi gi t s - Maximum acceptable number of digits. Stops reading after maxdigits have been entered (without requiring the user to
press the # key).
Defaults to O - no limit - wait for the user press the # key. Any value below 0 means the same. Max accepted value is 255.
® options
® s - to return immediately if the line is not up.
® i -to play filename as an indication tone from your i ndi cati ons. conf.
® n -to read digits even if the line is not up.
® attenpts - If greater than 1, that many attempts will be made in the event no data is entered.
® timeout - The number of seconds to wait for a digit response. If greater than 0, that value will override the default timeout. Can be
floating point.

See Also

® Asterisk 13 Application_SendDTMF
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Asterisk 13 Application_ReadExten
ReadExten()

Synopsis

Read an extension into a variable.

Description
Reads a # terminated string of digits from the user into the given variable.
Will set READEXTENSTATUS on exit with one of the following statuses:

® READEXTENSTATUS

OK - A valid extension exists in ${variable}.

TIMEOUT - No extension was entered in the specified time. Also sets ${variable} to "t".
INVALID - An invalid extension, ${INVALID_EXTEN}, was entered. Also sets ${variable} to "i".
SKIP - Line was not up and the option 's' was specified.

ERROR - Invalid arguments were passed.

Syntax

ReadExt en(vari abl e, [fil enane, [context,[option, [timeout]]]])

Arguments

vari abl e

fi |l enare - File to play before reading digits or tone with option i

cont ext - Context in which to match extensions.

option
® s - Return immediately if the channel is not answered.
® | - Play filename as an indication tone from your i ndi cati ons. conf or a directly specified list of frequencies and durations.
® n - Read digits even if the channel is not answered.

® timeout - Aninteger number of seconds to wait for a digit response. If greater than 0, that value will override the default timeout.

See Also
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Asterisk 13 Application_ReceiveFAX_app_fax

ReceiveFAX() - [app_fax]

Synopsis

Receive a Fax

Description

Receives a FAX from the channel into the given filename overwriting the file if it already exists.

File created will be in TIFF format.

This application sets the following channel variables:

LOCALSTATI ONI D- To identify itself to the remote end
LOCALHEADERI NFO- To generate a header line on each page
FAXSTATUS

® SUCCESS

® FAILED
FAXERROR - Cause of failure
REMOTESTATI ONI D - The CSID of the remote side
FAXPAGES - Number of pages sent
FAXBI TRATE - Transmission rate
FAXRESOLUTI ON - Resolution of sent fax

Syntax

Recei veFAX(fil enange, [c])

Arguments

® fil ename - Filename of TIFF file save incoming fax
® ¢ - Makes the application behave as the calling machine

(Default behavior is as answering machine)

See Also
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Asterisk 13 Application_ReceiveFAX_res_fax
ReceiveFAX() - [res_fax]

Synopsis

Receive a FAX and save as a TIFF/F file.

Description

This application is provided by res_fax, which is a FAX technology agnostic module that utilizes FAX technology resource modules to complete a FAX
transmission.

Session arguments can be set by the FAXOPT function and to check results of the ReceiveFax() application.

Syntax

Recei veFAX(fi | enane, [ options])

Arguments
® filenane
® options
® d - Enable FAX debugging.
® f - Allow audio fallback FAX transfer on T.38 capable channels.
® F - Force usage of audio mode on T.38 capable channels.
® s - Send progress Manager events (overrides statusevents setting in res_fax.conf).

See Also

® Asterisk 13 Function_ FAXOPT

Import Version
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Asterisk 13 Application_Record
Record()

Synopsis

Record to a file.

Description

If filename contains %, these characters will be replaced with a number incremented by one each time the file is recorded. Use core show file
f or mat s to see the available formats on your system User can press # to terminate the recording and continue to the next priority. If the user hangs up
during a recording, all data will be lost and the application will terminate.

® RECORDED_FI LE - Will be set to the final filename of the recording.

® RECORD_STATUS - This is the final status of the command

DTMF - A terminating DTMF was received (‘# or "', depending upon option 't")
SILENCE - The maximum silence occurred in the recording.

SKIP - The line was not yet answered and the 's' option was specified.

TIMEOUT - The maximum length was reached.

HANGUP - The channel was hung up.

ERROR - An unrecoverable error occurred, which resulted in a WARNING to the logs.

Syntax

Record(filenanme.format, [silence, [ nmaxduration,[options]]])

Arguments

* filename
® filename
® format - Isthe format of the file type to be recorded (wav, gsm, etc).
® sil ence - Is the number of seconds of silence to allow before returning.
® maxdur ati on - Is the maximum recording duration in seconds. If missing or O there is no maximum.
® options
® a - Append to existing recording rather than replacing.
n - Do not answer, but record anyway if line not yet answered.
o - Exit when 0 is pressed, setting the variable RECORD_STATUS to OPERATOR instead of DTMF
g - quiet (do not play a beep tone).
s - skip recording if the line is not yet answered.
t - use alternate "' terminator key (DTMF) instead of default '#'
x - Ignore all terminator keys (DTMF) and keep recording until hangup.
k - Keep recorded file upon hangup.
y - Terminate recording if any DTMF digit is received.

See Also

Import Version
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Asterisk 13 Application_RemoveQueueMember
RemoveQueueMember()

Synopsis

Dynamically removes queue members.

Description

If the interface is NOT in the queue it will return an error.

