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New in 12

Overview

Asterisk 12 is a standard release of the Asterisk project. As such, the focus of development for this release was on core architectural changes and major
new features. This includes:

A more flexible bridging core based on the Bridging API

A new internal message bus, Stasis

Major standardization and consistency improvements to AMI
Addition of the Asterisk REST Interface (ARI)

A new SIP channel driver, chan_pjsip

In addition, as the vast majority of bridging in Asterisk was migrated to the Bridging API used by ConfBridge, major changes were made to most of
the interfaces in Asterisk. This includes not only AMI, but also CDRs and CEL.

Specifications have been written for the affected interfaces:

AMI v2 Specification
Asterisk 12 CEL Specification
Asterisk 12 CDR Specification

It is highly recommended that anyone migrating to Asterisk 12 read the information regarding its release both in the CHANGES files and in the
accompanying UPGRADE.txt file.

Build System

Added build option DI SABLE_I NLI NE. This option can be used to work around a bug in gcc. For more information, see http://gcc.gnu.org
/bugzilla/show_bug.cgi?id=47816

Removed the CHANNEL _TRACE development mode build option. Certain aspects of the CHANNEL _TRACE build option were incompatible
with the new bridging architecture.

Asterisk now optionally uses | i bxsl t to improve XML documentation generation and maintainability. If libxslt is not available on the
system, some XML documentation will be incomplete.

Asterisk now depends on | i bj ansson. If a package of | i bj ansson is not available on your distro, please see http://www.digip.org/jans
son/.

Asterisk now depends on | i buui d and, optionally, ur i par ser . It is recommended that you install ur i par ser, even if it is optional.
The new SIP stack and channel driver currently use a particular version of PJSIP. Please see https://wiki.asterisk.org/wiki/x/J4GLAQ for
more information on configuring and installing PJSIP for usage with Asterisk.

Applications

AgentLogin

Along with AgentRequest, this application has been modified to be a replacement for chan_agent . The act of a channel calling the
AgentLogin application places the channel into a pool of agents that can be requested by the AgentRequest application. Note that this
application, as well as all other agent related functionality, is now provided by the app_agent _pool module. See chan_agent and Agent
Request for more information.
This application no longer performs agent authentication. If authentication is desired, the dialplan needs to perform this function using
the Authenticate or VMAuthenticate application or through an AGI script before running AgentLogin.
If this application is called and the agent is already logged in, the dialplan will continue exection with the AGENT_STATUS channel variable
set to ALREADY_LOGGED | N.
The agents.conf schema has changed. Rather than specifying agents on a single line in comma delineated fashion, each agent is defined
in a separate context. This allows agents to use the power of context templates in their definition.
A number of parameters from agents.conf have been removed. This includes:

® maxloginretries

® aut ol ogof f unavai |
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® updat ecdr
® goodbye
® group
® recordf or nmat
® urlprefix
® savecal Il sin
These options were obsoleted by the move from a channel driver model to the bridging/application model provided by app_agent _pool

AgentRequest

® A new application, this will request a logged in agent from the pool and bridge the requested channel with the channel calling this
application. Logged in agents are those channels that called the AgentLogin application. If an agent cannot be requested from the pool,
the AGENT_STATUS dialplan application will be set with an appropriate error value.

AgentMonitorOutgoing

® This application has been removed. It was a holdover from when AgentCallbackLogin was removed in Asterisk 1.6.0.

AlarmReceiver

* Added support for additional Ademco DTMF signalling formats, including Express 4+1, Express

4+2, High Speed and Super Fast.

® Added channel variable ALARVMRECEI VER_CALL_LI M T. This sets the maximum call time, in milliseconds, to run the application.

® Added channel variable ALARVMRECEI VER_RETRI ES_LI M T. This sets the maximum number of times to retry the call.

® Added a new configuration option answai t . If set, the AlarmReceiver application will wait the number of milliseconds specified by answa
i t after the channel has answered. Valid values range between 500 milliseconds and 10000 milliseconds.

® Added configuration option no_gr oup_net a. If enabled, grouping of metadata information in the AlarmReceiver log file will be skipped.

Answer

® |tis now lo longer possible to bypass updating the CDR on the channel when answering. CDRs reflect the state of the channel and will
always reflect the time they were Answered.

BridgeWait

® A new application in Asterisk, this will place the calling channel into a holding bridge, optionally entertaining them with some form
of media. Channels participating in a holding bridge do not interact with other channels in the same holding bridge. Optionally, however, a
channel may join as an announcer. Any media passed from an announcer channel is played to all channels in the holding bridge.
Channels leave a holding bridge either when an optional timer expires, or via the ChannelRedirect application or AMI Redirect action.

ConfBridge

® All participants in a bridge can now be kicked out of a conference room by specifying the channel parameter as ‘all' in the ConfBridge kick
CLI command, i.e., conf bri dge ki ck <conference> all
® CLI output for the conf bri dge |i st command has been improved. When displaying information about a particular bridge, flags will

now be shown for the participating users indicating properties of that user.

® The ConfbridgeList event now contains the following fields: Wai t Mar ked, EndMar ked, and Wi t i ng. This displays additional properties
about the user's profile, as well as whether or not the user is waiting for a Marked user to enter the conference.

® Added a new option for conference recording, r ecor d_f i | e_append. If enabled, when the recording is stopped and then re-started,

the existing recording will be used and appended to.
ConfBridge now has the ability to set the language of announcements to the conference. The language can be set on a bridge profile in ¢

onfbridge.conf or by the dialplan function CONFBRIDGE(bridge, language)={langauge}.
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ControlPlayback

® The channel variable CPLAYBACKSTATUS may now return the value REMOTESTOPPED. This occurs when playback is stopped by a
remote interface, such as AMI. See the AMI action ControlPlayback for more information.

Directory

® Added the a option, which allows the caller to enter in an additional alias for the user in the directory. This option must be used in
conjunction with the f , | , or b options. Note that the alias for a user can be specified in voicemail.conf.

DumpChan

® The output of DumpChan no longer includes the Di r ect Bri dge or | ndi r ect Bri dge fields. Instead, if a channel is in a bridge, it
includes a Bri dgel Dfield containing the unique 1D of the bridge that the channel happens to be in.

ForkCDR

® ForkCDR no longer automatically resets the forked CDR. See the r option for more information.

® Variables are no longer purged from the original CDR. See the v option for more information.

® The A option has been removed. The Answer time on a CDR is never updated once set.

® The d option has been removed. The disposition on a CDR is a function of the state of the channel and cannot be altered.

® The Doption has been removed. Who the Party B is on a CDR is a function of the state of the respective channels involved in the CDR
and cannot be altered.

® Ther option has been changed. Previously, ForkCDR always reset the CDR such that the start time and, if applicable, the answer time
was updated. Now, by default, ForkCDR simply forks the CDR, maintaining any times. The r option now triggers the Reset, setting the
start time (and answer time if applicable) to the current time. Note that the a option still sets the answer time to the current time if the
channel was already answered.

® The s option has been removed. A variable can be set on the original CDR if desired using the CDR function, and removed from a forked
CDR using the same function.

®* The T option has been removed. The concept of DONT_TOUCH and LOCKED no longer applies in the CDR engine.

® The v option now prevents the copy of the variables from the original CDR to the forked CDR. Previously the variables were always
copied but were removed from the original. This was changed as removing variables from a CDR can have unintended side effects - this
option allows the user to prevent propagation of variables from the original to the forked without modifying the original.

MeetMe

® Added the n option to MeetMe to prevent application of the DENOISE function to a channel joining a conference. Some channel drivers
that vary the number of audio samples in a voice frame will experience significant quality problems if a denoiser is attached to the
channel; this option gives them the ability to remove the denoiser without having to unload f unc_speex.

MixMonitor
® The b option now includes conferences as well as sounds played to the participants.

® The AUDIOHOOK_INHERIT function is no longer needed to keep a MixMonitor running during a transfer. If a MixMonitor is started on a
channel, the MixMonitor will continue to record the audio passing through the channel even in the presence of transfers.

NoCDR

® The NoCDR application is deprecated. Please use the CDR_PROP function to disable CDRs.

® While the NoCDR application will prevent CDRs for a channel from being propagated to registered CDR backends, it will not prevent that
data from being collected. Hence, a subsequent call to ResetCDR or the CDR_PROP function that enables CDRs on a channel will
restore those records that have not yet been finalized.
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ParkAndAnnounce

® The app_par kandannounce module has been removed. The application ParkAndAnnounce is now provided by the r es_par ki ng mo
dule. See the res_parking changes for more information.

Queue

® Added queue available hint. The hint can be added to the dialplan using the following syntax:

‘ exten => {exten}, hint, Queue: { queue_nane} _avai | ‘

For example, if the name of the queue is mar kg and the extension is 8501:

‘ exten => 8501, hi nt, Queue: mar kq_avai | ‘

This will report I n Use if there are no logged in agents or no free agents. It will report | dl e when an agent is free.
® Queues now support a hint for member paused state. The hint uses the following syntax:

‘ exten => {exten}, hint, Queue: { queue_nane} _pause_{ menber _nane} ‘

Where queue_nane and nenber _nane are the name of the queue and the name of the member to subscribe to, respectively. For example, for
the sales queue, with queue member mark at extension 8501:

‘ exten => 8501, hi nt, Queue: sal es_pause_mar k ‘

Members will show as | n Use when paused.

® The configuration options event whencal | ed and event menber st at us have been removed. As a result, the AMI events QueueMemb
erStatus, AgentCalled, AgentConnect, AgentComplete, AgentDump, and AgentRingNoAnswer will always be sent. The Variable fields will
also no longer exist on the Agent * events. These events can be filtered out from a connected AMI client using the event fi | t er setting

in manager.conf.
® The queue log now differentiates between blind and attended transfers. A blind transfer will result in a BLI NDTRANSFER message with

the destination context and extension. An attended transfer will result in an ATTENDEDTRANSFER message. This message will indicate
the method by which the attended transfer was completed: BRI DGE for a bridge merge, APP for running an application on a bridge or
channel, or LI NK for linking two bridges together with local channels. The queue log will also now detect externally initiated blind and

attended transfers and record the transfer status accordingly.
® When performing queue pause/unpause on an interface without specifying an individual queue, the PAUSEALL/{{UNPAUSEALL}} event

will only be logged if at least one member of any queue exists for that interface.
® Added the queue_| og_real ti me_use_gnt option to have timestamps in GMT for realtime queue log entries.

ResetCDR

®* The e option has been deprecated. Use the CDR_PROP function to re-enable CDRs when they were previously disabled on a channel.
®* The wand a options have been removed. Dispatching CDRs to registered backends occurs on an as-needed basis in order to preserve

linkedid propagation and other needed behavior.

SayAlphaCase

® A new application, this is similar to SayAlpha except that it supports case sensitive playback of the specified characters. For example:

‘ same => n, SayAl phaCase(u, aBc)

Will result in ‘a uppercase b c'.

SetAMAFlags

® This application is deprecated in favor of CHANNEL (amaflags).
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SendDTMF

®* The SendDTMF application will now accept Was valid input. This will cause the application to delay one second while streaming DTMF.

Stasis

® A new application in Asterisk 12, this hands control of the channel calling the application over to an external system. Currently, external
systems manipulate channels in Stasis through the Asterisk REST Interface (ARI).

UserEvent

® UserEvent will now handle duplicate keys by overwriting the previous value assigned to the key.
® |n addition to AMI, UserEvent invocations will now be distributed to any interested Stasis applications.

VoiceMalil

® The voicemail.conf configuration file now has an al i as configuration parameter for use with the Directory application. The voicemail
realtime database table schema has also been updated with an al i as column.

® Mailboxes defined in voi cenai | . conf MUST be referenced by their full name by entities that want to subscribe for MWI, i.e., mai | box
@ont ext . Previously, Asterisk would automatically append "@default" to a mailbox name if it wasn't specified; however, in order to
support other providers of voicemail, this is no longer possible.

Codecs

® Pass through support has been added for both VP8 and Opus.
* Added format attribute negotiation for the Opus codec. Format attribute negotiation is provided by the r es_f or mat _at t r _opus module.

Core

® Masquerades as an operation inside Asterisk have been effectively hidden by the migration to the Bridging API. As such, many 'quirks' of
Asterisk no longer occur. This includes renaming of channels, "<ZOMBIE>" channels, dropping of frame/audio hooks, and other internal
implementation details that users had to deal with. This fundamental change has large implications throughout the changes documented
for this version.

® Multiple parties in a bridge may now be transferred. If a participant in a multi-party bridge initiates a blind transfer, a Local channel will be
used to execute the dialplan location that the transferer sent the parties to. If a participant in a multi-party bridge initiates an attended
transfer, several options are possible. If the attended transfer results in a transfer to an application, a Local channel is used. If the
attended transfer results in a transfer to another channel, the resulting channels will be merged into a single bridge.

® The channel variable ATTENDED_TRANSFER _COWPLETE_SOUND is no longer channel driver specific. If the channel variable is set on the
transferrer channel, the sound will be played to the target of an attended transfer.

® The channel variable BRI DGEPEER becomes a comma separated list of peers in a multi-party bridge. The BRI DGEPEER value can have a
maximum of 10 peers listed. Any more peers in the bridge will not be included in the list. {{BRIDGEPEERY}} is not valid in holding bridges
like parking since those channels do not talk to each other even though they are in a bridge.

® The channel variable BRI DGEPVTCALLI Dis only valid for two party bridges and will contain a value if the BRI DGEPEER's channel driver
supports it.

® A channel variable ATTENDEDTRANSFER is now set which indicates which channel was responsible for an attended transfer in a similar
fashion to BLI NDTRANSFER.

® Modules using the Configuration Framework or Sorcery must have XML configuration documentation. This configuration documentation
is included with the rest of Asterisk's XML documentation, and is accessible via CLI commands. See the CLI changes for more
information.

AMI (Asterisk Manager Interface)
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® Major changes were made to both the syntax as well as the semantics of the AMI protocol. In particular, AMI events have been
substantially improved in this version of Asterisk. For more information, please see the AMI specification.

® AMI events that reference a particular channel or bridge will now always contain a standard set of fields. When multiple channels or
bridges are referenced in an event, fields for at least some subset of the channels and bridges in the event will be prefixed with a
descriptive name to avoid name collisions. See the AMI event documentation for more information.

® The CLI command manager show conmands no longer truncates command names longer than 15 characters and no longer shows
authorization requirement for commands. manager show comrand now displays the privileges needed for using a given manager
command instead.

® The SIPshowpeer action will now include a SubscribeContext field for a peer in its response if the peer has a subscribe context set.

®* The SIPqualifypeer action now acknowledges the request once it has established that the request is against a known peer. It also issues
a new event, SIPQualifyPeerDone, once the qualify action has been completed.

®* The PlayDTMF action now supports an optional Duration parameter. This specifies the duration of the digit to be played, in milliseconds.

® Added VoicemailRefresh action to allow an external entity to trigger mailbox updates when changes occur instead of requiring the use of
pol | nai | boxes.

® Added a new action ControlPlayback. The ControlPlayback action allows an AMI client to manipulate audio currently being played back
on a channel. The supported operations depend on the application being used to send audio to the channel. When the audio playback
was initiated using the ControlPlayback application or CONTROL STREAM FILE AGI command, the audio can be paused, stopped,
restarted, reversed, or skipped forward. When initiated by other mechanisms (such as the Playback application), the audio can be
stopped, reversed, or skipped forward.
® Channel related events now contain a snapshot of channel state, adding new fields to many of these events.
®* The AMI event Newexten field Extension is deprecated, and may be removed in a future release. Please use the common Exten field
instead.
®* The AMI event UserEvent from app_user event now contains the channel state fields. The channel state fields will come before the
body fields.
®* The AMI events ParkedCall, ParkedCallTimeOut, ParkedCallGiveUp, and UnParkedCall have changed significantly in the new r es_par
ki ng module.
® The Channel and From headers are gone.
® For the channel that was parked or is coming out of parking, a Parkee channel snapshot is issued and it has a number
of fields associated with it. The old Channel header relayed the same data as the new ParkeeChannel header.
® The From field was ambiguous and changed meaning depending on the event. For most of these, it was the name of the
channel that parked the call (the Parker).
® There is no longer a header that provides this channel name, however the ParkerDialString will contain a dialstring to redial the d
evice that parked the call.
® On UnParkedCall events, the From header would instead represent the channel responsible for retrieving the parkee. It receives
a channel snapshot labeled Retriever. The From field is is replaced with RetrieverChannel.
® Lastly, the Exten field has been replaced with ParkingSpace.
®* The AMI event Parkinglot (response to Parkinglots command) in a similar fashion has changed the field names StartExten and StopExten
to StartSpace and StopSpace respectively.
®* The deprecated use of | (pipe) as a separator in the channel var s setting in manager.conf has been removed.
® Channel Variables conveyed with a channel no longer contain the name of the channel as part of the key field, i.e., ChanVari abl e( SI P
/foo0): bar=baz is now ChanVari abl e: bar=baz. When multiple channels are present in a single AMI event, the various ChanVari
able fields will contain a prefix that specifies which channel they correspond to.
®* The NewPeerAccount AMI event is no longer raised. The NewAccountCode AMI event always conveys the AMI event for a particular
channel.
® All Reload events have been consolidated into a single event type. This event will always contain a Module field specifying the name of
the module and a Status field denoting the result of the reload. All modules now issue this event when being reloaded.
®* The ModuleLoadReport event has been removed. Most AMI connections would fail to receive this event due to being connected after
modules have loaded. AMI connections that want to know when Asterisk is ready should listen for the FullyBooted event.
® app_f ax now sends the same send fax/receive fax events as r es_f ax. The FaxSent event is now the SendFAX event, and the
FaxReceived event is now the ReceiveFAX event.
® The MusicOnHold event is now two events: MusicOnHoldStart and MusicOnHoldStop. The sub type field has been removed.
® The JabberEvent event has been removed. It is not AMI's purpose to be a carrier for another protocol.
®* The Bridge Manager action's Playtone header now accepts more fine-grained options. Channel 1 and Channel 2 may be specified in
order to play a tone to the specific channel. Bot h may be specified to play a tone to both
® channels. The old yes option is still accepted as a way of playing the tone to Channel 2 only.
®* The AMI Status response event to the AMI Status action replaces the BridgedChannel and BridgedUniqueid headers with the BridgelD h
eader to indicate what bridge the channel is currently in.
®* The AMI Hold event has been moved out of individual channel drivers, into core, and is now two events: Hold and Unhold. The status
field has been removed.
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®* The AMI events in app_queue have been made more consistent with each other. Events that reference channels (QueueCaller* and
Agent*) will show information about each channel. The (infamous) Join and Leave AMI events have been changed to QueueCallerJoin an
d QueueCallerLeave.

®* The MCID AMI event now publishes a channel snapshot when available and its non-channel-snapshot parameters now use either the M
CallerID or MConnectedID prefixes with Subaddr*, Name*, and Num* suffixes instead of CallerID and ConnectedID to avoid confusion
with similarly named parameters in the channel snapshot.

®* The AMI events Agentlogin and Agentlogoff have been renamed AgentLogin and AgentLogoff respectively.

® The Channel key used in the AlarmClear, Alarm, and DNDState has been renamed DAHDIChannel since it does not convey an Asterisk
channel name.

® ChannelUpdate events have been removed.

® All AMI events now contain a SystemName field, if available.

® |ocal channel optimization is now conveyed in two events: LocalOptimizationBegin and LocalOptimizationEnd. The Begin event is
sent when the Local channel driver begins attempting to optimize itself out of the media path; the End event is sent after the channel
halves have successfully optimized themselves out of the media path.

® Local channel information in events is now prefixed with LocalOne and LocalTwo. This replaces the suffix of '1' and '2' for the two halves
of the Local channel. This affects the LocalBridge, LocalOptimizationBegin, and LocalOptimizationEnd events.

®* The option al | owrul ti pl el ogi n can now be set or overriden in a particular account. When set in the general context, it will act as the
default setting for defined accounts.

® The BridgeAction event was removed. It technically added no value, as the Bridge Action already receives confirmation of the bridge
through a successful completion Event.

® The BridgeExec events were removed. These events duplicated the events that occur in the Bridging API, and are conveyed now through
BridgeCreate, BridgeEnter, and BridgeLeave events.

®* The RTCPSent/RTCPReceived events have been significantly modified from previous versions. They now report all SR/RR packets
sent/received, and have been restructured to better reflect the data sent in a SR/RR. In particular, the event structure now supports
multiple report blocks.

® Added BlindTransfer and AttendedTransfer events. These events are raised when a blind transfer/attended transfer completes
successfully. They contain information about the transfer that just completed, including the location of the transferred channel.

® Added a 'security' class authorization for security events emitted by AMI. Note that these events are produced by the Asterisk Security
Event framework.

CDR (Call Detail Records)

® Significant changes have been made to the behavior of CDRs. The CDR engine was effectively rewritten and built on the Stasis message
bus. For a full definition of CDR behavior in Asterisk 12, please read the CDR specification for Asterisk 12.

® CDRs will now be created between all participants in a bridge. For each pair of channels in a bridge, a CDR is created to represent the
path of communication between those two endpoints. This lets an end user choose who to bill for what during bridge operations with
multiple parties.

® Theduration,billsec,start, answer, and end times now reflect the times associated with the current CDR for the channel, as
opposed to a cumulative measurement of all CDRs for that channel.

® When a CDR is dispatched, user defined CDR variables from both parties are included in the resulting CDR. If both parties have the
same variable, only the Party A value is provided.

® Added a new option to cdr.conf, debug. When enabled, significantly more information regarding the CDR engine is logged as verbose
messages. This option should only be used if the behavior of the CDR engine needs to be debugged.

® Added CLI command cdr set debug {on]| of f }. This toggles the debug setting normally configured in cdr.conf.

® Added CLI command cdr show active {channel }. When { channel } is not specified, this command provides a summary of the
channels with CDR information and their statistics. When { channel } is specified, it shows detailed information about all records
associated with { channel }.

CEL (Channel Event Logging)

® CEL has undergone significant rework in Asterisk 12, and is now built on the Stasis message bus. Please see the specification for CEL fo
r more detailed information.

® The extra field of all CEL events that use it now consists of a JSON blob with key/value pairs which are defined in the Asterisk 12 CEL
documentation. This JSON blob will be interpreted by the various CEL backends into their specific format.

® BLI NDTRANSFER events now report the transferee bridge unique identifier, extension, and context in a JSON blob as the extra string inst
ead of the transferee channel name as the peer.

* ATTENDEDTRANSFER events now report the peer as NULL and additional information in the ‘extra’ string as a JSON blob. For transfers
that occur between two bridged channels, the ‘extra’ JSON blob contains the primary bridge unique identifier, the secondary channel
name, and the secondary bridge unique identifier. For transfers that occur between a bridged channel and a channel running an app, the

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 20



‘extra’ JSON blob contains the primary bridge unique identifier, the secondary channel name, and the app name.

® LOCAL_OPTI M ZE events have been added to convey local channel optimizations with the record occurring for the semi-one channel
and the semi-two channel name in the peer field.

® BRI DGE_START, BRI DGE_END, BRI DGE_UPDATE, 3WAY_START, 3WAY_END, CONF_ENTER, CONF_EXI T, CONF_START, and CONF_END
events have all been removed. These events have been replaced by BRI DGE_ENTER/ BRI DGE_EXI T. The BRI DGE_ENTER and BRI DGE
__EXI T events are raised when a channel enters/exits any bridge, regardless of whether or not that bridge happens to contain multiple par
ties.

CLI

® When compiled with - - enabl e- dev- nbde, the ast obj 2 library will now add several CLI commands that allow for inspection of ao2 co
ntainers that register themselves with ast obj 2. The CLI commands are:
® astobj2 container dunp
® astobj2 container stats
® astobj 2 container check
® Added specific CLI commands for bridge inspection. This includes:
® bridge show all -listall bridges in the system
® bridge show {i d} - provide specific information about a bridge
® Added CLI command bri dge destroy. This will destroy the specified bridge, ejecting the channels currently in the bridge. If the
channels cannot continue in the dialplan or application that put them in the bridge, they will be hung up.
® Added command bri dge ki ck. This will eject a single channel from a bridge.
® Added commands to inspect and manipulate the registered bridge technologies. This includes:
®* bridge technol ogy show- listthe registered bridge technologies
®* bridge technol ogy {suspend|unsuspend} {tech} - control whether or not a registered bridge technology can be used
during smart bridge operations. If a technology is suspended, it will not be used when a bridge technology is picked for channels;
when unsuspended, it can be used again.
® The command confi g show hel p will show configuration documentation for modules with XML configuration documentation. This
takes in three optional parameters - nodul e, t ype, and opti on - which, when provided, provider greater detail.
®* When nodul e, t ype, and opt i on are omitted, a listing of all modules with registered documentation is displayed.
* When nodul e is specified, a listing of all configuration types for that module is displayed, along with their synopsis.
®* When nodul e and t ype are specified, a listing of all configuration options for that type are displayed along with their synopsis.
* When nodul e, t ype, and opt i on are specified, detailed information for that configuration option is displayed.
® Added core show sounds and core show sound CLI commands. These display a listing of all installed media sounds available on
the system and detailed information about a sound, respectively.
® xm doc dunp has been added. This CLI command will dump the XML documentation DOM as a string to the specified file. The Asterisk
core will populate certain XML elements pulled from the source files with additional run-time information; this command lets a user
produce the XML documentation with all information.

Features

® Parking has been pulled from core and placed into a separate module called res_parking. Configuration for parking should now be
performed in res_parking.conf. Configuration for parking in features.conf is now unsupported.
® Core attended transfers now have several new options. While performing an attended transfer, the transferer now has the following
options:
® *1 - cancel the attended transfer (configurable via at xf er abort)
® *2 - complete the attended transfer, dropping out of the call (configurable via at xf er conpl et e)
® *3 - complete the attended transfer, but stay in the call. This will turn the call into a multi-party bridge (configurable via at xf er t
hr eeway)
® *4 - swap to the other party. Once an attended transfer has begun, this options may be used multiple times (configurable via at
xf er swap)
® For DTMF blind and attended transfers, the channel variable TRANSFER_CONTEXT must be on the channel initiating the transfer to have
any effect.
®* The BRI DGE_FEATURES channel variable would previously only set features for the calling party and would set this feature regardless of
whether the feature was in caps or in lowercase. Use of a caps feature for a letter will now apply the feature to the calling party while use
of a lowercase letter will apply that feature to the called party.
® Add support for aut oni xron to the BRI DGE_FEATURES channel variable.
® The channel variable DYNAM C_PEERNAME is redundant with BRI DGEPEER and is removed. The more useful DYNAM C_WHO ACTI VATE
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D gives the channel name that activated the dynamic feature.

® The channel variables DYNAM C_FEATURENAME and DYNAM C_WHO_ACTI VATED are set only on the channel executing the dynamic
feature. Executing a dynamic feature on the bridge peer in a multi-party bridge will execute it on all peers of the activating channel.

® You can now have the settings for a channel updated using the FEATURE() and FEATUREMAP() functions inherited to child channels by
setting FEATURE( i nheri t) =yes.

® aut onm xmon now supports additional channel variables from aut onon including: TOUCH_M XMONI TOR_PREFI X, TOUCH_M XMONI TOR
_MESSAGE_START, and TOUCH M XMONI TOR_MESSAGE_STOP.

® A new general features.conf option r ecor di ngf ai | sound has been added which allows setting a failure sound for a user tries to
invoke a recording feature such as aut onon or aut om xnon and it fails.

® |tis no longer necessary (or possible) to define the ATXFER_NULL_TECHn f eat ur es. ¢ for at xf er dr opcal | =no to work properly.
This option now just works.

Logging

® Added log rotation strategy none. If set, no log rotation strategy will be used. Given that this can cause the Asterisk log files to grow
quickly, this option should only be used if an external mechanism for log management is preferred.

Realtime

® Dynamic realtime tables for SIP Users can now include a pat h field. This will store the path information for that peer when it registers.
Realtime tables can also use the suppor t pat h field to enable Path header support.

® LDAP realtime configurations for SIP Users now have the Ast Account Pat hSupport obj ect | denti fi er. This maps to the support
pat h option in sip.conf.

Sorcery

® Sorcery is a new data abstraction and object persistence API in Asterisk. It provides modules a useful abstraction on top of the many
storage mechanisms in Asterisk, including the Asterisk Database, static configuration files, static Realtime, and dynamic Realtime. It also
provides a caching service. Users can configure a hierarchy of data storage layers for specific modules in sorcery.conf.

® All future modules which utilize Sorcery for object persistence must have a column named i d within their schema when using the Sorcery
realtime module. This column must be able to contain a string of up to 128 characters in length.

Security Events Framework

® Security Event timestamps now use ISO 8601 formatted date/time instead of the seconds- m cr oseconds format that it was using
previously.

Stasis Message Bus

® The Stasis message bus is a publish/subscribe message bus internal to Asterisk. Many services in Asterisk are built on the Stasis
message bus, including AMI, ARI, CDRs, and CEL. Parameters controlling the operation of Stasis can be configured in stasis.conf. Note
that these parameters operate at a very low level in Asterisk, and generally will not require changes.

Channel Drivers

® When a channel driver is configured to enable jiterbuffers, they are now applied unconditionally when a channel joins a bridge. If a
jitterbuffer is already set for that channel when it enters, such as by the JITTERBUFFER function, then the existing jitterbuffer will be
used and the one set by the channel driver will not be applied.

chan_agent
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® chan_agent has been removed and replaced with AgentLogin and AgentRequest dialplan applications provided by the app_agent _po
ol module. Agents are connected with callers using the new AgentRequest dialplan application. The Agent s: <agent - i d> device state
is available to monitor the status of an agent. See agents.conf.sample for valid configuration options.

® The updat ecdr option has been removed. Altering the names of channels on a CDR is not supported - the name of the channel is the
name of the channel, and pretending otherwise helps no one. The AGENTUPDATECDR channel variable has also been removed, for the
same reason.

®* The endcal | and enddt nf configuration options are removed. Use the dialplan function CHANNEL ( dt nf - f eat ur es) to set DTMF
features on the agent channel before calling AgentLogin.

chan_bridge

® chan_bri dge has been removed. Its functionality has been incorporated directly into the ConfBridge application itself.

chan_dahdi

® Added the CLI command pri destroy span. This will destroy the D-channel of the specified span and its B-channels. Note that this
command should only be used if you understand the risks it entails.

® The CLI command dahdi destroy channel is now dahdi destroy channel s. A range of channels can be specified to be
destroyed. Note that this command should only be used if you understand the risks it entails.

® Added the CLI command dahdi create channel s. A range of channels can be specified to be created, or the keyword new can be
used to add channels not yet created.

® The script specified by the chan_dahdi . conf ma noni t or not i fy option now gets the exact configured mailbox name. For app_vo
i cemai | mailboxes this is nai | box@ont ext .

®* Added mm _vm boxes that also must be configured for ISDN MWI to be enabled.

chan_iax2

® |Pv6 support has been added. chan_iax2 is now able to bind to and communicate using IPv6 addresses.

chan_local

® The /b option has been removed.
® chan_| ocal moved into the system core and is no longer a loadable module.

chan_mobile

® Added general support for busy detection.
* Added ECAM command support for Sony Ericsson phones.

chan_pjsip

® A new SIP channel driver for Asterisk, chan_pjsip is built on the PJSIP SIP stack. A collection of resource modules provides the bulk of
the SIP functionality. For more information on configuring the new SIP channel driver, see the Configuring res_pjsip.

chan_sip

® Added support for RFC 3327 "Path" headers. This can be enabled in sip.conf using the suppor t pat h setting, either on a global basis or
on a peer basis. This setting enables Asterisk to route outgoing out-of-dialog requests via a set of proxies by using a pre-loaded route-set
defined by the Path headers in the REA STER request. See Realtime updates for more configuration information.

® The SI P_CODEC family of variables may now specify more than one codec. Each codec must be separated by a comma. The first codec specified
is the preferred codec for the offer. This allows a dialplan writer to specify both audio and video codecs, e.g.,

sanme => n, Set ( SI P_CODEC=ul aw, h264)
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® The cal | event s parameter has been removed. Hold AMI events are now raised in the core, and can be filtered out using the event f i
| t er parameter in manager.conf.

® Addedi gnore_request ed_pref. When enabled, this will use the preferred codecs configured for a peer instead of the requested
codec.

® The optionregi ster_retry_403 has been added to chan_sip to work around servers that are known to erroneously send 403 in
response to valid REGISTER requests and allows Asterisk to continue attepmting to connect.

chan_skinny

* Added the i mreddi al key parameter. If set, when the user presses the configured key the already entered number will be immediately
dialed. This is useful when the dialplan allows for variable length pattern matching. Valid options are * and #.

® Added the cal | f wdt i meout parameter. This configures the amount of time (in milliseconds) before a call forward is considered to not
be answered.

® The servi ceur| parameter allows Service URLs to be attached to line buttons.

Functions

AGENT

® The password option has been disabled, as the AgentLogin application no longer provides authentication.

AUDIOHOOK_INHERIT

® Due to changes in the Asterisk core, this function is no longer needed to preserve a MixMonitor on a channel during transfer operations
and dialplan execution. It is effectively obsolete.

CDR (function)

®* The amaf | ags and account code attributes for the CDR function are deprecated. Use the CHANNEL function instead to access these
attributes.

® The |l option has been removed. When reading a CDR attribute, the most recent record is always used. When writing a CDR attribute, all
non-finalized CDRs are updated.

®* Ther option has been removed, for the same reason as the | option.

® The s option has been removed, as LOCKED semantics no longer exist in the CDR engine.

CDR_PROP

® A new function CDR_PROP has been added. This function lets you set properties on a channel's active CDRs. This function is write-only.
Properties accept boolean values to set/clear them on the channel's CDRs. Valid properties include:
® party_a - make this channel the preferred Party A in any CDR between two channels. If two channels have this property set,
the creation time of the channel is used to determine who is Party A. Note that dialed channels are ever Party A in a CDR.
® di sabl e - disable CDRs on this channel. This is analogous to the NoCDR application when set to Tr ue, and analogous to the e
option in ResetCDR when set to Fal se.

CHANNEL

® Added the argument dt nf _f eat ur es. This sets the DTMF features that will be enabled on a channel when it enters a bridge. Allowed
values are T, K, H, W and X, and are analogous to the parameters passed to the Dial application.

® Added the argument af t er _bri dge_got o. This can be set to a parseable Goto string, i.e., [ [ cont ext ], ext ensi on], priority.
When set, if a channel leaves a bridge but is not hung up it will resume dialplan execution at that location.

JITTERBUFFER
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* JITTERBUFFER now accepts an argument of di sabl ed which can be used to remove jitterbuffers previously set on a channel with
JITTERBUFFER. The value of this setting is ignored when disabled is used for the argument.

PJSIP_DIAL_CONTACTS

® A new function provided by chan_pj si p, this function can be used in conjunction with the Dial application to construct a dial string that
will dial all contacts on an Address of Record associated with a chan_pj si p endpoint.

PJSIP_MEDIA_OFFER

® Provided by chan_pj si p, this function sets the codecs to be offered on the outbound channel prior to dialing.

REDIRECTING

® Redirecting reasons can now be set to arbitrary strings. This means that the REDIRECTING dialplan function can be used to set the
redirecting reason to any string. It also allows for custom strings to be read as the redirecting reason from SIP Diversion headers.

SPEECH_ENGINE

®* The SPEECH_ENGINE function now supports read operations. When read from, it will return the current value of the requested attribute.

VMCOUNT

® Mailboxes defined by app_voi cemai | MUST be referenced by the rest of the system as nai | box@ont ext . The rest of the system
cannot add @lef aul t to mailbox identifiers for app_voi cenai | that do not specify a context any longer. It is a mailbox identifier format
that should only be interpreted by app_voi cemmi | .

Resources

res_agi (Asterisk Gateway Interface)

® The manager event AGIExec has been split into AGIExecStart and AGIExecEnd.

® The manager event AsyncAGI has been split into AsyncAGIStart, AsyncAGIExec, and AsyncAGIEnd.

® The CONTROL STREAM FILE command now accepts an of f set ns parameter. This will start the playback of the audio at the position
specified. It will also return the final position of the file in endpos.

® The CONTROL STREAM FILE command will now populate the CPLAYBACKSTATUS channel variable if the user stopped the file playback
or if a remote entity stopped the playback. If neither stopped the playback, it will indicate the overall success/failure of the playback. If
stopped early, the final offset of the file will be set in the CPLAYBACKOFFSET channel variable.

®* The SAY ALPHA command now accepts an additional parameter to control whether it specifies the case of uppercase, lowercase, or all
letters to provide functionality similar to SayAlphaCase.

res_ari (Asterisk REST Interface) (and others)

® The Asterisk REST Interface (ARI) provides a mechanism to expose and control telephony primitives in Asterisk by remote client. This
includes channels, bridges, endpoints, media, and other fundamental concepts. Users of ARI can develop their own communications
applications, controlling multiple channels using an HTTP REST interface and receiving JSON events about the objects via a WebSocket
connection. ARI can be configured in Asterisk via ari.conf .

res_parking
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Parking has been extracted from the Asterisk core as a loadable module, r es_par ki ng. Configuration for parking is now provided by re
s_parking.conf. Configuration through features.conf is no longer supported.

res_par ki ng uses the configuration framework. If an invalid configuration is supplied, r es_par ki ng will fail to load or fail to reload.
Previously, invalid configurations would generally be accepted, with certain errors resulting in individually disabled parking lots.

Parked calls are now placed in bridges. While this is largely an architectural change, it does have implications on how channels in a
parking lot are viewed. For example, commands that display channels in bridges will now also display the channels in a parking lot.

The order of arguments for the new parking applications have been modified. Timeout and return cont ext / ext en/ pri ority are now
implemented as options, while the name of the parking lot is now the first parameter. See the application documentation for Park, Parked
Call, and ParkAndAnnounce for more in-depth information as well as syntax.

Extensions are by default no longer automatically created in the dialplan to park calls or pickup parked calls. Generation of dialplan
extensions can be enabled using the par kext configuration option.

ADSI functionality for parking is no longer supported. The adsi par k configuration option has been removed as a result.

The PARKI NGSLOT channel variable has been deprecated in favor of PARKI NG_SPACE to match the naming scheme of the new system.
PARKI NG_SPACE and PARKEDLOT channel variables will now be set for a parked channel even when the configuration option conebact
oori gi nis enabled.

A new CLI command par ki ng showhas been added. This allows a user to inspect the parking lots that are currently in use. par ki ng
show <par ki ngl ot > will also show the parked calls in a specific parking lot.

The CLI command par kedcal | s is now deprecated in favor of par ki ng show <par ki ngl ot >.

The AMI command ParkedCalls will now accept a ParkingLot argument which can be used to get a list of parked calls for a specific
parking lot.

The AMI command Park field Channel2 has been deprecated and replaced with TimeoutChannel. If both Channel2 and TimeoutChannel
are specified, TimeoutChannel will be used. The field TimeoutChannel is no longer a required argument.