This application sets the following channel variable upon completion:

* RQVSTATUS
* REMOVED
* NOTINQUEUE
* NOSUCHQUEUE
* NOTDYNAMIC
Example: RemoveQueueMember(techsupport,SIP/3000)

Syntax

RenpbveQueueMenber (queuenane, [i nterface])

Arguments

® queuenane
® interface

See Also

Asterisk 13 Application_Queue

Asterisk 13 Application_QueuelLog

Asterisk 13 Application_AddQueueMember
Asterisk 13 Application_RemoveQueueMember
Asterisk 13 Application_PauseQueueMember
Asterisk 13 Application_UnpauseQueueMember
Asterisk 13 Function_QUEUE_VARIABLES
Asterisk 13 Function_ QUEUE_MEMBER

Asterisk 13 Function_QUEUE_MEMBER_COUNT
Asterisk 13 Function_QUEUE_EXISTS

Asterisk 13 Function_ QUEUE_WAITING_COUNT
Asterisk 13 Function_QUEUE_MEMBER_LIST
Asterisk 13 Function_QUEUE_MEMBER_PENALTY
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Asterisk 13 Application_ResetCDR
ResetCDR()

Synopsis

Resets the Call Data Record.

Description

This application causes the Call Data Record to be reset. Depending on the flags passed in, this can have several effects. With no options, a reset does the
following:

1. The st art time is set to the current time.

2. If the channel is answered, the answer time is set to the current time.

3. All variables are wiped from the CDR. Note that this step can be prevented with the v option.

On the other hand, if the e option is specified, the effects of the NoCDR application will be lifted. CDRs will be re-enabled for this channel.

Note
The e option is deprecated. Please use the CDR_PROP function instead.

Syntax

‘ Reset CDR([ opti ons])

Arguments
® options
® v - Save the CDR variables during the reset.
® e - Enable the CDRs for this channel only (negate effects of NoCDR).
See Also

® Asterisk 13 Application_ForkCDR
® Asterisk 13 Application_NoCDR
® Asterisk 13 Function_CDR_PROP
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Asterisk 13 Application_RetryDial
RetryDial()

Synopsis

Place a call, retrying on failure allowing an optional exit extension.

Description

This application will attempt to place a call using the normal Dial application. If no channel can be reached, the announce file will be played. Then, it will
wait sleep number of seconds before retrying the call. After retries number of attempts, the calling channel will continue at the next priority in the dialplan. If
the retries setting is set to 0, this application will retry endlessly. While waiting to retry a call, a 1 digit extension may be dialed. If that extension exists in
either the context defined in EXI TCONTEXT or the current one, The call will jump to that extension immediately. The dialargs are specified in the same
format that arguments are provided to the Dial application.

Syntax

Ret ryDi al (announce, sl eep, retri es, di al args)

Arguments

® announce - Filename of sound that will be played when no channel can be reached
® sl eep - Number of seconds to wait after a dial attempt failed before a new attempt is made
® retries - Number of retries
When this is reached flow will continue at the next priority in the dialplan
® di al ar gs - Same format as arguments provided to the Dial application

See Also
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Asterisk 13 Application_Return
Return()

Synopsis

Return from gosub routine.

Description

Jumps to the last label on the stack, removing it. The return value, if any, is saved in the channel variable GOSUB_RETVAL.

Syntax

Ret urn([val ue])

Arguments

® val ue - Return value.

See Also

® Asterisk 13 Application_Gosub
® Asterisk 13 Application_StackPop
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Asterisk 13 Application_Ringing

Ringing()

Synopsis

Indicate ringing tone.

Description

This application will request that the channel indicate a ringing tone to the user.

Syntax

Ri ngi ng()

Arguments

See Also
Asterisk 13 Application_Busy
Asterisk 13 Application_Congestion

Asterisk 13 Application_Progress
Asterisk 13 Application_Playtones
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Asterisk 13 Application_SayAlpha
SayAlpha()

Synopsis

Say Alpha.

Description

This application will play the sounds that correspond to the letters of the given string. If the channel variable SAY_DTMr_I NTERRUPT is set to 'true’ (case
insensitive), then this application will react to DTMF in thesame way as Backgr ound.

Syntax

SayAl pha(string)

Arguments

® string

See Also
Asterisk 13 Application_SayDigits
Asterisk 13 Application_SayNumber

L]
L]
® Asterisk 13 Application_SayPhonetic
® Asterisk 13 Function_ CHANNEL
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Asterisk 13 Application_SayAlphaCase
SayAlphaCase()

Synopsis

Say Alpha.

Description

This application will play the sounds that correspond to the letters of the given string. Optionally, a casetype may be specified. This will be used for
case-insensitive or case-sensitive pronunciations. If the channel variable SAY_DTM-_I NTERRUPT is set to 'true' (case insensitive), then this application will

react to DTMF in the same way as Backgr ound.

Syntax

SayAl phaCase( caset ype, string)

Arguments

® casetype

a - Case sensitive (all) pronunciation. (Ex: SayAlphaCase(a,aBc); - lowercase a uppercase b lowercase c).
| - Case sensitive (lower) pronunciation. (Ex: SayAlphaCase(l,aBc); - lowercase a b lowercase c).

n - Case insensitive pronunciation. Equivalent to SayAlpha. (Ex: SayAlphaCase(n,aBc) - a b c).

u - Case sensitive (upper) pronunciation. (Ex: SayAlphaCase(u,aBc); - a uppercase b c).

® string

See Also

® Asterisk 13 Application_SayDigits

® Asterisk 13 Application_SayNumber
® Asterisk 13 Application_SayPhonetic
L]
L]

Asterisk 13 Application_SayAlpha
Asterisk 13 Function_ CHANNEL
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Asterisk 13 Application_SayCountedAd|
SayCountedAdj()

Synopsis

Say a adjective in declined form in order to count things

Description

Selects and plays the proper form of an adjective according to the gender and of the noun which it modifies and the number of objects named by the
noun-verb combination which have been counted. Used when saying things such as "5 new messages". The various singular and plural forms of the
adjective are selected by adding suffixes to filename.

If the channel language is English, then no suffix will ever be added (since, in English, adjectives are not declined). If the channel language is Russian or
some other slavic language, then the suffix will the specified gender for nominative, and "x" for genative plural. (The genative singular is not used when
counting things.) For example, SayCountedAdj(1,new,f) will play sound file "newa" (containing the word "novaya"), but SayCountedAdj(5,new,f) will play
sound file "newx" (containing the word "novikh").

This application does not automatically answer and should be preceeded by an application such as Answer(), Progress(), or Proceeding().

Syntax

SayCount edAdj (nunber, fil ename, [ gender])

Arguments

® nunber - The number of things
® fil enane - File name stem for the adjective
® gender - The gender of the noun modified, one of 'm', 'f", 'n’, or 'c'

See Also

® Asterisk 13 Application_SayCountedNoun
® Asterisk 13 Application_SayNumber
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Asterisk 13 Application_SayCountedNoun
SayCountedNoun()

Synopsis

Say a noun in declined form in order to count things

Description

Selects and plays the proper singular or plural form of a noun when saying things such as "five calls". English has simple rules for deciding when to say
"call" and when to say "calls", but other languages have complicated rules which would be extremely difficult to implement in the Asterisk dialplan language.

The correct sound file is selected by examining the number and adding the appropriate suffix to filename. If the channel language is English, then the suffix
will be either empty or "s". If the channel language is Russian or some other Slavic language, then the suffix will be empty for nominative, "x1" for genative
singular, and "x2" for genative plural.

Note that combining filename with a suffix will not necessarily produce a correctly spelled plural form. For example, SayCountedNoun(2,man) will play the
sound file "mans" rather than "men". This behavior is intentional. Since the file name is never seen by the end user, there is no need to implement
complicated spelling rules. We simply record the word "men" in the sound file named "mans".

This application does not automatically answer and should be preceeded by an application such as Answer() or Progress.

Syntax

Say Count edNoun( nunber, fi | enane)

Arguments

® nunber - The number of things
® fil enane - File name stem for the noun that is the the name of the things

See Also

® Asterisk 13 Application_SayCountedAd;]
® Asterisk 13 Application_SayNumber
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Asterisk 13 Application_SayDigits
SayDigits()

Synopsis
Say Digits.

Description

This application will play the sounds that correspond to the digits of the given number. This will use the language that is currently set for the channel. If the
channel variable SAY_DTMF_| NTERRUPT is set to 'true' (case insensitive), then this application will react to DTMF in the same way as Backgr ound.

Syntax

SayDi gits(digits)

Arguments

® digits
See Also

® Asterisk 13 Application_SayAlpha
® Asterisk 13 Application_SayNumber
L]
L]

Asterisk 13 Application_SayPhonetic
Asterisk 13 Function_ CHANNEL
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Asterisk 13 Application_SayNumber
SayNumber()

Synopsis

Say Number.

Description
This application will play the sounds that correspond to the given digits. Optionally, a gender may be specified. This will use the language that is currently

set for the channel. See the CHANNEL() function for more information on setting the language for the channel. If the channel variable SAY_DTM-_| NTERRU
PT is set to 'true' (case insensitive), then this application will react to DTMF in the same way as Backgr ound.

Syntax

SayNunber (digits, [gender])

Arguments

® digits

® gender
See Also

® Asterisk 13 Application_SayAlpha
® Asterisk 13 Application_SayDigits
°
°

Asterisk 13 Application_SayPhonetic
Asterisk 13 Function_ CHANNEL
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Asterisk 13 Application_SayPhonetic
SayPhonetic()

Synopsis
Say Phonetic.

Description

This application will play the sounds from the phonetic alphabet that correspond to the letters in the given string. If the channel variable SAY_DTM-_I| NTER
RUPT is set to 'true' (case insensitive), then this application will react to DTMF in the same way as Backgr ound.

Syntax

SayPhoneti c(string)

Arguments

® string

See Also
® Asterisk 13 Application_SayAlpha

® Asterisk 13 Application_SayDigits
® Asterisk 13 Application_SayNumber
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Asterisk 13 Application_SayUnixTime
SayUnixTime()

Synopsis
Says a specified time in a custom format.

Description

Uses some of the sound files stored in / var /| i b/ ast eri sk/ sounds to construct a phrase saying the specified date and/or time in the specified format.

Syntax
SayUni xTi me([uni xtine, [tinmezone, [format,[options]]]])
Arguments
® uni xti me - time, in seconds since Jan 1, 1970. May be negative. Defaults to now.
® tinezone -timezone, see / usr/ shar e/ zonei nf o for a list. Defaults to machine default.
* format - aformat the time is to be said in. See voi cenwri | . conf . Defaults to ABdY "digits/at" | M
°

options
® j - Allow the calling user to dial digits to jump to that extension. This option is automatically enabled if SAY_DTM-_I| NTERRUPT is
present on the channel and set to 'true' (case insensitive)

See Also
® Asterisk 13 Function_STRFTIME

® Asterisk 13 Function_STRPTIME
® Asterisk 13 Function_IFTIME
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Asterisk 13 Application_SendDTMF
SendDTMF()

Synopsis

Sends arbitrary DTMF digits

Description

It will send all digits or terminate if it encounters an error.