The ParkAndAnnounce application is now provided through r es_par ki ng instead of through the separate app_par kandannounce mo
dule.

ParkAndAnnounce will no longer go to the next position in dialplan on timeout by default. Instead, it will follow the timeout rules of the
parking lot. The old behavior can be reproduced by using the c option.
Dynamic parking lots will now fail to be created under the following conditions:

® |If the parking lot specified by PARKI NGDYNAM C does not exist.

® |f they require exclusive park and parked call extensions which overlap with existing parking lots.
Dynamic parking lots will be cleared on reload for dynamic parking lots that currently contain no calls. Dynamic parking lots containing
parked calls will persist through the reloads without alteration.
If par kext _excl usi ve is set for a parking lot and that extension is already in use when that parking lot tries to register it, this is
now considered a parking system configuration error. Configurations which do this will be rejected.
Added channel variable PARKER_FLAT. This contains the name of the extension that would be used if conmebackt oori gi n is enabled.
This can be useful when conebackt oori gi n is disabled, but the dialplan or an external control mechanism wants to use the extension
in the park-dial context that was generated to re-dial the parker on timeout.

res_pjsip (and many others)

A large number of resource modules make up the SIP stack based on PJSIP. The chan_pj si p channel driver users these resource
modules to provide various SIP functionality in Asterisk. The majority of configuration for these modules is performed in pjsip.conf . Other
modules may use their own configuration files. See Asterisk 12 Module Configuration for more information.

res_rtp_asterisk

ICE/STUN/TURN supportinres_rt p_ast eri sk has been made optional. To enable them, the Asterisk-specific version of PJSIP
should now be installed. Tarballs are available from https://github.com/asterisk/pjproject/tags/.

res_statsd/res_chan_stats

A new resource module, r es_st at sd, has been added, which acts as a statsd client. This module allows Asterisk to publish statistics to
a statsd server. In conjunction with r es_chan_st at s, it will publish statistics about Asterisk channels to the statsd server. It can be
configured via res_statsd.conf.
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res_xmpp

® Device state for XMPP buddies is now available using the following format:

‘ XWPP/ <cl i ent nanme>/ <buddy address>

If any resource is available the device state is considered to be not in use. If no resources exist or all are unavailable the device state is
considered to be unavailable.

Scripts

Realtime/Database Scripts

® Asterisk previously included example db schemas in the contri b/ real ti me/ directory of the source tree. This has been replaced by a
set of database migrations using the Alembic framework. This allows you to use Alembic to initialize the database for you. It will also
serve as a database migration tool when upgrading Asterisk in the future. See contrib/ast-db-manage/README.md for more details.

Sip_to_res_pjsip.py

® A new script has been added in the contri b/ scri pts/sip_to_res_pjsip folder. This python script will convert an existing sip.conf
file to a pjsip.conf file, for use with the chan_pj si p channel driver. This script is meant to be an aid in converting an existing chan_si p
configuration to a chan_pj si p configuration, but it is expected that configuration beyond what the script provides will be needed.
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Upgrading to Asterisk 12

There are many significant architectural changes in Asterisk 12. It is recommended that you not only read through this document for important
changes that affect an upgrade, but that you also read through the CHANGES document and the information about what is New in 12 to better
understand the new options available to you.

Upgrade Overview

Of particular note, the following systems in Asterisk underwent significant changes. Documentation for the changes and a specification for their behavior in
Asterisk 12 are available in the Asterisk 12 Documentation section on this wiki.

® AMI: Many events were changed, and the semantics of channels and bridges were defined. In particular, how channels and bridges
behave under transfer scenarios and situations involving multiple parties has changed significantly. See the AMI v2 Specification for more
information.

® CDRs: CDR logic was extracted from the many locations it existed in across Asterisk and implemented as a consumer of Stasis message
bus events. As a result, consistency of records has improved significantly and the behavior of CDRs in transfer scenarios has been
defined in the CDR specification. However, significant behavioral changes in CDRs resulted from the transition. The most significant
change is the addition of CDR entries when a channel who is the Party A in a CDR leaves a bridge. See the Asterisk 12 CDR
Specification for more information.

® CEL: Much like CDRs, CEL was removed from the many locations it existed in across Asterisk and implemented as a consumer of Stasis
message bus events. It now closely follows the Bridging API model of channels and bridges, and has a much closer consistency of
conveyed events as AMI. For the changes in events, see the Asterisk 12 CEL Specification.

Upgrade Changes
Build System:

®* Removed the CHANNEL_TRACE development mode build option. Certain aspects of the CHANNEL_TRACE build option were
incompatible with the new bridging architecture.

® Asterisk now depends on | i bj ansson, | i buui d and optionally (but recommended) | i bxsl t and uri par ser.

®* The new SIP stack and channel driver uses a particular version of PJSIP. Please see Installing pjproject for more information on installing
and configuring PJSIP for use with Asterisk 12.

AgentLogin, AgentRequest, and chan_agent:

® Along with AgentRequest, this application has been modified to be a replacement for chan_agent . The chan_agent module and the
Agent channel driver have been removed from Asterisk, as the concept of a channel driver proxying in front of another channel driver was
incompatible with the new architecture (and has had numerous problems through past versions of Asterisk). The act of a channel calling
the AgentLogin application places the channel into a pool of agents that can be requested by the AgentRequest application. Note that this
application, as well as all other agent related functionality, is now provided by the app_agent _pool module.

® This application no longer performs agent authentication. If authentication is desired, the dialplan needs to perform this function using
the Authenticate or VMAuthenticate application or through an AGI script before running AgentLogin.

® The agent s. conf schema has changed. Rather than specifying agents on a single line in comma delineated fashion, each agent is
defined in a separate context. This allows agents to use the power of context templates in their definition.

® A number of parameters from agent s. conf have been removed. This includes maxl| ogi nretri es, aut ol ogof f unavai | , updat ec
dr, goodbye, group, recordf or mat, url prefi x, and savecal | si n. These options were obsoleted by the move from a channel
driver model to the bridging/application model provided by app_agent _pool .

®* The AGENTUPDATECDR channel variable has also been removed, for the same reason as the updat ecdr option.

® The endcal | and enddt nf configuration options are removed. Use the dialplan function CHANNEL ( dt nf - f eat ur es) to set DTMF
features on the agent channel before calling AgentLogin.

AgentMonitorOutgoing
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® This application has been removed. It was a holdover from when AgentCallbackLogin was removed.

Answer

® |tis no longer possible to bypass updating the CDR when answering a channel. CDRs are based on the channel state and will be
updated when the channel is Answered.

ControlPlayback

® The channel variable CPLAYBACKSTATUS may now return the value REMOTESTOPPED when playback is stopped by an external entity.

DISA

® This application now has a dependency on the app_cdr module. It uses this module to hide the CDR created prior to execution of the
DISA application.

DumpChan:

® The output of DumpChan no longer includes the DirectBridge or IndirectBridge fields. Instead, if a channel is in a bridge, it includes a Brid
gelD field containing the unique ID of the bridge that the channel happens to be in.

ForkCDR:

® Nearly every parameter in ForkCDR has been updated and changed to reflect the changes in CDRs. Please see the documentation for
the ForkCDR application, as well as the CDR specification.

NoCDR:

® The NoCDR application has been deprecated. Please use the CDR_PROP function to disable CDRs on a channel.

ParkAndAnnounce:

® The app_par kandannounce module has been removed. The application ParkAndAnnounce is now provided by the res_parking
module. See the Parking changes for more information.

ResetCDR:

®* The wand a options have been removed. Dispatching CDRs to registered backends occurs on an as-needed basis in order to preserve
linkedid propagation and other needed behavior.

®* The e option is deprecated. Please use the CDR_PROP function to enable CDRs on a channel that they were previously disabled on.

®* The ResetCDR application is no longer a part of core Asterisk, and instead is now delivered as part of app_cdr .

Queues:

® Queue strategy r r menory now has a predictable order similar to strategy r r or der ed. Members will be called in the order that they are
added to the queue.

®* Removed the queues. conf check_st at e_unknown option. It is no longer necessary.

® |tis now possible to play the Queue prompts to the first user waiting in a call queue. Note that this may impact the ability for agents to talk
with users, as a prompt may still be playing when an agent connects to the user. This ability is disabled by default but can be enabled on
an individual queue using the announce-t o-fi rst-user option.

® The configuration options event whencal | ed and event menber st at us have been removed. As a result, the AMI events QueueMemb
erStatus, AgentCalled, AgentConnect, AgentComplete, AgentDump, and AgentRingNoAnswer will always be sent. The Variable fields will
also no longer exist on the Agent* events. These events can be filtered out from a connected AMI client using the event fi | t er setting
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in manager . conf .

® The queue log now differentiates between blind and attended transfers. A blind transfer will result in a BLI NDTRANSFER message with
the destination context and extension. An attended transfer will result in an ATTENDEDTRANSFER message. This message will indicate
the method by which the attended transfer was completed: BRI DGE for a bridge merge, APP for running an application on a bridge or
channel, or LI NK for linking two bridges together with local channels. The queue log will also now detect externally initiated blind and
attended transfers and record the transfer status accordingly.

® When performing queue pause/unpause on an interface without specifying an individual queue, the PAUSEALL/ UNPAUSEALL event will
only be logged if at least one member of any queue exists for that interface.

SetAMAFlags

® This application is deprecated in favor of CHANNEL (amaflags).

VoiceMail:

® The voicemail.conf configuration file now has an al i as configuration parameter for use with the Directory application. The voicemail
realtime database table schema has also been updated with an ‘alias’' column. Systems using voicemail with realtime should update their
schemas accordingly.

® Mailboxes defined by app_voi cenmai | MUST be referenced by the rest of the system as nai | box@ont ext . The rest of the system
cannot add @lef aul t to mailbox identifiers for app_voi cenmi | that do not specify a context any longer. It is a mailbox identifier format
that should only be interpreted by app_voi cemai | .

Channel Drivers:

® When a channel driver is configured to enable jiterbuffers, they are now applied unconditionally when a channel joins a bridge. If a
jitterbuffer is already set for that channel when it enters, such as by the JITTERBUFFER function, then the existing jitterbuffer will be
used and the one set by the channel driver will not be applied.

chan_bridge

® chan_bridge is removed and its functionality is incorporated into ConfBridge itself.

chan_dahdi:

® Analog port dialing and deferred DTMF dialing for PRI now distinguishes between wand W The w pauses dialing for half a second. The W
pauses dialing for one second.

® The default for i nband_on_pr oceedi ng has changed to no.

® The CLI command dahdi destroy channel is now dahdi destroy channel s. A range of channels can be specified to be
destroyed. Note that this command should only be used if you understand the risks it entails.

® The script specified by the chan_dahdi . conf mai noni t or not i fy option now gets the exact configured mailbox name. For app_voi
cenuai | mailboxes this is mai | box@ont ext .

* Added mm _vm boxes that also must be configured for ISDN MWI to be enabled.

chan_local:

® The/ b option has been removed.
® chan_l ocal moved into the system core and is no longer a loadable module.

chan_sip:

®* The cal | event s parameter has been removed. Hold AMI events are now raised in the core, and can be filtered out using the event f i
| t er parameter in manager.conf.

® Dynamic realtime tables for SIP Users can now include a pat h field. This will store the path information for that peer when it registers.
Realtime tables can also use the support pat h field to enable Path header support.
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® | DAP realtime configurations for SIP Users now have the Ast Account Pat hSupport obj ect | denti fi er. This maps to the suppor
t pat h option in sip.conf.

Core:

® Masquerades as an operation inside Asterisk have been effectively hidden by the migration to the Bridging API. As such, many 'quirks' of
Asterisk no longer occur. This includes renaming of channels, "<ZOMBIE>" channels, dropping of frame/audio hooks, and other internal
implementation details that users had to deal with. This fundamental change has large implications throughout the changes documented
for this version. For more information about the new core architecture of Asterisk, please see the Asterisk wiki.

® The following channel variables have changed behavior which is described in the CHANGES file: TRANSFER _CONTEXT, BRI DGEPEER, B
Rl DGEPVTCALLI D, ATTENDED TRANSFER COVPLETE_SOUND, DYNAM C_FEATURENAME, and DYNAM C_PEERNAME.

® All bridging in Asterisk is now performed using the Bridging API, which is the same bridging core that powers the ConfBridge application.
As a result, significant changes have been made in all areas of Asterisk that are affected by bridging. Those changes are noted in the
appropriate areas.

AMI (Asterisk Manager Interface):

® The Version has been increased to 1.4. For a full listing of the semantics changes in AMI, see the AMI v2 Specification.
® The details of what happens to a channel when a masquerade happens (transfers, parking, etc) have changed. Channels no longer swap
Uniqueid's as a result of the masquerade. In general, AMI clients will never actually "see" a masquerade, as the operation has been
effectively hidden from external systems.
® Major changes were made to both the syntax as well as the semantics of the AMI protocol. In particular, AMI events have been
substantially modified and improved in this version of Asterisk. The major event changes are listed below:
* NewPeerAccount has been removed. NewAccountCode is raised instead.
® Reload events have been consolidated and standardized.
® ModuleLoadReport has been removed.
® FaxSentis now SendFAX; FaxReceived is now ReceiveFAX. This standardizes app_f ax and r es_f ax events.
® MusicOnHold has been replaced with MusicOnHoldStart and MusicOnHoldStop.
® JabberEvent has been removed.
® Hold is now in the core and will now raise Hold and Unhold events.
® Join is now QueueCallerJoin.
® |eave is now QueueCallerLeave.
® Agentlogin/Agentlogoff is now AgentLogin/AgentLogoff, respectively.
® ChannelUpdate has been removed.
® Local channel optimization is now conveyed via LocalOptimizationBegin and LocalOptimizationEnd.
® BridgeAction and BridgeExec have been removed.
¢ BlindTransfer and AttendedTransfer events were added.
¢ Dial is now DialBegin and DialEnd.
® DTMF is now DTMFBegin and DTMFENd.
® Bridge has been replaced with BridgeCreate, BridgeEnter, BridgeLeave, and BridgeDestroy
®* The Masquerade event is no longer raised. The Rename event still exists, but only silly channel drivers (chan_m sdn) will ever
think of raising it, and you shouldn't be using chan_ni sdn anyway.
® MusicOnHold has been replaced with MusicOnHoldStart and MusicOnHoldStop
® AGIExec is now AGIExecStart and AGIExecEnd
® AsyncAGI is now AsyncAGIStart, AsyncAGIExec, and AsyncAGIEnd
® The MCID AMI event now publishes a channel snapshot when available and its non-channel-snapshot parameters now use either the M
CallerID or MConnectedID prefixes with Subaddr*, Name*, and Num* suffixes instead of CallerID and ConnectedID to avoid confusion
with similarly named parameters in the channel snapshot.
® The Channel key used in the AlarmClear, Alarm, and DNDState has been renamed DAHDIChannel since it does not convey an Asterisk
channel name.
® All AMI events now contain a SystemName field, if available.
® Local channel information in events is now prefixed with LocalOne and LocalTwo. This replaces the suffix of '1' and '2' for the two halves
of the Local channel. This affects the LocalBridge, LocalOptimizationBegin, and LocalOptimizationEnd events.
® The RTCPSent/RTCPReceived events have been significantly modified from previous versions. They now report all SR/RR packets
sent/received, and have been restructured to better reflect the data sent in a SR/RR. In particular, the event structure now supports
multiple report blocks.
® The deprecated use of | (pipe) as a separator in the channel var s setting in manager.conf has been removed.
® The SIP SIPqualifypeer action now sends a response indicating it will qualify a peer once a peer has been found to qualify. Once the
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qualify has been completed it will now issue a SIPqualifypeerdone event.
®* The AMI event Newexten field Extension is deprecated, and may be removed in a future release. Please use the common Exten field
instead.
®* The AMI events ParkedCall, ParkedCallTimeOut, ParkedCallGiveUp, and UnParkedCall have changed significantly in the new r es_par
ki ng module.
® The Channel and From headers are gone. For the channel that was parked or is coming out of parking, a Parkee channel
snapshot is issued and it has a number of fields associated with it. The old Channel header relayed the same data as the new P
arkeeChannel header.
® The From field was ambiguous and changed meaning depending on the event. For most of these, it was the name of the channel
that parked the call (the Parker). There is no longer a header that provides this channel name, however the ParkerDialString will
contain a dialstring to redial the device that parked the call.
® On UnParkedCall events, the From header would instead represent the channel responsible for retrieving the parkee. It receives
a channel snapshot labeled Retriever. The from field is is replaced with RetrieverChannel.
® Lastly, the Exten field has been replaced with ParkingSpace.
®* The AMI event Parkinglot (response to Parkinglots command) in a similar fashion has changed the field names StartExten and StopExten
to StartSpace and StopSpace respectively.
®* The AMI Status response event to the AMI Status action replaces the BridgedChannel and BridgedUniqueid headers with the BridgelD h
eader to indicate what bridge the channel is currently in.

CDR (Call Detail Records)

® Significant changes have been made to the behavior of CDRs. The CDR engine was effectively rewritten and built on the Stasis message
bus. For a full definition of CDR behavior in Asterisk 12, please read the Asterisk 12 CDR Specification.

® CDRs will now be created between all participants in a bridge. For each pair of channels in a bridge, a CDR is created to represent the
path of communication between those two endpoints. This lets an end user choose who to bill for what during bridge operations with
multiple parties.

® The duration, billsec, start, answer, and end times now reflect the times associated with the current CDR for the channel, as opposed to a
cumulative measurement of all CDRs for that channel.

® CDR backends can no longer be unloaded while billing data is in flight. This helps to prevent loss of billing data during restarts and
shutdowns.

CEL:

® The Uniqueid field for a channel is now a stable identifier, and will not change due to transfers, parking, etc.
® CEL has undergone significant rework in Asterisk 12, and is now built on the Stasis message bus. Please see the Asterisk 12 CEL
Specification for more detailed information. A summary of the affected events is below:
® BRI DGE_START, BRI DGE_END, BRI DGE_UPDATE, 3WAY_START, 3WAY_END, CONF_ENTER, CONF_EXI T, CONF_START, and CO
NF_END events have all been removed. These events have been replaced by BRI DGE_ENTER/ BRI DGE_EXI T.
* BLI NDTRANSFER/ ATTENDEDTRANSFER events now report the peer as NULL and additional information in the extra string field.

Dialplan:

® All channel and global variable names are evaluated in a case-sensitive manner. In previous versions of Asterisk, variables created and
evaluated in the dialplan were evaluated case-insensitively, but built-in variables and variable evaluation done internally within Asterisk
was done case-sensitively.

® Asterisk has always had code to ignore dash '-' characters that are not part of a character set in the dialplan extensions. The code
now consistently ignores these characters when matching dialplan extensions.

® BRI DGE_FEATURES channel variable is now case sensitive for feature letter codes. Uppercase variants apply them to the calling party
while lowercase variants apply them to the called party.

Dialplan Functions:
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¢ Certain dialplan functions have been marked as ‘dangerous’, and may only be executed from the dialplan. Execution from extenal
sources (AMI's GetVar and SetVar actions; etc.) may be inhibited by setting live_dangerously in the [options] section of asterisk.conf to
no. SHELL(), channel locking, andirect file read/write functions are marked as dangerous. DB_DELETE() and REALTIME_DESTROY/()
are marked as dangerous for reads, but can now safely accept writes (which ignore the provided value).

Features:

® The features.conf [ appl i cati onmap] <Feat ur eName> Act i vat edBy option is no longer honored. The feature is always activated
by the channel that has DYNAM C_FEATURES defined on it when it enters the bridge. Use predial to set different values of DYNAM C_FEA
TURES on the channels

® Executing a dynamic feature on the bridge peer in a multi-party bridge will execute it on all peers of the activating channel.

® There is no longer an explicit f eat ur es rel oad CLI command. Features can still be reloaded using nodul e rel oad features.

® |tis no longer necessary (or possible) to define the ATXFER_NULL_TECH in features.c for at xf er dr opcal | =no to work properly. This
option now just works.

Parking:

® Parking has been extracted from the Asterisk core as a loadable module, r es_par ki ng.

® Configuration is found in res_parking.conf. It is no longer supported in features.conf

® The arguments for the Park, ParkedCall, and ParkAndAnnounce applications have been modified significantly. See the application
documents for specific details.

® Numerous changes to Parking related applications, AMI and CLI commands and internal inter-workings have been made. Please read
the CHANGES file or the New in 12 page for the detailed list.

Security Events Framework:

® Security Event timestamps now use ISO 8601 formatted date/time instead of the "seconds-microseconds" format that it was using
previously.

AGENT:

® The password option has been disabled, as the AgentLogin application no longer provides authentication.

AUDIOHOOK_INHERIT:

® Due to changes in the Asterisk core, this function is no longer needed to preserve a MixMonitor on a channel during transfer operations
and dialplan execution. It is effectively obsolete.

CDR: (function)

®* The amaf | ags and account code attributes for the CDR function are deprecated. Use the CHANNEL function instead to access these

attributes.
® The | option has been removed. When reading a CDR attribute, the most recent record is always used. When writing a CDR attribute, all

non-finalized CDRs are updated.
®* Ther option has been removed, for the same reason as the | option.
® The s option has been removed, as LOCKED semantics no longer exist in the CDR engine.

VMCOUNT:
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® Mailboxes defined by app_voi cenmai | MUST be referenced by the rest of the system as nai | box@ont ext . The rest of the system
cannot add @lef aul t to mailbox identifiers for app_voi cenai | that do not specify a context any longer. It is a mailbox identifier format
that should only be interpreted by app_voi cemmi | .

res_rtp_asterisk:

® |ICE/STUN/TURN supportinres_rt p_ast eri sk has been made optional. To enable them, an Asterisk-specific version of PJSIP needs
to be installed. Tarballs are available from https://github.com/asterisk/pjproject/tags/.
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Asterisk 12 Installation and Configuration

Overview

Asterisk 12 is installed and configured in much the same way as previous versions of Asterisk - for more information, please see Installing Asterisk and Con
figuration and Operation. However, some of the new capabilities of Asterisk 12, notably the new chan_pjsip channel driver based on pjproject as well as
the Alembic database migration tool, require new installation and configuration procedures. To learn more, please review the pages contained in this

section.
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Installing pjproject

® Overview

® Building and Installing pjproject from Source
® Downloading pjproject
® Building and Installing pjproject
® Issues and Workarounds

® Uninstalling a Previous Version of pjproject

Overview

Asterisk 12 contains two SIP stacks: one, the original chan_sip SIP channel driver that has been present in all previous releases of Asterisk, and a new SIP

stack that is based on pjproject. For background information on the decision to write a new SIP channel driver for Asterisk 12, please read the New SIP
Channel Driver page.

Because the current release of pjproject cannot build shared object libraries, some changes were required in order to use it with Asterisk 12. As a result,
the current versions of pjproject that can be downloaded from www.pjsip.org will not work with Asterisk 12.

@ Unlike Asterisk 11, which uses an embedded pjproject for the ICE, STUN and TURN libraries in its RTP engine for WebSockets support,
Asterisk 12 dynamically links to pjproject.

@ If you have previously installed a version of pjproject, you must remove that version of pjproject prior to building and installing the Asterisk 12
compatible version of pjproject. See Uninstalling pjproject for more information.

The Asterisk development team is currently working with Teluu, the makers of pjproject, to push changes upstream so that one day a special
version of pjproject won't be required for Asterisk 12.

The Asterisk 12 compatible version of pjproject is available on github, or - depending on your Linux distribution - available as a package. This wiki page
provides detailed instructions on building and installing pjproject for Asterisk 12.

Building and Installing pjproject from Source
Downloading pjproject

1. If you do not have git, install git on your local machine.

1 Downloading and installing gi t is beyond the scope of these instructions, but for Debian/Ubuntu systems, it should be as simple as:

’ apt-get install git

And for RedHat/CentOS systems:

‘ yuminstall git

2. Checkout the Asterisk 12-compatible pjproject from the Asterisk github repo:

‘ # git clone https://github.conlasterisk/pjproject pjproject ‘

And that's it!

Building and Installing pjproject

1. Change directories to the pjproject source directory:

# cd pjproject

2. In the pjproject source directory, run the configure script:
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# ./configure --prefix=/usr --enable-shared --disabl e-sound --disabl e-resanpl e --disabl e-video --disabl e-opencore-anr

piproject embeds a number of third party libraries which can conflict with versions of those libraries that may already be installed on your system.
Thus, building pjproject is highly dependent on your distribution of Linux as well as what third party libraries are already installed on your system. A
number of configuration options are available to disable these libraries in pjproject and custom tailor it to your system. The table below outlines
common ones that may be needed for a typical installation.

Library Configure option Notes

libspeex shared objects --Wwi t h- ext ernal - speex Make sure that the library development
headers are accessible from pjproject. The
CFLAGS and LDFLAGS environment
variables may be used to set the include/lib
paths.

libsrtp shared objects --with-external -srtp Make sure that the library development
headers are accessible from pjproject. The
CFLAGS and LDFLAGS environment
variables may be used to set the include/lib
paths.

GSM codec --with-external -gsm Make sure that the library development
headers are accessible from pjproject. The
CFLAGS and LDFLAGS environment
variables may be used to set the include/lib

paths.
Disable sound - -di sabl e- sound Let Asterisk perform sound manipulations.
Disable resampling --di sabl e-resanpl e Let Asterisk perform resample operations.
Disable video - - di sabl e-vi deo Disable video support in pjproject's media

libraries. This is not used by Asterisk.

Disable AMR --disable-opencore-amr Disable AMR codec support. This is not
used by Asterisk

These are some of the more common options used to disable third party libraries in pjproject. However, other options may be needed depending
on your system - see conf i gure --hel p for a full list of configure options you can pass to pjproject.

You must specify - - enabl e- shar ed in order to build the shared objects for Asterisk. - - pr ef i x should be set to the base path of the
I'i b directory where the shared objects will be installed.

@ If running on a 64-bit Red Hat distribution (e.g. Fedora, CentOS), then you will also need to add - -1 i bdi r=/usr/1i b64

3. Build pjproject:

# nmake dep
# nmake

4. Install pjproject

‘ # make install ‘

5. Update shared library links.

‘ # ldconfig ‘

6. Verify that pjproject has been installed in the target location by looking for, and finding the various pjproject modules:
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# ldconfig -p | grep pj
l'i bpj sua.so (libc6, x86-64) => /usr/lib/libpjsua.so
|'i bpjsip.so (libc6, x86-64) => [usr/lib/libpjsip.so
|'i bpj si p-ua.so (libc6, x86-64) => [usr/lib/libpjsip-ua.so
|'i bpj si p-sinple.so (libc6,x86-64) => /usr/lib/libpjsip-sinple.so
l'ibpjnath.so (libc6, x86-64) => /usr/lib/libpjnath.so
|'i bpj medi a. so (|ibc6, x86-64) => /usr/lib/libpjnedia.so
|'i bpj medi a- vi deodev. so (libc6, x86-64) => /usr/lib/libpjnedia-videodev. so
|'i bpj nedi a- codec. so (libc6, x86-64) => [usr/lib/libpjnmedia-codec. so
|'i bpj medi a- audi odev. so (libc6, x86-64) => /usr/lib/libpjnedia-audi odev. so
libpjlib-util.so (libc6,x86-64) => /usr/lib/libpjlib-util.so
libpj.so (libc6, x86-64) => /usr/lib/libpj.so

7. Finally, verify that Asterisk detects the pjproject libraries. In your Asterisk 12 source directory:

# ./configure
# nmake nenusel ect

8. Browse to the Resource Modules category and verify that the r es_pj si p modules are enabled:

| Asterisk Module and Build Option Selection |

PBX Modules [*] res_pjsip
Resource Modules [#] res_pjsip_acl

Test Modules [*] res_pjsip_authenticator_di
Compiler Flags - Development [*] res_pjsip_caller_id
Yoicemail Build Options [*] res_pjsip_diversion
Utilities [*] res_pjsip_dtmf_info
AGI Samples [*] res_pjsip_endpoint_identif
Module Embedding [*] res_pjsip_endpoint_identif
Core Sound Packages [*#] res_pjsip_endpoint_identif

- A A =

— R R

Basic SIP resource

Depends on: pjproject(E), res_s|ms | e es e
Can use: N/A | Save & Exit
Conflicts with: N/A e

Support Level: core

<ENTER> toggles selection | <F12> saves & exits | <ESC> exits without save

9. You're all done! Now, build and install Asterisk as your normally would.

Issues and Workarounds

Issue

After building and installing pjproject, Asterisk fails to detect any of the libraries - the various res_pjsip components cannot be selected in Asterisk's
menuselect

Workaround

Verify that Asterisk's config.log shows the following:

configure: 23029: checking for PJPROIECT

configure: 23036: $PKG CONFI G --exists --print-errors "libpjproject”
Package |ibpjproject was not found in the pkg-config search path.
Per haps you shoul d add the directory containing "I|ibpjproject.pc'
to the PKG CONFI G _PATH environnent variable

No package 'Iibpjproject' found
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1. Make sure you have pkg- confi g installed on your system.

2. pjproject will install the package config file in / usr /| i b/ pkgconfi g. Some distributions, notably Fedora, will instead look for the library
in/usr/lib64. Update your PKG_CONFI G_PATH environment variable with / usr/ | i b/ pkgconfi g and re-run Asterisk's conf i gur e
script.

Issue

When building pjproject, errors about opencore_amr are displayed, e.g.:

out put / pj nedi a- codec- x86_64- unknown- | i nux- gnu/ opencor e_anr. o:
* pj medi a_codec_anr nb_franel enbi ts’

out put / pj nedi a- codec- x86_64- unknown- | i nux- gnu/ opencor e_ant. o:
out put / pj nedi a- codec- x86_64- unknown- | i nux- gnu/ opencor e_anr. o:
" pj medi a_codec_anr nb_f ranel en'

out put / pj nedi a- codec- x86_64- unknown- | i nux- gnu/ opencor e_anr. 0:
out put / pj nedi a- codec- x86_64- unknown- | i nux- gnu/ opencor e_ant. o:
* pj medi a_codec_anrwb_franel enbi ts’

out put / pj nedi a- codec- x86_64- unknown- | i nux- gnu/ opencor e_anr. o:
out put / pj nedi a- codec- x86_64- unknown- | i nux- gnu/ opencor e_anr. 0:
" pj medi a_codec_ant wb_f ranel en'

out put / pj nedi a- codec- x86_64- unknown- | i nux- gnu/ opencor e_anr. 0:

.rodat a+0x60): multiple definition of

.rodata+0x60): first defined here
.rodat a+0x80): multiple definition of

.rodat a+0x80): first defined here
.rodata+0x20): multiple definition of

.rodata+0x20): first defined here
.rodat a+0x40): multiple definition of

.rodat a+0x40): first defined here

Workaround

You already have the AMR codec installed. Run conf i gur e with the - - di sabl e- opencor e- anr option specified.

Issue

When building pjproject, linker errors referring to various video methods are displayed, e.g.:

/' home/ nj or dan/ pr oj ect s/ pj proj ect/ pj medi a/ | i b/ | i bpj nedi a- vi deodev. so: undefined reference to "pjnedia_format_init_video

/' hone/ nj or dan/ proj ect s/ pj proj ect/pj medi a/lib/libpjmedia.so: undefined reference to "pjnedia_video_format_ngr_i nstance’
/'home/ nj or dan/ proj ect s/ pj proj ect/ pj nedi a/lib/|ibpjmedia-vi deodev. so: undefined reference to

*pj medi a_f ormat _get _vi deo_fornat_detail"’

/' home/ nj or dan/ pr oj ect s/ pj proj ect/ pj medi a/ | i b/ |i bpj nedi a- vi deodev. so: undefined reference to "pjnedi a_get_vi deo_fornat_info'

Workaround

Run conf i gur e with either or both - - di sabl e- vi deo or - - di sabl e-v4l 2

Issue

After building pjproject, the dump provided by | dconfi g - p doesn't display any libraries.

Workaround

Run | dconfi g to re-configure dynamic linker run-time bindings

Uninstalling a Previous Version of pjproject

Typically, other versions of pjproject will be installed as static libraries. These libraries are not compatible with Asterisk and can confuse the build process
for Asterisk 12. As such, any static libraries must be removed prior to installing the compatible version of pjproject.

pjproject provides an uni nst al | make target that will remove previous installations. It can be called from the pjproject source directory like:

‘ # make uninstall ‘

If you don't have an "uninstall" make target, you may need to fetch and merge the latest pjproject from https://github.com/asterisk/pjproject

Alternatively, the following should also remove all previously installed static libraries:

‘ # rm-f Jusr/lib/libpj*.a /usr/lib/libmnilenage*.a /usr/lib/pkgconfig/libpjproject.pc ‘
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Configuring res_pjsip

® Overview
® Before You Configure
® Quick Start
® pjsip.conf Explained
® Configuration Section Format
® Section Types
®* ENDPOINT (res_pjsip)
®* TRANSPORT (res_pjsip)
® AUTH (res_pjsip)
® AOR (res_pjsip)
® REGISTRATION (res_pjsip_outbound_registration)
® DOMAIN_ALIAS (res_pjsip)
® ACL (res_pjsip_acl)
® IDENTIFY (res_pjsip_endpoint_identifier_ip)
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Overview

This page is intended to help an Asterisk administrator understand configuration fundamentals for the new SIP resources and channel driver included with
Asterisk 12. It covers an explanation of configuration for pjsip.conf which configures the SIP resource modules utilized by the chan_pjsip driver.

If you are looking for info on how to configure sip.conf (the config used by the older SIP channel driver for Asterisk), then you'll want to go here Creating
SIP Accounts for some basic info or check out the sip.conf sample file included in the /configs directory of your Asterisk source files.

Before You Configure

This page assumes certain knowledge, or that you have completed a few prerequisites

® You have installed pjproject, a dependency for res_pjsip.
® You have Installed Asterisk including the res_pjsip and chan_pjsip modules (implying you installed their dependencies as well)
® You understand basic Asterisk concepts. Including the role of extensions.conf (dialplan) in your overall Asterisk configuration.

If you don't know anything about Asterisk yet, then you should probably start at the Getting Started section.

Quick Start

If you like to play before you read or figure out things as you go; here's a few quick steps to get you started.

® Understand that res_pjsip is configured through pjsip.conf. This is where you'll be configuring everything related to your SIP trunks or
phones.
® Look at the Full res_pjsip configuration examples by scenario section. Grab the example most appropriate to your goal and use that to
replace your pjsip.conf.
* Reference documentation for all configuration parameters is available on the wiki:
® Core res_pjsip configuration options
® Configuration options for ACLs in res_pjsip_acl
® Configuration options for outbound registration, provided by res_pjsip_outbound_registration
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® Configuration options for endpoint identification by IP address, provided by res_pjsip_endpoint_identifier_ip
® You'll need to tweak details in pjsip.conf and on your SIP device (for example IP addresses and authentication credentials) to get it
working with Asterisk.
Refer back to this page, the sample pjsip.conf, or the reference documentation if you get confused.

pjsip.conf Explained

Configuration Section Format

pjsip.conf is a flat text file composed of sections like most configuration files used with Asterisk. Each section defines configuration for a configuration
object within res_pjsip or an associated module.

Sections are identified by names in square brackets. (see SectionName below)

Each section has one or more configuration options that can be assigned a value by using an equal sign followed by a value. (see ConfigOption and Val
ue below)These options and values are the configuration for a particular component of functionality provided by the configuration object's respective
Asterisk modules.

Every section will have a type option that defines what kind of section is being configured. You'll see that in every example config section below.

Syntax for res_sip config objects

[ SectionName ]
ConfigOption = Value
ConfigOption = Value

Section Types

Below is a brief description of each section type and an example showing configuration of that section only. The module providing the configuration object
related to the section is listed in parentheses next to each section name.

There are dozens of config options for some of the sections, but the examples below are very minimal for the sake of simplicity.

(D Option Values and Defaults
How do | know what values | can use for an option? Use the built-in configuration help at the CLI or view the wiki section listing all config
option help text. You can use "config show help res_pjsip <configobject> <configoption>" to get help on a particular option. The output will
typically describe the default value for an option as well. Link to list of config options goes here, once we have them pulled onto the wiki

Defaults: For many config options, it's very helpful to understand their default behavior. For example, endpoint's "transport=" option, if no value
is assigned then Asterisk will *DEFAULT* to the first configured transport in pjsip.conf which is valid for the URI we are trying to contact.

ENDPOINT (res_pjsip)

Endpoint configuration provides numerous options relating to core SIP functionality and ties to other sections such as auth, aor and transport. You can't
contact an endpoint without associating one or more AoR sections. An endpoint is essentially a profile for the configuration of a SIP endpoint such as a
phone or remote server.

w EXAMPLE BASIC CONFIGURATION

[ 6001]

t ype=endpoi nt

cont ext =def aul t

di sal | ow=al |

al | ow=ul aw
transport =si npl etrans
aut h=aut h6001

aor s=6001

If you want to define the Caller Id this endpoint should use, then add something like the following:
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trust _i d_out bound=yes
cal | eri d=Spaceman Spiff <6001>

TRANSPORT (res_pjsip)

Configure how res_pjsip will operate at the transport layer. For example, it supports configuration options for protocols such as TCP, UDP or WebSockets
and encryption methods like TLS/SSL. You can setup multiple transport sections and other sections (such as endpoints) could each use the same
transport, or a unique one.

Reloading Config: Configuration for transport type sections can't be reloaded during run-time without a full module unload and load. You'll
effectively need to restart Asterisk completely for your transport changes to take effect.

= EXAMPLE BASIC CONFIGURATION

A basic UDP transport bound to all interfaces

[ si npl et rans]
t ype=t ransport
pr ot ocol =udp
bi nd=0.0.0.0

Or a TLS transport, with many possible options and parameters:

[ si npl et rans]
type=transport
protocol =tls

bi nd=0.0.0.0

;various TLS specific options bel ow
cert _ file=

privkey_file=

ca_list_file=

ci pher=

nmet hod=

AUTH (res_pjsip)

Authentication sections hold the options and credentials related to inbound or outbound authentication. You'll associate other sections such as endpoints or
registrations to this one. Multiple endpoints or registrations can use a single auth config if needed.
» EXAMPLE BASIC CONFIGURATION

An example with username and password authentication

[ aut h6001]

t ype=aut h

aut h_t ype=user pass
passwor d=6001

user nane=6001

And then an example with MD5 authentication

[ aut h6001]

t ype=aut h

aut h_t ype=nd5

nd5 cred=51e63a3da6425a39aecc045ec45f 1lae8
user name=6001

AOR (res_pjsip)
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A primary feature of AOR objects (Address of Record) is to tell Asterisk where an endpoint can be contacted. Without an associated AOR section, an
endpoint cannot be contacted. AOR objects also store associations to mailboxes for MWI requests and other data that might relate to the whole group of
contacts such as expiration and qualify settings.

When Asterisk receives an inbound registration, it'll look to match against available AORs.