Syntax

SendDTM-(di gits, [tineout_ns, [duration_ns,[channel]]])

Arguments

® digits - List of digits 0-9,*#,a-d,A-D to send also w for a half second pause, W for a one second pause, and f or F for a flash-hook if the
channel supports flash-hook.

® tineout_ns - Amount of time to wait in ms between tones. (defaults to .25s)

® duration_ns - Duration of each digit

® channel - Channel where digits will be played

See Also

® Asterisk 13 Application_Read
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Asterisk 13 Application_SendFAX_app_fax

SendFAX() - [app_fax]

Synopsis

Send a Fax

Description

Send a given TIFF file to the channel as a FAX.

This application sets the following channel variables:

LOCALSTATI ONI D - To identify itself to the remote end
LOCALHEADERI NFO- To generate a header line on each page
FAXSTATUS

® SUCCESS

® FAILED
FAXERROR - Cause of failure
REMOTESTATI ONI D- The CSID of the remote side
FAXPAGES - Number of pages sent
FAXBI TRATE - Transmission rate
FAXRESOLUTI ON - Resolution of sent fax

Syntax

SendFAX(fil enang, [a])

Arguments

® fil enane - Filename of TIFF file to fax
® a - Makes the application behave as the answering machine

(Default behavior is as calling machine)

See Also
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Asterisk 13 Application_SendFAX_res_fax
SendFAX() - [res_fax]

Synopsis

Sends a specified TIFF/F file as a FAX.

Description

This application is provided by res_fax, which is a FAX technology agnostic module that utilizes FAX technology resource modules to complete a FAX
transmission.

Session arguments can be set by the FAXOPT function and to check results of the SendFax() application.

Syntax

SendFAX([fil ename2[ & ..]],[options])

Arguments

* filename

® fil enane2 - TIFF file to send as a FAX.
® options

® d - Enable FAX debugging.

® f - Allow audio fallback FAX transfer on T.38 capable channels.

® F - Force usage of audio mode on T.38 capable channels.

® s - Send progress Manager events (overrides statusevents setting in res_fax.conf).

® z - Initiate a T.38 reinvite on the channel if the remote end does not.

See Also

® Asterisk 13 Function_ FAXOPT
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Asterisk 13 Application_Sendlmage
Sendimage()

Synopsis

Sends an image file.

Description
Send an image file on a channel supporting it.
Result of transmission will be stored in SENDI MAGESTATUS

® SENDI MAGESTATUS
® SUCCESS - Transmission succeeded.
® FAILURE - Transmission failed.

® UNSUPPORTED - Image transmission not supported by channel.

Syntax

Sendl nage(fi | enane)

Arguments

® fil enane - Path of the filename (image) to send.

See Also

® Asterisk 13 Application_SendText
® Asterisk 13 Application_SendURL
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Asterisk 13 Application_SendText
SendText()

Synopsis

Send a Text Message.

Description
Sends text to current channel (callee).

Result of transmission will be stored in the SENDTEXTSTATUS

® SENDTEXTSTATUS
® SUCCESS - Transmission succeeded.
® FAILURE - Transmission failed.
® UNSUPPORTED - Text transmission not supported by channel.

Note

At this moment, text is supposed to be 7 bit ASCII in most channels.

Syntax

SendText (text)

Arguments

® text

See Also

® Asterisk 13 Application_Sendimage
® Asterisk 13 Application_SendURL
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Asterisk 13 Application_SendURL
SendURL()

Synopsis

Send a URL.

Description
Requests client go to URL (IAX2) or sends the URL to the client (other channels).
Result is returned in the SENDURLSTATUS channel variable:

® SENDURLSTATUS

SUCCESS - URL successfully sent to client.

FAILURE - Failed to send URL.

NOLOAD - Client failed to load URL (wait enabled).

UNSUPPORTED - Channel does not support URL transport.

SendURL continues normally if the URL was sent correctly or if the channel does not support HTML transport. Otherwise, the

channel is hung up.

Syntax

SendURL( URL, [ option])

Arguments
® URL

® option
® w- Execution will wait for an acknowledgement that the URL has been loaded before continuing.

See Also

® Asterisk 13 Application_Sendimage
® Asterisk 13 Application_SendText
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Asterisk 13 Application_Set
Set()

Synopsis

Set channel variable or function value.

Description

This function can be used to set the value of channel variables or dialplan functions. When setting variables, if the variable name is prefixed with _, the
variable will be inherited into channels created from the current channel. If the variable name is prefixed with __, the variable will be inherited into channels

created from the current channel and all children channels.

Note
If (and only if), in / et c/ ast eri sk/ ast eri sk. conf, you have a [ conpat ] category, and you have app_set = 1. 4 under that, then the

behavior of this app changes, and strips surrounding quotes from the right hand side as it did previously in 1.4. The advantages of not stripping
out quoting, and not caring about the separator characters (comma and vertical bar) were sufficient to make these changes in 1.6. Confusion
about how many backslashes would be needed to properly protect separators and quotes in various database access strings has been greatly

reduced by these changes.

Syntax

Set (nane=val ue)

Arguments

® nane
® val ue

See Also

Asterisk 13 Application_MSet
Asterisk 13 Function_GLOBAL
Asterisk 13 Function_SET
Asterisk 13 Function_ENV

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 650



Asterisk 13 Application_SetAMAFlags
SetAMAFlags()

Synopsis
Set the AMA Flags.

Description

This application will set the channel's AMA Flags for billing purposes.

@ Warning
This application is deprecated. Please use the CHANNEL function instead.

Syntax

‘ Set AVAFI ags([fl ag])

Arguments

® flag

See Also

® Asterisk 13 Function_CDR
® Asterisk 13 Function_ CHANNEL
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Asterisk 13 Application_SetCallerPres

SetCallerPres()

Synopsis

Set CallerID Presentation.

Description

Set Caller*ID presentation on a call.

Syntax

Set Cal | er Pres(presentation)

Arguments

® presentation

See Also

al | owed_not _scr eened - Presentation Allowed, Not Screened.

al | owed_passed_scr een - Presentation Allowed, Passed Screen.
al | owed_f ai | ed_scr een - Presentation Allowed, Failed Screen.
al | oned - Presentation Allowed, Network Number.

prohi b_not _screened - Presentation Prohibited, Not Screened.

pr ohi b_passed_scr een - Presentation Prohibited, Passed Screen.

prohi b_fail ed_screen - Presentation Prohibited, Failed Screen.
pr ohi b - Presentation Prohibited, Network Number.
unavai | abl e - Number Unavailable.
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Asterisk 13 Application_SIPAddHeader
SIPAddHeader()

Synopsis

Add a SIP header to the outbound call.

Description

Adds a header to a SIP call placed with DIAL.

Remember to use the X-header if you are adding non-standard SIP headers, like X- Ast eri sk- Account code: . Use this with care. Adding the wrong
headers may jeopardize the SIP dialog.

Always returns 0.

Syntax

Sl PAddHeader ( Header : Cont ent )

Arguments

® Header
® Content

See Also
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Asterisk 13 Application_SIPDtmfMode
SIPDtmfMode()

Synopsis

Change the dtmfmode for a SIP call.

Description

Changes the dtmfmode for a SIP call.

Syntax

S| PDt nf Mode( node)

Arguments
®* node
® inband
® info
® rfc2833
See Also
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Asterisk 13 Application_SIPRemoveHeader
SIPRemoveHeader()

Synopsis

Remove SIP headers previously added with SIPAddHeader

Description

SIPRemoveHeader() allows you to remove headers which were previously added with SIPAddHeader(). If no parameter is supplied, all previously added
headers will be removed. If a parameter is supplied, only the matching headers will be removed.

For example you have added these 2 headers:
SIPAddHeader(P-Asserted-Identity: sip:foo@bar);
SIPAddHeader(P-Preferred-Identity: sip:bar@foo);
/I remove all headers

SIPRemoveHeader();

/l remove all P- headers

SIPRemoveHeader(P-);

/I remove only the PAI header (note the : at the end)

SIPRemoveHeader(P-Asserted-ldentity'=—;

Always returns 0.

Syntax

S| PRenmpveHeader ([ Header])

Arguments

® Header

See Also
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Asterisk 13 Application_SIPSendCustomINFO
SIPSendCustomINFO()

Synopsis
Send a custom INFO frame on specified channels.

Description

SIPSendCustomINFO() allows you to send a custom INFO message on all active SIP channels or on channels with the specified User Agent. This
application is only available if TEST_FRAMEWORK is defined.

Syntax

Sl PSendCust oml NFQ( Dat a, [ User Agent ] )

Arguments

® Data
® User Agent

See Also
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Asterisk 13 Application_SkelGuessNumber
SkelGuessNumber()

Synopsis

An example number guessing game

Description

This simple number guessing application is a template to build other applications from. It shows you the basic structure to create your own Asterisk
applications.

Syntax

Skel GuessNunber (| evel , [ opti ons])

Arguments
® level
® options
® ¢ - The computer should cheat
® n - How many games to play before hanging up

See Also
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Asterisk 13 Application_SLAStation
SLAStation()

Synopsis

Shared Line Appearance Station.

Description

This application should be executed by an SLA station. The argument depends on how the call was initiated. If the phone was just taken off hook, then the
argument station should be just the station name. If the call was initiated by pressing a line key, then the station name should be preceded by an
underscore and the trunk name associated with that line button.

For example: stationl_|inel

On exit, this application will set the variable SLASTATI ON_STATUS to one of the following values:

® SLASTATI ON_STATUS
* FAILURE
® CONGESTION
® SUCCESS

Syntax

SLASt at i on( st ati on)

Arguments

® station - Station name

See Also
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Asterisk 13 Application_SLATrunk
SLATrunk()

Synopsis

Shared Line Appearance Trunk.

Description

This application should be executed by an SLA trunk on an inbound call. The channel calling this application should correspond to the SLA trunk with the
name trunk that is being passed as an argument.

On exit, this application will set the variable SLATRUNK_STATUS to one of the following values:

® SLATRUNK_STATUS
®* FAILURE
® SUCCESS
® UNANSWERED
®* RINGTIMEOUT

Syntax

SLATrunk(trunk, [ options])

Arguments
® trunk - Trunk name
® options
® M- Play back the specified MOH class instead of ringing
® class

See Also
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Asterisk 13 Application_SMS
SMS()

Synopsis

Communicates with SMS service centres and SMS capable analogue phones.

Description

SMS handles exchange of SMS data with a call to/ffrom SMS capable phone or SMS PSTN service center. Can send and/or receive SMS messages.
Works to ETSI ES 201 912; compatible with BT SMS PSTN service in UK and Telecom lItalia in Italy.

Typical usage is to use to handle calls from the SMS service centre CLI, or to set up a call using out goi ng or manager interface to connect service centre
to SMS().

"Messages are processed as per text file message queues. smsq (a separate software) is a command to generate message queues and send messages.

Note
The protocol has tight delay bounds. Please use short frames and disable/keep short the jitter buffer on the ATA to make sure that respones

(ACK etc.) are received in time.