Registrations: The name of the AOR section must match the user portion of the SIP URI in the "To:" header of the inbound SIP registration. That will
usually be the "user name" set in your hard or soft phones configuration.
w EXAMPLE BASIC CONFIGURATION
First, we have a configuration where you are expecting the SIP User Agent (likely a phone) to register against the AOR. In this case, the contact
objects will be created automatically. We limit the maximum contact creation to 1. We could do 10 if we wanted up to 10 SIP User Agents to be able to
register against it.

[ 6001]
t ype=aor
max_cont act s=1

Second, we have a configuration where you are not expecting the SIP User Agent to register against the AOR. In this case, you can assign contacts
manually as follows. We don't have to worry about max_contacts since that option only affects the maximum allowed contacts to be created through
external interaction, like registration.

[ 6001]
t ype=aor
cont act =si p: 6001@92. 0. 2. 1: 5060

Third, it's useful to note that you could define only the domain and omit the user portion of the SIP URI if you wanted. Then you could define the user p
ortion dynamically in your dialplan when calling the Dial application. You'll likely do this when building an AOR/Endpoint combo to use for dialing out to
an ITSP. For example: "Dial(PJSIP/${EXTEN}@mytrunk)"

[ nyt runk]
t ype=aor
cont act =si p: 203. 0. 113. 1: 5060

REGISTRATION (res_pjsip_outbound_registration)

The registration section contains information about an outbound registration. You'll use this when setting up a registration to another system whether it's
local or a trunk from your ITSP.
~ EXAMPLE BASIC CONFIGURATION
This example shows you how you might configure registration and outbound authentication against another Asterisk system, where the other system is
using the older chan_sip peer setup.

This example is just the registration itself. You'll of course need the associated transport and auth sections. Plus, if you want to receive calls from the
far end (who now knows where to send calls, thanks to your registration!) then you'll need endpoint, AOR and possibly identify sections setup to match
inbound calls to a context in your dialplan.

[ mytrunk]

type=registration

transport =si npl etrans

out bound_aut h=myt r unk

server _uri=sip: myaccount nane@03. 0. 113. 1: 5060
client _uri=sip: myaccount nane@92. 0. 2. 1: 5060
retry_interval =60

And an example that may work with a SIP trunking provider
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[ myt runk]

type=regi stration

transport =si npl etrans

out bound_aut h=nyt r unk

server _uri =si p: si p. exanpl e. com
client_uri=sip:1234567890@i p. exanpl e. com
retry_interval =60

DOMAIN_ALIAS (res_pjsip)

Allows you to specify an alias for a domain. If the domain on a session is not found to match an AoR then this object is used to see if we have an alias for
the AoR to which the endpoint is binding. This sections name as defined in configuration should be the domain alias and a config option (domain=) is
provided to specify the domain to be aliased.

w EXAMPLE BASIC CONFIGURATION

[ exanpl e2. conj
t ype=donai n_al i as
donmai n=exanpl e. com

ACL (res_pjsip_acl)

The ACL module used by ‘res_pjsip'. This module is independent of 'endpoints' and operates on all inbound SIP communication using res_pjsip. Features
such as an Access Control List, as defined in the configuration section itself, or as defined in acl.conf. ACL's can be defined specifically for source IP
addresses, or IP addresses within the contact header of SIP traffic.

~ EXAMPLE BASIC CONFIGURATION

A configuration pulling from the acl.conf file:

[acl]
t ype=acl
acl =exanpl e_naned_acl 1

A configuration defined in the object itself:

[acl]

t ype=acl
deny=0.0.0.0/0.0.0.0
perm t=209. 16. 236. 0
perm t =209. 16. 236. 1

A configuration where we are restricting based on contact headers instead of IP addresses.

[acl]

t ype=acl

cont act deny=0.0.0.0/0.0.0.0
cont act perm t=209. 16. 236. 0
cont act perni t=209. 16. 236. 1

All of these configurations can be combined.

IDENTIFY (res_pjsip_endpoint_identifier_ip)

Controls how the res_pjsip_endpoint_identifier_ip module determines what endpoint an incoming packet is from. If you don't have an identify section
defined, or else you have res_pjsip_endpoint_identifier_ip loading after res_pjsip_endpoint_identifier_user, then res_pjsip_endpoint_identifier_user will
identify inbound traffic by pulling the user from the "From:" SIP header in the packet. Basically the module load order, and your configuration will both
determine whether you identify by IP or by user.

~ EXAMPLE BASIC CONFIGURATION

Its use is quite straightforward. With this configuration if Asterisk sees inbound traffic from 203.0.113.1 then it will match that to Endpoint 6001.
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[ 6001]
type=identify
endpoi nt =6001

mat ch=203. 0. 113. 1

CONTACT (res_pjsip)

The contact config object effectively acts as an alias for a SIP URIs and holds information about an inbound registrations. Contact objects can be
associated with an individual SIP User Agent and contain a few config options related to the connection. Contacts are created automatically upon
registration to an AOR, or can be created manually by using the "contact=" config option in an AOR section. Manually configuring a CONTACT config
object itself is outside the scope of this "getting started" style document.

Config Section Help and Defaults
Once we have the XML configuration help pulled onto the wiki we'll put a link here to that wiki section.

In the meantime use the built-in configuration help to your advantage. You can use "config show help res_pjsip <configobject> <configoption>" to get help
on a particular option. That help will typically describe the default value for an option as well.

Relationships of Configuration Objects in pjsip.conf

Now that you understand the various configuration sections related to each config object, lets look at how they interrelate.

You'll see that the new SIP implementation within Asterisk is extremely flexible due to its modular design. A diagram will help you to visualize the
relationships between the various configuration objects. The following entity relationship diagram covers only the configuration relationships between the
objects. For example if an endpoint object requires authorization for registration of a SIP device, then you may associate a single auth object with the
endpoint object. Though many endpoints could use the same or different auth objects.

Configuration Flow: This lets you know which direction the objects are associated to other objects. e.g. The identify config section has an option
"endpoint="which allows you to associate it with an endpoint object.

Entity Relationships Relationship Descriptions
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object

ACL, DOMAIN_ALIAS

® These objects don't have a direct configuration relationship to the
other objects.

Full res_pjsip configuration examples by scenario

Below are some sample configurations to demonstrate various scenarios with complete pjsip.conf files.

An endpoint with a single SIP phone with inbound registration to Asterisk

= EXAMPLE CONFIGURATION
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; TRANSPORT

[ si npl et rans]
type=transport
pr ot ocol =udp
bi nd=0.0.0.0

; EXTENSI ON 6001

[ 6001]

t ype=endpoi nt

cont ext =i nt erna

di sal | ow=al

al | ow=ul aw
transport=si npl etrans
aut h=aut h6001

aor s=6001

[ aut h6001]

t ype=aut h

aut h_t ype=user pass
passwor d=6001

user nane=6001

[ 6001]
t ype=aor
max_cont act s=1

® auth=is used for the endpoint as opposed to outbound_auth= since we want to allow inbound registration for this endpoint
® max_contacts= is set to something non-zero as we want to allow contacts to be created through registration

A SIP trunk to your service provider, including outbound registration
» EXAMPLE CONFIGURATION

Trunks are a little tricky since many providers have unique requirements. Your final configuration may differ from what you see here.
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TRANSPORTS

[ si npl et rans]
t ype=t ransport
pr ot ocol =udp
bi nd=0.0.0.0

TRUNK

[ myt runk]

type=registration

transport =si npl etrans

out bound_aut h=myt r unk

server _uri =si p: si p. exanpl e. com

client _uri=sip:1234567890@&i p. exanpl e. com
retry_interval =60

[ myt runk]

t ype=aut h

aut h_t ype=user pass
passwor d=1234567890
user nane=1234567890

[ nyt runk]
t ype=aor
cont act =si p: 203. 0. 113. 1: 5060

[ myt runk]

t ype=endpoi nt
transport =si npl etrans
cont ext =f rom ext er na
di sal | ow=al

al | ow=ul aw

out bound_aut h=myt r unk
aor s=nytrunk

[ myt runk]
type=identify
endpoi nt =nyt r unk
mat ch=203. 0. 113. 1

"contact=sip:203.0.113.1:5060", we don't define the user portion statically since we'll set that dynamically in dialplan when we call the Dial
application.

See the dialing examples in the section "Dialing using chan_pjsip" for more.

"outbound_auth=mytrunk", we use "outbound_auth" instead of "auth" since the provider isn't typically going to authenticate with us when
calling, but we will probably

have to authenticate when calling through them.

We use an identify object to map all traffic from the provider's IP as traffic to that endpoint since the user portion of their From:
header may vary with each call.

This example assumes that sip.example.com resolves to 203.0.113.1

Multiple endpoints with phones registering to Asterisk, using templates
w EXAMPLE CONFIGURATION

We want to show here that generally, with a large configuration you'll end up using templates to make configuration easier to handle when scaling. This
avoids having redundant code in every similar section that you create.

TRANSPORT
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[ sinpl etrans]
type=transport
pr ot ocol =udp
bi nd=0.0.0.0

ENDPQOl NT TEMPLATES

[ endpoi nt - basic] (!)

t ype=endpoi nt
transport =si npl etrans
cont ext =i nterna

di sal | ow=al

al | ow=ul aw

[ aut h-userpass] (!)
t ype=aut h
aut h_t ype=user pass

[aor-single-reg] (!)
t ype=aor
max_cont act s=1

; EXTENSI ON 6001

[ 6001] (endpoi nt - basi c¢)
aut h=aut h6001
aor s=6001

[ aut h6001] (aut h- user pass)
passwor d=6001
user nane=6001

[ 6001] (aor - si ngl e-regq)

; EXTENSI ON 6002

[ 6002] (endpoi nt - basi c¢)
aut h=aut h6002
aor s=6002

[ aut h6002] (aut h- user pass)
passwor d=6002
user nanme=6002

[ 6002] (aor - si ngl e-reg)

; EXTENSI ON 6003

[ 6003] (endpoi nt - basi c¢)
aut h=aut h6003
aor s=6003

[ aut h6003] (aut h- user pass)
passwor d=6003
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user nane=6003

[ 6003] (aor-si ngl e-regq)

Obviously the larger your configuration is, the more templates will benefit you. Here we just break apart the endpoints with templates, but you could do
that with any config section that needs instances with variation, but where each may share common settings with their peers.

Dialing using chan_pjsip

Dialing from dialplan in extensions.conf

We are assuming you already know a little bit about the Dial application here. To see the full help for it, see "core show help application dial" on the Asterisk
CLI, or see Application_Dial

Below we'll simply dial an endpoint using the chan_pjsip channel driver. This is really going to look at the AOR of the same name as the endpoint and start
dialing the contacts associated.

exten => _6XXX, 1, Di al (PJSI P/ ${ EXTEN})
Heres how you would dial with an explicit SIP URI, user and domain, via an endpoint (in this case dialing out a trunk), but not using its associated
AOR/contact objects.

exten => _9NXXNXXXXXX, 1, Di al (PJISI P/ nytrunk/ si p: ${ EXTEN: 1} @03. 0. 113. 1: 5060)
This uses a contact(and its domain) set in the AOR associated with the mytrunk endpoint, but still explicitly sets the user portion of the URI in the dial
string. For the AOR's contact, you would define it in the AOR config without the user name.

exten => _9NXXNXXXXXX, 1, Di al (PJSI P/ ${ EXTEN: 1} @ryt r unk)

Old to New - sip.conf to pjsip.conf example comparison

We want to provide some examples of what similar configurations would look like between the old sip.conf and the new pjsip.conf

These examples contain only the configuration required for sip.conf/pjsip.conf as the configuration for other files should be the same excepting the Dial
statements in your extensions.conf

There is also a script available to provide a basic conversion of a sip.conf config to a pjsip.conf config. ADD A LINK TO SIP.CONF to PJSIP.CONF
SCRIPT WHEN READY

Example Endpoint Configuration
This examples shows the configuration required for:

® two SIP phones need to make calls to or through Asterisk, we also want to be able to call them from Asterisk
¢ for them to be identified as users (in the old chan_sip) or endpoints (in the new res_sip/chan_pjsip)

® both devices need to use username and password authentication

® 6001 is setup to allow registration to Asterisk, and 6002 is setup with a static host/contact

sip.conf pjsip.conf
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[ general ] [ si npl etrans]

udpbi ndaddr=0. 0. 0.0 type=transport
pr ot ocol =udp
[ 6001] bi nd=0.0.0.0
type=friend
host =dynami c [ 6001]
di sal | ow=al | type = endpoi nt
al | ow=ul aw transport = sinpletrans
cont ext =i nt er nal context = interna
secret=1234 di sal l ow = al
al |l ow = ul aw
[ 6002] aors = 6001
type=friend aut h = aut h6001
host=192.0.2.1
di sal | ow=al | [ 6001]
al | ow=ul aw type = aor
cont ext =i nt er nal max_contacts = 1

secret=1234
[ aut h6001]
type=auth
aut h_t ype=user pass
passwor d=1234
user nane=6001

[ 6002]

type = endpoi nt
transport = sinpletrans
context = interna

di sal l ow = al

al l ow = ul aw

aors = 6002

aut h = aut h6002

[ 6002]
type = aor
contact = sip:6002@92.0.2.1: 5060

[ aut h6002]
type=auth

aut h_t ype=user pass
passwor d=1234

user nane=6001

Example SIP Trunk Configuration

This shows configuration for a SIP trunk as would typically be provided by an ITSP. That is registration to a remote server, authentication to it and a
peer/endpoint setup to allow inbound calls from the provider.

® SIP provider requires registration to their server with a username of "myaccountname" and a password of "1234567890"

® SIP provider requires registration to their server at the address of 203.0.113.1:5060

® SIP provider requires outbound calls to their server at the same address of registration, plus using same authentication details.
® SIP provider will call your server with a user name of "mytrunk". Their traffic will only be coming from 203.0.113.1

sip.conf pjsip.conf
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[ general ] [ si npl etrans]

udpbi ndaddr=0. 0. 0.0 type=transport
pr ot ocol =udp
regi ster => bi nd=0.0.0.0
myaccount name: 1234567890@03. 0. 113. 1: 506
0 [ myt runk]
type=registration
[ myt runk] transport=si npl etrans
type=friend out bound_aut h=nyt r unk
secr et =1234567890 server _uri =si p: nyaccount nane@03. 0. 113. 1
user nane=myaccount nane : 5060
host =203. 0. 113. 1 client_uri=sip:myaccount nane@92.0.2.1:5
di sal | ow=al | 060
al | ow=ul aw
cont ext =f r om ext er nal [ myt runk]
type=auth

aut h_t ype=user pass
passwor d=1234567890
user nane=nyaccount nane

[ myt runk]
t ype=aor
cont act =si p: 203. 0. 113. 1: 5060

[ myt runk]

t ype=endpoi nt
transport=si npl etrans
cont ext =f rom ext er na
di sal | ow=al

al | on=ul aw

out bound_aut h=nyt r unk
aor s=nyt runk

[ myt runk]
type=identify
endpoi nt =nyt r unk
mat ch=203. 0. 113. 1

Disabling res_pjsip and chan_pjsip

There are several methods to disable or remove modules in Asterisk. Which method is best depends on your intent.
If you have built Asterisk with the PJSIP modules, but don't intend to use them at this moment, you might consider the following:
1. Edit the file modules.conf in your Asterisk configuration directory. (typically /etc/asterisk/)

nol oad => res_pj si p_pubsub. so

nol oad => res_pj si p_session. so

nol oad => chan_pj si p. so

nol oad => res_pj sip_exten_state. so
nol oad => res_pj sip_l og_forwarder. so

Having a noload for the above modules should (at the moment of writing this) prevent any PJSIP related modules from loading.

2. Restart Asterisk!
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Other possibilities would be:

®* Remove all PJSIP modules from the modules directory (often, /usr/lib/asterisk/modules)

® Remove the configuration file (pjsip.conf)

® Un-install and re-install Asterisk with no PJSIP related modules.

® |f you are wanting to use chan_pjsip alongside chan_sip, you could change the port or bind interface of your chan_pjsip transport in
pjsip.conf
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Configuring res_pjsip to work through NAT

Here we can show some examples of working configuration for Asterisk's SIP channel driver when Asterisk is behind NAT (Network Address Translation).

Asterisk and Phones Connecting Through NAT to an ITSP

This example should apply for most simple NAT scenarios that meet the following criteria:

® Asterisk and the phones are on a private network.

® There is a router interfacing the private and public networks. Where the public network is the Internet.

® The router is performing Network Address Translation and Firewall functions.

® The router is configured for port-forwarding, where it is mapping the necessary ranges of SIP and RTP traffic to your internal Asterisk
server.
In this example the router is port-forwarding WAN inbound TCP/UDP 5060 and UDP 10000-20000 to LAN 192.0.2.10

This example was based on a configuration for the ITSP SIP.US and assuming you swap out the addresses and credentials for real ones, it should work for
a SIP.US SIP account.

Devices Involved in the Example

Using RFC5737 documentation addresses

Device IP in example
VOIP Phone(6001) 192.0.2. 20
PC/Asterisk 192.0.2.10
Router LAN: 192.0.2.1

WAN: 198.51.100.5

ITSP SIP gateway 203.0.113. 1(gwl. exanpl e. com
203. 0. 113. 2(gw2. exanpl e. con)

For the sake of a complete example and clarity, in this example we use the following fake details:
ITSP Account number: 1112223333

DID number provided by ITSP: 19998887777

pjsip.conf Configuration

We are assuming you have already read the Configuring res_pjsip page and have a basic understanding of Asterisk. For this NAT example, the important
config options to note are local_net, external_media_address and external_signaling_address in the transport type section and direct_media in the
endpoint section. The rest of the options may depend on your particular configuration, phone model, network settings, ITSP, etc. The key is to make sure
you have those three options set appropriately.

local_net

This is the IP network that we want to consider our local network. For communication to addresses within this range, we won't apply any NAT-related
settings, such as the external* options below.

external_media_address

This is the external IP address to use in RTP handling. When a request or response is sent out from Asterisk, if the destination of the message is outside
the IP network defined in the option 'local_net', and the media address in the SDP is within the localnet network, then the media address in the SDP will be
rewritten to the value defined for 'external_media_address'.

external_signaling_address

This is much like the external_media_address setting, but for SIP signaling instead of RTP media. The two external* options mentioned here should be set
to the same address unless you separate your signaling and media to different addresses or servers.
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direct_media

Determines whether media may flow directly between endpoints

Together these options make sure the far end knows where to send back SIP and RTP packets, and direct_media ensures Asterisk stays in the media
path. This is important, because our Asterisk system has a private IP address that the ITSP cannot route to. We want to make sure the SIP and RTP traffic
comes back to the WAN/Public internet address of our router. The sections prefixed with "sipus" are all configuration needed for inbound and outbound
connectivity of the SIP trunk, and the sections named 6001 are all for the VOIP phone.

[transport-udp-nat]

type=t ransport

pr ot ocol =udp

bi nd=0.0.0.0

| ocal _net=192.0.2.0/24

| ocal _net=127.0.0.1/32

ext ernal _nedi a_address=198. 51. 100. 5

ext ernal _si gnal i ng_address=198. 51. 100. 5

[ si pus_req]

type=registration
transport=transport-udp- nat

out bound_aut h=si pus_auth

server _uri =si p: gwl. exanpl e. com

client _uri=sip:1112223333@wl. exanpl e. com
contact _user=19998887777
retry_interval =60

[ si pus_aut h]

type=auth

aut h_t ype=user pass
passv\ordz************
user nane=1112223333
real megwl. exanpl e. com

[ si pus_endpoi nt]

t ype=endpoi nt
transport=transport-udp- nat
secti on=from externa

di sal | ow=al |

al | ow=ul aw

out bound_aut h=si pus_aut h
aor s=si pus_aor

di rect _nmedi a=no

f rom domai n=gwl. exanpl e. com

[ si pus_aor]

t ype=aor

cont act =si p: gwl. exanpl e. com
cont act =si p: gw2. exanpl e. com

[ sipus_identify]
type=identify

endpoi nt =si pus_endpoi nt
mat ch=203. 0. 113. 1

mat ch=203. 0. 113. 2

[ 6001]

t ype=endpoi nt
section=frominterna
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di sal | on=al

al | ow=ul aw
transport=transport-udp- nat
aut h=6001

aor s=6001

di rect _nedi a=no

[ 6001]

type=aut h

aut h_t ype=user pass
PASSWOI g=%** % % % % % %%
user nane=6001
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[ 6001]
type=aor
max_cont act s=2

For Remote Phones Behind NAT

In the above example we assumed the phone was on the same local network as Asterisk. Now, perhaps Asterisk is exposed on a public address, and
instead your phones are remote and behind NAT, or maybe you have a double NAT scenario?

In these cases you will want to consider the below settings for the remote endpoints.

media_address
IP address used in SDP for media handling

At the time of SDP creation, the IP address defined here will be used as

the media address for individual streams in the SDP.

NOTE: Be aware that the 'external_media_address' option, set in Transport
configuration, can also affect the final media address used in the SDP.

rtp_symmetric

Enforce that RTP must be symmetric. Send RTP back to the same port we received it from.

force_rport

Force RFC3581 compliant behavior even when no rport parameter exists. Basically always send SIP responses back to the same port we received SIP
requests from.

direct_media

Determines whether media may flow directly between endpoints.

Clients Supporting ICE,STUN,TURN

This is really relevant to media, so look to the section here for basic information on enabling this support and we'll add relevant examples later.
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Setting up PJSIP Realtime

® Overview

® |Installing Dependencies
Creating the MySQL Database
Installing and Using Alembic
Configuring ODBC
Connecting PJSIP Sorcery to the Realtime Database
Realtime Configuration
Asterisk Startup Configuration
Asterisk PJSIP configuration
Endpoint Population
A Little Dialplan
Conclusion

Overview

This tutorial describes the configuration of Asterisk's PISIP channel driver with the "realtime" database storage backend. The realtime interface allows
storing much of the configuration of PJSIP, such and endpoints, auths, aors and more, in a database, as opposed to the normal flat-file storage of
pjsip.conf.

Installing Dependencies

For the purposes of this tutorial, we will assume a base Ubuntu 12.0.4.3 x86_64 server installation, with the OpenSSH server and LAMP server options,
and that Asterisk will use its ODBC connector to reach a back-end MySQL database.

Beyond the normal packages needed to install Asterisk 12 on such a server (build-essential, libncurses5-dev, uuid-dev, libjansson-dev, libxmi2-dev,
libsglite3-dev) as well as the Installation of pjproject, you will need to install the following packages:

¢ unixodbc and unixodbc-dev
® ODBC and the development packages for building against ODBC
® Jibmyodbc
®* The ODBC to MySQL interface package
® python-dev and python-pip
® The Python development package and the pip package to allow installation of Alembic
® python-mysqldb
® The Python interface to MySQL, which will be used by Alembic to generate the database tables

So, from the CLI, perform:

# apt-get install unixodbc unixodbc-dev |ibnmyodbc python-dev python-pip python-nysql db

Once these packages are installed, check your Asterisk installation's make menuconfig tool to make sure that the res_config_odbc and res_odbc resour
ce modules, as well as the res_pjsip_xxx modules are selected for installation. If they are, then go through the normal Asterisk installation process: ./conf
igure; make; make install

And, if this is your first installation of Asterisk, be sure to install the sample files: make samples

Creating the MySQL Database

Use the mysqgladmin tool to create the database that we'll use to store the configuration. From the Linux CLI, perform:

# nysqladnmin -u root -p create asterisk

This will prompt you for your MySQL database password and then create a database named asterisk that we'll use to store our PJSIP configuration.

Installing and Using Alembic

Alembic is a full database migration tool, with support for upgrading the schemas of existing databases, versioning of schemas, creation of new tables and
databases, and a whole lot more. A good guide on using Alembic with Asterisk can be found on the Managing Realtime Databases with Alembic wiki page.
A shorter discussion of the steps necessary to prep your database will follow.

First, install Alembic:

# pip install alenbic
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Then, move to the Asterisk source directory containing the Alembic scripts:

‘ # cd contri b/ ast - db- manage/ ‘

Next, edit the config.ini.sample file and change the sqlalchemy.url option, e.g.

‘ sqgl al cheny.url = nysql://root:password@ ocal host/ asteri sk ‘

such that the URL matches the username and password required to access your database.

Then rename the config.ini.sample file to config.ini

‘ # cp config.ini.sanple config.ini ‘

Finally, use Alembic to setup the database tables:

‘ # alenbic -c config.ini upgrade head ‘

You'll see something similar to:

# alenbic -c config.ini upgrade head

INFO [al enbic.nmigration] Context inpl M/SQInpl.

INFO [alenbic.migration] WIIl assune non-transactional DDL.

INFO [al embic.migration] Running upgrade None -> 4daOc5f79a9c, Create tables

INFO [al enbic.migration] Running upgrade 4daOc5f79a9c -> 43956d550a44, Add tables for pjsip
#

You can then connect to MySQL to see that the tables were created:

# nysql -u root -p -D asterisk

nysql > show t abl es;

al enbi c_version
iaxfriends

neet ne

nusi conhol d
ps_aors

ps_aut hs
ps_contacts
ps_donai n_al i ases
ps_endpoi nt _i d_i ps
ps_endpoi nts

si ppeers

voi cemai |
e +
12 rows in set (0.00 sec)
nysql > quit

Configuring ODBC

Now that we have our MySQL database created and populated, we'll need to setup ODBC and Asterisk's ODBC resource to access the database. First,
we'll tell ODBC how to connect to MySQL. To do this, we'll edit the /etc/odbcinst.ini configuration file. Your file should look something like:

letc/odbcinst.ini

[MSQL]

Description = ODBC for MySQ

Driver = [usr/lib/x86_64-1inux-gnu/odbc/Iibnyodbc. so
Setup = /usr/lib/x86_64-1inux-gnu/odbc/libodbcnyS. so
UsageCount = 2

Next, we'll tell ODBC which MySQL database to use. To do this, we'll edit the /etc/odbc.ini configuration file and create a database handle called asterisk
. Your file should look something like:
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/etc/odbc.ini

[asterisk]

Driver = MySQL

Description = MySQL connection to ‘asterisk’ database
Server = | ocal host

Port = 3306

Dat abase = asteri sk

User Name = root

Password = password

Socket = /var/run/mysql d/ mysql d. sock

Take care to use your database access UserName and Password, and not necessarily what's defined in this example.

Now, we need to configure Asterisk's ODBC resource, res_odbc, to connect to the ODBC asterisk database handle that we just created. res_odbc is

configured using the /etc/asterisk/res_odbc.conf configuration file. There, you'll want:

/etc/asterisk/res_odbc.conf

[asterisk]

enabl ed => yes

dsn => asterisk

user name => root
password => password
pre-connect => yes

Again, take care to use the proper username and password.

Now, you can start Asterisk and you can check its connection to your "asterisk" MySQL database using the "asterisk" res_odbc connector to ODBC. You

can do this by executing "odbc show" from the Asterisk CLI. If everything went well, you'll see:

# asterisk -vvvvc
*CLI > odbc show

ODBC DSN Settings
Nanme: asterisk
DSN: asterisk
Last connection attenpt: 1969-12-31 18:00: 00
Pool ed: No
Connect ed: Yes
*CLI >

Connecting PJSIP Sorcery to the Realtime Database

The PJSIP stack uses a new data abstraction layer in Asterisk called sorcery. Sorcery lets a user build a hierarchical layer of data sources for Asterisk to
use when it retrieves, updates, creates, or destroys data that it interacts with. This tutorial focuses on getting PJSIP's configuration stored in a realtime
back-end; the rest of the details of sorcery are beyond the scope of this page.

PJSIP bases its configuration on types of objects. For more information about these types of objects, please refer to the Configuring res_pjsip wiki page.
In this case, we have a total of five objects we need to configure in Sorcery:

endpoint
auth

aor
domain
identify

Sorcery is configured using the /etc/asterisk/sorcery.conf configuration file. So, we need to add the following lines to the file:
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letc/asterisk/sorcery.conf

[res_pjsip] ; Realtine PISIP configuration w zard
endpoi nt=real ti ne, ps_endpoi nts

aut h=real ti ne, ps_aut hs

aor=real ti me, ps_aors

domai n_al i as=real ti ne, ps_donmai n_al i ases
identify=realtine, ps_endpoint_id_ips

The items use the following nomenclature:

{obj ect _type} = {sorcery_w zard_nane}, {w zard_argunent s}

In our case, the sorcery_w zar d_nane is realtime, and the wizard_arguments are the name of the database connector ("asterisk") to associate with
our object types.

Realtime Configuration

Since we've associated the PJSIP objects with database connector types, we now need to tell Asterisk to use a database backend with the object types,
and not just the flat pjsip.conf file. To do this, we modify the /etc/asterisk/extconfig.conf configuration file to provide these connections.

Open extconfig.conf (/etc/asterisk/extconfig.conf) and add the following lines to the 'settings' configuration section

letc/asterisk/extconfig.conf

ps_endpoi nts => odbc, ast eri sk
ps_aut hs => odbc, asteri sk

ps_aors => odbc, asteri sk

ps_domei n_al i ases => odbc, asteri sk
ps_endpoi nt _id_i ps => odbc, asteri sk

At this point, Asterisk is nearly ready to use the tables created by alembic with PJSIP to configure endpoints, authorization, AORs, domain aliases, and
endpoint identifiers.

A warning for adventurous types:
Sorcery.conf allows you to try to configure other PJSIP objects such as transport using realtime and it currently won't stop you from doing so.
However, some of these object types should not be used with realtime and this can lead to errant behavior.

Asterisk Startup Configuration

Now, we need to configure Asterisk to load its ODBC driver at an early stage of startup, so that it's available when any other modules might need to take
advantage of it. Also, we're going to prevent the old chan_sip channel driver from loading, since we're only worried about PJSIP.

To do this, edit the /etc/asterisk/modules.conf configuration file. In the [modules] section, add the following lines:

letc/asterisk/modules.conf

prel oad => res_odbc. so
preload => res_config_odbc. so
nol oad => chan_si p. so

Asterisk PJSIP configuration

Next, we need to configure a transport in /etc/asterisk/pjsip.conf. PJSIP transport object types are not stored in realtime as unexpected results can
occur. So, edit it and add the following lines:
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letc/asterisk/pjsip.conf

[transport-udp]
type=transport
pr ot ocol =udp

bi nd=0.0.0.0

Here, we created a transport called transport-udp that we'll reference in the next section.

Endpoint Population

Now, we need to create our endpoints inside of the database. For this example, we'll create two peers, 101 and 102, that register using the totally insecure
passwords "101" and "102" respectively. Here, we'll be populating data directly into the database using the MySQL interactive tool.

# nysql -u root -p -D asterisk;

nysql > insert into ps_aors (id, nmax_contacts) values (101, 1);

nysql > insert into ps_aors (id, nax_contacts) values (102, 1);

nysql > insert into ps_auths (id, auth_type, password, usernane) values (101, 'userpass', 101, 101);

nysql > insert into ps_auths (id, auth_type, password, usernane) values (102, 'userpass', 102, 102);

nysql > insert into ps_endpoints (id, transport, aors, auth, context, disallow allow, direct_nedia) values (101, 'transport-udp',

‘101', '101', 'testing', 'all', 'g722', 'no');

nysql > insert into ps_endpoints (id, transport, aors, auth, context, disallow allow, direct_nedia) values (102, 'transport-udp',
'102', '102', 'testing', 'all', 'g722', 'no');

nysql > quit;

In this example, we first created an aor for each peer, one called 101 and the other 102.
Next, we created an auth for each peer with a userpath of 101 and 102.

Then, we created two endpoints, 101 and 102, each referencing the appropriate auth and aor, and we elected for the G.722 codec and we forced media to
route inside of Asterisk (not the default behavior of Asterisk).

Now, you can start Asterisk and you can check to see if it's finding your PJSIP endpoints in the database. You can do this by executing "pjsip show
endpoints” from the Asterisk CLI. If everything went well, you'll see:

# asterisk -vvvvc

*CLI > pjsip show endpoints
Endpoi nt s:

101

102

*CLI >

A Little Dialplan
Now that we have our PJSIP endpoints stored in our MySQL database, let's add a little dialplan so that they can call each other. To do this, edit Asterisk's /
etc/asterisk/extensions.conf file and add the following lines to the end:

/etc/asterisk/extensions.conf

[testing]
exten => _1XX 1, NoOp()
same => n, Di al (PJSI P/ ${ EXTEN})

Conclusion

Now, start Asterisk back up, or reload it using core reload from the Asterisk CLI, register your two SIP phones using the 101/101 and 102/102 credentials,
and make a call.
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Managing Realtime Databases with Alembic

Overview

Asterisk 12 now uses Alembic to help manage Asterisk Realtime Database schemas. This includes creation of SQL scripts for a variety of database
vendors, but also much more. Alembic is a full database migration tool, with support for upgrading the schemas of existing databases, versioning of
schemas, creation of new tables and databases, and a whole lot more. This page covers basic configuration of the Alembic configuration file for usage with
Asterisk Realtime as well as basic usage of Alembic. While a full description of Alembic is beyond the scope of this page, the information on this page
should help an Asterisk administrator create or upgrade an Asterisk installation.

Before you Begin

This tutorial assumes you already have some experience in setting up Realtime configuration with Asterisk for other modules. This page will not describe
how to set up backend database connectors, and is written under the assumption that you will be using ODBC to connect to your database since the ODBC
adaptor is capable of connecting to most commonly used database servers. For more information on configuring and setting up Asterisk Realtime, see Aste

risk Realtime Database configuration.

Installing Alembic

If you don't already have Alembic installed, perform the following:

This does assume that you have pip installed. If you do not have pip installed, easy_install should work just as well. If you don't have pip or
easy_install (or Python), then you should probably install those first.

‘ $ pip install alenbic

And that's it!

Building the Database Tables

Alembic scripts were added to Asterisk in Asterisk 12, and will allow you to automatically populate your database with tables for most of the commonly used
configuration options. The scripts are located in the Asterisk contrib/ast-db-manage folder:

‘ $ cd contrib/ ast-db- manage

For the rest of this tutorial, we will assume that operations will be taken in the context of that directory.

Within this directory, you will find a configuration sample file, conf i g. i ni . sanpl e, which will need to be edited to connect to your database of choice.
Open this file in your test editor of choice and then save a copy of this sample file as confi g. i ni - this will serve as the configuration file you actually use

with Alembic.

There are two different parameters in conf i g. i ni that require review: sql al cheny. url and scri pt _| ocati on. The first specifies the database to
upgrade; the second which upgrades to perform.

1. Update sql al chemny. url to the URL for your database. An example is shown below for a MySQL database:

sql al cheny.url = nysql://root: password@ ocal host/ asteri sk

This would connect to a MySQL database as user r oot with password passwor d. The database is ast eri sk, located on | ocal host . Different
databases will require different URL schemas; however, they should in general follow the format outlined above. Alembic supports many different
database technologies, including or acl e, post gr esql , and mssql .

For more information, see the Alembic documentation on SQLAIchemy URLSs: http:/docs.sqlalchemy.org/en/rel_0_8/core/engines.html#database-

urls
2. Update scri pt _| ocat i on to the schema to update. Asterisk currently supports two sets of schemas:

a. confi g - the set of schemas for Asterisk Realtime databases
b. voi cenui | -the schema for ODBC VoiceMail
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om sorry Dave, I'm afraid | can't let you do that.
Using config.ini for Alembic will populate tables for all of the configuration objects that can be populated this way, so if you really don't want a
table for sip peers, iax friends, voicemail, meetme, and music on hold, you may need to exercise a little fine control. Back up your database
before continuing and be prepared to delete tables that you don't want when you are finished.

Your config.ini should be ready for use at this point, so close your text editor and return to the terminal. Then run:

‘ $ alenbic -c config.ini upgrade head

@ Alembic makes upgrading less painful
As Asterisk changes and new fields are made controllable via realtime, the Alembic scripts will be updated as well and you will be able to simply
run the alembic upgrade command again in order to modify your database. Always exercise due diligence and backup your database before
upgrading though. Tables can be fixed easily. Repopulating the data if it's lost however isn't.

At this point, if you configured your config.ini to connect to the database properly, your tables should be ready.
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Getting Started with ARI

Asterisk 12 introduces the Asterisk REST Interface, a set of RESTful API's for building Asterisk based applications. This article will walk you though getting
ARI up and running.

Before you begin, you will need to install Asterisk. This article also assumes that you are familiar with
You can find some historical documents on the wiki about the development and architecture of ARI.

1 Overview
2 Configuration
2.1 http.conf
2.2 ari.conf
2.3 extensions.conf
2.4 Phone configuration
3 Authenticating Requests
4 Using Swagger-Ul
5 Connecting the WebSocket
6 Doing stuff
6.1 Manipulating the channel
6.2 Asynchronous operations
6.3 Bridging
7 Recommended Practices
7.1 Don't access ARI directly from a web page
7.2 Use an abstraction layer
8 WebSocket client libraries

Overview

There are three main components to building an ARI application.

The first, obviously, is the RESTful APl itself. The API is documented using Swagger, a lightweight specification for documenting RESTful API's. The
Swagger API docs are used to generated validations and boilerplate in Asterisk itself, along with static wiki documentation, and interactive documentation
using Swagger-Ul.

Then, Asterisk needs to send asynchronous events to the application (new channel, channel left a bridge, channel hung up, etc). This is done using a Web
Socket on /ari/events. Events are sent as JSON messages, and are documented on the REST Data Models page. (See the list of subtypes for the Messa
ge data model.)

Finally, connecting the dialplan to your application is the St asi s() dialplan application. From within the dialplan, you can send a channel to St asi s(),
specifying the name of the external application, along with optional arguments to pass along to the application.

Configuration

The sample configuration files, along with the config show help command, give full details of the Asterisk configuration files. Here's a sample set of file one
might use to build a simple ARI application.

http.conf

In order to use ARI, Asterisk's HTTP server must be enabled. You should also consider the security of your interface when configuring the HTTP server.
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http.conf

[ general ]
enabl ed=yes
bi ndaddr=127.0.0.1 ; For applications to run on a different machine, use
; 0.0.0.0 or specify an address
; When running applications on a different nachine, consider using TLS for
; your HTTP connections

)

;t1 senabl e=yes ; enable tls - default no
;11 shi ndaddr =0. 0. 0. 0: 8089 ; address and port to bind to - default is
; bindaddr and port 8089.
;tlscertfile=</path/to/certificate.penr ; path to the certificate file
; (*.pem only.
;t1sprivatekey=</path/to/private. pen> ; path to private key file
7 (*.pem only.
ari.conf

ARl itself is configured in the ar i . conf file. For this example, we don't need pretty printing, so that's disabled.

We will be accessing the API from the Swagger-Ul app hosted on ari.asterisk.org. The requires the al | owed_or i gi ns option to be set, in order to access
the APl in a cross-origin sort of manner.

ari.conf

[ general ]

enabl ed=yes

;pretty=yes ; we don't need pretty-printing of the JSON responses in this
; exanple, but you mght if you use curl a lot.

; In this exanple, we are going to use the version of Swagger-U that is hosted
; at ari.asterisk.org. In order to get past CORS restrictions in the browser,
; That origin needs to be added to the allowed_origins |ist.

al  owed_origins=ari.asterisk.org

[ hey]

type=user

passwor d=peekaboo

; read_onl y=no ; Set to yes for read-only applications

; For the security concious, you probably don't want to put plaintext passwords
; in the configuration file. ARl supports the use of crypt(3) for password

; storage. You can encrypt a password using the "ari nkpasswd' conmand |ine

; conmand. Note that the protocols supported by crypt(3) are system specific,

; so check "man 3 crypt' to see what's available on your system

; passwor d_f or mat =cr ypt
; passwor d=$6$u8RH5k Qre8DV5$MIgy dW RGv/ vuxt RXI 306qpf i 81Kr 13F. Qogel | cGARTFZ7GUWIERI/ O D8cPA
W t R/ VMApo7bsHALGDPVNJI X0
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extensions.conf

If you would like to accept calls into your application, they need to be sent to the St asi s() application in the dialplan.

extensions.conf

[ defaul t]
exten => 7000, 1, Noop()
sane => n, Stasis(hello,wrld) ; hello is the name of the application
;o world is its argunent |ist
sane => n, Hangup()

Phone configuration

Configuring phones is outside the scope of this walk through. | recommend configuring a SIP smart phone, simply because it makes things easier when
dealing with multiple calls.

Authenticating Requests

ARI requests (both the RESTful APl and the WebSocket) must be authenticated. Two authentication schemes are support.

1. ?api _key query parameter. This is the default method supported by Swagger-Ul
a. The api_key is "username:password"
2. HTTP Basic authentication

Using Swagger-Ul
One of the advantages of documenting our RESTful API using Swagger is the ability to generate interactive documentation.

Swagger-Ul is a pure HTML+JavaScript application which can download Swagger api-docs, and generate an interactive web page which allows you to view
resources, their operations, and submit API requests directly from the documentation.

A fork of Swagger-Ul is hosted on ari.asterisk.org, which enables DELETE operations (which are disabled by default in Swagger-Ul), and sets the default
URL to what it would be running Asterisk on your local system.

In order to access ARI, you have to populate the api _key field with a user nane: passwor d configured in ari . conf . You should also set al | owed_or i
ginsinari.conf to allow the site hosting Swagger-Ul to access ARI.

600 Swagger Ul

& - @ [} ariasterisk.org/#/asterisk/setGlobalVar_post 2 9% B O=
asterisk : Asterisk resources Show/Hide

BB /zsterisivinfo

IER /asterisiovariable

=3 esterisiovariable

Parameters
Parameter  Value Description ParameterType _Data Type

arigble oo The variable to set query string
vatve b The value o set the varable to  query sring
Error Status Codes

HTTPStatus Code _ Reason

400

(v o)

Request URL

http:
Response Body
content
Response Code
200

Response Headers

{"Cache-Control":"no-cache, no-store"}
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Connecting the WebSocket

When Asterisk is running, your application will need to connect to the WebSocket in order to receive events from Asterisk. There are several WebSocket
client libraries available, covering most platforms and languages.

For this example, we will simply use the wscat.py script. This script requires the websocket-client library, so be sure to pi p i nstal |
websocket - cl i ent first.

$ wscat.py 'ws://local host: 8088/ ari/events?app=hel | o&api _key=hey

The WebSocket is now connected. As events are received, wscat will print them to stdout. Every recieved event will have:

® type - text string naming the event. This is the model id from the / ari / api - docs/ event s. j son API doc.
® appl i cati on - The name of the application receiving the event. In our example, the name is hel | o.
® tinestanp - Time of the event. Most events have a timestamp field, but not all.

Doing stuff

Okay, first try something simple. Let's just dial the application. Use whatever telephony device you've configured with Asterisk to dial extension 7000. You
should see this message come from the WebSocket:

"type": "StasisStart”

{
"application": "hello",
"args": [
"wor | d"
I,
"channel ": {
"account code": "",
"caller": {
"nane": "blink",
"nunber": "blink"
I
"connected": ({
"nanme": "",
"nunber": ""
I
"creationtinme": "2013-10-15T15:54: 12. 625- 0500"
"dial plan": {
"context": "default"
"exten": "7000",
"priority": 2
}
"id": "1381870452.0"
"nanme": "SI P/ blink-00000000"
"state": "Ring"
}
"timestanp": "2013-10-15T15:54: 12. 626- 0500"
"type": "StasisStart"
}

The St asi sSt art event shows that a channel has entered into the St asi s dialplan application. This application is hel | o, and the arguments passed to
the application are [ "wor | d"] . You also recieve a channel object with detailed information about the channel. The channel's i d field is how the channel
is identified via the REST API.

Manipulating the channel
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1 Currently, Asterisk only parses query parameters, even with POST requests. See ASTERISK-22685 for more details.

There are lots of things you can do with channels.

CHAN=1381870452. 0

curl -v -u hey: peekaboo -X POST "http://|ocal host:8088/ari/channel s/ $CHAN answer "
<sni p/ >

HTTP/ 1.1 204 No Content

Server: Asterisk/ SVYN-dl ee-pl ayback-event s- hack- URL: -r400821M

Date: Tue, 15 Cct 2013 21:10:33 GVI

Connection: close

Cache-Control : no-cache, no-store

Content-Length: 0O

*NNANNANNANNANNANNANFSHSA

Cl osi ng connection #0

The / answer operation simply returns 204 No Cont ent to indicate success. You will also see a Channel St at eChange message on the WebSocket,
indicating that the channel is now "st ate": " Up". If you press DTMF keys on the phone, you will also see Channel Dt nf Recei ved events on the
WebSocket.

Asynchronous operations

Most operations you perform via ARI are asynchronous. This means that the API call returns immediately, and work is queued up to happen in the
background. For some operations (like / answer ) this is fairly transparent. For others (like / pl ay and / r ecor d), this is apparent in the API.

Let's look at how playback works.

$ curl -v -u hey: peekaboo - X POST

"http://1ocal host: 8088/ ari/channel s/ $CHAN pl ay?nedi a=sound: hel | o-wor | d" | jsonpp
# <snip/>
< HTTP/ 1.1 201 Created
< Server: Asterisk/ SVYN-dl ee-pl ayback-events-hack-URL: -r400821M
< Date: Tue, 15 Cct 2013 21:14:56 GVl
< Connection: close
< Cache-Control: no-cache, no-store
< Content-Length: 146
< Location: /playback/9315bf40-ac65-4cbe- 83ae-b4e4355f 585e
< Content-type: application/json
<
{ [data not shown]
100 146 100 146 0 0 34515 0 --i--1-- ==1--1-- --1--1-- 142k
* C osing connection #0
{
"id": "9315bf 40- ac65- 4che- 83ae- b4e4355f 585e",
"media_uri": "sound: hello-world",
"target _uri": "channel:1381871629. 2",
"| anguage": "en",
"state": "queued"
}

POST'ing to the / pl ay resource returns a 201 Cr eat ed, because it creates a / pl ayback resource. The URI is given in the Locat i on: header, and
the i d is given in the response.

We're now done with the channel. We can hangup with an HTTP DELETE
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curl -v -u hey: peekaboo -X DELETE "http://1ocal host: 8088/ ari/channel s/ $CHAN'
<sni p/ >

HTTP/ 1.1 204 No Content

Server: Asterisk/SVYN-dl ee-pl ayback-event s- hack- URL: -r400821M

Date: Tue, 15 Cct 2013 21:23:12 GJr

Connection: cl ose

Cache-Control : no-cache, no-store

Content-Length: O

ANNNNANNANNANFS

Once again, since there's nothing more to say than 'success', the response is 204 No Cont ent.

Bridging

One of the more powerful features in ARI is the ability to create your own bridges, and move channels into and out of those bridges. Let's see some of that
now. First, we'll create a holding bridge. This is a bridge which plays music on hold to all participants, and they cannot hear one another.

$ curl -v -u hey: peekaboo -X POST "http://1 ocal host: 8088/ ari/bridges?type=hol di ng"

{
"channel s": [],
"id": "5b55d1f 0- 2edf - 4b94- a07c- d841e25bbale",
"technol ogy": "hol di ng_bridge",
"bridge_class": "base",
"bridge_type": "hol di ng"

}

$ BRI DGE="5b55d1f 0- 2edf - 4b94- a07c- d841e25bbale"

There you go, a brand new bridge with no channels in it. If you issue a GET on / bri dges, or/ bri dges/ $BRI DGE, you can see the details of the bridge,
including the ids of all the channels currently in the bridge.

Now dial the 7000 extension a couple of times to get a few channels.

Received events
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"application": "hello",
"args": [
"wor | d"
1,
"channel ": {
"account code": "",
"caller": {
"nanme": "blink"
"nunber": "blink"
I
"connected": {
"nanme": "",
"nunber": ""
I
"creationtinme": "2013-10-15T16: 42: 28. 808- 0500"
"dial plan": {
"context": "default"
"exten": "7000",
"priority": 2
H
"id": "1381873348. 4",
"nane": "SI P/blink-00000004",
"state": "Ring"
H
"timestanp": "2013-10-15T16: 42: 28. 809- 0500"
"type": "StasisStart"

"application": "hello",
"args": [
"wor | d"
1,
"channel ": {
"account code": "",
"caller": {
"nanme": "blink"
"nunber": "blink"

I
"connected": ({
"name': ""

llnurmerll: nn
I

"creationtine": "2013-10-15T16: 42: 40. 572- 0500"
"dial plan": {
"context": "default"
"exten": "7000"
"priority": 2
H
"id": "1381873360.5",
"nanme": "SI P/blink-00000005",
"state": "Ring"
H
"tinestanp": "2013-10-15T16: 42: 40. 573- 0500"
"type": "StasisStart"
}

Answer the channels, and add them to the bridge
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CHAN1=1381873348. 4

CHAN2=1381873360. 5

curl -u hey: peekaboo -X POST "http://|ocal host: 8088/ ari/channel s/ $CHANL/ answer "
curl -u hey: peekaboo - X POST "http://1 ocal host: 8088/ ari/channel s/ $CHAN2/ answer "
curl -v -u hey: peekaboo -X POST

"http://1ocal host: 8088/ ari/bridges/ $BRl DGE addChannel ?channel =$CHAN1, $CHAN2"

# <sni p/ >

< HTTP/ 1.1 204 No Content

LR A

You should now hear music-on-hold on each channel. Even while in the bridge, you can play media to the channels. Media may be played individually, or
to the entire bridge. The music-on-hold will resume when the playback has ended.

# Play to the channel s individually

$ curl -s -u hey: peekaboo -X POST

"http://1ocal host: 8088/ ari/channel s/ $CHANL/ pl ay?nmedi a=sound: hel | o-wor | d"
$ curl -s -u hey: peekaboo - X POST

"http://1ocal host: 8088/ ari/channel s/ $CHAN2/ pl ay?nedi a=sound: hel | o-wor | d"
# Play to the bridge

$ curl -s -u hey: peekaboo - X POST

"http://1ocal host: 8088/ ari/bridges/$BRI DG/ pl ay?nedi a=sound: hel | o- wor | d"

Recommended Practices

Don't access ARI directly from a web page

It's very convenient to use ARI directly from a web page for development, such as using Swagger-Ul, or even abusing the WebSocket echo demo to get at
the ARl WebSocket.

But, please, do not do this in your production applications. This would be akin to accessing your database directly from a web page. You need to hide
Asterisk behind your own application server, where you can handle security, logging, multi-tenancy and other concerns that really don't belong in a
communications engine.

Use an abstraction layer

One of the beautiful things about ARI is that it's so easy to just bang out a request. But what's good for development isn't necessarily what's good for
production.

Please don't spread lots of direct HTTP calls throughout your application. There are cross-cutting concerns with accessing the API that you'll want to deal
with in a central location. Today, the only concern is authentication. But as the API evolves, other concerns (such as versioning) will also be important.

Note that the abstraction layer doesn't (and shouldn't) be complicated. Your client side API can even be something as simple wrapper around GET, POST
and DELETE that addresses the cross-cutting concerns. The Asterisk TestSuite has a very simple abstraction library that can be used like this:

ari = ARI ('l ocal host', ('usernane', 'password'))
# Hang up all channels
channel s = ari.get('channels")

for channel in channels
ari.del ete(' channels', channel['id'])

Higher level abstractions would also be good, but require a more complicated client library. ARI is still very new, but these are coming along.

WebSocket client libraries

® Python
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® websocket-client
® Java
® Jetty WebSocket Client API
® Ruby
® faye-websocket
® JavaScript
® ws (includes a wscat implementation)
* Perl
® Net::Async::WebSocket::Client

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

73


https://pypi.python.org/pypi/websocket-client/
http://www.eclipse.org/jetty/documentation/current/jetty-websocket-client-api.html
https://github.com/faye/faye-websocket-ruby
http://einaros.github.io/ws/
http://search.cpan.org/dist/Net-Async-WebSocket/lib/Net/Async/WebSocket/Client.pm

Create a new resource with ARI

Creating new ARI resources is fairly straightforward.

Create the API declaration
Add ittoresources.json
Generate the code
Implement the API
Recommended practices
® Use HTTP error codes
® Validate your inputs
® Don't put business logic in the ARI code

Create the API declaration

In the Asterisk source tree, the Swagger API declarations are stored in . / r est - api / api - docs/ . For this example, we are creating a new resource
named "fizzbuzz".

These API declarations are documented using Swagger. Details on documenting the API declarations can be found on the Swagger wiki.
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fizzbuzz.json

{
" _copyright": "Copyright (C 2013, Digium Inc.",
" _author": "David M Lee, Il <dl ee@i gi umconp",
" _svn_revision": "$Revision$",
"api Version": "0.0.1",
"swagger Version": "1.1",
"basePath": "http://local host: 8088/ stasis",
"resourcePath": "/api-docs/fizzbuzz. {format}",
"apis": [
{
"path": "/fizzbuzz",
"description": "The FizzBuzz test. See

ht t p: / / www. codi nghorror. con bl og/ 2007/ 02/ why- cant - pr ogr anmer s- program htm . ",
"operations": [
{
"httpMethod": "CGET",
"summary": "Returns an array of nunbers from1l to 100. But for nultiples of three
return \"Fizz\" instead of the nunber and for the nultiples of five return \"Buzz\". For
nunbers which are multiples of both three and five return \"Fi zzBuzz\".",

"ni cknanme": "fizzbuzz",
"responseCd ass": "object",
"paraneters": |
{
"name": "max",
"description": "Set the max nunber to fizzbuzz up to",

"paramlype": "query",
"required": false,
"dataType": "l ong"

"model s": {
"FizzBuzz": {
"id": "FizzBuzz",
"description": "List of ints, with Fizz and Buzz m xed in",
"properties": {
"fizzbuzz": {
"type": "List[object]"

Add it to resources. j son

The master list of resources served by Asterisk is kept in r est - api / r esour ces. j son. Simply add your resource to the end of the list.
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resources.json.diff

I ndex: rest-api/resources.json

--- rest-api/resources.json (revision 401118)
+++ rest-api/resources.json (working copy)
@-41,6 +41,10 @@

{
"path": "/api-docs/applications.{format}"
"description": "Stasis application resources”
+ 1
+ {
+ "path": "/api-docs/fizzbuzz.{format}"
+ "description": "FizzBuzz exanple"
}
]
}

Generate the code

The API declarations are used to generate much of the boilerplate code in Asterisk for routing RESTful APl invocations. This code is generated using nake
ari-stubs.

1 The code generator requires Pystache, which can be installed using pi p instal | pystache.

$ meke ari-stubs

/usr/bin/python rest-api-tenpl ates/ make_ari _stubs. py \
rest-api/resources.json

Witing ./doc/rest-api/Asterisk 12 Fizzbuzz REST API.w Ki

Witing ./res/res_ari_fizzbuzz.c

Witing ./res/ari/resource_fizzbuzz.h

Witing ./res/ari/resource_fizzbuzz.c

Witing ./res/ari.mke

Implement the API

As you can see, a number of files are generated. Most of the files are always regenerated, and not meant to be modified. However . / res/ ari / r esour ce
_fizbuzz. c is simply stub functions to help you get started with your implementation.

The parameters described in your API declaration are parsed into an ar gs structure for use in your implementation. The r esponse struct is to be filled in
with the HTTP response.
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resource_fizzbuzz.c

voi d ast_ari _fizzbuzz(struct ast_variable *headers,
struct ast _fizzbuzz_args *args,
struct ast_ari_response *response)

{
RAI'l _VAR(struct ast_json *, json, NULL, ast_json_unref);
struct ast_json *fb;
int i;
int max = 100;
if (args->max) {
max = args- >nex;
}
json = ast_json_pack("{s: []}", "fizzbuzz");
fb = ast_json_object_get(json, "fizzbuzz");
/* This is what one would call "business |ogic", and doesn't belong in
* the ARl layer. But this is just a silly exanple.
*/
for (i = 1; i <= max; ++i) {
if (i %15 == 0) {
ast _json_array_append(fhb,
ast_json_string_create("FizzBuzz"));
} elseif (i %5 == 0) {
ast_json_array_append(fb,
ast_json_string_create("Buzz"));
} elseif (i %3 ==0) {
ast _j son_array_append(fb,
ast_json_string_create("Fizz"));
} else {
ast _json_array_append(fb, ast_json_integer_create(i));
}
}
ast _ari _response_ok(response, json);
}

Recommended practices

Use HTTP error codes

The HTTP error codes do a surprisingly good job describing error conditions you are likely to encounter. Do your best to stay true to the original intention of
the error code; it will help keep the API understandable.

The use of extensions can also be useful. For example, we use 422 Unpr ocessabl e Entity to indicate that a request was syntactically correct, but
semantically invalid. This helps to keep 400 Bad Request from being a catch all for all sort of errors.

Validate your inputs

While Swagger can describe input constraints (min, max, required), these are currently not validated in the request routing. Path parameters cannot be NUL
L (because you couldn't route the request if they were), but query parameters could be.

Don't put business logic in the ARI code

The design of Asterisk, including AR, is to be modular. All of the r es_ari _*. so modules are supposed to be the logic exposing underlying API's via an
HTTP interface. Think of it as a controller in a Model-View-Controller architecture. This could should look up objects, validate inputs, call functions on those
object, build the HTTP response.

If you find yourself writing lots of logic in your ARI code, it should probably be extracted down into either a r es_st asi s*. so module, or into Asterisk core.
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Asterisk 12 Specifications

The following specifications are provided for Asterisk 12:

® Asterisk Manager Interface (AMI) version 1.4
® Asterisk 12 Call Detail Records (CDR)
® Asterisk 12 Channel Event Logging (CEL)

These specifications are only valid for Asterisk 12 and should not be used as a basis for any other version of Asterisk.
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AMI v2 Specification

® Introduction
® Scope
® \Versioning
® Terminology
® Protocol Overview
® Semantics and Syntax
® Message Sending and Receiving
® Message Layout
® Common Fields
® Actions
* Events
® Channel Interaction/Lifetime
® Basic Channel Lifetime
® Channel Variables
* DTMF
® Dialplan Execution
¢ Dialing and Origination
® Bridging
® Two Party Bridging
® Transfers
® Local Channel Optimization
® Masquerades
® Transports
® Security Considerations
® Class Authorizations
® Access Control Lists
® Authorization
® AMI Configuration
® General Settings
® Client Settings

Introduction

This Asterisk Manager Interface (AMI) specification describes the relationship between Asterisk and an external entity wishing to communicate with
Asterisk over the AMI protocol. It describes:

® An overview of the AMI protocol

® The operations AMI provides external entities wishing to control Asterisk

® Basic formatting of AMI message structures

® Guaranteed operations, configuration control, and other information provided by Asterisk in AMI v2.x

Scope

This specification describes AMI version 2, specifically for Asterisk 12. This specification provides details on the functional, operational and design
requirements for AMI version 2. Note that this does not include a comprehensive listing of the AMI configuration file parameters or messages that a system
interfacing over AMI in Asterisk 12 will send/receive; however, it does provide a baseline of the supported features and messages provided in AMI version
2. This specification should be used in conjunction with the documented AMI actions and events in Asterisk 12 to encompass the full range of functionality
provided by AMI in Asterisk 12.

In addition, this specification provides interface requirements levied on AMI by Stasis, a message bus internal to Asterisk. It conveys sufficient detail to
understand how AMI attaches to the Stasis message bus and interacts with other entities on Stasis.

This specification is intended for all parties requiring such information, including software developers, system designers and testers responsible for

implementing the interface.

Versioning
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Starting in Asterisk 12, AMI now follows semantic versioning. The initial release of Asterisk 12 has an AMI version of 2.0.0.

A full description of semantic versionining can be found at http://semver.org/.

Terminology

Term Definition

Action A command issued to Asterisk from an external entity via AMI

Client An external entity communicating with Asterisk via AMI over some
transport mechanism

Event A message sent from Asterisk to an external entity via AMI

Field A key/value pair that exists in either an action or event

Stasis The internal framework that AMI is built on top of

Protocol Overview

Asterisk provides a number of interfaces that serve different purposes. Say, for example, we wanted to manipulate a call between Alice and Bob via some
external mechanism. Depending on what we wanted to do with the call, we may use one or more interfaces to manipulate the channels that make up the
call between Alice and Bob.

Alice calls Bob and... Interface

... We want to use a local script to execute some logic on Alice's AGI
channel

... We want to execute a script on a remote machine on Bob's channel = FastAGI

... we want to put Alice into an IVR with fine grained media control, ExternallVR

where the IVR is written outside of ext ensi ons. conf

... we want to control Alice and Bob's underlying channel objects at
some asynchronous time

... we want to write our own Dialling application to control both Alice

AMI (possibly with AsyncAGI)

ARI

and Bob

In general, AMI is used to manage Asterisk and its channels. It does not determine what actions are executed on a particular channel - the dialplan and/or
an AGI interface does that - but it does allow a client to control call generation, aspects of call flow, and other internals of Asterisk.

At its heart, AMI is an asynchronous message bus: it spills events that contain information about the Asterisk system over some transport. In response,
clients may request that Asterisk takes some action. These two concepts - actions and events - make up the core of what is AMI. As AMI is asynchronous,
as events occur in Asterisk they are immediately sent to the clients. This means that actions issued by entities happen without any synchronization with the
events being received, even if those events occur in response to an action. It is the responsibility of entities to associate event responses back to actions.

Clients wishing to use AMI act as clients and connect to Asterisk's AMI server over a supported transport mechanism. Authentication may or may not be
enabled, depending on the configuration. Once connected, events can be automatically spilled to the connected clients, or limited in a variety of fashions. A
connected client can send an action to the AMI server at any time. Depending on the allowed authorizations, the action may be allowed or disallowed.

More information on the various ways a client can be configured can be seen in AMI Configuration.

Sometimes, the term command may be used instead of the term action. With respect to AMI actions, command is synonymous with action, and
the two can be treated the same. For the sake of consistency, we've attempted to use the term action where possible.

Historically, AMI has existed in Asterisk as its own core component manager . AMI events were raised throughout Asterisk encoded in an AMI specific
format, and AMI actions were processed and passed to the functions that implemented the logic. In Asterisk 12, AMI has been refactored to sit on top of
Stasis, a generic, protocol independent message bus internal to Asterisk. From the perspective of clients wishing to communicate with Asterisk over AMI
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very little has changed; internally, the Stasis representation affords a much higher degree of flexibility with how messages move through Asterisk. It also
provides a degree of uniformity for information that is propagated to interested parties.

N W Stasis acts ag & generic publish/subscribe message bus inside of Asterisk.
. "

“ " While AMI’then directly interacts with constructs in Asterisk through actions,

= "

:
frl " itareeéives its events through messages published over Stasis-Core. It

Yo . .»franslates the generic Stasis messages into an AMI event, and sends those

o the appropriate AMI clientsyent message Flow
| Stasis Core |

Semantics and Syntax

Action Message Flow

Message Sending and Receiving

By default, AMI is an asynchronous protocol that sends events immediately to clients when those events are available. Likewise, clients are free to send
actions to AMI at any time, which may or may not trigger additional events. The exception to this is when the connection is over HTTP; in that scenario,
events are only transmitted as part of the response to an HTTP POST.

Various options for configuration of clients can control which events are sent to a client. Events can be whitelisted/blacklisted explicitly via event filters, or

implicitly by class authorizations.

Message Layout

AMI is an ASCII protocol that provides bidirectional communication with clients. An AMI message — action or event — is composed of fields delineated by
the '\r\n' characters. Within a message, each field is a key value pair delineated by a ":'. A single space MUST follow the "' and precede the value. Fields
with the same key may be repeated within an AMI message. An action or event is terminated by an additional \r\n' character.

Event: Newchannel
Privilege: call,all
Channel : PJSI P/ ni sspi ggy- 00000001
Uni quei d: 1368479157.3
Channel State: 3

Channel St at eDesc: Up

Cal | erI DNum 657-5309
Cal | er| DNane: M ss Pi ggy
Connect edLi neNane:
Connect edLi neNum

Account Code: Por k
Priority: 1

Exten: 31337

Cont ext: inbound

This is syntantically equivalent to the
following ASCI! string:
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Event:

Newchannel \r\ nPrivil eg
e:

call,all\r\nChannel :
PJSI P/ mi sspi ggy- 000000
01\ r\ nUni quei d:
1368479157. 3\ r\ nChanne
| State:

3\ r\ nChannel St at eDesc:
Up\r\nCal | er | DNum
657-5309\r\ nCal | er | DNa
ne: Mss

Pi ggy\ r\ nConnect edLi ne
Nane: \ r\ nConnect edLi ne
Num \ r\ nAccount Code:
Pork\r\nPriority:\r\nE
xt en:

31337\ r\ nCont ext:

i nbound\r\n\r\n

Actions are specified in a similar manner. Note that depending on the message, some keys can be repeated.

Action: Originate

Actionld: SDY4-12837-123878782

Channel : PJSI P/ kermi t- 00000002

Cont ext: out bound

Exten: s

Priority: 1

CallerID "Kermit the Frog" <123-4567>
Account: FroglLegs

Vari abl e: MY_VAR=fr ogs

Vari abl e: H DE_FROM CHEF=t r ue

In addition, no ordering is implied on message specific keys. Hence, the following two messages are semantically the same.

Action: Oiginate

Actionld: SDY4-12837-123878782

Channel : PJSI P/ kermi t-00000002

Cont ext: out bound

Exten: s

Priority: 1

CallerlD "Kermt the Frog" <123-4567>
Account: FroglLegs

Vari abl e: MY_VAR=f rogs

Vari abl e: H DE_FROM CHEF=tr ue

Actionld: SDY4-12837-123878782

Action: Oiginate

Vari abl e: H DE_FROM CHEF=tr ue

Vari abl e: MY_VAR=fr ogs

Channel : PJSI P/ ker i t - 00000002
Account: FroglLegs

Cont ext: out bound

Exten: s

CallerID: "Kermit the Frog" <123-4567>
Priority: 1

This is also true for events, although by convention, the Event key is the first key in the event. If an action or event contains duplicate keys, such as Vari a
bl e, the order in which Asterisk processes said keys is the order in which they occur within the action or event.

Keys are case insensitive. Hence, the following keys are equivalent:

‘ Action: Originate ‘

‘ ACTION: Originate ‘

‘ action: Originate ‘

The case sensitivity for values is left up to the context in which they are interpreted.

Common Fields
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Actions

General Fields

This section lists fields that apply generally to all actions.

Action

Action specifies the action to execute within Asterisk. Each value corresponds to a unique action to execute within Asterisk. The value of the Action field
determines the allowed fields within the rest of the message. By convention, the first field in any action is the Action field.

Actionld

Actionld is a universal unique identifier that can optionally be provided with an action. If provided in an action, events that are related to that action will
contain the same Actionld value, allowing a client to associate actions with events that were caused by that action.

It is recommended that clients always provide an Actionld for each action they submit.

1 Itis up to the client to ensure that the Actionld provided with an Action is unique.

Channels
This section lists fields that apply generally to all actions that interact upon an Asterisk channel. Note that an Action that interacts with a channel *must*

supply the *Channel* field.

Upgrading
In the past, AMI clients would have to contend with channel rename events. As Asterisk will now no longer change the name of a channel
during its lifetime, this is no longer necessary.

Channel

The Asterisk channel name. A channel name is provided by AMI to clients during a Newchannel event. A channel name can be viewed as the handle to a
channel.

Uniqueid

A universal unigue identifier for the channel. In systems with multiple Asterisk instances, this field can be used to construct a globally unique identifier for a
channel, as a channel name may occur multiple times across Asterisk instances.

Events

General Fields

This section lists fields that apply generally to all events.

Event

The unigue name of the event being raised. The value of the Event field determines the rest of the contents of the message. By convention, the Event field
is the first field in an AMI message.

Actionld

If present, the Action's corresponding Actionld that caused this event to be created. If an Action contained an Actionld, any event relating the success or
failure of that action MUST contain an Actionld field with the same value.

Privilege

The class authorizations associated with this particular event. The class authorizations for a particular event are in a comma-delineated list. For more
information, see class authorizations.

Event responses to an Action only occur if the Action was executed, which means the user had the appropriate class authorization. Therefore they will not
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have a Privilege field.

Channels
This section lists fields that apply generally to all events that occur due to interactions upon an Asterisk channel.

Events that relate multiple channels will prefix these fields with an event specific role specifier. For example, a DialBegin or a DialEnd event will prefix the
outbound channel's fields with Dest. So, the Channel field is the DestChannel field; the Uniqueid field is the DestUniqueid field, etc.

Channel
The current Asterisk channel name. This corresponds to the Channel field in actions.
Uniqueid

A universal unique identifier for the channel. This corresponds to the Uniqueid field in actions.

ChannelState

The current state of the channel, represented as an integer value. The valid values are:

Value State Description

0 Down Channel is down and available.

1 Rsrvd Channel is down, but reserved.

2 OffHook Channel is off hook.

3 Dialing The channel is in the midst of a dialing
operation.

4 Ring The channel is ringing.

5 Ringing The remote endpoint is ringing. Note that for
many channel technologies, this is the same
as Ring.

6 Up A communication path is established between

the endpoint and Asterisk.

7 Busy A busy indication has occurred on the
channel.

8 Dialing Offhook Digits (or equivalent) have been dialed while
offhook.

9 Pre-ring The channel technology has detected an
incoming call and is waiting for a ringing
indication.

10 Unknown The channel is an unknown state.

@ Depending on the underlying channel technology, not all states will be used. Channels typically begin in either the Down or Up states.

ChannelStateDesc

The text description of the channel state. This will be one of the State descriptions in the table in ChannelState.

CallerIDNum

The current caller ID number. If the caller ID number is not known, the string "<unknown>" is returned instead.

CallerIDName
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The current caller ID name. If the caller ID name is not known, the string "<unknown>" is returned instead.

ConnectedLineNum

The current connected line number. If the connected line number is not known, the string "<unknown>" is returned instead.

ConnectedLineName

The current connected line name. If the connected line name is not known, the string "<unknown>" is returned instead.

AccountCode

The channel's accountcode.

Context

The current context in the dialplan that the channel is executing in.

Exten

The current extension in the dialplan that the channel is executing in.

Priority

The current priority of the current context, extension in the dialplan that the channel is executing in.

ChanVariable

Channel variables specific to a channel can be conveyed in each AMI event related to that channel. When this occurs, each variable is referenced in a Cha
nVariable field. The value of a ChanVariable field will always be of the form key=val ue, where key is the name of the channel variable and val ue is its
value.

Bridges

BridgeUniqueid

A unique identifier for the bridge, which provides a handle to actions that manipulate bridges.

BridgeType

The type of the bridge. Bridge types determine how a participant in a bridge can behave. For example, a 'base’ bridge is a bridge that has few inherent
properties or features associated with it, while a 'parking' bridge is one used for a parking application. Specific modules within Asterisk will determine the
type of bridge that is created.

Note that this is not the same as how media within a bridge is mixed. How media is mixed between participants in a bridge is determined by the BridgeTec
hnology.

BridgeTechnology

How the media can be mixed within a bridge. Specific modules in Asterisk provide different bridge technologies that can be used by Asterisk to alter how
media passes between the participants. For a given bridge, the BridgeTechnology* can also change as the number and type of participants change. The
most common bridge technologies are:

® hol di ng_bri dge — normal participants joining the bridge may receive audio, but audio sent from a normal participant is dropped. Special
participants, known as announcers, may broadcast their audio to all normal participants.

® native_dahdi — a native bridge between DAHDI channels. Media is passed directly between all participants.

® native_rtp—a native bridge between channels that use RTP for media. Media is passed directly between all participants.

® sinpl e_bridge — a two-party bridge between any two channels. Media is passed through the Asterisk core between the two participants.

® sof t m x —a multi-party bridge between one or more participants. All media from all participants is mixed together and sent to all participants.

BridgeCreator

Some bridges are created as the result of a particular application or action. If so, the bridge will specify who created it. If the bridge was not created as a
result of any particular application or action, the field will have the value <unknown>.

BridgeName
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Some bridges are created with a names as a result of their application. If so, the bridge will specify the name given to it. If the bridge was created without a
name, the field will have the value <unknown>.

BridgeNumChannels

The number of channels currently in the bridge.

Action Responses

When an Action is submitted to AMI, the success or failure of the action is communicated in subsequent events.

Response

Contains whether or not the action succeeded or failed. Valid values are "Success" or "Error". Events that are in response to an action MUST include this
field.

EventList

Some actions will cause a chain of events to be created. Events that are a response to an action that causes such a sequence will contain the EventList
field with a value of "start". When all generated events have been sent, a final event will be sent containing the EventList field with the value "complete".

If, for some reason, an error occurs and the events cannot be sent, an event will be sent with an EventList field that contains the value "cancelled".

Note that the events that mark the completion or cancellation of an event list are not technically action responses, and have their own specific event types.

Message

An optional text message that provides additional contextual information regarding the success or failure of the action.

Actions

The supported actions for Asterisk 12 are listed here:

Asterisk 12 AMI Actions

While new AMI Actions may be added over the lifetime of Asterisk 12, existing AMI Actions will not be removed.

Optional fields may be added to an existing AMI action with altering the AMI version number, but required fields will not be added or removed.

Events

The supported events for Asterisk 12 are listed here:

Asterisk 12 AMI Events

While new AMI Events may be added over the lifetime of Asterisk 12, existing AMI Events will not be removed.

Fields may be added to an existing AMI event without altering the AMI version number, but existing fields will not be removed.

Channel Interaction/Lifetime

While channels are independent of AMI, they have a large implication on the events sent out over AMI. Many of the events in AMI correspond to changes in
channel state. While AMI is an asynchronous protocol, there is some ordering with respect to the events that are relayed for a particular channel. This
section provides the basic event relationships that are guaranteed through AMI.

Basic Channel Lifetime
All channels begin with a Newchannel event. A Newchannel will always contain the following fields:

® The current Channel name that acts as a handle to the channel for that channel's lifetime for a single Asterisk system.
® The Uniqueid for the channel, that allows systems to have a globally unique identifier for the channel.

Changes in the state of the channel, i.e., the ChannelState field, are conveyed via Newstate events.

Notification of a Channel being disposed of occurs via a Hangup event. A Hangup signals the termination of the channel associated with the Uniqueid.
After the Hangup event, no further events will be raised in relation to the channel with that Uniqueid, and the communication between the endpoint and
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Asterisk via that channel is terminated.

The examples in this specification do not show all of the fields in every event. For a full listing of all of the fields, see the documentation for the
specific event in Asterisk 12 AMI Events.

Example
Event: Newchannel
Privilege: dialplan,all . i . §
Channel : PJSI P/ ker ni t - 00000001 ® Kermit the Frog's SIP channel is created. The is the first
Lni quei d: asteri sk-1368479157. 1 event for PJSI P/ ker mi t - 00000001 and indicates a
Channel State: 0 . .
Channel St at eDesc: Down path of communication being opened up between

Asterisk and Kermit's SIP device.

Event: Newstate
Privilege: dialplan,all
Channel : PJSI P/ ker m t - 00000001
Uni quei d: asteri sk-1368479157.1 * Kermit the Frog's PJSIP channel's state changes from
Channel State: 6

Channel St at eDesc: Up Down to Up

Event: Hangup

Privilege: dialplan,all

Channel : PJSI P/ kermi t - 00000001
Uni quei d: asterisk-1368479157.1 q . q q
Channel State: 6 ® Kermit the Frog's PJSIP channel is hung up. At this
Channel St at eDesc: Up point, no further events for PJSI P/ ker ni t - 00000001

Cause: 16 illb t
Cause-txt: Normal C earing will be sent.

Channel Variables

For each channel variable that is changed, a VarSet event is sent to the client. The VarSet event contains the new value of the appropriate channel
variable. Note that channel variables can also be conveyed in ChanVariable fields.

DTMF

DTMF is indicated via a DTMFBegin/DTMFENd events. A DTMFENnd event MUST convey the duration of the DTMF tone in milliseconds.

1 Behavior Change
The combination of DTMFBegin/DTMFENd events replaces the removed DTMF event.

Dialplan Execution

As a channel executes operations in the dialplan, those operations are conveyed via a NewExten event. Each transition to a new combination of context,
extension, and priority will trigger a NewExten event.

Example
Event: Newexten Kermit the Frog's PJSIP channel has been hung up, and he's been
Privilege: dialplan,all " . . A A
Channel : PJSI P/ ker ni t - 00000001 tossed rudely into the h extension. This event informs the clients that
Uni quei d: asteri sk-1368479157. 1 Kermit's channel is in context default, extension h, priority 1, and is
Context: default about to execute the NoOp application with application data "Ah
Extension: h .
Priority: 1 Snap".
Appl i cation: NoOp
AppData: Ah Snap Note that even though Kermit has been hungup, we will not receive
T the Hangup event until Kermit's PJSIP channel is done executing

dialplan.

Dialing and Origination
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Dial operations always result in two events: a DialBegin event that signals the beginning of the dial to a particular destination, and a DialEnd event that
signals the end of the dialing. In parallel dialing situations, DialBegin/DialEnd events MUST be sent for each channel dialed. For each DialBegin event
sent, there MUST be a corresponding DialEnd event.

In dialing situations with a caller and a called party, the DialBegin and DialEnd events convey information about both channels. The calling channel uses
the standard channel field names, while the called party's field names are prefixed with "Dest". In dialing situations where there is no caller, such as when
Asterisk originates an outbound call via a call file, only the called channel is represented in the events. The channel field names are still prefixed with "Dest"
in this case; the standard channel field names are not present in the event in this case.

A DialEnd occurs whenever Asterisk knows the final state of the channel that it was attempting to establish. The status is communicated in the DialStatus

field.

1 Behavior Change
The DialBegin/DialEnd events replace the Dial event. Note that the Dial event signaling the end of dialing would not normally be sent until
after bridging was complete; this operation will now occur when the dial operation has determined the status of a particular called channel.