Syntax

SMS( nane, [ options, [ addr, [ body]]])

Arguments

® nane - The name of the queue used in / var / spool / ast eri sk/ sns
® options
® a- Answer, i.e. send initial FSK packet.
® s - Act as service centre talking to a phone.
® t - Use protocol 2 (default used is protocol 1).
® p - Set the initial delay to N ms (default is 300). addr and body are a deprecated format to send messages out.
® r - Set the Status Report Request (SRR) bit.
® 0 - The body should be coded as octets not 7-bit symbols.
® addr
® body

See Also
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Asterisk 13 Application_SoftHangup
SoftHangup()

Synopsis

Hangs up the requested channel.

Description

Hangs up the requested channel. If there are no channels to hangup, the application will report it.

Syntax

Sof t Hangup( Technol ogy/ Resour ce, [ opti ons])

Arguments

® Technol ogy/ Resour ce
® options
® a - Hang up all channels on a specified device instead of a single resource

See Also
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Asterisk 13 Application_SpeechActivateGrammar
SpeechActivateGrammar()

Synopsis

Activate a grammar.

Description

This activates the specified grammar to be recognized by the engine. A grammar tells the speech recognition engine what to recognize, and how to portray
it back to you in the dialplan. The grammar name is the only argument to this application.

Hangs up the channel on failure. If this is not desired, use TryExec.

Syntax

SpeechAct i vat eG ammar ( gr ammar _nane)

Arguments

® granmar _nane

See Also
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Asterisk 13 Application_SpeechBackground
SpeechBackground()

Synopsis

Play a sound file and wait for speech to be recognized.

Description

This application plays a sound file and waits for the person to speak. Once they start speaking playback of the file stops, and silence is heard. Once they
stop talking the processing sound is played to indicate the speech recognition engine is working. Once results are available the application returns and
results (score and text) are available using dialplan functions.

The first text and score are ${SPEECH_TEXT(0)} AND ${SPEECH_SCORE(0)} while the second are ${SPEECH_TEXT(1)} and ${SPEECH_SCORE(1)}.
The first argument is the sound file and the second is the timeout integer in seconds.

Hangs up the channel on failure. If this is not desired, use TryExec.

Syntax

SpeechBackgr ound(sound_file,[tinmeout, [options]])

Arguments

® sound_file
® tineout - Timeout integer in seconds. Note the timeout will only start once the sound file has stopped playing.

® options
® n - Don't answer the channel if it has not already been answered.

See Also
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Asterisk 13 Application_SpeechCreate
SpeechCreate()

Synopsis

Create a Speech Structure.

Description

This application creates information to be used by all the other applications. It must be called before doing any speech recognition activities such as
activating a grammar. It takes the engine name to use as the argument, if not specified the default engine will be used.

Sets the ERROR channel variable to 1 if the engine cannot be used.

Syntax

SpeechCr eat e( engi ne_nane)

Arguments

® engi ne_nane
See Also
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Asterisk 13 Application_SpeechDeactivateGrammar
SpeechDeactivateGrammar()

Synopsis

Deactivate a grammar.

Description
This deactivates the specified grammar so that it is no longer recognized.

Hangs up the channel on failure. If this is not desired, use TryExec.

Syntax

SpeechDeact i vat eGr anmar ( gr anmar _nane)

Arguments

® granmar _nane - The grammar name to deactivate

See Also
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Asterisk 13 Application_SpeechDestroy
SpeechDestroy()

Synopsis

End speech recognition.

Description

This destroys the information used by all the other speech recognition applications. If you call this application but end up wanting to recognize more
speech, you must call SpeechCreate() again before calling any other application.

Hangs up the channel on failure. If this is not desired, use TryExec.

Syntax

SpeechDestroy()

Arguments

See Also
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Asterisk 13 Application_SpeechLoadGrammar

SpeechLoadGrammar()
Synopsis
Load a grammar.

Description
Load a grammar only on the channel, not globally.

Hangs up the channel on failure. If this is not desired, use TryExec.

Syntax

SpeechLoadGr ammar ( gr ammar _nane, pat h)

Arguments

® granmar _nane
® path

See Also
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Asterisk 13 Application_SpeechProcessingSound
SpeechProcessingSound()

Synopsis

Change background processing sound.

Description
This changes the processing sound that SpeechBackground plays back when the speech recognition engine is processing and working to get results.

Hangs up the channel on failure. If this is not desired, use TryExec.

Syntax

SpeechPr ocessi ngSound(sound_fil e)

Arguments

® sound_file

See Also
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Asterisk 13 Application_SpeechStart
SpeechStart()

Synopsis
Start recognizing voice in the audio stream.
Description

Tell the speech recognition engine that it should start trying to get results from audio being fed to it.

Hangs up the channel on failure. If this is not desired, use TryExec.

Syntax

SpeechStart ()

Arguments

See Also
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Asterisk 13 Application_SpeechUnloadGrammar
SpeechUnloadGrammar ()

Synopsis

Unload a grammar.

Description

Unload a grammar.

Hangs up the channel on failure. If this is not desired, use TryExec.

Syntax

SpeechUnl oadGr ammar ( gr ammar _nane)

Arguments

® granmar _nane

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 670



Asterisk 13 Application_StackPop
StackPop()

Synopsis

Remove one address from gosub stack.

Description

Removes last label on the stack, discarding it.

Syntax

St ackPop()

Arguments

See Also

® Asterisk 13 Application_Return
® Asterisk 13 Application_Gosub

Import Version

This documentation was imported from Asterisk Version SVN-branch-13-r420538

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 671



Asterisk 13 Application_StartMusicOnHold
StartMusicOnHold()

Synopsis

Play Music On Hold.

Description

Starts playing music on hold, uses default music class for channel. Starts playing music specified by class. If omitted, the default music source for the
channel will be used. Always returns 0.

Syntax

St art Musi cOnHol d( cl ass)

Arguments

® class

See Also
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Asterisk 13 Application_Stasis
Stasis()

Synopsis

Invoke an external Stasis application.

Description

Invoke a Stasis application.

Syntax

St asi s(app_nang, [args])

Arguments

® app_nane - Name of the application to invoke.
® args - Optional comma-delimited arguments for the application invocation.

See Also
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Asterisk 13 Application_StopMixMonitor
StopMixMonitor()

Synopsis

Stop recording a call through MixMonitor, and free the recording's file handle.

Description

Stops the audio recording that was started with a call to M xMoni t or () on the current channel.

Syntax

St opM xMoni tor ([ M xMonitorl D))

Arguments

® M xMnitorl D-Ifavalid ID is provided, then this command will stop only that specific MixMonitor.

See Also

® Asterisk 13 Application_MixMonitor
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Asterisk 13 Application_StopMonitor
StopMonitor()

Synopsis

Stop monitoring a channel.

Description

Stops monitoring a channel. Has no effect if the channel is not monitored.

Syntax

St opMoni tor ()

Arguments

See Also
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Asterisk 13 Application_StopMusicOnHold
StopMusicOnHold()

Synopsis

Stop playing Music On Hold.

Description

Stops playing music on hold.

Syntax

St opMusi cOnHol d()

Arguments

See Also
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Asterisk 13 Application_StopPlayTones
StopPlayTones()

Synopsis

Stop playing a tone list.

Description

Stop playing a tone list, initiated by PlayTones().

Syntax

St opPl ayTones()

Arguments

See Also

® Asterisk 13 Application_PlayTones
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Asterisk 13 Application_System
System()

Synopsis

Execute a system command.

Description
Executes a command by using system(). If the command fails, the console should report a fallthrough.
Result of execution is returned in the SYSTEMSTATUS channel variable:

® SYSTEMSTATUS
® FAILURE - Could not execute the specified command.
® SUCCESS - Specified command successfully executed.

Syntax

Syst en{ command)

Arguments

® command - Command to execute

See Also
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Asterisk 13 Application_TestClient
TestClient()

Synopsis

Execute Interface Test Client.

Description

Executes test client with given testid. Results stored in/ var/ | og/ ast eri sk/testreports/<testid>-client.txt

Syntax

Testdient(testid)

Arguments

® testid-AnID to identify this test.

See Also

® Asterisk 13 Application_TestServer
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Asterisk 13 Application_TestServer
TestServer()

Synopsis

Execute Interface Test Server.

Description

Perform test server function and write call report. Results stored in / var /| og/ ast eri sk/testreports/ <testid>-server.txt

Syntax

Test Server ()

Arguments

See Also

® Asterisk 13 Application_TestClient
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Asterisk 13 Application_Transfer
Transfer()

Synopsis

Transfer caller to remote extension.

Description

Requests the remote caller be transferred to a given destination. If TECH (SIP, IAX2, LOCAL etc) is used, only an incoming call with the same channel
technology will be transferred. Note that for SIP, if you transfer before call is setup, a 302 redirect SIP message will be returned to the caller.

The result of the application will be reported in the TRANSFERSTATUS channel variable:

® TRANSFERSTATUS
® SUCCESS - Transfer succeeded.
® FAILURE - Transfer failed.
® UNSUPPORTED - Transfer unsupported by channel driver.

Syntax

Transfer ([ Tech/ destination])

Arguments
® dest
® Tech/
® destination
See Also
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Asterisk 13 Application_TryExec
TryExec()

Synopsis

Executes dialplan application, always returning.

Description

Allows an arbitrary application to be invoked even when not hard coded into the dialplan. To invoke external applications see the application System.
Always returns to the dialplan. The channel variable TRYSTATUS will be set to one of:

®* TRYSTATUS
® SUCCESS - If the application returned zero.
® FAILED - If the application returned non-zero.
®* NOAPP - If the application was not found or was not specified.

Syntax

TryExec(appnane(ar gunents))

Arguments
® appnane
® argunents
See Also
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Asterisk 13 Application_TrySystem
TrySystem()

Synopsis

Try executing a system command.

Description
Executes a command by using system().
Result of execution is returned in the SYSTEMSTATUS channel variable:

® SYSTEMSTATUS
® FAILURE - Could not execute the specified command.
® SUCCESS - Specified command successfully executed.
®* APPERROR - Specified command successfully executed, but returned error code.

Syntax

TrySyst en( conmand)

Arguments

® command - Command to execute

See Also
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Asterisk 13 Application_UnpauseMonitor
UnpauseMonitor()

Synopsis

Unpause monitoring of a channel.

Description

Unpauses monitoring of a channel on which monitoring had previously been paused with PauseMonitor.

Syntax

UnpauseMoni tor ()

Arguments

See Also

® Asterisk 13 Application_PauseMonitor
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Asterisk 13 Application_UnpauseQueueMember
UnpauseQueueMember()

Synopsis

Unpauses a queue member.

Description

Unpauses (resumes calls to) a queue member. This is the counterpart to PauseQueueMenber () and operates exactly the same way, except it unpauses
instead of pausing the given interface.