Simple Successful Dial

Event: Newchannel
Channel :

PJSI P/ ani mal - 00000
002

Uni quei d:

ast eri sk- 136847916
0.5

Event: Dial Begin
Channel :

PJSI P/ ker mi t - 00000
001

Uni quei d:

ast eri sk- 136847915
5.1

Dest Channel :

PJSI P/ ani mal - 00000
002

Dest Uni quei d:
asteri sk- 136847916
0.5

Event: D al End
Channel :

PJSI P/ ker mi t - 00000
001

Uni quei d:

ast eri sk- 136847915
5.1

Dest Channel :

PJSI P/ ani mal - 00000
002

Dest Uni quei d:

ast eri sk- 136847916
0.5

Di al Status: ANSWER

In this example, Kermit decides to
dial Animal. A new channel
between Asterisk and Animal's
SIP device is created and
conveyed via a Newchannel even
t, and then a dial operation is
begun. Note that in the DialBegin
event, Kermit's SIP device is the
caller as he initiated the dial
operation, while Animal's SIP
device is the destination. As such,
the fields referring to Animal's
PJSIP channel are prefixed with
"Dest".

When Animal eats his handset
(causing the device to think he
merely took it off the hook), the
SIP device answers and the dial
operation completes. This
indicated by a DialEnd event. At
this point, the channel is ready for
something - it can execute in the
dialplan, or be immediately
bridged with the calling channel.
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Simple Failed Dial

Event: Newchannel
Channel : PJSI P/ ani mal - 00000003
Uni quei d: asterisk-1368479199. 1

Event: Dial Begin

Channel : PJSI P/ kermi t-00000001

Uni quei d: asterisk-1368479150. 1
Dest Channel : PJSI P/ ani mal - 00000003
Dest Uni quei d: asterisk-1368479199. 1
- In this example, Kermit decides to dial Animal again. Unfortunately,
Event: Dial End

) Animal ate his handset, so Asterisk's attempts to reach him inevitably
Channel : PJSI P/ ker m t - 00000001 . . B L )
Uni quei d: asteri sk- 1368479150, 1 time out. When it does, a DialEnd event indicates the failure

Dest Channel : PJSI P/ ani mal - 00000003 condition in the DialStatus field.
Dest Uni quei d: asterisk-1368479199. 1
Di al Status: TI MEDOUT

Event: Hangup
Channel : PJSI P/ ani nal - 00000003
Uni quei d: asterisk-1368479199. 1

Parallel Dial

Event: Newchannel
Channel : PJSI P/ ani nal - 00000003
Uni quei d: asterisk-1368479150. 3

Event: Newchannel
Channel : PJSI P/ drteet h- 00000004
Uni quei d: asterisk-1368479150. 4

Event: Dial Begin

Channel : PJSI P/ kerni t-00000001

Uni quei d: asterisk-1368479150. 0
Dest Channel : PJSI P/ ani nal - 00000003
Dest Uni quei d: asterisk-1368479150. 3

Event: Dial Begin

Channel : PJSI P/ kermi t - 00000001
Uni quei d: asterisk-1368479150.0 . i . . .
Dest Channel : PJSI P/ drt eet h- 00000004 In this example, Kermit decides to dial Animal and Dr. Teeth. Dr.
Dest Uni quei d: asterisk-1368479150. 4 Teeth immediately answers, and so Asterisk cancels the dial to
Event: Dial End Animal. Ast-ensk gan n.ow (?10 som.ethmg with Dr. Tgeth s channel .
Channel : PJSI P/ ker mi t - 00000001 (such as bridge him with his dentist) - however, Animal's channel is
Uni quei d: asteri sk- 1368479150. 0 destroyed, as his device never answered.

Dest Channel : PJSI P/ drt eet h- 00000004
Dest Uni quei d: asterisk-1368479150. 4
Di al Status: ANSWER

Event: Dial End

Channel : PJSI P/ kermi t - 00000001

Uni quei d: asterisk-1368479150. 0
Dest Channel : PJSI P/ ani mal - 00000003
Dest Uni quei d: asteri sk-1368479150. 3
Di al Status: CANCEL

Event: Hangup
Channel : PJSI P/ ani nal - 00000003
Uni quei d: asterisk-1368479150. 3

Bridging

A bridge contains 0 or more channels. When a channel is in a bridge, it has the potential to communicate with other channels within the bridge. Before
channels enter a bridge, a BridgeCreate event is sent, indicating that a bridge has been created. When a bridge is destroyed, a BridgeDestroy event is
sent. All channels within a bridge MUST leave a bridge prior to the BridgeDestroy event being sent.

When a channel enters a bridge, a BridgeEnter event is raised. When a channel is put into a bridge, it is implied that the channel can pass media between
other channels in the bridge. This is not guaranteed, as other properties on the channel or bridge may restrict media flow. For example, bridges with a
BridgeTechnology type of holding_bridge implicitly restrict the media flow between channels. Likewise, media may be restricted in multi-party conference
bridges based on user role permissions, such as when a conference leader mutes all participants in a conference. The BridgeEnter event does indicate,
however, that a potential relationship between channels in a bridge exists.
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When a channel leaves a bridge, a corresponding BridgeLeave event is raised. A BridgeLeave event MUST mean that the channel that left the bridge can
no longer pass media to other channels still in the bridge. This does not necessarily mean that the channel is being hung up; rather, that it is no longer in a
communication path with some other set of channels.

In all cases, if a channel has a BridgeEnter event, it MUST have a corresponding BridgeLeave event. If a channel is hung up and it is in a bridge, a Bridg
eLeave event MUST precede the Hangup event.

If a transfer operation is performed, a transfer event of some type MUST be raised for the channels involved in the transfer when the success or failure of
the transfer is determined. Similarly, if a channel enters a parking lot, a ParkedCall event MUST be raised for the channel prior to it entering the bridge that
represents the parking lot.

If a property of a bridge is changed, such as the BridgeTechnology changing from a simple two-party bridge to a multi-party bridge, then the BridgeUpdate
event is sent with the updated parameters.

Two Party Bridging

Parties are bridged by virtue of them entering a bridge, as indicated by a BridgeEnter. When parties are no longer talking, a BridgeLeave event is sent for
each channel that leaves the bridge.
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Example - Two Party Bridge

Event: BridgeCreate

Bri dgeType: basic

Bri dgeTechnol ogy: sinple_bridge
Bri dgeUni quei d: 1234

Bri dgeNuntChannel s: 0

Event: BridgeEnter Kermit the Frog's PJSIP channel enters into Bridge 1234. As a result,

Bri dgeType: basic q A (7 .
Bri dgeTechnol ogy: si mpl e_br i dge the bridge is first created (denoted by the BridgeCreate event), and

Bri dgeUni quei d: 1234 then Kermit's channel enters the bridge (the BridgeEnter event)
Bri dgeNuntChannel s: 1

Channel : PJSI P/ kermit-00000001
Uni quei d: asterisk-1368479150. 0

Event: BridgeEnter
Bri dgeType: basic
Bri dgeTechnol ogy: sinple_bridge
BridgeUni quei d: 1234 Gonzo the Great enters the bridge and talks with Kermit. Note that

Bri dgeNunChannel s: 2 q A q . q A .
Channel : PJSI P/ gonzo- 00000002 the bridge Gonzo entered is Bridge 1234; by virtue of this being the

Uni quei d: asterisk-1368479150. 1 same bridge Kermit entered, we know that the two can talk.

Event: BridgeLeave

Bri dgeType: basic

Bri dgeTechnol ogy: sinple_bridge
Bri dgeUni quei d: 1234

Bri dgeNuntChannel s: 1 . . . . .
Channel : PISI Pf ker i 1 - 00000001 Kermit realizes that he.has to leave to av0|d'M|ss Piggy, so.he hangs
Uni quei d: ast eri sk- 1368479150. 0 up on Gonzo. We are first alerted that Kermit has left the bridge;

= quickly thereafter, we receive the Hangup event indicating that
Event: Hangup it's ch listdead

Channel : PJSI P/ ker i t - 00000001 Kermit's channel is dead.

Uni quei d: asterisk-1368479150. 0

Event: BridgelLeave

Bri dgeType: basic

Bri dgeTechnol ogy: sinple_bridge
Bri dgeUni quei d: 1234

Bri dgeNuntChannel s: 0

Channel : PJSI P/ gonzo- 00000002
Uni quei d: asterisk-1368479150. 1

Event : Hangup Asterisk is configured to not let Gonzo continue on in the dialplan
Channel : PJSI P/ gonzo- 00000002 once his bridge is broken. As such, Gonzo is forcibly ejected from the
Uni quei d: asterisk-1368479150. 1 bridge, and is hung up on after. Because no channels are left in the

Event: Bri dgeDest r oy bridge, the bridge is destroyed.

Bri dgeType: basic

Bri dgeTechnol ogy: sinple_bridge
Bri dgeUni quei d: 1234

Bri dgeNuntChannel s: 0

@ In this scenario, it was perfectly acceptable for either Kermit or Gonzo's channels to continue after the bridge was broken. Since
this represents the most basic two-party call scenario, once one party decided to hang up, the other party was also hung up on.

Transfers

Transfer information is conveyed with either a BlindTransfer or AttendedTransfer event, which indicates information about the transfer that took place. Br
idgeLeave/BridgeEnter events are used to indicate which channels are talking in which bridges at different stages during the transfer.

Transfers do a Lot

Depending on the type of transfer and the actions taken, channels will move in and out of a lot of bridges. The purpose of the two transfer events
is to convey to the AMI client the overall completed status of the transfer after the users have completed their actions. With Blind Transfers, this
typically happens very quickly: Asterisk simply has to determine that the destination of the transfer is a valid extension in the dialplan.

Attended transfers, on the other hand, can involve a lot more steps. Parties can consult, toggle back and forth between consultations, and merge
bridges together. Channels can be transferred to a dialplan application directly, and not to another party! As such, Asterisk will send the Attende
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dTransfer event when it knows whether or not the Attended Transfer has completed successfully, and will attempt to convey as much
information as possible about the final status of the transfer.

For more information on these events, see BlindTransfer and AttendedTransfer.

Example - Blind Transfer

Event: BridgeCreate

Bri dgeType: basic

Bri dgeTechnol ogy: sinple_bridge
Bri dgeUni quei d: 1234

Event: BridgeEnter

Bri dgeType: basic

Bri dgeTechnol ogy: sinple_bridge
Bri dgeUni quei d: 1234

Channel : PJSI P/ kermi t - 00000001
Uni quei d: asteri sk-1368479150. 0

Kermit the Frog's PJSIP channel enters into Bridge 1234

Event: BridgeEnter

Bri dgeType: basic

Bri dgeTechnol ogy: sinple_bridge
Bri dgeUni quei d: 1234

Channel : PJSI P/ fozzi e- 00000002
Uni quei d: asterisk-1368479150. 2

Fozzie Bear's PJSIP channel enters into Bridge 1234. At this point,
Fozzie and Kermit can talk to each other.

Event: DTMFBegin

Channel : PJSI P/ fozzi e- 00000002
Uni quei d: asterisk-1368479150. 2
Digit: #

Direction: Received

Event: DTMFEnd

Channel : PJSI P/ fozzi e- 00000002
Uni quei d: asterisk-1368479150. 2
Digit: #

Dur ati onMs: 150

Direction: Received

Event: DTMFBegin

Channel : PJSI P/ f ozzi e- 00000002
Uni quei d: asterisk-1368479150. 2
Digit: 1

Direction: Received

Event: DTMFEnd

Channel : PJSI P/ f ozzi e- 00000002
Uni quei d: asterisk-1368479150. 2
Digit: 1

DurationMs: 150

Direction: Received

Event: Hold
Channel : PJSI P/ fozzi e- 00000002
Uni quei d: asterisk-1368479150. 2

Event: Misi cOnHol dStart
Channel : PJSI P/ kerni t-00000001
Uni quei d: asterisk-1368479150. 0

Event: Unhol d
Channel : PJSI P/ fozzi e- 00000002
Uni quei d: asterisk-1368479150. 2

Event: BlindTransfer

Resul t: Success

Transf erer Channel : PJSI P/ fozzi e- 00000002
TransfererUni quei d: asterisk-1368479150. 2
Bri dgeUni quei d: 1234

Bri dgeType: basic

Bri dgeTechnol ogy: sinple_bridge

Context: default

Ext ensi on: 2000

Fozzie decides he's tired of telling Kermit jokes and blind transfers
him off to Miss Piggy via the dialplan extension 2000. The following
actions take place:

® Fozzie hits #1 on his phone to initiate a blind transfer
(shown by the two pairs of DTMFBegin/DTMFENd event
S).

® A Hold event is processed for Fozzie, indicating that
he's attempting to put the participants of the bridge he is
in with on hold.

® A StartMusicOnHold event occurs for Kermit, as he is
now entertained with music while Fozzie dials Miss
Piggy's extension.

® Fozzie would then dial Miss Piggy's extension. Note that
we didn't bother showing the DTMF events for this.
When Asterisk determines that 2000 is a valid extension,
a BlindTransfer event is raised indicating that a
successful transfer is occurring.

@ When a transfer occurs, we often think of a transferrer
channel transferring some target channel. This is actually
not the case: a transferrer transfers the bridge they are
currently in to some other location. This is why the BlindTr
ansfer (and AttendedTransfer) events show the bridge
that is being transferred, and not a destination channel. It
is possible to transfer multi-party bridges to new
extensions in this manner.

1 Atthis point, the order of the events that affect Fozzie versus Kermit are not defined. Fozzie and Kermit are about to be no longer
bridged together, and their respective events may arrive in any order.
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Event: MusicOnHol dStart
Channel : PJSI P/ kermi t - 00000001
Uni quei d: asterisk-1368479150. 0

Event: BridgelLeave
Bri dgelni quei d: 1234 Kermit leaves the bridge with Fozzie. Asterisk politely turns off the

Bri dgeType: basic . . o . .
Bri dgeTechnol ogy: sinpl e_bri dge hold music to him before it ejects him from the bridge.

Channel : PJSI P/ kerni t-00000001
Uni quei d: asterisk-1368479150. 0

Event: BridgelLeave

Bri dgeUni quei d: 1234

Bri dgeType: basic

Bri dgeTechnol ogy: sinple_bridge
Channel : PJSI P/ f ozzi e- 00000002

Uni quei d: ast eri sk- 1368479150, 2 Because Fozzie isn't talking to anyone anymore, he leaves the bridge

e as well. At this point Asterisk could hang up Fozzie's channel, or, if
Event: BridgeDestroy configured, he could continue on in the dialplan (say, perhaps, to talk
Bri dgeUni quei d: 1234 hi bb hick

BridgeType: basic to his rubber chicken).

Bri dgeTechnol ogy: sinple_bridge

Event: NewExten
Channel : PJSI P/ kerni t-00000001

Uni quei d: asterisk-1368479150. 0 . . . . . .
Context: defaul t Kermit enters into dialplan extension 2000. Presumably, he'll begin

Exten: 2000 calling Miss Piggy, although given her violent temperament, he'd
Priority: 1 probably be better off hanging up immediately.

Local Channel Optimization

Local channels have an option wherein they can be optimized away if both halves of a Local channel are in a bridge. This option is set on Local channel
creation, and is communicated back to the AMI clients in the LocalBridge event in the LocalOptimization field. When a Local channel optimization occurs,
a LocalOptimizationBegin event is sent that indicates the channels involved in the optimization. When the optimization has completed and the parties can
now converse without the Local channel, a LocalOptimziationEnd event is sent.

Two actions can take place when a Local channel optimizes between two bridges.

1. If, after the Local channel optimization, either bridge contains only a single channel, then a single channel in one of the bridges is moved
to the bridge that has the other channel. This is conveyed by a sequence of BridgeLeave/BridgeEnter events.

2. If, after the Local channel optimization, the bridges contain multiple parties, the bridges will be merged together. A BridgeMerge event is
sent when this occurs. Channels will then be merged from one bridge to the other, denoted by a sequence of BridgeLeave/BridgeEnter
events.

It is not defined which channel is moved first or which bridge wins during a bridge merge. That is an implementation detail left up to Asterisk.
Suffice to say, if a Local channel is optimized away, Asterisk attempts to rebridge the channels left over as fast as possible to prevent any loss in
audio.

Example - Optimizing Local Channel between two PJSIP Channels

Event: Newchannel

Channel : PJSI P/ gonzo- 00000001 . . .
Uni quei d: asteri sk- 1368479150. 0 Gonzo decides to call Kermit the Frog, and a channel is created

between Asterisk and Gonzo's SIP device.
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Event: Newchannel
Channel : Local / kerm t @ef aul t - 00000001; 1
Uni quei d: asterisk-1368479150. 1

Event: Newchannel
Channel : Local / kerm t @ef aul t - 00000001; 2
Uni quei d: asterisk-1368479150. 2

Event: Dial Begin

Channel : PJSI P/ gonzo- 00000001

Uni quei d: asterisk-1368479150. 0

Dest Channel : Local / ker m t @ef aul t - 00000001; 1
Dest Uni quei d: asterisk-1368479150. 1

Event: Dial End

Channel : PJSI P/ gonzo- 00000001

Uni quei d: asteri sk-1368479150. 0

Dest Channel : Local / ker m t @ef aul t - 00000001; 1
Dest Uni quei d: asterisk-1368479150. 1

Di al Status: ANSWER

Event: BridgeCreate

Bri dgeUni quei d: 1234

Bri dgeType: basic

Bri dgeTechnol ogy: sinple_bridge
Bri dgeNunChannel s: 0

Event: BridgeEnter

Bri dgeUni quei d: 1234

Bri dgeType: basic

Bri dgeTechnol ogy: sinple_bridge
Bri dgeNunChannel s: 1

Channel : PJSI P/ gonzo- 00000001
Uni quei d: asterisk-1368479150. 0

Event: BridgeEnter

Bri dgeUni quei d: 1234

Bri dgeType: basic

Bri dgeTechnol ogy: sinple_bridge

Bri dgeNunChannel s: 2

Channel : Local / ker m t @ef aul t - 00000001; 1
Uni quei d: asterisk-1368479150. 1

Event: Local Bridge

Local OneChannel : Local / ker mi t @lef aul t - 00000001; 2
Local OneUni quei d: asteri sk-1368479150. 1

Local TwoChannel : Local / ker mi t @lef aul t - 00000001; 2
Local TwoUni quei d: asteri sk-1368479150. 2

Local Opti mi zation: Yes

Instead of dialing Kermit directly, Gonzo instead dials a Local
channel. Both halves of the Local channel are created, and Gonzo
Dials the first half of the Local channel.

The dial operation succeeds and Gonzo is bridged with one half of
the Local channel that will eventually connect him (it?) to Kermit. The
Local channel itself has also decided to go ahead and bridge the two
local halves together, since we have one half of the full chain of
channels established.
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Event: Dial Begin

Channel : Local / kerm t @ef aul t - 00000001; 2
Uni quei d: asterisk-1368479150. 2

Dest Channel : PJSI P/ ker mi t - 00000002

Dest Uni quei d: asterisk-1368479150. 3

Event: Dial End

Channel : Local / kerm t @ef aul t - 00000001; 2
Uni quei d: asterisk-1368479150. 2

Dest Channel : PJSI P/ ker mi t - 00000002

Dest Uni quei d: asteri sk-1368479150. 3

Di al Status: ANSWER

Event: BridgeCreate

Bri dgeUni quei d: 5678

Bri dgeType: basic

Bri dgeTechnol ogy: sinple_bridge
Bri dgeNunChannel s: 0

Event: BridgeEnter

Bri dgeUni quei d: 5678

Bri dgeType: basic

Bri dgeTechnol ogy: sinple_bridge

Bri dgeNunChannel s: 1

Channel : Local / ker mi t @ef aul t - 00000001; 2
Uni quei d: asterisk-1368479150. 2

Event: BridgeEnter

Bri dgeUni quei d: 5678

Bri dgeType: basic

Bri dgeTechnol ogy: sinple_bridge
Bri dgeNunChannel s: 2

Channel : PJSI P/ kerni t-00000002
Uni quei d: asterisk-1368479150. 3

Event: Local Optim zati onBegi n

Local OneChannel : Local / ker mi t @lef aul t - 00000001; 1
Local OneUni quei d: asteri sk-1368479150. 1

Local TwoChannel : Local / ker mi t @lef aul t - 00000001; 2
Local TwoUni quei d: asteri sk-1368479150. 2

Sour ceChannel : PJSI P/ gonzo- 00000001

Sour ceUni quei d: asterisk-1368479150. 0

Event: BridgelLeave

Bri dgeUni quei d: 1234

Bri dgeType: basic

Bri dgeTechnol ogy: sinple_bridge
Bri dgeNunChannel s: 1

Channel : PJSI P/ gonzo- 00000001
Uni quei d: asterisk-1368479150. 0

Event: BridgeEnter

Bri dgeUni quei d: 5678

Bri dgeType: basic

Bri dgeTechnol ogy: sinple_bridge
Bri dgeNunChannel s: 3

Channel : PJSI P/ gonzo- 00000001
Uni quei d: asterisk-1368479150. 0

Gonzo, via the Local channel halves, dials Kermit and he answers.
Kermit is now bridged with the second half of the Local channel, Loc
al / kerm t @lef aul t - 00000001; 2, while Gonzo is bridged with
the first half of the Local channel, Local / ker m t @lef aul t - 00000
001; 1.

@ Note that even when Local channels are destined to be
optimized away, both the Local channel halves and the
other channels involved in the operation first enter their
respective bridges.

Asterisk determines that it can optimize away the Local channel. It
notifies the AMI client that this is about to begin, which Local
channels are involved, and what channel it is going to start moving
(the SourceChannel). It starts first by moving Gonzo into Kermit's
bridge. From their perspective, nothing has happened - they just now
happen to be in the same bridge, instead of having a Local channel
pass frames for them.
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Event: BridgelLeave

Bri dgeUni quei d: 5678

Bri dgeType: basic

Bri dgeTechnol ogy: sinple_bridge

Bri dgeNuntChannel s: 2

Channel : Local / kerm t @ef aul t - 00000001; 2
Uni quei d: asterisk-1368479150. 2

Event: Local Opti m zati onEnd

Local OneChannel : Local / ker m t @ef aul t - 00000001; 1
Local OneUni quei d: asteri sk-1368479150. 1

Local TwoChannel : Local / di al _bar @ef aul t - 00000001; 2

Local TwoUni quei d: asteri sk-1368479150. 2

Event: BridgelLeave
Bri dgeUni quei d: 1234

Bri dgeType: basic The Local channel optimization completes by removing the Local

Bri dgeTechnol ogy: si npl e_bri dge channel halves from their respective bridges and hanging them up.
Bri dgeNunChannel s: 0 . ) L.

Channel : Local / ker ni t @lef aul t - 00000001 1 Because Bridge 1234 (which used to have Gonzo in it) no longer has
Uni quei d: asterisk-1368479150. 1 anyone init, itis destroyed.

Event: Hangup
Channel : Local / kermi t @ef aul t - 00000001; 1
Uni quei d: asterisk-1368479150. 1

Event: Hangup
Channel : Local / ker m t @ef aul t - 00000001; 2
Uni quei d: asterisk-1368479150. 2

Event: BridgeDestroy

Bri dgeUni quei d: 1234

Bri dgeType: basic

Bri dgeTechnol ogy: sinple_bridge
Bri dgeNunChannel s: 0

Masquerades

Masquerades are gone

In the past, masquerades occurred rather frequently - most often in any scenario where a transfer occurred or where a pbx_t hr ead needed to
be associated with a channel. This has now changed. Masquerades now rarely occur, and are never communicated to AMI clients. From the
perspective of AMI clients, nothing changes - you still use your handle to a channel to communicate with it, regardless of the presence (or lack
thereof) of a masquerade operation.

This section only exists to explicitly call out the fact that Masquerades are gone.

Transports

AMI supports the following transport mechanisms:

* TCP/TLS
* HTTP/HTTPS

When clients connect over HTTP/HTTPS, AMI events are queued up for retrieval. Events queued up for a client are automatically retrieved and sent in the
response to any POST operation. The WaitEvent action can be used to wait for and retrieve AMI events.

Security Considerations

AMI supports security at the transport level via TLS using OpenSSL.

For specific security considerations and best practice, please see the README-SERIOUSLY .bestpractices.txt included with Asterisk.

Class Authorizations

| Pt
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L) Do not rely on class authorizations for security. While they provide a means to restrict a client's access to sets of functionality, there are often
ways of achieving similar functionality through multiple mechanisms. Do NOT assume that because a class authorization has not been granted
to a client, that they can't find a way around it. In general, view class authorizations as a coarse grained way of providing sets of filters.

Events and actions are automatically classified with particular class authorizations. Clients can be configured to support some set of class authorizations,
filtering the actions that they can perform and events that they receive. The supported class authorizations are listed below.

Class Type Description

system The item is associated with something that reports on the status of the
system or manipulates the system in some fashion

call The item is associated with calls, i.e., state changes in a call, etc.

log The item is associated with the logging subsystem

verbose The item is associated with verbose messages

command The item is associated with execution of CLI commands through AMI
agent The item is associated with Queue Agent manipulation

user The item is associated with user defined events

config The item is associated with manipulating the configuration of Asterisk
dtmf The item is associated with DTMF manipulation

reporting The item is associated with querying information about the state of the

Asterisk system

cdr The item is associated with CDR manipulation
dialplan The item is associated with dialplan execution
originate The item is associated with originating a channel

agi The item is associated with AGI execution

cc The item is associated with call completion

aoc The item is associated with Advice of Charge

test The item is associated with some test action

message The item is associated with out of call messaging
security The item is associated with a security event in Asterisk
all The item has all class authorizations associated with it
none The item has no class authorization associated with it

Access Control Lists

Access Control Lists can be used to filter connections based on address. If an attempt to connect from an unauthorized address is detected, the connection
attempt will be rejected.

Authorization

Authorization can be provided via the Login action. If a client fails to provide a valid username/password, the connection attempt and any subsequent
actions will be rejected. Events will not be sent until the client provides authorized credentials.

The actions that are excluded from successful login are:

® Login
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® Logoff
® Challenge

AMI Configuration

AMI supports the following configuration options. Note that additional configurations MAY be specified; however, these configuration options are valid for
Asterisk 12.

General Settings

Option Type Description Default
enabled Boolean Enable AMI no
webenabled Boolean Enable AMI over HTTP/HTTPS no
port Integer The port AMI's TCP server will 5038

bind to
bindaddr IP Address The address AMI's TCP server 0.0.0.0

will bind to
tisenable Boolean Enable TLS over TCP no
tisbindaddr IP Address The address AMI's TCP/TLS 0.0.0.0:5039

server will bind to

tiscertfile String The full path to the TLS certificate = /tmp/asterisk.pem
to use
tisprivatekey String The full path to the private key. If = /tmp/private.pem

no path is specified, tiscertfile will
be used for the private key.

tiscipher String The string specifying which SSL
ciphers to use. Valid SSL ciphers
can be found at http://www.opens
sl.org/docs/apps/ciphers.html#Cl
PHER_STRINGS

allowmultiplelogin Boolean Allow multiple logins for the same | Yes
user. If set to no, multiple logins
from the same user will be
rejected.

timestampevents Boolean Add a Unix epoch *Timestamp* No
field to all AMI events

authlimit Integer The number of unauthenticated
clients that can be connected at
any time

Client Settings

Note that the name of the client settings context is the username for the client connection.

Option Type Description Default
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secret

deny

permit

acl

setvar

eventfilter

read

write

The item has all class authorizations associated with it

String

ACL

ACL

String

String

RegEx

String

String

The password that must be
provided by the client via the Logi
n action.

An address/mask to deny in an
ACL. This option may be present
multiple times.

An address/mask to allow in an
ACL. This option may be present
multiple times.

A Named ACL to apply to the
client.

A channel variable key/value pair
(using the nomenclature
VARIABLE=value) that will be set
on all channels originated from
this client

This option may be present multiple
times. This options allows clients to
whitelist or blacklist events. A filter
is assumed to be a whitelist unless
preceeded by a '\I'.

Evaluation of the filters is as follows:

® |f 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.

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

A comma delineated list of the
allowed class authorizations
applied to events

A comma delineated list of the
allowed class authorizations
applied to actions
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Introduction

Call Detail Records, or CDRs, have been around in Asterisk for a long, long time. In fact, portions of it were taken from the Zapat a library, as noted in cdr
.C:

* \note Includes code and algorithnms fromthe Zapata library.
*

CDRs have always attempted to provide the billing information between two parties involved in a call. While their simplicity has been a big advantage in
quickly deploying a billing system, it has also been their largest disadvantage when trying to express complex scenarios. As Asterisk evolved and adapted
to more complex scenarios, it became difficult to express the full details of a call within a single CDR. Compounding this problem, the way in which bridging
was performed in Asterisk made call scenarios involving more than two parties incredibly difficult to track and coalesce into one or more CDRs. Numerous
attempts were made to address the various problems in CDRs with varying degrees of success.

In Asterisk 12, changes in the bridging architecture necessitated a substantial upgrade to CDR behavior. The largest changes are:

® |ndividual components in Asterisk no longer modify CDRs directly. CDRs are produced based on the state of the channels and bridges
within Asterisk. As a result, there is a much greater degree of consistency in CDRs throughout Asterisk, regardless of the application
channels happen to be executing in.

® The behavior of CDRs between multiple parties is now defined.

® Depending on how channels are dialed and bridged, multiple CDRs will be created for a given call. Post-processing of these records will
be required to determine the overall statistics of the call.

It is important to note that in Asterisk 1.8, Channel Event Logging (CEL) was introduced as an alternative to CDRs. Unlike CDRs, where a relatively few
records are produced for a call, CEL provides a sequence of events regarding the state of channels within Asterisk. CELs provide substantially more
information about what is occurring to the channels involved in a call, thus allowing an Asterisk user to construct their own billing system by handling the
events as they choose. While CEL will never supplant CDRs, they are an option if CDRs do not provide the billing information you need or in the format you
require. While improvements have been made and some complex scenarios defined in this specification, the fact that CEL can provide a more robust billing
system is still true as of Asterisk 12.

Asterisk Users moving to Asterisk 12 are highly encouraged to read this specification carefully.

Scope
This CDR specification applies to Asterisk 12. It does not cover CDRs in prior versions of Asterisk.

Note that this does not include a comprehensive analysis as to how CDRs can be produced in all call scenarios in Asterisk. It defines the behavior for
common scenarios, but certain scenarios are deliberately left unspecified. The behavior of CDRs in said scenarios is undefined and is not a bug.

It is known that the behavior of CDRs will not allow all applications to capture the billing requirements for their systems. If CDRs cannot meet the
requirements of your application, Channel Event Logging (CEL) provides call information at a much finer granularity, allowing complex billing systems to be
constructed. Please see the Asterisk 12 CEL Specification for more information on CEL.

Terminology

Term Definition
CDR Call Detail Record. The thing that this document is attempting to describe.
CEL Channel Event Logging. An alternative way to get billing information from

Asterisk, that is significantly more flexible and powerful than CDRs but
requires the billing logic to be completely implemented by the user.

Party A A CDR always involves two parties. One party is always chosen as the
‘owner' of the CDR. The CDR reflects the view of the call from that party.

Party B A CDR always involves two parties. Party B is the target of the call.
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Stasis is the internal message bus in Asterisk that conveys state to the
CDR engine.

Stasis

CDR Overview

A CDR is a record of communication between one or two parties. As such, a single CDR always addresses the communication between two parties: a
Party A and a Party B. The CDR reflects the view of the call from the perspective of Party A, while Party B is the party that Party A is communicating with.

Each CDR includes the following times:

® Start time - the time at which the CDR was created for Party A
® Answer time - the time at which Party A and Party B could begin communicating
® End time - the time at which Party A and Party B could no longer communicate

From these times, two durations are computed:

® Duration - the End time minus the Start time.
¢ Billsec - the End time minus the Answer time. (Whether or not you actually bill for this period of time is up to you)

A single CDR only tracks information about a single path of communication between two endpoints. In many scenarios, there will be multiple paths of
communication between multiple parties, even in a single "call". Each path of communication results in a new CDR, each representing the communication
between two endpoints. All of the CDRs involved are associated by virtue of a special linked identifier field, | i nkedi d. The CDRs themselves, however,
typically do not aggregate the time between records. It is up to billing systems to determine which CDRs should be used for their billing records, and add

up the times/durations themselves.

Semantics and Syntax

Basic CDR Lifetime

Fundamentally, a CDR represents a path of communication between a channel and Asterisk or between two channels communicating through Asterisk.
Those relationships can be broken down into the following states:

® Single - a channel is executing dialplan in Asterisk or otherwise has no relationship with any other channel. This is the default state of a

CDR.

® Dial - a channel is involved in a dial operation - either as a caller or as the callee. If they are the caller, they are automatically the Party A
in the CDR. If they are the callee, they are automatically the Party B if there is a caller. If there is no caller - as is the case in channel
origination - they are the Party A and there is no Party B.

® Bridge - two channels share a bridge in which they can potentially talk to each other.

® Finalized - the channel and Asterisk can no longer communicate or the relationship between the two channels has been broken. At this
point, the last state of the channels involved is locked in the CDR.

® Dispatched - the CDR has been written to the backend storages.

When possible, Asterisk attempts to reuse a CDR. Thus a single CDR can transition through all of the above states. However, once a relationship is
established between a Party A and a Party B, the CDR cannot be reused. The CDR will be finalized when the relationship between channels is broken and
a new CDR created for any channel that is not hung up.
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When a channel is created, a CDR is created for that channel. The channel is automatically the Party A of that CDR. The CDR is considered to be in the Si
ngle state while the channel executes dialplan or is waiting to be associated with another channel.

If a channel dials another channel, the CDR for that channel is transitioned to the Dial state. If the dial operation completes successfully and the channels

are bridged together, the CDR transitions to the Bridged state. If the dial operation fails, the CDR transitions to the Finalized state. If the caller continues
on in the dialplan, a new CDR is generated for them.

While the channels are bridged together, the CDR remains in the Bridged state. Operations that restrict media flow, such as call hold, are not reflected in

CDRs. When the bridge is broken - either because one of the parties hangs up or a party is transferred - the CDR transitions to the Finalized state and any
non-hungup channels have a new CDR created for them.

When a channel hangs up, all CDRs associated with it are implicitly finalized. When all CDRs for a channel are finalized, the CDRs are Dispatched to the
backends for storage.

Detailed Semantics
CDR Lifetime

Creation

A CDR record is created in any one of the following situations:

® Whenever a channel is created.

Whenever a channel leaves a bridge and is not hung up.
When a CDR is forked from a prior record.

When a channel enters a multi-party bridge.

When a channel dials more than one channel.

When it is created, a CDR inherits the uni quei d and | i nkedi d from its Party A channel, and a new sequence number is generated. When created as a
result of a dial operation, the channel acting as the caller is always the Party A.
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Dialing Parties

When a channel is known to dial other channels, a CDR is created for each dial attempt. The dial status is recorded for each dial attempt as a CDR
Disposition. Note that not all dial attempts may be dispatched depending on the CDR configuration. The caller is always the Party A in the created CDRs.

Bridging
If a channel is bridged with another channel, the following procedure is performed:

® The CDR is marked as having entered a bridge. If there is no other channel in the bridge, the CDR waits for another channel to join.
® For each pairing of channels, the channels are compared to determine which is the Party A channel and which is the Party B channel.
(See Choosing the Party A channel).
® |f the channel entering the bridge is the Party A, the CDR has a Party B, and the channel it is bridged with is the Party B, the
CDR continues.
® |f the channel entering the bridge is the Party A, the CDR has a Party B, and the channel is not already the Party B, the current
CDR is finalized and a new CDR is created for the relationship between the two parties. Note that the original CDR will be
re-activated if the existing Party B enters the bridge.
® |f the channel entering the bridge is the Party A, the CDR has no Party B, then the channel it is bridged with becomes the Party
B.
® |If the channel entering the bridge is the Party B, the other channel has a CDR with no Party B, this channel becomes the Party B
and the existing CDR is finalized.
® |If the channel entering the bridge is the Party B, the other channel has a CDR with a Party B, and this channel is that CDR's
Party B, then the existing CDR is finalized and the other channel's CDR activated.
® |If the channel entering the bridge is the Party B, the other channel has a CDR with a Party B, and this channel is not that CDR's
Party B, then the existing CDR is finalized and a new CDR is created for that other channel with this channel as the Party B.
* |f a third party joins the bridge with Party A and Party B, the process Choosing the Party A channel is repeated for each pairing of
channels. Thus, in a three-way call there will be three CDR records; in a four-way call there will be six records, etc.

@ This feels complex, but there's really two rules going on here:

1. Keep using the existing CDR for a channel as long as possible
2. Make CDRs for all pairings of channels in a bridge

Finalization
A CDR is finalized in one of the following scenarios:

® [fin adial, the dial operation completes with a status other than ANSWER

® Ifin a bridge, either party A or party B leaves the bridge

® Either channel in a CDR hangs up

® The CDR is forked and the forking operation instructs that the CDR should be finalized

When a CDR is finalized, no further modifications can be made to the CDR by the user or Asterisk.

If a Party A channel in a CDR is not hung up but the CDR is finalized - such as when the channel leaves a bridge of its Party B hangs up - a new CDR is
made for that channel and the process in CDR Creation is begun again. Note that if the Party B in a CDR continues on in the the dialplan and/or is bridged
with a new party, it may become Party A for a new CDR.

If at any point the Party A channel for a CDR is hung up, all CDR records for that Party A are dispatched.

Dispatch

When a CDR is dispatched, all CDRs associated with the channel are committed to permanent storage. The CDRs at this point are removed from memory.

Choosing the Party A channel
Asterisk does not have the concept of "internal” versus "external” devices. As such, what constitutes the Party A channel is highly dependent on a particular
system configuration which is outside the control of the CDR system. As such, choosing a Party A uses the following rules:

1. If the channel was dialed (but not originated), the channel is always Party B.
2. If one of the two channels has the part y_a flag set, then that channel is chosen as the Party A.
3. If neither or both channels have the par t y_Aflag, the channel with the oldest creation time is chosen as the Party A.
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The party_Aflag may be set using the CDR function.

LinkedID Propagation

When two channels are bridged, the | i nkedi d property for the channels is updated. The channel with the oldest | i nkedi d "wins", and the other
channel's | i nkedi d is replaced. This creates an association between the channels that lasts even if the bridge is broken at a latter time.

Note that dialed channels automatically receive the | i nkedi d of the calling channel.

Fields
Standard Fields

Field

accountcode

src

dst
dcontext
clid
channel
dstchannel

lastapp

lastdata

start

answer

end

duration

billsec

disposition

amaflags

Type

String (20)

String (80)
String (80)
String (80)
String (80)
String (80)
String (80)

String (80)

String (80)

Date/time

Date/time

Date/time

Integer

Integer

Enum

Enum

Description

An account code associated with
the Party A channel

The Caller ID Number

The destination extension

The destination context

The Caller ID with text

The name of the Party A channel
The name of the Party B channel

The last application the Party A
channel executed

The application data for the last
application the Party A channel
executed

The time the CDR was created

The time when Party A was
answered, or when the bridge
between Party A and Party B was
created

The time when the CDR was
finished. This occurs when either
party hangs up, or when the bridge
between the parties is broken

The time in seconds from start until
end

The time in seconds from answer
until end

The final known disposition of the
CDR record. See CDR dispositions
for possible values

A flag specified on the Party A
channel. See AMA records for
possible values
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userfield String (255) A user defined field set on the riw
channels. If set on both the Party A
and Party B channel, the userfields
of both are concatenated and
separated by a ;

uniqueid String (32) A unique identifier for the Party A r
channel
linkedid String (32) A unique identifier that unites r

multiple CDR records. See linkedid
propagation for more details

peeraccount String (80) The account code of the Party B riw
channel
sequence Integer A numeric value that, combined with ' r

uniqueid and linkedid, can be used
to uniquely identify a single CDR
record

Any of the values may be accessed using the CDR function. Any value that is read/write may be modified using this same function. CDR field values
cannot be modified once the CDR is finalized.

Dispositions

Dispositions represent the final state of the call from the perspective of Party A.

Value Description Hangup Cause Mapping Dial Status Mapping
NO ANSWER The channel was never answered. Any not explicitly listed ® CANCEL
This is the default disposition for an * NOANSWER

unanswered channel.

CONGESTION The channel dialed something ® AST_CAUSE_CONGESTI ON CONGESTION
that was congested.

FAILED The channel attempted to dial but ® AST_CAUSE_CONGESTI ON ® CONGESTION
the call failed. ® AST_CAUSE_NO ROUTE DE * FAILED
STI NATI ON
@ The congest i on setting ® AST_CAUSE_UNREG STERE
incdr. conf can result D

in the AST_CAUSE_CONG
ESTI ON hang up cause
or the CONGESTION
dial status to map to this
disposition.

BUSY The channel attempted to dial but ® AST_CAUSE BUSY ® BUSY
the remote party was busy.

ANSWERED The channel was answered. When = Any not explicitly listed * ANSWER
the channel is answered, the
hangup cause no longer changes
the disposition.

AMA Flags

AMA Flags are set on a channel and are conveyed in the CDR. They inform billing systems how to treat the particular CDR. Asterisk provides no additional
semantics regarding these flags - they are present simply to help external systems classify CDRs.

* OMIT
® BILLING
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User Defined Fields

Any CDR record may have user defined fields associated with it. Fields can be added to either the Party A or Party B channel. Note that not all CDR
backends support user defined fields; in those cases the user field is simply dropped when the CDR is dispatched to the backend.

If a Party A channel and a Party B channel both contain a field with the same key, only the Party A channel's field will be written to the CDR.

User defined CDR fields are created using the CDR function, and read using the same function.
Scenarios

1 The following scenarios show examples of CDRs created in common use cases. If a particular scenario is not shown below, the CDRs created
during the scenario should still match the behavior described previously. Some applications, however, may have undefined behavior as their use
is not common or the mechanism by which they manipulate channels does not allow for the capturing of the channel state.

Undefined behavior means that the behavior of CDRs in those cases is unsupported and will not be addressed as a bug.

Unanswered "Inbound" Call

@ Unanswered calls may not always be logged to CDR backends if the configuration has explicitly disabled unanswered calls.

Alice calls into Asterisk at extension 500 using a SIP phone and, during dialplan execution of a NoOp(), hangs up.

clid src dst dco cha dstc last last start ans end dur bills disp ama acc peer uniq user seq link

ntex nnel han app data wer atio ec ositi flag oun ~acc ueid field uen edid

t nel n on s tcod ount ce

e

"Alic £ 100 | 500 @ defa | SIP/ NoO 201 201 2 0 NO DO 100 Aste 34 Aste
e ult alice p 3-03 3-03 ANS CU risk- risk-
<10 -000 -04 -04 WE | ME 01-1 01-1
o>" 000 13:1 13:1 R NTA 362 362
00 1:18 1:20 TIO 424 424
N 276. 276.
2 2

Unanswered "Outbound" Call

Asterisk creates a call file to dial Alice and playback tt-monkeys to her. Alice, anticipating the screeching of howler monkeys, never picks up the phone.

clid src dst dco cha dstc last last start ans end dur bills disp ama acc peer uniq user seq link

ntex nnel han app data wer atio ec ositi flag oun acc ueid field uen edid
t nel n on S tcod ount CE
e

s defa = SIP/ App SIP/ | 201 201 2 0 NO DO Aste 4 Aste
ult alice Dial | Alice 3-03 3-03 ANS CU risk- risk-
-000 -04 -04 WE | ME 01-1 01-1

000 13:1 13:1 R NTA 362 362

00 1:18 1:20 TIO 424 424

N 276. 276.

2 2

Single Party

Alice calls into Asterisk's VoiceMailMain application. This implicitly Answers the channel. She checks her voicemail for awhile, then hangs up.

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 107


https://wiki/display/AST/Asterisk+11+Function_CDR

clid src dst dco cha
ntex nnel
t

"Alic 100 850 defa @ SIP/

e 0 ult alice

<10 -000

o>" 000

00

Basic Two Party Calls

dstc
han
nel

last  last
app data
Han
gup

start ans
wer
201 201
3-03  3-03
-04 -04
13:1 131
1:18 1:20

end dur bills disp ama
atio ec ositi  flag
n on s
201 60 58 ANS DO
3-03 WE CU
-04 RED ME
13:1 NTA
2:18 TIO
N

Two party calls can be initiated in a variety of ways. Several of the more common ways are illustrated here.

Basic Call

acc peer unig user seq @ link

oun acc ueid field uen @ edid

tcod ount ce

e

100 Aste 112 Aste
risk- risk-
01-1 01-1
362 362
424 424
276. 276.
2 2

Alice calls into Asterisk, which dials Bob. Bob Answers, and a bridge is formed between Alice and Bob. Alice and Bob talk for awhile, then Bob hangs up.
This breaks the bridge between Alice and Bob, and Alice is hung up on as well.

clid src dst dco cha
ntex nnel
t

"Alic 1 100 200 defa @ SIP/

e ult alice

<10 -000

o>" 000

00

Unanswered Dial

Alice calls into Asterisk, which dials Bob. Bob refuses to pick up his phone,

clid src dst dco cha
ntex nnel
t

"Alic 1 100 200 defa @ SIP/

e ult alice

<10 -000

o>" 000

00
Parallel Dial

dstc
han
nel

SIP/
bob-
000
000
01

dstc
han
nel

SIP/
bob-
000
000
01

last  last

app data

Dial = SIP/
bob,
Tt

last  last

app data

Dial = SIP/
bob,
10,T
t

start ans
wer
201 201
3-03  3-03
-04 -04
13:1 131
1:18  1:26

start ans

wer

201
3-03

13:1
1:18

end dur Dbills disp ama
atio ec ositi  flag
n on s
201 120 112 ANS | DO
3-03 WE CU
-04 RED ME
13:1 NTA
3:18 TIO
N

and the call eventually times out.

end dur bills disp ama
atio ec ositi  flag
n on s
201 10 0 NO DO
3-03 ANS CU
-04 WE ME
13:1 R NTA
1:28 TIO
N

acc  peer uniqg user seq @ link

oun acc ueid field uen @ edid

tcod ount ce

e
Aste 12 Aste
risk- risk-
01-1 01-1
362 362
424 424
276. 276.
2 2

acc peer unig user seq @ link

oun acc ueid field uen edid

tcod ount ce

e
Aste 1 Aste
risk- risk-
01-1 01-1
362 362
424 424
276. 276.
2 2

Alice calls into Asterisk, which dials Bob's SIP desk phone as well as his IAX2 soft phone. Both ring for awhile, and Bob eventually presses the Answer

button on his IAX2 soft phone.

clid dst cha

nnel

dco
ntex
t

Ssrc

dstc
han
nel

last
data

last
app

start ans

wer

end dur bills disp ama
atio ec ositi  flag
n on s
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"Alic 100 | 200 defa  SIP/ SIP/ Dial SIP/ | 201 201 10 0 NO DO Aste 12 Aste

e ult alice = bob- bob  3-03 3-03 ANS CU risk- risk-
<10 -000 000 &IA  -04 -04 WE ME 01-1 01-1
o>" 000 @ 000 X2/b  13:1 13:1 R NTA 362 362
00 01 ob,, 1:18 1:28 TIO 424 424
Tt N 276. 276.
2 2
"Alic 100 200 defa @ SIP/ @ I1AX Dial SIP/ 201 201 201 70 60 ANS DO Aste 13 Aste
e ult alice  2/bo bob  3-03 3-03 3-03 WE CU risk- risk-
<10 -000 b-00 &IA  -04 -04 -04 RED ME 01-1 01-1
o>" 000 000 X2/b 131 131 131 NTA 362 362
00 000 ob,, 1:18 1:28 2:28 TIO 424 424
Tt N 276. 276.
2 2

Call Forward

Alice calls into Asterisk, which dials Bob's SIP desk phone. Bob is on vacation, and the SIP phone returns a "302" and redirects Asterisk to dial his SIP
mobile.

Transfers

Transfers create multiple CDRs. In general, a CDR is created for each path of communication between two endpoints. Note that Asterisk does not attempt
to compute the total duration or billing time of any of the various channels involved - it is up to the businesses consuming CDRs to know whether or not the
amount of time they want to bill a party includes the transfer, the time spent dialing another party, consultation time, etc.

Blind Transfer

Alice calls into Asterisk, which dials Bob's SIP phone. Bob answers, and Alice and Bob talk for awhile. Eventually, Bob decides to send Alice off to Charlie,
and he blind transfers Alice to Charlie's extension. Asterisk dials Charlie's SIP phone, and Charlie answers. Alice and Charlie talk for awhile until Alice
decides to hang up.

clid src dst dco cha dstc last last start ans end dur bills disp ama acc peer uniq user seq link

ntex nnel han app data wer atio  ec ositi flag oun acc ueid field uen edid
t nel n on s tcod ount ce
e

"Alic | 100 200 defa SIP/ SIP/ Dial SIP/ 201 201 201 @30 20 ANS DO Aste 101  Aste
e ult alice = bob- bob, 3-03 3-03 3-03 WE CcuU risk- risk-
<10 -000 000 Tt -04 -04  -04 RED ME 01-1 01-1
o>" 000 000 13:1 1311 131 NTA 362 362
00 01 1:18  1:28  1:48 TIO 424 424
N 276. 276.

2 2
"Alic 1 100 300 defa SIP/ SIP/ Dial SIP/ 201 201 | 201 @65 60 ANS DO Aste 102 | Aste
e ult alice  char char  3-03 3-03 3-03 WE CU risk- risk-
<10 -000  lie-0 lie,, | -04 -04  -04 RED ME 01-1 01-1
o>" 000 000 Tt 13:1 1311 131 NTA 362 362
00 000 1:48 1:53 2:53 TIO 424 424
2 N 276. 276.

2 2

Attended Transfer to Channel

Alice calls into Asterisk, which dials Bob's SIP phone. Bob answers, and Alice and Bob talk for awhile. Eventually, Bob decides to send Alice off to Charlie,
and he initiates an attended transfer. Alice is put on hold, and Bob dials Charlie's extension. Asterisk dials Charlie's SIP phone, and Charlie answers. Bob
and Charlie talk for a bit, and Charlie agrees to talk to Alice. Bob completes the attended transfer, Alice is taken off hold, and Alice and Charlie are bridged.
Alice talks to Charlie for awhile, then hangs up.
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clid

"Alic

<10
0>"

"Bob
<20
0>"

"Alic

<10
0>"

Ssrc

100

200

100

dst

200

300

300

dco
ntex

defa
ult

defa
ult

defa
ult

cha
nnel

SIP/
alice
-000
000
00

SIP/
bob-
000
000
01

SIP/
alice
-000
000
00

dstc
han
nel

SIP/
bob-
000
000
01

SIP/
char
lie-0
000
000

SIP/
char
lie-0
000
000

last
app

Dial

Dial

Dial

In the example above, note the following:

last
data

SIP/
bob,
Tt

SIP/
char
lie,,
Tt

SIP/
bob,

Hold time is not reflected in CDRs.
When Bob dials Charlie, he becomes the Party A channel. However, the | i nkedi d from Alice 'wins', and so the CDR reflects

the | i nkedi d from Alice's CDR.

start

201
3-03

13:1
1:18

201
3-03
-04
13:1
1:48

201
3-03
-04
13:1
2:18

ans
wer

201
3-03

13:1
1:28

201
3-03
-04
13:1
1:53

201
3-03
-04
13:1
2:18

end

201
3-03

13:1
2:18

201
3-03

13:1
2:18

201
3-03

13:1
2:53

dur
atio

60

30

45

bills
ec

50

26

45

disp
ositi
on

ANS
WE
RED

ANS
WE
RED

ANS
WE
RED

ama
flag

DO
Cu
ME
NTA
TIO

DO
Cu
ME
NTA
TIO

DO
Cu
ME
NTA
TIO

acc
oun
tcod
e

peer
acc
ount

uniq
ueid

Aste
risk-
01-1
362
424
276.

Aste
risk-
01-1
362
424
280.

Aste
risk-
01-1
362
424
276.

user
field

Alice and Charlie are bridged automatically by the attended transfer, so their start and answer times are identical.
The billsec/duration of Alice and Charlie are reflective of their portion of the call, and do not include the times from Alice and

Bob.

Attended Transfer to Application

Alice calls into Asterisk, which dials Bob's SIP phone. Bob answers, and Alice and Bob talk for awhile. Eventually, Bob decides to send Alice off into

seq
uen
ce

101

102

103

link
edid

Aste
risk-
01-1
362
424
276.

Aste
risk-
01-1
362
424
276.

Aste
risk-
01-1
362
424
276.

Charlie's voicemail mailbox, and he initiates an attended transfer. Alice is put on hold, and Bob dials an extension that calls into VoiceMail. Bob enters in
the Charlie's voicemail mailbox number, then completes the attended transfer to put Alice into the voicemail mailbox. Alice records some voicemail, then

hangs up.
clid src
"Alic = 100
e
<10
o>"

dst

200

dco
ntex

defa
ult

cha
nnel

SIP/
alice
-000
000
00

dstc
han
nel

SIP/
bob-
000
000
01

last
app

Dial

last
data

SIP/
bob,

start

201
3-03

13:1
1:18

ans
wer

201
3-03

13:1
1:28

end

201
3-03

13:1
2:18

dur
atio

60

bills
ec

50

disp
ositi
on

ANS
WE
RED
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ama
flag

DO
Cu
ME
NTA
TIO

acc
oun
tcod
e

peer
acc
ount

uniq
ueid

Aste
risk-
01-1
362
424
276.

user
field

seq
uen
ce

101

link
edid

Aste
risk-
01-1
362
424
276.
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"Bob
<20
0>"

"Alic
e
<10
o>"

Blonde Transfer

200

100

850

850

defa
ult

defa
ult

SIP/
bob-
000
000
01

SIP/
alice
-000
000
00

Voic
eMa

Voic
eMa

300

300

201
3-03

13:1
1:48

201
3-03

13:1
2:18

201
3-03

13:1
1:49

201
3-03

13:1
2:18

201
3-03

13:1
2:18

201
3-03

13:1
3:18

30

60

29

60

ANS
WE
RED

ANS
WE
RED

DO
Cu
ME
NTA
TIO

DO
Cu
ME
NTA
TIO

Aste
risk-
01-1
362
424
280.

Aste
risk-
01-1
362
424
276.

102

103

Aste
risk-
01-1
362
424
276.

Aste
risk-
01-1
362
424
276.

Alice calls into Asterisk, which dials Bob's SIP phone. Bob answers, and Alice and Bob talk for awhile. Eventually, Bob decides to send Alice off to Charlie,
and he initiates an attended transfer. Alice is put on hold, and Bob dials Charlie's extension. Asterisk dials Charlie's SIP phone, but before Charlie answers
Bob hangs up. Asterisk recognizes that this is a blonde transfer, takes Alice off hold, and ties Charlie's ringing phone to Alice. Charlie answers, Alice talks

to Charlie for awhile, then hangs up.

clid

"Alic

<10
0>"

"Bob
<20
0>

"Alic

<10
0>"

Src

100

200

100

dst

200

300

300

Three Way Call

dco
ntex
t

defa
ult

defa
ult

defa
ult

cha
nnel

SIP/
alice
-000
000
00

SIP/
bob-
000
000
01

SIP/
alice
-000
000
00

dstc
han
nel

SIP/
bob-
000
000
01

SIP/
char
lie-0
000
000

SIP/
char
lie-0
000
000

last
app

Dial

Dial

Dial

last
data

SIP/
bob,
Tt

SIP/
char
lie,,
Tt

SIP/
char
lie,,
Tt

start

201
3-03

13:1
1:18

201
3-03

13:1
1:48

201
3-03

13:1
1:50

ans
wer

201
3-03

13:1
1:28

201
3-03

13:1
1:55

end

201
3-03

13:1
2:18

201
3-03

13:1
1:50

201
3-03

13:1
2:30

dur
atio

60

40

bills
ec

50

35

disp
ositi
on

ANS
WE
RED

NO
ANS
WE

ANS
WE
RED

ama
flag

DO
Cu
ME
NTA
TIO

DO
Cu
ME
NTA
TIO

DO
Cu
ME
NTA
TIO

acc
oun
tcod
e

peer
acc
ount

uniq
ueid

Aste
risk-
01-1
362
424
276.

Aste
risk-
01-1
362
424
280.

Aste
risk-
01-1
362
424
276.

user
field

seq
uen
ce

101

102

103

link
edid

Aste
risk-
01-1
362
424
276.

Aste
risk-
01-1
362
424
276.

Aste
risk-
01-1
362
424
276.

Alice calls into Asterisk, which dials Bob's SIP phone. Bob answers, and Alice and Bob talk for awhile. Eventually, Bob decides to bring Charlie into the mix.
He puts Alice on hold and dials Charlie's extension. Asterisk dials Charlie's SIP phone, and Charlie answers. Bob and Charlie talk for awhile, and Bob then

finishes the three-way call by finalizing the attempt. Alice is taken off hold, and Alice, Bob, and Charlie can all talk. Eventually, Bob hangs up, and all parties
are ejected and hung up on.

clid

Src

dst

dco
ntex
t

cha
nnel

dstc
han
nel

last
app

last
data

start

ans
wer

end

dur
atio
n

bills
ec

disp
ositi
on
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ama
flag
s

acc
oun
tcod
e

peer
acc
ount

uniq
ueid

user
field

seq
uen
ce

link
edid
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"Alic

<10
0>"

"Bob
<20
0>"

"Alic

<10
0>"

"Bob
<20
0"

SIP Attended Transfer

100

200

100

200

200

300

300

300

defa
ult

defa
ult

defa
ult

defa
ult

SIP/
alice
-000
000
00

SIP/
bob-
000
000
01

SIP/
alice
-000
000
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In the example above, note the following:
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® The consultation between Bob and Charlie is treated as a separate conversation from the conversation between all three

parties. Thus, there are two CDRs between Bob and Charlie.
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® Because the path of communication never was broken between Alice and Bob (despite Alice being put on hold), there is only

one CDR for Alice to Bob.

Alice calls into Asterisk, which dials Bob's SIP phone. Bob answers, and Alice and Bob talk for awhile. Eventually, Alice decides to transfer Bob to Charlie,
and performs an attended transfer using her SIP phone. Bob is put on hold. Alice and Charlie talk for awhile, and then Alice finishes the attended transfer.
Bob is taken off hold, and bridged with Charlie. Alice is hung up.
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The important point to note here is that a SIP attended transfer uses two channels to communicate with Bob - Sl P/ bob- 00000001 and SI P/ b

ob- 00000002. The CDR records are associated by virtue of the | i nkedi d field.

Local Channels

Local channels are a special Asterisk construct that create a path of communication between two bridges or a bridge and an application. A Local channel
always consists of two channels with the same name prefix - the first of the Local channel pair is delineated with a ; 1; the second is delineated with a ; 2.

Local channels have two different modes in Asterisk:

® They can exist permanently. In that case, the Local channel pair appears as two separate channels. From the perspective of CDRs, they
are treated as such with an implicit bridge between the channels. CDRs with a permanent Local channel pair will share the same | i nked

id.

® They can optimize. A Local channel optimization occurs when a pair of Local channels exist between two bridges and the Local channel
has been configured to optimize. If that situation occurs, the Local channel will cause the two bridges to merge into a single merge, and

the Local channel will disappear.

Each situation and how it appears in CDRs is explored further below.

Non-optimizing Local Channels

Local channel to an application

An external application Originates a Local channel. The first half of the Local channel Dials Alice over a SIP channel. The second half of the Local channel
is placed into her VoiceMail account. Alice listens to her VoiceMail through the Local channel, then hangs up.
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voic defa Loc Voic 100 201 201 201 50 50 ANS DO Aste 102  Aste

ema ult al/di eMa 3-03 3-03  3-03 WE CU risk- risk-

il al_al ilMai -04 -04 -04 RED ME 01-1 01-1
ice n 13:1 131 131 NTA 362 362
@de 1:28 1:28 2:18 TIO 424 424
fault N 290. 290.
-000 1 1
000
01;2

Local channel between bridges

An external application Originates a Local channel. The first half of the Local channel Dials Alice over a SIP channel; Alice answers. This triggers the
second half of the Local channel, which Dials Bob. Bob Answers, and Alice and Bob talk. Alice hangs up, the Local channels are hung up, and Bob is hung
up on.

clid src dst dco cha dstc last last start ans end dur bills disp ama acc peer uniq user seq link

ntex nnel han app data wer atio ec ositi flag oun acc ueid field uen @ edid
t nel n on 5 tcod ount ce
e
dial_ 100  defa Loc | SIP/ Dial | SIP/ 201 201 201 @60 50 ANS DO Aste 101  Aste
alice ult al/di | alice alice  3-03  3-03 3-03 WE CU risk- risk-
al_al -000 ST -04  -04  -04 RED ME 01-1 01-1
ice 000 13:1 1311 131 NTA 362 362
@de 02 1:18 1:28 2:18 TIO 424 424
fault N 290. 290.
-000 1 1
000
01;1
dial_ 200 defa Loc @ SIP/ Dial SIP/ 201 201 201 @50 40 ANS DO Aste 102 | Aste
bob ult al/di = bob- bob, 3-03 3-03 3-03 WE CcuU risk- risk-
al_al 000 AT -04  -04 | -04 RED ME 01-1 01-1
ice 000 13:1 1311 131 NTA 362 362
@de 03 1:28 1:38  2:18 TIO 424 424
fault N 290. 290.
-000 1 1
000
01;2

Local Channel Optimization

When a Local channel optimization occurs, the CDR records associated with the Local channel are finalized. New CDR records are generated for the
channels in the merged bridge, per the rules in CDR Consolidation.

@ CDR properties set on optimized Local channels are not propagated to other channels. Setting CDR information on optimizing Local channels
will cause that information to be lost.

In prior versions of Asterisk it was sometimes necessary to set CDR information on Local channels - with the addition of Pre-Dial handlers, it is
always possible to set CDR information on the appropriate channel at the time of creation.

Call Hold

Call Hold is a state of the media between two or more channels, and not a change in the actual bridging of those channels. As such, Call Hold is not reflect
ed in CDRs. Channels may be put on hold, taken off hold, put on hold again, forgotten about, found again, taken off hold, etc. without affecting CDRs at all.

Call Park

Call Park is different from Call Hold. Whereas Call Hold is a change of media state, Call Park implies that the channel has been moved into a state where it
can be retrieved by any other channel. As such, calls in Park receive their own CDR.

Alice calls into Asterisk and Bob answers. Alice says she wants to talk to Charlie, but Bob isn't sure Charlie wants to talk to Alice so he blind transfers her
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into Park. Alice sits, waiting in her parking slot, listening to serenading robots while Bob asks if Charlie wants to talk to Alice. Charlie says sure, so he picks

Alice up out of Park and they talk for awhile before Alice hangs up.
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Alice calls into Asterisk and enters Queue without being Answered. She waits in the queue for a period of time. At some point in time, she enters into the
head of the queue and the queue performs a ring-all on the members of the queue. There are two queue members - Bob and Charlie. Bob is out to lunch,
so his queue member is paused and it returns a Busy indication. Charlie, on the other hand, is not busy and answers. Alice and Charlie talk for awhile, and
eventually Alice hangs up.
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Alice calls into Asterisk and enters Queue without being Answered. She waits in the queue for a period of time. At some point in time, she enters into the
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head of the queue and the queue performs a round-robin strategy ring on the members of the queue. Bob is rung first, but being lazy, he ignores his phone.
After some time of ringing, it times out and goes on to Charlie. When Charlie's SIP phone rings, he immediately answers. Alice and Charlie talk for some
period of time, and eventually Alice hangs up.

clid src dst dco cha dstc last last start ans end dur bills disp ama acc peer uniq user seq link

ntex nnel han app data wer atio ec ositi flag oun acc ueid field uen @ edid
t nel n on S tcod ount ce
e

"Alic 100 800 @ defa  SIP/ SIP/ Que com | 201 201 180 O NO DO Aste 101  Aste
e ult alice  bob- ue plain = 3-03 3-03 ANS CU risk- risk-
<10 -000 ' 000 ts -04 -04 WE ME 01-1 01-1
0>" 000 000 131 131 R NTA 362 362
00 01 1:18 4:18 TIO 424 424

N 276. 276.

2 2
"Alic 100 | 800 defa SIP/ SIP/ Que com 201 201 201 180 100 @ANS DO Aste 102  Aste
e ult alice char ue plain  3-03  3-03 | 3-03 WE CU risk- risk-
<10 -000  lie-0 ts -04 -04 | -04 RED ME 01-1 01-1
0>" 000 000 13:1 1311 131 NTA 362 362
00 000 1:18 2:38  4:18 TIO 424 424
2 N 276. 276.

2 2

Conference Call
Alice calls into Asterisk and joins a ConfBridge conference. Bob does a bit later as well. Finally, Charlie joins the Conference. After talking for awhile, Bob

realizes he's late for lunch and hangs up. Alice and Charlie talk for a bit longer, then finally Alice hangs up. Charlie stays in the conference for another
second before he hangs up as well.

clid src dst dco cha dstc last last start ans end dur bills disp ama acc peer uniq user seq link

ntex nnel han app data wer atio ec ositi flag oun ~acc ueid field uen edid
t nel n on s tcod ount ce
e

"Alic 1 100 100 defa SIP/ SIP/ Conf 100 201 201 | 201 180 170 | ANS DO Aste 1 Aste
e 0 ult alice  bob- Brid O,pu 3-03 3-03  3-03 WE CcuU risk- risk-
<10 -000 000 ge blic_  -04 -04  -04 RED ME 01-1 01-1
o>" 000 000 brid  13:1 13:1 131 NTA 362 362
00 01 ge,p 1:18 1:28 4:18 TIO 424 424
ublic N 276. 276.
_us 2 2

er,p

ublic

_me

nu
"Bob 200 100 defa SIP/ SIP/ Conf 100 201 201 | 201 170 120 | ANS DO Aste 2 Aste
<20 0 ult bob- char Brid O,pu 3-03 3-03 3-03 WE CcuU risk- risk-
o>" 000 lie-0 ge blic_  -04 -04  -04 RED ME 01-1 01-1
000 000 brid  13:1 13:1 131 NTA 362 362
01 000 ge,p 1:28 2:18 4:18 TIO 424 424
2 ublic N 280. 276.
_us 1 2

er,p

ublic

_me

nu
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A Complex Example
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Alice calls into Asterisk and Dials Bob. Bob answers, and he and Alice talk for awhile. Bob realizes that what Alice really needs is to talk to Sales, so he
blind transfers Alice off to the Sales Queue. As Alice is heading off to the Sales Queue, Bob realizes that he should talk with Charlie about Alice, so he
Dials Charlies and he and Charlie talk for awhile. Alice enters into the Sales Queue, where she waits for a bit while agents David and Frank are dialed
using Local channels to SIP devices. Alice is eventually Answered by David, a sales agent. David and Alice talk for a bit, but David isn't able to sell her on
their new fantastic product, so he puts Alice on hold for a bit and calls Ellen from engineering. Ellen agrees to be on the call, and Alice, David, and Ellen are
put into a three-way call. Around this time, Charlie decides that he should talk to Alice as well. He transfers himself to the Sales bridge, hanging up on Bob
in the process. This turns the Sales bridge into a four-way call. The four parties talk for awhile, and eventually Alice is sold on the new whiz-bang product,
so she hangs up. Ellen realizes she isn't need any more either, and hangs up as well. Charlie and David talk about the weather for awhile, and then Charlie

hangs up, hanging up David as well.

® Alice calls into Asterisk and Dials Bob. Bob and Alice talk for awhile.
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® Bob realizes Alice wants to talk to Sales, so he blind transfers her off to the Sales Queue. Alice enters into the Sales Queue, where she
waits for a bit while agents David and Frank are dialed using Local channels to SIP devices. Alice is eventually Answered by David, a
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700 | me defa Loc @ SIP/ Dial @ SIP/ | 201 201 10 0 NO DO Aste 3 Aste
mbe  ult al/m | fran fran = 3-03 3-03 ANS CU risk- risk-
rl emb  k-00 k -04 -04 WE ME 01-1 01-1
erl 000 13:0 13:0 R NTA 362 362
@de | 002 1:50 2:00 TIO 424 424
fault N 280. 276.
-000 1 2
000
01;2
"Alic 100 700 defa SIP/ Loc Que sale 201 201 | 201 240 180 | ANS DO Aste 4 Aste
e ult alice al/m ue s 3-03 3-03  3-03 WE CU risk- risk-
<10 -000 emb -04 -04 -04 RED ME 01-1 01-1
0>" 000 er2 13:0 13:.0 13:.0 NTA 362 362
00 @de 1:00 2:00 @ 5:00 TIO 424 424
fault N 276. 276.
-000 2 2
000
02;1
700 me defa Loc @ SIP/ Dial SIP/ 201 201 201 240 235 @ ANS DO Aste 5 Aste
mbe  ult al/m | davi davi 3-03 3-03 3-03 WE CU risk- risk-
r2 emb  d-00 d -04 -04  -04 RED ME 01-1 01-1
er2 000 13:0 13:.0 13:.0 NTA 362 362
@de | 003 2:00 2:05 6:00 TIO 424 424
fault N 280. 276.
-000 3 2
000
02;2

1 Note that with non-optimizing Local channels, the duration of the Alice to the Local channel (which in turns passes media to/from David) may not
reflect the length of time that the Local channel to David is in the bridge. As we'll see, additional channels joining the bridge will change that
CDR's durations.

®* Meanwhile, Bob calls Charlie.

clid src dst dco cha dstc last last start ans end dur bills disp ama acc peer uniq user seq link
ntex nnel han app data wer atio ec ositi flag oun ~acc ueid field uen edid
t nel n on s tcod ount ce
e
"Bob 200 300 defa SIP/  SIP/ Dial SIP/ 201 201 201 130 120 ANS DO Aste 6 Aste
<20 ult bob- | char char 3-03 3-03 3-03 WE CU risk- risk-
0>" 000  lie-0 lie,, -04 -04 @ -04 RED ME 01-1 01-1
000 000 Tt 13:0 13:0 130 NTA 362 362
04 000 1:10 1:20 3:20 TIO 424 424
5 N 277. 2717.
1 1
® David and Alice talk for a bit, but David isn't able to sell her on their new fantastic product, so he puts Alice on hold for a bit and calls
Ellen from engineering. Ellen agrees to be on the call, and Alice, David, and Ellen are put into a three-way call.
clid src dst dco cha dstc last last start ans end dur bills disp ama acc peer uniq user seq link
ntex nnel han app data wer atio ec ositi flag oun ~acc ueid field uen edid
t nel n on S tcod ount ce
e
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During the consultation period, David's SIP channel directly Dials Ellen's SIP device. However, when Ellen joins the bridge with David, it is the

Local channel to David that is in the bridge, not David's SIP channel. Thus, the CDR reflects the Local channel to Ellen's SIP channel.

Around this time, Charlie decides that he should talk to Alice as well. He transfers himself to the Sales bridge, hanging up on Bob in the
process. This turns the Sales bridge into a four-way call. The four parties talk for awhile, and eventually Alice is sold on the new
whiz-bang product, so she hangs up. Ellen realizes she isn't need any more either, and hangs up as well. Charlie and David talk about
the weather for awhile, and then Charlie hangs up, hanging up David as well.
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Because Charlie's channel is older then either the Local channel to David's SIP channel or Ellen's SIP channel, Charlie is chosen as Party A for
those CDRs. Alice, on the other hand, is older than Charlie, so she is Party A for that CDR. Because Alice is the oldest channel, her | i nkedi d i
s propagated to all CDRs in the bridge. However, the CDR between Charlie and Bob is not affected, as Bob is the Party A in that CDR and the
CDR would already have been dispatched by the time Charlie joined this bridge.

Asterisk CDR APIs

The following details high level APIs that Asterisk provides for manipulating CDRs.

1 These still describe applications/functions available in Asterisk 11. When documentation has been updated for these applications/functions for
Asterisk 12, the links will be updated appropriately.

Applications

NoCDR

When this application is executed on a channel, the channel is no longer considered for CDRs. Any previous CDRs involving the channel will continue to be
updated.

(D This application is deprecated. It is now recommended to use the CDR_PROP function instead.

ForkCDR

ForkCDR now does significantly less than it used to. The application will finalize the current CDR and create a new CDR for the party A channel. The new
CDR record may or may not inherit properties of the previously finalized CDR, based on parameters passed to the application.

ResetCDR

ResetCDR has two purposes:

1. It resets the start time/answer time for the current CDR. If the channel is answered, the start time and answer time will reflect when
ResetCDR was called on the channel.
2. Alternatively, it simply enables CDRs on a channel that previously had NoCDR executed on it.

Functions

CDR

Retrieve or modify a field in a CDR record.

CDR_PROP

Modify a fundamental property on a CDR record.

Example: Setting the called party as Party A of the CDR
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[ defaul t]

exten => 100, 1, NoOp()
same => n, Di al (SI P/ bob, , b(def aul t~cal | ee_handl er~1))
sane => n, Hangup()

exten => cal | ee_handl er, 1, NoOp()

same => n, Set (CDR(party_A) =true)
sane => n, Ret urn()

Configuration

The following parameters can be configured for the CDR engine. Additional CDR backends may have their own configuration settings that are outside the
scope of this specification.

General Settings

The following settings must appear in the context gener al .

Name Type Description

enable Boolean Enable/disable the CDR engine

batch Boolean Dispatch CDRs in batches.

unanswered Boolean Dispatch unanswered CDRs. See Definition of

Unanswered for more information.
congestion Boolean Treat congestion calls as failed calls

endbeforehexten Boolean Finalize CDRs before the h extension or hangup
handlers are executed

initiatedseconds Boolean Count microseconds for the purposes of the bi |
| sec field

size Integer The number of records to buffer before initiating
a batch

time Integer The time, in seconds, before initiating a batch

scheduleronly Boolean Deprecated. See uset hr eadpool instead.

usethreadpool Boolean For any CDRs that are dispatched, use a thread

pool thread to perform the dispatching. This
prevents the CDR taskprocessor thread from
being blocked by any CDR backends.

safeshutdown Boolean Block Asterisk shutdown on dispatching of CDRs
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Introduction

Channel Event Logging (CEL) provides a series of records describing the state of channels in Asterisk to any of several event recording backends. CEL
records provide substantially more information than CDRs and thus allow an Asterisk User to construct their own more complex billing system.

As a result of the bridging work done for Asterisk 12, CEL behavior has changed for several events that occur in the system. The most significant changes
are:

® AST_CEL_BRIDGE_ENTER and AST_CEL_BRIDGE_EXIT have been introduced to denote participant changes in bridges.

® AST_CEL_BRIDGE_START and AST_CEL_BRIDGE_END have been removed as they no longer applies to the new bridging framework.
® AST_CEL_BRIDGE_UPDATE has been removed as it no longer applies to the new bridging framewaork.

® AST_CEL_LOCAL_OPTIMIZE has been added to describe local channel optimizations that occur.

® Alllinkedid accounting and record generation is now handled within the CEL engine.

® The peer field is only used in BRIDGE_ENTER and BRIDGE_EXIT records.

Scope

This CEL specification applies to Asterisk 12. While some portions of this specification are applicable to prior versions of Asterisk, other portions are
specific to Asterisk 12 and their counterparts in prior versions are not discussed.

Terminology

Term Definition

CEL Channel Event Logging. The focus of this documentation.

CEL record An individual event record produced by the CEL engine.

CDR Call Detail Record. An alternative method of extracting billing information

from Asterisk. Simpler, but less flexible.

Stasis The internal message bus in Asterisk that conveys state to the CEL
engine.

Primary The channel around which a CEL record is focused.

AMI Asterisk Manager Interface

CsVv Comma Separated Values. A format commonly used for tabular data

when stored outside of a database.

CEL Overview

A CEL record contains information about a system event including a partial dump of the Primary's state and may contain data relevant to that specific
record type such as channel names, bridge unique identifiers, channel variable values, or other miscellaneous information. The CEL engine tracks changes
in individual channel state and guarantees ordering of records for a given Primary, but does not guarantee ordering of records in relation to other Primaries.
The exception to this record ordering occurs with meta-records which occur adjacent to the events they describe. Applicable event ordering is provided in
the descriptions below. CEL output does not describe interaction with MeetMe conferences other than MeetMe as an application.

Record Types

The records produced by the CEL engine can be grouped in to three general categories:
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Stand-Alone Records

These records convey a channel event on the channel that does not involve channels or bridges other than the Primary.

Channel Start

An AST_CEL_CHANNEL_START record is generated when a channel is created. This record introduces a new Primary and is the first record available for
all Primaries.

Channel End

An AST_CEL_CHAN_END record is generated when a channel is destroyed. This record indicates that a Primary is going away and that there will be no
further records for this Primary with the exception of AST_CEL_LINKEDID_END.

Answer

An AST_CEL_ANSWER record is generated when a channel is answered. Depending on the state transitions that occur on a Primary, this record may not
be generated.

Hangup
An AST_CEL_HANGUP record is generated when a channel is hung up. This record will occur on every Primary prior to channel destruction.

Application Start

An AST_CEL_APP_START record is generated when a channel enters an application. This record will always be generated before its corresponding
AST_CEL_APP_END.

Application End

An AST_CEL_APP_END record is generated when a channel exits an application. This record will be generated after its corresponding
AST_CEL_APP_START, but is not guaranteed to be generated on hangup.

User Defined

An AST_CEL_USER_DEFINED record is generated when a channel enters the CELGenUserEvent application. The application sets the user defined name
field and additional information in the extra field in the "extra" key.

Linked ID End

An AST_CEL_LINKEDID_END record is generated when the last channel using the given linked ID is destroyed or the last instance of a linked ID is
overwritten by a different linked ID. This is the only type of record that may occur after AST_CEL_CHANNEL_END.

Interaction Records

These records convey the Primary's interactions with other channels or bridges.

Bridge Enter

An AST_CEL_BRIDGE_ENTER record is generated when a channel enters a bridge. The entering channel is the Primary for this event. Additional
information is conveyed in the extra field under the "bridge_id" key. All other channels in the bridge at the time of entry are available in the peer field as a
comma-separated list.