This application sets the following channel variable upon completion:

® UPQVSTATUS - The status of the attempt to unpause a queue member as a text string.
® UNPAUSED
* NOTFOUND
Example: UnpauseQueueMember(,SIP/3000)

Syntax

UnpauseQueueMenber ([ queuenane, i nterface, [options,[reason]]])

Arguments

® queuenane
® interface

® options

® reason - Is used to add extra information to the appropriate queue_log entries and manager events.

See Also

Asterisk 13 Application_Queue

Asterisk 13 Application_QueuelLog

Asterisk 13 Application_AddQueueMember
Asterisk 13 Application_RemoveQueueMember
Asterisk 13 Application_PauseQueueMember
Asterisk 13 Application_UnpauseQueueMember
Asterisk 13 Function_QUEUE_VARIABLES
Asterisk 13 Function_QUEUE_MEMBER

Asterisk 13 Function_QUEUE_MEMBER_COUNT
Asterisk 13 Function_QUEUE_EXISTS

Asterisk 13 Function_ QUEUE_WAITING_COUNT
Asterisk 13 Function_QUEUE_MEMBER_LIST
Asterisk 13 Function_QUEUE_MEMBER_PENALTY
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Asterisk 13 Application_UserEvent
UserEvent()

Synopsis

Send an arbitrary user-defined event to parties interested in a channel (AMI users and relevant res_stasis applications).

Description

Sends an arbitrary event to interested parties, with an optional body representing additional arguments. The body may be specified as a, delimited list of
key:value pairs.

For AMI, each additional argument will be placed on a new line in the event and the format of the event will be:

Event: UserEvent

UserEvent: <specified event name>

[body]

If no body is specified, only Event and UserEvent headers will be present.

For res_stasis applications, the event will be provided as a JSON blob with additional arguments appearing as keys in the object and the eventname under

the eventname key.

Syntax

User Event ( event nane, [ body] )

Arguments

® event nane
® body

See Also
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Asterisk 13 Application_Verbose
Verbose()

Synopsis

Send arbitrary text to verbose output.

Description

Sends an arbitrary text message to verbose output.

Syntax

Ver bose([| evel ,] message)

Arguments

® | evel - Mustbe an integer value. If not specified, defaults to 0.
® nessage - Output text message.

See Also
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Asterisk 13 Application_VMAuthenticate
VMAuthenticate()

Synopsis

Authenticate with Voicemail passwords.

Description

This application behaves the same way as the Authenticate application, but the passwords are taken from voi cenai | . conf . If the mailbox is specified,
only that mailbox's password will be considered valid. If the mailbox is not specified, the channel variable AUTH_MAI LBOX will be set with the authenticated
mailbox.

The VMAuthenticate application will exit if the following DTMF digit is entered as Mailbox or Password, and the extension exists:

® * - Jump to the a extension in the current dialplan context.

Syntax
VMAut henti cat e([ mai | box@context]], [options])
Arguments
®* mail box
® mai | box
® context
® options
® s - Skip playing the initial prompts.
See Also
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Asterisk 13 Application_VMSayName
VMSayName()

Synopsis

Play the name of a voicemail user

Description

This application will say the recorded name of the voicemail user specified as the argument to this application. If no context is provided, def aul t is
assumed.

Syntax

VMSayNane( [ mai | box@ context]])

Arguments
® mai |l box
® mail box
® cont ext
See Also
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Asterisk 13 Application_VoiceMail

VoiceMail()

Synopsis

Leave a Voicemail message.

Description

This application allows the calling party to leave a message for the specified list of mailboxes. When multiple mailboxes are specified, the greeting will be
taken from the first mailbox specified. Dialplan execution will stop if the specified mailbox does not exist.

The Voicemail application will exit if any of the following DTMF digits are received:

® 0 -Jump to the o extension in the current dialplan context.
® * - Jump to the a extension in the current dialplan context.
This application will set the following channel variable upon completion:

® VMSTATUS - This indicates the status of the execution of the VoiceMail application.

® SUCCESS
* USEREXIT
* FAILED
Syntax
Voi ceMai | (nai | box1&[ mai | box2[ & ..]], [options])
Arguments

®* mai |l boxs

®* mail box1
® mai |l box
® cont ext
®* mail box2
® mai |l box
® cont ext
® options

See Also

b - Play the busy greeting to the calling party.
d - Accept digits for a new extension in context c, if played during the greeting. Context defaults to the current context.
L]
c
g - Use the specified amount of gain when recording the voicemail message. The units are whole-number decibels (dB). Only
works on supported technologies, which is DAHDI only.
L]
#
s - Skip the playback of instructions for leaving a message to the calling party.
u - Play the unavai | abl e greeting.
U - Mark message as URGENT.
P - Mark message as PRI ORI TY.

® Asterisk 13 Application_VoiceMailMain
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Asterisk 13 Application_VoiceMailMain
VoiceMailMain()

Synopsis

Check Voicemail messages.

Description

This application allows the calling party to check voicemail messages. A specific mailbox, and optional corresponding context, may be specified. If a mailbo
x is not provided, the calling party will be prompted to enter one. If a context is not specified, the def aul t context will be used.

The VoiceMailMain application will exit if the following DTMF digit is entered as Mailbox or Password, and the extension exists:

® * - Jump to the a extension in the current dialplan context.

Syntax
Voi ceMai | Mai n([ nai | box@ cont ext]], [options])
Arguments
® mai |l box
® mai | box
® cont ext
® options
® p - Consider the mailbox parameter as a prefix to the mailbox that is entered by the caller.
® g - Use the specified amount of gain when recording a voicemail message. The units are whole-number decibels (dB).
®* #
® s - Skip checking the passcode for the mailbox.
® a - Skip folder prompt and go directly to folder specified. D