Bridge Exit
An AST_CEL_BRIDGE_EXIT record is generated when a channel exits a bridge. The leaving channel is the Primary for this event. Additional information is

conveyed in the extra field under the "bridge_id" key. All other channels in the bridge at the time of exit are available in the peer field as a
comma-separated list.

Forward

An AST_CEL_FORWARD record is generated when a dialing channel is forwarded elsewhere by a dialed channel. The dialing channel is the Primary for
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this event. Additional information is conveyed in the extra field under the "forward" key.

Park Start

An AST_CEL_PARK_START record is generated when a channel is parked. The parked channel is the Primary for this event. Additional information is
conveyed in the extra field under the keys "parker_dial_string" and "parking_lot".

Park End

An AST_CEL_PARK_START record is generated when a channel is unparked. The unparked channel is the Primary for this event. Additional information is
conveyed in the extra field under the "reason" key. This record always occurs after its corresponding AST_CEL_PARK_START.

Pickup

An AST_CEL_PICKUP record is generated when a channel is picked up. The picked up channel (also known as the target) is the Primary for this record. T
he name of the channel that is picking up is conveyed in the extra field under the "pickup_channel" key.

Meta-Records

These records convey additional context relating to surrounding CEL records

Blind Transfer

An AST_CEL_BLINDTRANSFER record is generated when a blind transfer feature is activated on a bridge. The initiating channel is the Primary for this
record. Additional information is conveyed in the extra field under the "extension”, "context", and "bridge_id" keys.

Attended Transfer

An AST_CEL_ATTENDEDTRANSFER record is generated when an attended transfer is successfully performed.

Bridge-Bridge Attended Transfers

This type of attended transfer occurs when both involved channels are bridged. The initiating channel is the Primary for this record. Additional information is
conveyed in the extra field under the "bridgel_id", "channel2_name", and "bridge2_id" keys.

The records associated with this type of transfer will vary depending on the configuration of the bridges involved and the number of channels involved.
Possible methods of accomplishing the transfer include (but are not limited to) channel swap, bridge merge, and bridge link via a local channel.

Bridge-App Attended Transfers

This type of attended transfer occurs when one involved channel is bridged while the other is running an application. The bridged channel is the Primary for
this record. Additional information is conveyed in the extra field under the "bridgel1_id", "channel2_name", and "app" keys.

App-App Attended Transfers

Attended transfers involving only channels that are running applications are not currently possible. This is not possible with internal transfers since there is
no bridge involved to handle the feature codes and any externally initiated attended transfer that attempts to bridge two app-bound channels will fail.

Local Channel Optimization

An AST_CEL_LOCAL_OPTIMIZE record is generated when a local channel optimization attempt completes successfully. The semi-one (local channel
ending in ';1') channel is the Primary for this event. The name of the semi-two (local channel ending in ';2) channel is conveyed in the extra field under the
"local_two" key.

Removed Records

The following record types are no longer available in Asterisk 12:

® AST_CEL_BRIDGE_START
* AST_CEL_BRIDGE_END
® AST CEL_CONF_START
* AST_CEL_CONF_END

® AST_CEL_CONF_ENTER
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* AST_CEL_CONF_EXIT

® AST CEL_HOOKFLASH

® AST_CEL_3WAY_START

® AST _CEL_3WAY_END

* AST CEL_BRIDGE_UPDATE
® AST_CEL_TRANSFER

Record Fields

Primary Fields

These fields are populated exclusively from their corresponding fields on the Primary in a consistent manner for every CEL record.

CallerID Name

The name identifying the caller for this channel.

CallerID Number

The number identifying the caller for this channel.

CallerID ANI

Automatic Number Identification caller information provided for this channel.

CallerID RDNIS

Redirecting information for this channel.

CallerID DNID

Dialed Number Identification for this channel.

Extension

The extension in which this channel is currently executing.

Context

The context in which this channel is currently executing.

Channel Name

The name of this channel.

Application Name

The name of the application that this channel is currently executing.

Application Data

The data provided to the application being executed.

Account Code

The account code used for billing.

Peer Account Code

The peer channel's account code.
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Unique ID

This channel's instance unique identifier.

Linked ID

This channel's current linked ID which is affected by bridging operations. This identifier starts as the channel's unique ID.

AMA Flags

This channel's Automated Message Accounting flags.

Record Type Specific Fields

These fields vary or may be blank depending on the CEL record type.

User Defined Name

This field is only used for AST_CEL_USER_DEFINED and conveys the user-specified event type.

Extra

This field contains a JSON blob describing additional record-type-specific information.

Logging Backends

CEL provides several methods of logging records to be processed at a later time. CEL only publishes record types to backends that are enabled in the
general CEL configuration. Sample configurations are provided with the Asterisk 12 source for all of these backends.

Custom

The Custom CEL output module provides logging capability to a CSV file in a format described in the configuration file. This module is configured in
cel_custom.conf.

Manager

The manager CEL output module publishes records over AMI as CEL events with the record type published under the "EventName" key. This module is
configured in cel.conf in the [manager] section.

ODBC

The ODBC CEL output module provides logging capability to any ODBC-compatible database. This module is configured in cel_odbc.conf.

PGSQL

The PGSQL CEL output module provides logging capability to PostgreSQL databases when it is desirable to avoid the ODBC abstraction layer. This
module is configured in cel_pgsql.conf.

RADIUS

The RADIUS CEL output module allows the CEL engine to publish records to a RADIUS server. This module is configured in cel.conf in the [radius]
section.

SQLite

The SQLite CEL output module provides logging capability to a SQLite3 database in a format described in its configuration file. This module is configured in
cel_sqlite3_custom.conf.
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TDS

The TDS CEL output module provides logging capability to Sybase or Microsoft SQL Server databases when it is desirable to avoid the ODBC abstraction
layer. This module is configured in cel_tds.conf.

Example Scenarios

For the following scenarios, assume the CEL engine is configured to generate the following record types:

® AST CEL_CHANNEL_START
® AST_CEL_CHAN_END

* AST _CEL_BRIDGE_ENTER
® AST CEL_BRIDGE_EXIT

Two-Participant Bridge

The following scenario demonstrates channel creation, channel destruction, bridge start, and bridge end:

Event Record Primary Extra
Channel Alice is created AST_CEL_CHANNEL_START Alice
Channel Bob is created AST_CEL_CHANNEL_START Bob

Bridge Link is created

Alice enters bridge Link AST_CEL_BRIDGE_ENTER Alice {"bridge_id": "Link"}
Bob enters bridge Link AST_CEL_BRIDGE_ENTER Bob {"bridge_id": "Link"}
Bob exits bridge Link AST_CEL_BRIDGE_EXIT Bob {"bridge_id": "Link"}
Bob is destroyed AST_CEL_CHAN_END Bob
Alice exits bridge Link AST_CEL_BRIDGE_EXIT Alice {"bridge_id": "Link"}
Alice is destroyed AST_CEL_CHAN_END Alice

Multi-participant Conference

The following scenario demonstrates conversion of a bridge to a multi-participant conference:

Event Record Primary Extra
Channel Alice is created AST_CEL_CHANNEL_START Alice

Channel Bob is created AST_CEL_CHANNEL_START Bob

Channel Charlie is created AST_CEL_CHANNEL_START Charlie

Channel David is created AST_CEL_CHANNEL_START David

Bridge Link is created

Alice enters bridge Link AST_CEL_CONF_ENTER Alice {"bridge_id", "Link"}
Bob enters bridge Link AST_CEL_CONF_ENTER Bob {"bridge_id", "Link"}
Charlie enters bridge Link AST_CEL_CONF_ENTER Charlie {"bridge_id", "Link"}
David enters bridge Link AST_CEL_CONF_ENTER David {"bridge_id", "Link"}
Alice exits bridge Link AST_CEL_CONF_EXIT Alice {"bridge_id", "Link"}
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Alice is destroyed AST_CEL_CHAN_END Alice

Bob exits bridge Link AST_CEL_CONF_EXIT Bob {"bridge_id", "Link"}
Bob is destroyed AST_CEL_CHAN_END Bob

Charlie exits bridge Link AST_CEL_CONF_EXIT Charlie {"bridge_id", "Link"}
Charlie is destroyed AST_CEL_CHAN_END Charlie

David exits bridge Link AST_CEL_CONF_EXIT David {"bridge_id", "Link"}
David is destroyed AST_CEL_CHAN_END David

Dial Nominal

For this scenario, assume that AST_CEL_ANSWER, AST_CEL_HANGUP, AST_CEL_APP_START, and AST_CEL_APP_END are configured in addition
to the aforementioned record types and that "Dial" is configured to be watched.

The following scenario demonstrates a Dial that results in an answer followed by bridging and hangup:

Event Record Primary Extra

Channel Alice is created AST_CEL_CHANNEL_START Alice

Alice executes Dial(SIP/Bob) AST_CEL_APP_START Alice

Channel Bob is created AST_CEL_CHANNEL_START Bob

Bob answers AST_CEL_ANSWER Bob

Alice answers AST_CEL_ANSWER Alice

Bridge Link is created

Alice enters bridge Link AST_CEL_BRIDGE_ENTER Alice {"bridge_id": "Link"}

Bob enters bridge Link AST_CEL_BRIDGE_ENTER Bob {"bridge_id": "Link"}

Bob initiates hangup, exits bridge | AST_CEL_BRIDGE_EXIT Bob {"bridge_id": "Link"}

Link

Bob completes hang up AST_CEL_HANGUP Bob {"hangupcause":16,"dialstatus":"",
"hangupsource":"Bob"}

Bob is destroyed AST_CEL_CHAN_END Bob

Alice exits bridge Link AST_CEL_BRIDGE_EXIT Alice {"bridge_id": "Link"}

Alice is hung up AST_CEL_HANGUP Alice {"hangupcause":16,"dialstatus":"A
NSWER","hangupsource":""}

Alice is destroyed AST_CEL_CHAN_END Alice

Dial Busy

For this scenario, assume that AST_CEL_ANSWER, AST_CEL_HANGUP, AST_CEL_APP_START, and AST_CEL_APP_END are configured in addition
to the aforementioned record types and that "Dial" is configured to be watched. The following scenario demonstrates a Dial that results in a busy:

Event Record Primary Extra
Channel Alice is created AST_CEL_CHANNEL_START Alice
Alice executes Dial(SIP/Bob) AST_CEL_APP_START Alice

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

129



Channel Bob is created

Bob responds BUSY

Bob is destroyed

Alice is hung up

Alice is destroyed

Blind Transfer

AST_CEL_CHANNEL_START

AST_CEL_HANGUP

AST_CEL_CHAN_END

AST_CEL_HANGUP

AST_CEL_CHAN_END

Bob

Bob

Bob

Alice

Alice

{"hangupcause":21,"dialstatus":""
,"hangupsource":""}

{"hangupcause":17,"dialstatus":"B
USY","hangupsource™:""}

For this scenario, assume that AST_CEL_HANGUP is configured in addition to the aforementioned record types. The following scenario demonstrates a

blind transfer:

Event

Channel Alice is created
Channel Bob is created
Alice answers

Bob answers

Bridge Link is created
Bob enters bridge Link
Alice enters bridge Link

Alice initiates a blind transfer to e
xten@context

Alice exits bridge Link

Alice is hung up

Alice is destroyed

A local channel pair is created to
handle dialplan

Locall enters bridge Link

Local2 executes dialplan at
exten@context

Local2 is eventually hung up by
the dialplan

Hangup is initiated on Locall,
exiting bridge Link

Locall is hung up

Locall is destroyed

Record
AST_CEL_CHANNEL_START
AST_CEL_CHANNEL_START
AST_CEL_ANSWER

AST_CEL_ANSWER

AST_CEL_BRIDGE_ENTER
AST_CEL_BRIDGE_ENTER

AST_CEL_BLINDTRANSFER

AST_CEL_BRIDGE_EXIT

AST_CEL_HANGUP

AST_CEL_CHANNEL_END

AST_CEL_CHANNEL_START

AST_CEL_CHANNEL_START

AST_CEL_BRIDGE_ENTER

AST_CEL_HANGUP

AST_CEL_BRIDGE_EXIT

AST_CEL_HANGUP

AST_CEL_CHANNEL_END

Primary

Alice

Bob

Alice

Bob

Bob

Alice

Alice

Alice

Alice

Alice

Locall

Local2

Locall

Local2

Locall

Locall

Locall
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{"bridge_id":"Link"}
{"bridge_id":"Link"}

{"bridge_id":"Link","extension":"ex
ten","context":"context"}

{"bridge_id":"Link"}

{"hangupcause":16,"dialstatus":"",
"hangupsource":""}

{"bridge_id":"Link"}

{"hangupcause":16,"dialstatus™:",
"hangupsource™:"'}

{"bridge_id":"Link"}

{"hangupcause":16,"dialstatus":"",
"hangupsource™:""}
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Local2 is destroyed AST_CEL_CHANNEL_END Local2

Bob is the last channel and sois | AST_CEL_HANGUP Bob {"hangupcause":16,"dialstatus":"",
hung up "hangupsource™:""}

Bob is destroyed AST_CEL_CHANNEL_END Bob

Attended Transfer

For this scenario, assume that AST_CEL_ANSWER and AST_CEL_HANGUP are configured in addition to the aforementioned record types. The following
scenario demonstrates a channel-swapping attended transfer:

Event Record Primary Extra

Channel Alice is created AST_CEL_CHANNEL_START Alice

Channel Bob is created AST_CEL_CHANNEL_START Bob

Alice answers AST_CEL_ANSWER Alice

Bob answers AST_CEL_ANSWER Bob

Bridge Link1 is created

Bob enters bridge Link1 AST_CEL_BRIDGE_ENTER Bob {"bridge_id":"Link1"}

Alice enters bridge Link1 AST_CEL_BRIDGE_ENTER Alice {"bridge_id":"Link1"}

Channel Charlie is created AST_CEL_CHANNEL_START Charlie

Channel David is created AST_CEL_CHANNEL_START David

Charlie answers AST_CEL_ANSWER Charlie

David answers AST_CEL_ANSWER David

Bridge Link2 is created

David enters bridge Link2 AST_CEL_BRIDGE_ENTER Bob {"bridge_id":"Link2"}

Charlie enters bridge Link2 AST_CEL_BRIDGE_ENTER Alice {"bridge_id":"Link2"}

An attended transfer between

Alice and David begins

Bob exits bridge Link1 AST_CEL_BRIDGE_EXIT Bob {"bridge_id":"Link1"}

Bob enters bridge Link2 AST_CEL_BRIDGE_ENTER Bob {"bridge_id":"Link2"}

David exits bridge Link2 AST_CEL_BRIDGE_EXIT David {"bridge_id":"Link2"}

David is hung up AST_CEL_HANGUP David {"hangupcause":16,"dialstatus":"",
"hangupsource":""}

David is destroyed AST_CEL_CHANNEL_END David

Alice and David execute an AST_CEL_ATTENDEDTRANSF  Alice {"bridge1_id":"Link1","channel2_n

attended transfer ER ame":"David","bridge2_id":"Link2"
}

Alice exits bridge Link1 AST_CEL_BRIDGE_EXIT Alice {"bridge_id":"Link1"}

Alice is hung up AST_CEL_HANGUP Alice {"hangupcause":16,"dialstatus":"",
"hangupsource":""}

Alice is destroyed AST_CEL_CHANNEL_END Alice
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Bob exits bridge Link2
Charlie exits bridge Link2

Bob is hung up

Bob is destroyed

Charlie is hung up

Charlie is destroyed

Note that the ATTENDEDTRANSFER event does not necessarily occur before or after the records it is related to.

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

AST_CEL_BRIDGE_EXIT
AST_CEL_BRIDGE_EXIT

AST_CEL_HANGUP

AST_CEL_CHANNEL_END

AST_CEL_HANGUP

AST_CEL_CHANNEL_END

Bob

Charlie

Bob

Bob

Charlie

Charlie

{"bridge_id":"Link2"}
{"bridge_id":"Link2"}

{"hangupcause":16,"dialstatus":"",
"hangupsource™:""}

{"hangupcause":16,"dialstatus":"",
"hangupsource™:"'}
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Asterisk 12 Command Reference

This page is the top level page for the XML/JSON derived documentation in Asterisk 12:

® Dialplan applications and functions
® Manager actions and events

® AGI commands

® ARI HTTP requests and events

® Asterisk module configurations
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Asterisk 12 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 12 AGICommand_hangup

Import Version

This documentation was imported from Asterisk Version Unknown

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 135



Asterisk 12 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 12 AGICommand_hangup

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 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 - Line is ringing.

5 - Remote end is ringing.
6 - Line is up.

7 - Line is busy.

Syntax

CHANNEL STATUS CHANNELNAMVE

Arguments

channel nane

See Also

Import Version

This documentation was imported from Asterisk Version Unknown

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 12 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 ename - 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 Unknown
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Asterisk 12 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 Unknown
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Asterisk 12 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 Unknown
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Asterisk 12 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

® famly
® key

See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 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 Unknown
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Asterisk 12 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 COPTI ONS

Arguments

® application
® options

See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 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
® timeout

® maxdigits
See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 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 Unknown
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Asterisk 12 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 OPTION FI LENAVE ESCAPE_DI G TS TI MEQUT

Arguments

® filenane
® escape_digits
® tineout

See Also

® Asterisk 12 AGICommand_stream file

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 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 ABLENAVE

Arguments

® vari abl enane

See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 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

® extension

® priority

® optional -argunent

See Also

® Asterisk 12 Application_GoSub

Import Version

This documentation was imported from Asterisk Version Unknown

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 12 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 CHANNELNAVE

Arguments

¢ channel nane

See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 AGICommand_noop
NOOP

Synopsis

Does nothing.

Description

Does nothing.

Syntax

NOoP

Arguments

See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 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 Unknown
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Asterisk 12 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 Unknown
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Asterisk 12 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 LENAVE FORVAT ESCAPE DI G TS TI MEQUT OFFSET SAMPLES BEEP S=SI LENCE

Arguments

® filenane

® format

® escape_digits
® timeout

® of fset sanples
® BEEP

® s=silence
See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 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

® number
® escape_digits

See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 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 Unknown
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Asterisk 12 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 FORVAT TI MEZONE

Arguments

® tine -Isnumber 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 (defaults to ABdY ' digits/at' | M).
® 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 Unknown
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Asterisk 12 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

® number
® escape_digits

See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 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 Unknown
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Asterisk 12 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 Unknown
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Asterisk 12 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

® tinme -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 Unknown
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Asterisk 12 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
® image
See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 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 Unknown
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Asterisk 12 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 Unknown
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Asterisk 12 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 Unknown

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License.
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Asterisk 12 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 Unknown
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Asterisk 12 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 Unknown
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Asterisk 12 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
* {n
[ ] [ ] on
* {n
° ® off
® class
See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 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 PRRORITY PRIORI TY

Arguments
® priority
See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 AGICommand_set variable

SET VARIABLE
Synopsis
Sets a channel variable.

Description

Sets a variable to the current channel.

Syntax

SET VARI ABLE VARI ABLENAMVE VALUE

Arguments

® vari abl enane
¢ val ue

See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 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 NAMVE

Arguments

® granmar nane

See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 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 Unknown
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Asterisk 12 AGICommand_speech deactivate grammar

SPEECH DEACTIVATE GRAMMAR
Synopsis
Deactivates a grammatr.

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 Unknown
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Asterisk 12 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 12 AGICommand_speech create

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 AGICommand_speech load grammar
SPEECH LOAD GRAMMAR

Synopsis

Loads a grammar.

Description

Loads the specified grammar as the specified name.

Syntax

SPEECH LOAD GRAMMAR GRAMVAR NAME PATH TO GRAMVAR

Arguments

® granmar nane
® path to granmar

See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 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 Unknown
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Asterisk 12 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 Unknown
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Asterisk 12 AGICommand_speech unload grammar

SPEECH UNLOAD GRAMMAR
Synopsis
Unloads a grammar.

Description

Unloads the specified grammar.

Syntax

SPEECH UNLCAD GRAMVAR GRAMVAR NAME

Arguments

® granmar nane

See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 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 enane - 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 12 AGICommand_control stream file

Import Version
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Asterisk 12 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
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Asterisk 12 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

VERBOSE MESSAGE LEVEL

Arguments

® nmessage
® | evel

See Also

Import Version
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Asterisk 12 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, O 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

® tineout

See Also

Import Version
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Asterisk 12 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 meout
Actionl D <val ue>
Channel : <val ue>

Ti meout: <val ue>

Arguments

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

See Also

Import Version
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Asterisk 12 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- ActionlD for this transaction. Will be returned.
® Agent - Agent ID of the agent to log off.
® Soft - Settotrue to not hangup existing calls.

See Also

Import Version
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Asterisk 12 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 12 ManagerEvent_Agents
® Asterisk 12 ManagerEvent_AgentsComplete

Import Version

This documentation was imported from Asterisk Version Unknown

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 185



Asterisk 12 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 AGL.

Syntax

Action: AG

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

Arguments

® Acti onl D- ActionlD for this transaction. Will be returned.
® Channel - Channel thatis currently in Async AGI.
® Conmmand - 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 Unknown
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Asterisk 12 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: AOCCMessage

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>
CurrencyAnount: <val ue>
CurrencyMul tiplier: <value>

Tot al Type: <val ue>

ACCBi | | i ngl d: <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- ActionlID 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
*D
*E
® Char geType - Defines what kind of charge this message represents.
° NA
®* FREE
® Currency
® Unit
® Uni t Amount (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.
® CurrencyAnount - 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.
® OneThousandt h
® OneHundredth
® OneTenth
®* One
® Ten
® Hundred
® Thousand
® Tot al Type - Defines what kind of AOC-D total is represented.
® Total
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* ACCHI |

SubTot al
i ngl d - Represents a billing ID associated with an AOC-D or AOC-E message. Note that only the first 3 items of the enum are

valid AOC-D billing IDs

® Chargi

Nor nal

Rever seChar ge

CreditCard

Cal | FwdUncondi ti onal

Cal | FwdBusy

Cal | FmdNoRepl y

Cal | Defl ection

Cal | Transfer

ngAssoci at i onl d - Charging association identifier. This is optional for AOC-E and can be set to any value between -32768

and 32767

® Chargi
® Chargi

ngAssoci ati onNunber - Represents the charging association party number. This value is optional for AOC-E.
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 humbering-plan-identification fields.

See Also

Import Version
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Asterisk 12 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

® Acti onl D- ActionlD 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 Unknown
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Asterisk 12 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 12 ManagerAction_Redirect

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 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

® Acti onl D- ActionID 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 Unknown

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 191



Asterisk 12 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>
Bri dgeUni 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-12-r402438
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Asterisk 12 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>
Bri dgeUni quei d: <val ue>

Arguments

® Acti onl D- ActionlD 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 Unknown
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Asterisk 12 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- ActionlD 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-12-r402438
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Asterisk 12 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: BridgeList
Actionl D <val ue>
Bri dgeType: <val ue>

Arguments

® Acti onl D- ActionlD 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 Unknown
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Asterisk 12 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-12-r402438
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Asterisk 12 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>
Bri dgeTechnol ogy: <val ue>

Arguments

® Acti onl D- ActionlD 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-12-r402438
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Asterisk 12 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>
Bri dgeTechnol ogy: <val ue>

Arguments

® Acti onl D- ActionlD 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-12-r402438
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Asterisk 12 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

® Acti onl D- ActionlD for this transaction. Will be returned.
® Aut hType - Digest algorithm to use in the challenge. Valid values are:
* MD5

See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 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: ChangeMbnitor
Actionl D <val ue>
Channel : <val ue>
File: <val ue>

Arguments

® Acti onl D- ActionlD for this transaction. Will be returned.
® Channel - Used to specify the channel to record.
® Fil 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 Unknown
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Asterisk 12 ManagerAction_Command
Command

Synopsis

Execute Asterisk CLI Command.

Description

Run a CLI command.

Syntax

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

Arguments

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

See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 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

See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 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 Unknown
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Asterisk 12 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 Unknown
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Asterisk 12 ManagerAction_ConfbridgeLock
ConfbridgeLock

Synopsis
Lock a Confbridge conference.
Description

Syntax

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

Arguments

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

See Also

Import Version
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Asterisk 12 ManagerAction_ConfbridgeMute
ConfbridgeMute

Synopsis
Mute a Confbridge user.
Description

Syntax

Action: ConfbridgeMite
Actionl D <val ue>

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

Arguments

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

See Also

Import Version
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Asterisk 12 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

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

See Also

Import Version

This documentation was imported from Asterisk Version Unknown

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 207



Asterisk 12 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>

[ RecordFile:] <val ue>

Arguments

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

See Also

Import Version
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Asterisk 12 ManagerAction_ConfbridgeStopRecord
ConfbridgeStopRecord

Synopsis
Stop recording a Confbridge conference.
Description

Syntax

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

Arguments

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

See Also

Import Version
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Asterisk 12 ManagerAction_ConfbridgeUnlock
ConfbridgeUnlock

Synopsis
Unlock a Confbridge conference.
Description

Syntax

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

Arguments

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

See Also

Import Version
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Asterisk 12 ManagerAction_ConfbridgeUnmute
ConfbridgeUnmute

Synopsis
Unmute a Confbridge user.
Description

Syntax

Action: ConfbridgeUnnute
Actionl D <val ue>

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

Arguments

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

See Also

Import Version

This documentation was imported from Asterisk Version Unknown

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 211



Asterisk 12 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

® Acti onl D- ActionID 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 12 Application_Playback

® Asterisk 12 Application_ControlPlayback

® Asterisk 12 AGICommand_stream file

® Asterisk 12 AGICommand_control stream file
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Asterisk 12 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

Import Version
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Asterisk 12 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

Import Version
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Asterisk 12 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

Import Version
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Asterisk 12 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

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

See Also

Import Version
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Asterisk 12 ManagerAction_DAHDIDialOffhook
DAHDIDialOffhook

Synopsis

Dial over DAHDI channel while offhook.

Description

Generate DTMF control frames to the bridged peer.

Syntax

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

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

Arguments

® Acti onl D- ActionlD 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 12 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

® Acti onl D- ActionlD for this transaction. Will be returned.
® DAHDI Channel - DAHDI channel number to set DND off.

See Also
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Asterisk 12 ManagerAction_DAHDIDNDon
DAHDIDNDon

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

® Acti onl D- ActionlD for this transaction. Will be returned.
® DAHDI Channel - DAHDI channel number to set DND on.

See Also

Import Version
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Asterisk 12 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

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

Arguments

® Acti onl D- ActionlD for this transaction. Will be returned.
® DAHDI Channel - DAHDI channel number to hangup.

See Also
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Asterisk 12 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

Import Version
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Asterisk 12 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

® Acti onl 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 12 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 Transfer
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
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Asterisk 12 ManagerAction_DataGet
DataGet

Synopsis

Retrieve the data api tree.

Description

Retrieve the data api tree.

Syntax

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

Arguments

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

® Search

® Filter

See Also
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Asterisk 12 ManagerAction_DBDel
DBDel

Synopsis
Delete DB entry.
Description

Syntax

Action: DBDel
Actionl D <val ue>
Family: <val ue>
Key: <val ue>

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

See Also
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Asterisk 12 ManagerAction_DBDelTree
DBDelTree

Synopsis
Delete DB Tree.
Description

Syntax

Action: DBDel Tree
Actionl D <val ue>
Family: <val ue>
Key: <val ue>

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

See Also
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Asterisk 12 ManagerAction_DBGet
DBGet

Synopsis

Get DB Entry.

Description

Syntax

Action: DBGCet
Actionl D <val ue>
Family: <val ue>
Key: <val ue>

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

See Also
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Asterisk 12 ManagerAction_DBPut

DBPut
Synopsis
Put DB entry.

Description

Syntax

Action: DBPut
Actionl D <val ue>
Family: <val ue>
Key: <val ue>

Val : <val ue>

Arguments
® Acti onl D- ActionlD for this transaction. Will be returned.
® Fanmly
® Key
® Vval

See Also
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Asterisk 12 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

® Acti onl D- ActionlD 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 12 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 12 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>
Operation: <val ue>
Filter: <val ue>

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: "IChannel: 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.

® |f there are white filters only: implied black all filter processed first, then white filters.

® |f there are black filters only: implied white all filter processed first, then black filters.

® |f 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 12 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 12 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

® Actionl D- ActionlD 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 12 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: GetConfigJSON
Actionl D <val ue>
Fi | enane: <val ue>

Arguments

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

See Also
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Asterisk 12 ManagerAction_Getvar
Getvar

Synopsis
Gets a channel variable.
Description

Get the value of a global or local channel variable.

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

Syntax

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

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Channel - Channel to read variable from.
® Vari abl e - Variable name.

See Also
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Asterisk 12 ManagerAction_Hangup
Hangup

Synopsis

Hangup channel.

Description

Hangup a channel.

Syntax

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

Arguments

® Actionl D- ActionlD 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: /ASIP/provider-.*$/

® Cause - Numeric hangup cause.

See Also
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Asterisk 12 ManagerAction_lAXnetstats
IAXnetstats

Synopsis

Show IAX Netstats.

Description

Show IAX channels network statistics.

Syntax

Action: | AXnetstats

Arguments

See Also
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Asterisk 12 ManagerAction_|IAXpeerlist
IAXpeerlist

Synopsis

List IAX Peers.

Description

List all the IAX peers.

Syntax

Action: | AXpeerli st
Actionl D <val ue>

Arguments

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

See Also
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Asterisk 12 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 12 ManagerAction_IAXregistry
IAXregistry

Synopsis

Show IAX registrations.

Description

Show IAX registrations.

Syntax

Action: | AXregistry
Actionl D <val ue>

Arguments

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

See Also
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Asterisk 12 ManagerAction_JabberSend_res_jabber
JabberSend - [res_jabber]

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

® Acti onl D- ActionID 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 12 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

® Acti onl D- ActionID 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 12 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 12 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

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

See Also
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Asterisk 12 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 Optim zeAway
Actionl D <val ue>
Channel : <val ue>

Arguments

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

See Also
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Asterisk 12 ManagerAction_Login
Login

Synopsis

Login Manager.

Description

Login Manager.

Syntax

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

Arguments

® Actionl D- ActionlD for this transaction. Will be returned.
® User nane - Username to login with as specified in manager.conf.
® Secr et - Secret to login with as specified in manager.conf.

See Also
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Asterisk 12 ManagerAction_Logoff
Logoff

Synopsis

Logoff Manager.

Description

Logoff the current manager session.

Syntax

Action: Logof f
Actionl D <val ue>

Arguments

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

See Also
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Asterisk 12 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

® Acti onl D- ActionlD for this transaction. Will be returned.
® Mi | box - Full mailbox ID mailbox@vm-context.
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Asterisk 12 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.
® Mai | box - Full mailbox ID mailbox@vm-context.

See Also
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Asterisk 12 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: MeetneLi st
Actionl D <val ue>
[ Conf erence:] <val ue>

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Conf er ence - Conference number.
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Asterisk 12 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: MeetneLi st Roons
Actionl D <val ue>

Arguments

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

See Also
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Asterisk 12 ManagerAction_MeetmeMute
MeetmeMute

Synopsis
Mute a Meetme user.
Description

Syntax

Action: MeetmeMite
Actionl D <val ue>
Meet me: <val ue>
User num <val ue>

Arguments

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

See Also
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Asterisk 12 ManagerAction_MeetmeUnmute
MeetmeUnmute

Synopsis
Unmute a Meetme user.
Description

Syntax

Action: Meet meUnnute
Actionl D <val ue>
Meet me: <val ue>

User num <val ue>

Arguments

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

See Also
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Asterisk 12 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- ActionlD 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 xnpp: 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 xmpp: will specify the account defined in xnpp. 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 12 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 xMonitor
Actionl D: <val ue>
Channel : <val ue>
File: <value>
options: <val ue>

Arguments

® Acti onl D- ActionID 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.

® options - 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.
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Asterisk 12 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

® Acti onl 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 12 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
Modul e:  <val ue>

Arguments

® Mbdul e - Asterisk module name (not including extension).

See Also
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Asterisk 12 ManagerAction_ModuleLoad

ModuleLoad
Synopsis
Module management.

Description

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

Syntax

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

LoadType: <val ue>

Arguments

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

® cdr

® dnsngr

® extconfig

® enum

® acl

® manager

® http

® | ogger

® features

® dsp

¢ udptl

® indications

® cel

® plc

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

® | 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 12 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- 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).
® Format - 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 12 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

® Acti onl D- ActionID 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.

See Also
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Asterisk 12 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: <val ue>
Application: <val ue>
Data: <val ue>

Ti meout : <val ue>
Cal lerI D: <val ue>
Vari abl e: <val ue>
Account: <val ue>
Ear| yMedi a: <val ue>
Async: <val ue>
Codecs: <val ue>

Arguments

® Acti onl D- ActionID 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)

® Appli cation - Application to execute.

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

® Ti neout - How long to wait for call to be answered (in ms.).
® Call erl| D- Caller ID to be set on the outgoing channel.

® Vari abl e - Channel variable to set, multiple Variable: headers are allowed.

® Account - Account code.

® Earl yMedi a - Settotrue to force call bridge on early media..
® Async - Settot r ue for fast origination.

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

See Also

® Asterisk 12 ManagerEvent_OriginateResponse

Import Version

This documentation was imported from Asterisk Version Unknown

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

261



Asterisk 12 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>
[ Ti meout:] <val ue>

[ Parkinglot:] <val ue>

Arguments

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

® Channel - Channel nhame to park.

* Ti neout Channel - Channel name to use when constructing the dial string that will be dialed if the parked channel times out.

® 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 nullify the timeout.

® Par ki ngl ot - The parking lot to use when parking the channel

See Also
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Asterisk 12 ManagerAction_ParkedCalls
ParkedCalls

Synopsis

List parked calls.

Description

List parked calls.

Syntax

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

Arguments

® Acti onl D- ActionlD for this transaction. Will be returned.
® Par ki ngLot - If specified, only show parked calls from the parking lot with this name.

See Also
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Asterisk 12 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

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

See Also
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Asterisk 12 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: PauseMoni tor
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 12 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

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

See Also
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Asterisk 12 ManagerAction_PJSIPNotify
PJSIPNotify

Synopsis
Send a NOTIFY to an endpoint.
Description

Send a NOTIFY to an endpoint.

Parameters will be placed into the notify as SIP headers.

Syntax

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

Arguments

® Actionl D- ActionID for this transaction. Will be returned.
® Endpoi nt - The endpoint to which to send the NOTIFY.

See Also
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Asterisk 12 ManagerAction_PJSIPQualify
PJSIPQualify

Synopsis

Qualify a chan_pjsip endpoint.

Description

Qualify a chan_pjsip endpoint.

Syntax

Action: PJSIPQalify
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.

See Also
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Asterisk 12 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 | ,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.

See Also
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Asterisk 12 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 nts

Arguments

See Also
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Asterisk 12 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 strati onsl nbound

Arguments

See Also
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Asterisk 12 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 st rati onsQut bound

Arguments

See Also
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Asterisk 12 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 12 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 12 ManagerAction_PJSIPUnregister
PJSIPUnregister

Synopsis
Unregister an outbound registration.
Description

Syntax

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

Arguments

® Acti onl D- ActionlD for this transaction. Will be returned.
® Regi stration - The outbound registration to unregister.

See Also
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Asterisk 12 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

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

® Channel - Channel name to send digit to.

® Digit - The DTMF digit to play.

® Durati on - The duration, in milliseconds, of the digit to be played.

See Also
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Asterisk 12 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>
Provider: <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 12 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

® Acti onl 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 12 ManagerAction_QueueAdd
QueueAdd

Synopsis
Add interface to queue.

Description

Syntax

Action
Action
Queue

QueueAdd
D <val ue>
<val ue>

Interface

<val ue>

Penal ty:
Paused:

<val ue>
<val ue>

Menber Nane:

<val ue>

Statel nterface: <val ue>

Arguments

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

® Interface

® Penalty

® Paused

¢ Menber Nane

® Statelnterface

See Also
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Asterisk 12 ManagerAction_QueuelLog
QueuelLog

Synopsis
Adds custom entry in queue_log.
Description

Syntax

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

Uni quei d:

Message:

<val ue>

Interface: <val ue>

<val ue>

Arguments

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

¢ Event

® Uni queid

® Interface

® Message

See Also

Import Version

This documentation was imported from Asterisk Version Unknown

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

280



Asterisk 12 ManagerAction_QueueMemberRingInUse
QueueMemberRingInUse

Synopsis
Set the ringinuse value for a queue member.
Description

Syntax

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

Interface: <val ue>

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 12 ManagerAction_QueuePause

QueuePause

Synopsis

Makes a queue member temporarily unavailable.

Description

Syntax

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

Arguments

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

® Interface
® Paused

® Queue
® Reason

See Also
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Asterisk 12 ManagerAction_QueuePenalty
QueuePenalty

Synopsis
Set the penalty for a queue member.
Description

Syntax

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

Arguments

® Acti onl D- ActionlD for this transaction. Will be returned.
® Interface
® Penalty

® Queue
See Also
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Asterisk 12 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>
Paranmeters: <val ue>

Arguments

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

® Queue
® Menbers
® yes
® no
® Rules
® yes
® no
® Paraneters
® yes
® no
See Also
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Asterisk 12 ManagerAction_QueueRemove
QueueRemove

Synopsis
Remove interface from queue.
Description

Syntax

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

Arguments

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

® Queue
® Interface

See Also
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Asterisk 12 ManagerAction_QueueReset
QueueReset

Synopsis
Reset queue statistics.
Description

Syntax

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

Arguments

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

See Also
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Asterisk 12 ManagerAction_QueueRule
QueueRule

Synopsis
Queue Rules.
Description

Syntax

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

Arguments

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

See Also
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Asterisk 12 ManagerAction_Queues
Queues

Synopsis
Queues.
Description

Syntax

Action: Queues

Arguments

See Also
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Asterisk 12 ManagerAction_QueueStatus
QueueStatus

Synopsis
Show queue status.
Description

Syntax

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

Arguments

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

® Queue
® Menber

See Also
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Asterisk 12 ManagerAction_QueueSummary
QueueSummary

Synopsis
Show queue summary.
Description

Syntax

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

Arguments

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

See Also
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Asterisk 12 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: <val ue>

Arguments

® Acti onl D- ActionlID 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.

® ExtraCont ext - Context to transfer extrachannel to (optional).
® Priority - Priority to transfer to.

® ExtraPriority - Priority to transfer extrachannel to (optional).
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Asterisk 12 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 12 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

® Actionl D- ActionlD for this transaction. Will be returned.
® Channel - Channel to send message to.
® Message - Message to send.

See Also
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Asterisk 12 ManagerAction_Setvar
Setvar

Synopsis
Set a channel variable.
Description

Set a global or local channel variable.

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

Syntax

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

Arguments

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

® Vari abl e - Variable name.

® Val ue - Variable value.

See Also
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Asterisk 12 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

® Actionl D- ActionlD 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 12 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 12 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- ActionID for this transaction. Will be returned.

See Also
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Asterisk 12 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 12 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
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Asterisk 12 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 12 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: SIPshow egistry
Actionl D <val ue>

Arguments

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

See Also
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Asterisk 12 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 Unknown

Content is licensed under a Creative Commons Attribution-ShareAlike 3.0 United States License. 302



Asterisk 12 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

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

See Also
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Asterisk 12 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 12 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 12 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

® Actionl D- ActionlD 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 12 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 xMbni t or action on the current channel.

Syntax

Action: StopM xNoni tor
Actionl D <val ue>
Channel : <val ue>
[MxMnitorID] <val ue>

Arguments

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

See Also
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Asterisk 12 ManagerAction_StopMonitor
StopMonitor

Synopsis

Stop monitoring a channel.

Description

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

Syntax

Action: Stophonitor
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 12 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 12 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 | enane: <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

® Actionl D- ActionlD for this transaction. Will be returned.
® SrcFi | enane - Configuration filename to read (e.g. f 0o. conf).
® Dst Fi | enane - Configuration filename to write (e.g. f 00. conf)
® Rel oad - Whether or not a reload should take place (or name of specific module).
® Acti on- XXXXXX - Action to take.
X's represent 6 digit number beginning with 000000.
® NewCat
® RenaneCat
® Del Cat
® EnptyCat
® Update
® Delete
® Append
® Insert
® 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.
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Asterisk 12 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

® Acti onl D- ActionlD for this transaction. Will be returned.
® User Event - Event string to send.

® Header 1 - Contentl.

® Header N- ContentN.

See Also
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Asterisk 12 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- ActionlD for this transaction. Will be returned.

® Cont ext
® Mi |l box
See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 ManagerAction_VoicemailUsersList
VoicemailUsersList

Synopsis
List All Voicemail User Information.
Description

Syntax

Action: Voicenail 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 Unknown
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Asterisk 12 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: WaitEvent
Actionl D <val ue>
Ti meout : <val ue>

Arguments

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

See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 ManagerEvent_AgentCalled
AgentCalled

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

Syntax

Action:

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>

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 Ext en: <val ue>
DestPriority: <value>

Dest Uni quei d: <val ue>

Queue: <val ue>

Menber Nane: <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
® Ringi ng
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Cal |l erl DNum
® Cal |l 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
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Down
Rsrvd
Of f Hook
Di al i ng
Ri ng

Ri ngi ng
Up

Busy

Di aling O f hook
Pre-ring
Unknown

® DestCall erl DNum

® Dest Cal | er| DNare

® Dest Connect edLi neNum
® Dest Connect edLi neName
® Dest Account Code

® Dest Cont ext

® Dest Exten

® DestPriority

® Dest Uni quei d

® Queue - The name of the queue.
® Menber Nane - The name of the queue member.
® | nterface - The queue member's channel technology or location.

See Also

® Asterisk 12 ManagerEvent_AgentRingNoAnswer
® Asterisk 12 ManagerEvent_AgentComplete
® Asterisk 12 ManagerEvent_AgentConnect

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 ManagerEvent_AgentComplete
AgentComplete

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

Syntax

Action:

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>
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 Ext en: <val ue>
DestPriority: <value>

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

Menber Nane: <val ue>
Interface: <val ue>

Hol dTi ne: <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
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call er| DNum
® Cal | er| DNane
® Connect edLi neNum
® Connect edLi neNanme
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
® Dest Channel
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® 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
® Ringi ng
* U
® Busy
® Dialing Ofhook
® Pre-ring
® Unknown
® DestCall erl DNum
® Dest Cal | er| DNanme
® Dest Connect edLi neNum
® Dest Connect edLi neNane
® Dest Account Code
® Dest Cont ext
® Dest Exten
® DestPriority
® Dest Uni quei d
® Queue - The name of the queue.
® Menber Nane - The name of the queue member.

® | nterface - The queue member's channel technology or location.
® Hol dTi e - 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
See Also

® Asterisk 12 ManagerEvent_AgentCalled
® Asterisk 12 ManagerEvent_AgentConnect

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 ManagerEvent_AgentConnect
AgentConnect

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

Syntax

Action:

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>

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 Ext en: <val ue>
DestPriority: <value>

Dest Uni quei d: <val ue>

Queue: <val ue>

Menber Nane: <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
® Ringi ng
* 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
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® 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
® Ringi ng
* U
® Busy
® Dialing Ofhook
® Pre-ring
® Unknown
® DestCall erl DNum
® Dest Cal | er| DNanme
® Dest Connect edLi neNum
® Dest Connect edLi neNane
® Dest Account Code
® Dest Cont ext
® Dest Exten
® DestPriority
® Dest Uni quei d
® Queue - The name of the queue.
® Menber Nane - The name of the queue member.

® | nterface - The queue member's channel technology or location.
® Ri ngTi e - The time the queue member was rung, expressed in seconds since 00:00, Jan 1, 1970 UTC.
® Hol dTi e - The time the channel was in the queue, expressed in seconds since 00:00, Jan 1, 1970 UTC.

See Also

® Asterisk 12 ManagerEvent_AgentCalled
® Asterisk 12 ManagerEvent_AgentComplete
® Asterisk 12 ManagerEvent_AgentDump

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 ManagerEvent_AgentDump
AgentDump

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

Syntax

Action:

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>

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 Ext en: <val ue>
DestPriority: <value>

Dest Uni quei d: <val ue>

Queue: <val ue>

Menber Nane: <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
® Ringi ng
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Cal |l erl DNum
® Cal |l 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
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Down
Rsrvd
Of f Hook
Di al i ng
Ri ng

Ri ngi ng
Up

Busy

Di aling O f hook
Pre-ring
Unknown

® DestCall erl DNum

® Dest Cal | er| DNare

® Dest Connect edLi neNum
® Dest Connect edLi neName
® Dest Account Code

® Dest Cont ext

® Dest Exten

® DestPriority

® Dest Uni quei d

® Queue - The name of the queue.
® Menber Nane - The name of the queue member.
® | nterface - The queue member's channel technology or location.

See Also

® Asterisk 12 ManagerEvent_AgentCalled
® Asterisk 12 ManagerEvent_AgentConnect

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 ManagerEvent_AgentLogin
AgentLogin

Synopsis

Raised when an Agent has logged in.

Description

Syntax

Action:

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>
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.

See Also

® Asterisk 12 Application_AgentLogin
® Asterisk 12 ManagerEvent_AgentLogoff

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 ManagerEvent_AgentLogoff
AgentLogoff

Synopsis
Raised when an Agent has logged off.
Description

Syntax

Action:
Agent : <val ue>
Logi ntine: <val ue>

Arguments

® Agent - Agent ID of the agent.
® Logi nti me - The number of seconds the agent was logged in.

See Also

® Asterisk 12 ManagerEvent_AgentLogin

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 ManagerEvent_AgentRingNoAnswer
AgentRingNoAnswer

Synopsis
Raised when a queue member is notified of a caller in the queue and fails to answer.
Description

Syntax

Action:

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>

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 Ext en: <val ue>
DestPriority: <value>

Dest Uni quei d: <val ue>

Queue: <val ue>

Menber Nane: <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
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Cal | er| DNane
® Connect edLi neNum
® Connect edLi neNanme
® 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
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® Dest Channel St at eDesc

Down
Rsrvd
Of f Hook
Di al i ng
Ri ng

Ri ngi ng
Up

Busy

Di aling O f hook
Pre-ring
Unknown

® DestCall erl DNum

® Dest Cal | er| DNare

® Dest Connect edLi neNum
® Dest Connect edLi neName
® Dest Account Code

® Dest Cont ext

® Dest Exten

® DestPriority

® Dest Uni quei d

® Queue - The name of the queue.

® Menber Nane - The name of the queue member.

® | nterface - The queue member's channel technology or location.

® Ri ngTi e - The time the queue member was rung, expressed in seconds since 00:00, Jan 1, 1970 UTC.

See Also

® Asterisk 12 ManagerEvent_AgentCalled

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 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

Action:

Agent: <val ue>

Nanme: <val ue>

Status: <val ue>

Tal ki ngToChan: <val ue>
Cal |l Started: <val ue>
Logged! nTi me: <val ue>
Channel : <val ue>

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

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.
® Call 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
* W
® Busy
® Dialing Ofhook
® Pre-ring
® Unknown
® Call er! DNum
® Cal |l er| DNanme
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® Connect edLi neNum

® Connect edLi neNanme

® Account Code

® Cont ext

® Exten

® Priority

® Uni queid

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

See Also

® Asterisk 12 ManagerAction_Agents

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 ManagerEvent_AgentsComplete
AgentsComplete

Synopsis
Final response event in a series of events to the Agents AMI action.
Description

Syntax

Action:
Actionl D <val ue>

Arguments

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

See Also

® Asterisk 12 ManagerAction_Agents

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 ManagerEvent_AGIExecEnd
AGIExecEnd

Synopsis
Raised when a received AGI command completes processing.
Description

Syntax

Action:

Channel : <val ue>

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

Cal | er| DNane: <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>

Command! 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
¢ Down
® Rsrvd
® O f Hook
® Dialing
®* Ring
® Ringing
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Cal | er| DNane
® Connect edLi neNum
® Connect edLi neNanme
® Account Code
¢ Cont ext
® Exten
® Priority
® Uni queid
® Command - The AGI command as received from the external source.
®* Conmmandl 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

See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 ManagerEvent_AGIExecStart
AGIExecStart

Synopsis
Raised when a received AGI command starts processing.
Description

Syntax

Action:

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>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>
Command: <val ue>

Command! 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
® Cal | er| DNane
® Connect edLi neNum
® Connect edLi neNanme
® Account Code
¢ Cont ext
® Exten
® Priority
® Uni queid
® Command - The AGI command as received from the external source.
®* Conmmandl d - Random identification number assigned to the execution of this command.

See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 ManagerEvent_Alarm
Alarm

Synopsis
Raised when an alarm is set on a DAHDI channel.
Description

Syntax

Action:
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.

See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 ManagerEvent_AlarmClear
AlarmClear

Synopsis
Raised when an alarm is cleared on a DAHDI channel.
Description

Syntax

Action:
DAHDI Channel : <val ue>

Arguments

® DAHDI Channel - The DAHDI channel on which the alarm was cleared.

Note
This is not an Asterisk channel identifier.

See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 ManagerEvent_AOC-D
AOC-D

Synopsis
Raised when an Advice of Charge message is sent during a call.
Description

Syntax

Action:

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>
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>

Name: <val ue>

Cost: <val ue>

Ml tiplier: <value>
Units: <val ue>

Number 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
® Cal |l erl DNum
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
¢ Account Code
® Cont ext
® Exten
® Priority
® Uni queid
® Charge
®* Type
® Not Avai |l abl e
® Free
® Currency
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® Units
® BillinglD
¢ Nor nal
® Reverse
® CreditCard
® Cal | Forwar di ngUncondi ti onal
® Cal | Forwar di ngBusy
® Cal | Forwar di ngNoRepl y
® Cal |l Deflection
® Call Transfer
® Not Avai |l abl e
®* Total Type
® SubTot al
® Total
® Currency
® Nane
® Cost
® Multiplier
¢ 1/1000
¢ 1/100
® 1/10
°1
® 10
® 100
¢ 1000
® Units
® Nunber O
® TypeO™t

See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 ManagerEvent_AOC-E
AOC-E

Synopsis
Raised when an Advice of Charge message is sent at the end of a call.
Description

Syntax

Action:

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>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Char gi ngAssoci ati on: <val ue>
Number: <val ue>

Pl an: <val ue>

I D <val ue>

Charge: <val ue>

Type: <val ue>

Bi I lingl D <val ue>

Tot al Type: <val ue>
Currency: <val ue>

Name: <val ue>

Cost: <val ue>

Ml tiplier: <value>
Units: <val ue>

Number 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
® Ringi ng
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Cal |l erl DNum
® Cal |l er| DNane
® Connect edLi neNum
® Connect edLi neNane
¢ Account Code
® Cont ext
® Exten
® Priority
® Uni queid
® Chargi ngAssoci ati on
® Nunber
® Plan
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1D
® Charge
®* Type
® Not Avai | abl e
® Free
® Currency
® Units
® BillinglD
® Nor nal
® Reverse
® CreditCard
® Cal | Forwar di ngUncondi ti onal
® Cal | Forwar di ngBusy
® Cal | Forwar di ngNoRepl y
® Cal |l Deflection
® Call Transfer
® Not Avai | abl e
®* Total Type
® SubTot al
® Total
® Currency
® Nane
® Cost
® Multiplier
¢ 1/ 1000
¢ 1/100
¢ 1/10
°1
® 10
® 100
¢ 1000
® Units
® Nunmber O
® TypeO™t

See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 ManagerEvent_AOC-S
AOC-S

Synopsis
Raised when an Advice of Charge message is sent at the beginning of a call.
Description

Syntax

Action:

Channel : <val ue>

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

Cal | er| DNane: <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>

Name: <val ue>

Cost: <val ue>

Ml tiplier: <value>
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
® 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
® Chargeabl e
®* RateType
® Not Avai |l abl e
® Free
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® FreeFronBegi nni ng
® Duration
® Flag
¢ Vol une
® Speci al Code
® Currency
® Nane
® Cost
® Multiplier
¢ 1/1000
¢ 1/100
¢ 1/10
°1
® 10
® 100
¢ 1000
® Chargi ngType
® StepFunction
® Ganularity
® Length
® Scale
® Unit
® Cctect
® Segnent
® Message
® Speci al Code

See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 ManagerEvent_AsyncAGIEnd
AsyncAGIEnd

Synopsis
Raised when a channel stops AsyncAGI command processing.
Description

Syntax

Action:

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>
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
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Cal | er| DNane
® Connect edLi neNum
® Connect edLi neNanme
® Account Code
¢ Cont ext
® Exten
® Priority
® Uni queid

See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 ManagerEvent_AsyncAGIExec
AsyncAGIExec

Synopsis
Raised when AsyncAGI completes an AGI command.
Description

Syntax

Action:

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>
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
¢ Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
¢ U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Cal | er| DNane
® Connect edLi neNum
® Connect edLi neNanme
® Account Code
¢ Cont ext
® Exten
® Priority
® Uni queid
® Conmandl D- Optional command ID sent by the AsyncAGI server to identify the command.
® Result - URL encoded result string from the executed AGI command.

See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 ManagerEvent_AsyncAGIStart
AsyncAGlIStart

Synopsis
Raised when a channel starts AsyncAGI command processing.
Description

Syntax

Action:

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>
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.

See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 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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Action:

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>

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 Permitted - 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.

® OigTransfererChannel
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® OrigTransfererChannel State - Anumeric code for the channel's current state, related to OrigTransfererChannelStateDesc
® OigTransfererChannel St at eDesc
¢ Down
® Rsrvd
® O f Hook
® Dialing
®* Ring
® Ringi ng
* W
® Busy
® Dialing Ofhook
® Pre-ring
® Unknown
® OigTransfererCallerl DNum
® OigTransfererCaller| DNanme
® OigTransfererConnect edLi neNum
® OigTransfererConnect edLi neNane
® OigTransfererAccount Code
® OigTransfererCont ext
® OigTransfererExten
® OigTransfererPriority
® OigTransfererUniqueid
® OigBridgeUniqueid
® OigBridgeType - The type of bridge
® OigBridgeTechnol ogy - Technology in use by the bridge
® OigBridgeCreator - Entity that created the bridge if applicable
® OigBridgeNane - Name used to refer to the bridge by its BridgeCreator if applicable
® OigBridgeNuntChannel 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
® Dialing
®* Ring
® Ringing
* W
® Busy
® Dialing Ofhook
® Pre-ring
® Unknown
® SecondTransfererCall erl DNum
® SecondTransfererCall erl 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
® SecondTransfererUni quei d
® SecondBri dgeUni quei d
® SecondBri dgeType - The type of bridge
® SecondBri dgeTechnol ogy - Technology in use by the bridge
® SecondBri dgeCr eat or - Entity that created the bridge if applicable
® SecondBri dgeName - Name used to refer to the bridge by its BridgeCreator if applicable
® SecondBri dgeNumChannel s - Number of channels in the bridge
® Dest Type - Indicates the method by which the attended transfer completed.
® Bridge - 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.
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® 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 |l - The transfer failed.
® 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
® Local OneChannel St at eDesc
¢ Down
® Rsrvd
® O f Hook
® Dialing
®* Ring
® Ringing
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Local OneCal | erl DNum
® Local OneCal | er | DName
® 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
® |ocal TwoChannel St at eDesc
¢ Down
® Rsrvd
® O f Hook
® Dialing
®* Ring
® Ringing
* Up
® 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
® Dest Transf er er Channel - The name of the surviving transferer channel when a transfer results in a threeway call
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Note
This header is only present when DestType is Thr eeway

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-12-r404099
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Asterisk 12 ManagerEvent_BlindTransfer
BlindTransfer

Synopsis
Raised when a blind transfer is complete.
Description

Syntax

Action:

Resul t: <val ue>

Transf erer Channel : <val ue>

Transf erer Channel State: <val ue>

Transf er er Channel St at eDesc: <val ue>
TransfererCal | erl DNum <val ue>
TransfererCal | erl DNane: <val ue>
Transf er er Connect edLi neNum <val ue>
Transf er er Connect edLi neNane: <val ue>
Transf er er Account Code: <val ue>
TransfererContext: <val ue>
Transferer Exten: <val ue>
TransfererPriority: <value>

Transf erer Uni quei d: <val ue>

Bri dgeUni quei d: <val ue>

BridgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
BridgeCreator: <val ue>

Bri dgeNanme: <val ue>

Bri dgeNunChannel s: <val ue>

| sExternal : <val ue>

Context: <val ue>

Ext ensi on: <val ue>

Arguments

® Resul t - Indicates if the transfer was successful or if it failed.
® Fai |l - 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
® Transferer Channel St at e - A numeric code for the channel's current state, related to TransfererChannelStateDesc
® Transferer Channel St at eDesc
¢ Down
® Rsrvd
® O f Hook
® Dialing
®* Ring
® Ringing
* Up
® Busy
® Dialing Ofhook
® Pre-ring
® Unknown
® TransfererCallerl DNum
® TransfererCallerl DNane
® TransfererConnect edLi neNum
® TransfererConnect edLi neNane
® Transferer Account Code
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® TransfererCont ext
® TransfererExten
® TransfererPriority
® TransfererUni queid
® 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 dgeNunChannel s - Number of channels in the bridge
® | sExt ernal - 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.

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-12-r404099
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Asterisk 12 ManagerEvent_BridgeCreate
BridgeCreate

Synopsis
Raised when a bridge is created.
Description

Syntax

Action:

Bri dgeUni quei d: <val ue>
Bri dgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
Bri dgeCreator: <val ue>

Bri dgeNane: <val ue>

Bri dgeNunChannel s: <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
® BridgeNunChannel s - Number of channels in the bridge

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-12-r404099
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Asterisk 12 ManagerEvent_BridgeDestroy
BridgeDestroy

Synopsis
Raised when a bridge is destroyed.
Description

Syntax

Action:

Bri dgeUni quei d: <val ue>
Bri dgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
Bri dgeCreator: <val ue>

Bri dgeNane: <val ue>

Bri dgeNunChannel s: <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
® BridgeNunChannel s - Number of channels in the bridge

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-12-r404099
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Asterisk 12 ManagerEvent_BridgeEnter
BridgeEnter

Synopsis
Raised when a channel enters a bridge.
Description

Syntax

Action:

Bri dgeUni quei d: <val ue>
Bri dgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
Bri dgeCreator: <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 |l erl DNum <val ue>

Cal | er| DNanme: <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 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 dgeNunmChannel 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 | er| DNane
® Connect edLi neNum
® Connect edLi neNanme
® Account Code
¢ Cont ext
® Exten
® Priority
® Uni queid
® SwapUni quei d - The uniqueid of the channel being swapped out of the bridge
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See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-12-r404099
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Asterisk 12 ManagerEvent_BridgelLeave
BridgeLeave

Synopsis
Raised when a channel leaves a bridge.
Description

Syntax

Action:

Bri dgeUni quei d: <val ue>

Bri dgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
Bri dgeCreator: <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 |l erl DNum <val ue>

Cal | er| DNanme: <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
® 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
* W
® Busy
® Dialing Ofhook
® Pre-ring
® Unknown
® Call erl DNum
® Cal | er| DNane
® Connect edLi neNum
® Connect edLi neName
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid

See Also
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Asterisk 12 ManagerEvent_BridgeMerge
BridgeMerge

Synopsis
Raised when two bridges are merged.
Description

Syntax

Action:

ToBri dgeUni quei d: <val ue>
ToBri dgeType: <val ue>

ToBri dgeTechnol ogy: <val ue>
ToBri dgeCreator: <val ue>
ToBri dgeName: <val ue>

ToBri 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
® FronBri dgeNuntChannel s - Number of channels in the bridge

See Also

Import Version

This documentation was imported from Asterisk Version SVN-branch-12-r404099

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

357



Asterisk 12 ManagerEvent_ChanSpyStart
ChanSpyStart

Synopsis
Raised when one channel begins spying on another channel.
Description

Syntax

Action:

Spyer Channel : <val ue>

Spyer Channel St ate: <val ue>
Spyer Channel St at eDesc: <val ue>
Spyer Cal | er | DNum <val ue>
Spyer Cal | er | DNanme: <val ue>
Spyer Connect edLi neNum <val ue>
Spyer Connect edLi neNanme: <val ue>
Spyer Account Code: <val ue>
Spyer Cont ext: <val ue>

Spyer Exten: <val ue>
SpyerPriority: <value>

Spyer Uni quei d: <val ue>
SpyeeChannel : <val ue>
SpyeeChannel St ate: <val ue>
SpyeeChannel St at eDesc: <val ue>
SpyeeCal | er | DNum <val ue>
SpyeeCal | er | DNanme: <val ue>
SpyeeConnect edLi neNum <val ue>
SpyeeConnect edLi neNanme: <val ue>
SpyeeAccount Code: <val ue>
SpyeeCont ext: <val ue>
SpyeeExten: <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
® Dialing
® Ring
® Ringing
* W
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Spyer Cal | er | DNum
® SpyerCal | er | DNane
® Spyer Connect edLi neNum
® Spyer Connect edLi neName
® Spyer Account Code
® Spyer Cont ext
® Spyer Exten
® 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
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® O f Hook
® Dialing
®* Ring
® Ringi ng
* W
® Busy
® Dialing Ofhook
® Pre-ring
® Unknown
® SpyeeCal | er | DNum
® SpyeeCal | er | DNane
® SpyeeConnect edLi neNum
® SpyeeConnect edLi neNane
® SpyeeAccount Code
® SpyeeCont ext
® SpyeeExten
® SpyeePriority
® SpyeeUni quei d

See Also

® Asterisk 12 Application_ChanSpyStop

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 ManagerEvent_ChanSpyStop
ChanSpyStop

Synopsis
Raised when a channel has stopped spying.
Description

Syntax

Action:

Spyer Channel : <val ue>

Spyer Channel St ate: <val ue>
Spyer Channel St at eDesc: <val ue>
Spyer Cal | er | DNum <val ue>
Spyer Cal | er | DNanme: <val ue>
Spyer Connect edLi neNum <val ue>
Spyer Connect edLi neNanme: <val ue>
Spyer Account Code: <val ue>
Spyer Cont ext: <val ue>

Spyer Exten: <val ue>
SpyerPriority: <value>

Spyer Uni quei d: <val ue>
SpyeeChannel : <val ue>
SpyeeChannel St ate: <val ue>
SpyeeChannel St at eDesc: <val ue>
SpyeeCal | er | DNum <val ue>
SpyeeCal | er | DNanme: <val ue>
SpyeeConnect edLi neNum <val ue>
SpyeeConnect edLi neNanme: <val ue>
SpyeeAccount Code: <val ue>
SpyeeCont ext: <val ue>
SpyeeExten: <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
® Dialing
® Ring
® Ringing
* W
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Spyer Cal | er | DNum
® SpyerCal | er | DNane
® Spyer Connect edLi neNum
® Spyer Connect edLi neName
® Spyer Account Code
® Spyer Cont ext
® Spyer Exten
® 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
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® O f Hook
® Dialing
®* Ring
® Ringi ng
* W
® Busy
® Dialing Ofhook
® Pre-ring
® Unknown
® SpyeeCal | er | DNum
® SpyeeCal | er | DNane
® SpyeeConnect edLi neNum
® SpyeeConnect edLi neNane
® SpyeeAccount Code
® SpyeeCont ext
® SpyeeExten
® SpyeePriority
® SpyeeUni quei d

See Also

® Asterisk 12 Application_ChanSpyStart

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 ManagerEvent_ConfbridgeEnd
ConfbridgeEnd

Synopsis
Raised when a conference ends.

Description

Syntax

Action:

Conf erence: <val ue>
BridgeUni quei d: <val ue>
Bri dgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
BridgeCreator: <val ue>

Bri dgeNanme: <val ue>

Bri dgeNunChannel s: <val ue>

Arguments

® Conf erence - 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 dgeNunmChannel s - Number of channels in the bridge

See Also

® Asterisk 12 ManagerEvent_ConfbridgeStart
® Asterisk 12 Application_ConfBridge

Import Version

This documentation was imported from Asterisk Version SVN-branch-12-r404099
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Asterisk 12 ManagerEvent_ConfbridgeJoin
ConfbridgeJoin

Synopsis
Raised when a channel joins a Confbridge conference.
Description

Syntax

Action:

Conf erence: <val ue>

Bri dgeUni quei d: <val ue>
Bri dgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
BridgeCreator: <val ue>

Bri dgeNanme: <val ue>

Bri dgeNunChannel s: <val ue>
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>

Arguments

® Conf erence - 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 dgeNunmChannel 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
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
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See Also

® Asterisk 12 ManagerEvent_ConfbridgeLeave
® Asterisk 12 Application_ConfBridge

Import Version

This documentation was imported from Asterisk Version SVN-branch-12-r404099
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Asterisk 12 ManagerEvent_ConfbridgelLeave
ConfbridgeLeave

Synopsis
Raised when a channel leaves a Confbridge conference.
Description

Syntax

Action:

Conf erence: <val ue>

Bri dgeUni quei d: <val ue>
Bri dgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
BridgeCreator: <val ue>

Bri dgeNanme: <val ue>

Bri dgeNunChannel s: <val ue>
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>

Arguments

® Conf erence - 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 dgeNunmChannel 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
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
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See Also

® Asterisk 12 ManagerEvent_ConfbridgeJoin
® Asterisk 12 Application_ConfBridge

Import Version

This documentation was imported from Asterisk Version SVN-branch-12-r404099
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Asterisk 12 ManagerEvent_ConfbridgeMute
ConfbridgeMute

Synopsis
Raised when a Confbridge participant mutes.
Description

Syntax

Action:

Conf erence: <val ue>

Bri dgeUni quei d: <val ue>
Bri dgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
BridgeCreator: <val ue>

Bri dgeNanme: <val ue>

Bri dgeNunChannel s: <val ue>
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>

Arguments

® Conf erence - 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 dgeNunmChannel 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
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
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See Also

® Asterisk 12 ManagerEvent_ConfbridgeUnmute
® Asterisk 12 Application_ConfBridge

Import Version

This documentation was imported from Asterisk Version SVN-branch-12-r404099
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Asterisk 12 ManagerEvent_ConfbridgeRecord
ConfbridgeRecord

Synopsis
Raised when a conference starts recording.
Description

Syntax

Action:

Conf erence: <val ue>

Bri dgeUni quei d: <val ue>
Bri dgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
BridgeCreator: <val ue>

Bri dgeNanme: <val ue>

Bri dgeNunChannel s: <val ue>

Arguments

® Conf erence - 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 dgeNunmChannel s - Number of channels in the bridge

See Also

® Asterisk 12 ManagerEvent_ConfbridgeStopRecord
® Asterisk 12 Application_ConfBridge

Import Version

This documentation was imported from Asterisk Version SVN-branch-12-r404099
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Asterisk 12 ManagerEvent_ConfbridgeStart
ConfbridgeStart

Synopsis
Raised when a conference starts.
Description

Syntax

Action:

Conf erence: <val ue>
BridgeUni quei d: <val ue>
Bri dgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
BridgeCreator: <val ue>

Bri dgeNanme: <val ue>

Bri dgeNunChannel s: <val ue>

Arguments

® Conf erence - 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 dgeNunmChannel s - Number of channels in the bridge

See Also

® Asterisk 12 ManagerEvent_ConfbridgeEnd
® Asterisk 12 Application_ConfBridge

Import Version

This documentation was imported from Asterisk Version SVN-branch-12-r404099
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Asterisk 12 ManagerEvent_ConfbridgeStopRecord
ConfbridgeStopRecord

Synopsis
Raised when a conference that was recording stops recording.
Description

Syntax

Action:

Conf erence: <val ue>

Bri dgeUni quei d: <val ue>
Bri dgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
BridgeCreator: <val ue>

Bri dgeNanme: <val ue>

Bri dgeNunChannel s: <val ue>

Arguments

® Conf erence - 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 dgeNunmChannel s - Number of channels in the bridge

See Also

® Asterisk 12 ManagerEvent_ConfbridgeRecord
® Asterisk 12 Application_ConfBridge

Import Version
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Asterisk 12 ManagerEvent_ConfbridgeTalking
ConfbridgeTalking

Synopsis
Raised when a confbridge participant unmutes.
Description

Syntax

Action:

Conf erence: <val ue>

Bri dgeUni quei d: <val ue>
Bri dgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
BridgeCreator: <val ue>

Bri dgeNanme: <val ue>

Bri dgeNunChannel s: <val ue>
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>

Tal ki ngSt at us: <val ue>

Arguments

® Conf er ence - The name of the Confbridge conference.
® 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
® BridgeNunChannel 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
* W
® Busy
® Dialing Ofhook
® Pre-ring
® Unknown
® Call erl DNum
® Cal | er| DNane
® Connect edLi neNum
® Connect edLi neName
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
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® Tal ki ngSt at us
® on
® off

See Also

® Asterisk 12 Application_ConfBridge

Import Version

This documentation was imported from Asterisk Version SVN-branch-12-r404099
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Asterisk 12 ManagerEvent_ConfbridgeUnmute
ConfbridgeUnmute

Synopsis
Raised when a confbridge participant unmutes.
Description

Syntax

Action:

Conf erence: <val ue>

Bri dgeUni quei d: <val ue>
Bri dgeType: <val ue>

Bri dgeTechnol ogy: <val ue>
BridgeCreator: <val ue>

Bri dgeNanme: <val ue>

Bri dgeNunChannel s: <val ue>
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>

Arguments

® Conf erence - 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 dgeNunmChannel 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
® Call er| DNane
® Connect edLi neNum
® Connect edLi neNane
® Account Code
® Cont ext
® Exten
® Priority
® Uni queid
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See Also

® Asterisk 12 ManagerEvent_ConfbridgeMute
® Asterisk 12 Application_ConfBridge

Import Version

This documentation was imported from Asterisk Version SVN-branch-12-r404099
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Asterisk 12 ManagerEvent_DAHDIChannel
DAHDIChannel

Synopsis
Raised when a DAHDI channel is created or an underlying technology is associated with a DAHDI channel.
Description

Syntax

Action:

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>
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
¢ Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Cal | er| DNane
® Connect edLi neNum
® Connect edLi neNanme
® Account Code
¢ Cont ext
® Exten
® Priority
® Uni queid
® DAHDI Span - The DAHDI span associated with this channel.
¢ DAHDI Channel - The DAHDI channel associated with this channel.

See Also

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 ManagerEvent_DialBegin
DialBegin

Synopsis

Raised when a dial action has started.

Description

Syntax

Action:

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>

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 Ext en: <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
® 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
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Rsrvd

O f Hook

Di aling

Ri ng

Ri ngi ng

Up

Busy

Di ali ng O f hook
Pre-ring
Unknown

® DestCall erl DNum

® Dest Cal | er | DNane

® Dest Connect edLi neNum
® Dest Connect edLi neNane
® Dest Account Code

® Dest Cont ext

® Dest Exten

® DestPriority

® Dest Uniqueid

® Di al String - The non-technology specific device being dialed.

See Also

® Asterisk 12 Application_Dial

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 ManagerEvent_DialEnd
DialEnd

Synopsis
Raised when a dial action has completed.
Description

Syntax

Action:

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>

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 Ext en: <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
® 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
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Rsrvd

O f Hook

Di aling

Ri ng

Ri ngi ng

Up

Busy

Di ali ng O f hook
Pre-ring
Unknown

® DestCall erl DNum

® Dest Cal | er | DNane

® Dest Connect edLi neNum
® Dest Connect edLi neNane
® Dest Account Code

® Dest Cont ext

® Dest Exten

® DestPriority

® Dest Uniqueid

® Di al St at us - The result of the dial operation.

See Also

ANSVEER

BUSY

CANCEL
CHANUNAVAI L
CONGESTI ON
NOANSVEER

® Asterisk 12 Application_Dial

Import Version

This documentation was imported from Asterisk Version Unknown
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Asterisk 12 ManagerEvent DNDState
DNDState

Synopsis
Raised when the Do Not Disturb state is changed on a DAHDI channel.
Description

Syntax

Action:
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
See Also
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Asterisk 12 ManagerEvent_DTMFBegin
DTMFBegin

Synopsis
Raised when a DTMF digit has started on a channel.
Description

Syntax

Action:

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>
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 | er| DNane
® Connect edLi neNum
® Connect edLi neNanme
® Account Code
¢ Cont ext
® Exten
® Priority
® Uni queid
* Digit - DTMF digit received or transmitted (0-9, A-E, # or *
® Direction
® Received
® Sent

See Also
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Asterisk 12 ManagerEvent_ DTMFENd
DTMFENd

Synopsis
Raised when a DTMF digit has ended on a channel.
Description

Syntax

Action:

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>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Digit: <val ue>

Dur ationMs: <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
® Ringi ng
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Cal |l erl DNum
® Cal |l er| DNane
® Connect edLi neNum
® Connect edLi neNane
¢ Account Code
® Cont ext
® Exten
® Priority
® Uni queid
® Digit - DTMF digit received or transmitted (0-9, A-E, # or *
® Durati onMs - Duration (in milliseconds) DTMF was sent/received
® Direction
® Received
® Sent

See Also
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Asterisk 12 ManagerEvent_ExtensionStatus
ExtensionStatus

Synopsis
Raised when an extension state has changed.
Description

Syntax

Action:

Exten: <val ue>
Context: <val ue>
Hint: <val ue>
Status: <val ue>

Arguments

® Exten
¢ Cont ext
® Hint

® Status

See Also
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Asterisk 12 ManagerEvent_FAXStatus
FAXStatus

Synopsis
Raised periodically during a fax transmission.
Description

Syntax

Action:

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>
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 | eNane: <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
® Cal | er| DNane
® Connect edLi neNum
® Connect edLi neNanme
® Account Code
¢ Cont ext
® Exten
® Priority
® Uni queid
® (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 | eNane - The files being affected by the fax operation

See Also
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Asterisk 12 ManagerEvent_FullyBooted
FullyBooted

Synopsis
Raised when all Asterisk initialization procedures have finished.
Description

Syntax

Action:
Status: <val ue>

Arguments

® Stat us - Informational message

See Also
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Asterisk 12 ManagerEvent_Hangup
Hangup

Synopsis

Raised when a channel is hung up.

Description

Syntax

Action:

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>
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
¢ Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringing
¢ U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Cal | er| DNane
® Connect edLi neNum
® Connect edLi neNanme
® Account Code
¢ Cont ext
® Exten
® Priority
® Uni queid
® Cause - A numeric cause code for why the channel was hung up.
® Cause-t xt - A description of why the channel was hung up.

See Also
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Asterisk 12 ManagerEvent_HangupHandlerPop
HangupHandlerPop

Synopsis
Raised when a hangup handler is removed from the handler stack by the CHANNEL() function.
Description

Syntax

Action:

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>
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.

See Also

® Asterisk 12 ManagerEvent_HangupHandlerPush
® Asterisk 12 Function_CHANNEL
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Asterisk 12 ManagerEvent _HangupHandlerPush
HangupHandlerPush

Synopsis
Raised when a hangup handler is added to the handler stack by the CHANNEL() function.
Description

Syntax

Action:

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>
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.

See Also

® Asterisk 12 ManagerEvent_HangupHandlerPop
® Asterisk 12 Function_CHANNEL
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Asterisk 12 ManagerEvent_HangupHandlerRun
HangupHandlerRun

Synopsis
Raised when a hangup handler is about to be called.
Description

Syntax

Action:

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>
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.

See Also
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Asterisk 12 ManagerEvent_HangupRequest
HangupRequest

Synopsis
Raised when a hangup is requested.
Description

Syntax

Action:

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>
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.

See Also
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Asterisk 12 ManagerEvent_Hold

Hold
Synopsis
Raised when a channel goes on hold.

Description

Syntax

Action:

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>
Context: <val ue>

Exten: <val ue>

Priority: <val ue>

Uni quei d: <val ue>

Musi cd 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 cC ass - The suggested MusicClass, if provided.

See Also
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Asterisk 12 ManagerEvent_LocalBridge
LocalBridge

Synopsis
Raised when two halves of a Local Channel form a bridge.
Description

Syntax

Action:

Local OneChannel : <val ue>

Local OneChannel St ate: <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 neNanme: <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 St ate: <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 Opti mi zation: <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
® Dialing
®* Ring
® Ringi ng
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Local OneCal | er| DNum
® Local OneCal | er | DName
® 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
® |ocal TwoChannel St at eDesc
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¢ Down

® Rsrvd

¢ O f Hook

® Dialing

®* Ring

® Ringi ng

* U

® Busy

® Dialing Ofhook

® Pre-ring

® Unknown
® Local TwoCal | er | DNum
® Local TwoCal | er | DNane
® 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 Optim zation

® Yes

®* No

See Also
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Asterisk 12 ManagerEvent_LocalOptimizationBegin
LocalOptimizationBegin

Synopsis
Raised when two halves of a Local Channel begin to optimize themselves out of the media path.
Description

Syntax

Action:

Local OneChannel : <val ue>

Local OneChannel St ate: <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 neNanme: <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 St ate: <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 St ate: <val ue>

Sour ceChannel St at eDesc: <val ue>
Sour ceCal | er | DNum <val ue>

Sour ceCal | er | DNanme: <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: <value>

Sour ceUni quei d: <val ue>

Dest Uni quel d: <val ue>

I d: <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
® Dialing
®* Ring
® Ringing
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Local OneCal | er | DNum
® Local OneCal | er | DNanme
® Local OneConnect edLi neNum
® Local OneConnect edLi neNane
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® 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
® Dialing
®* Ring
® Ringi ng
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Local TwoCal | er | DNum
® Local TwoCal | er | DName
® 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
® Dialing
®* Ring
® Ringing
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® SourceCal | er| DNum
® SourceCal | er | DNane
® Sour ceConnect edLi neNum
® Sour ceConnect edLi neNane
® Sour ceAccount Code
® Sour ceCont ext
® Sour ceExten
® SourcePriority
® Sour ceUni quei d
® Dest Uni quel d - The unique ID of the bridge into which the local channel is optimizing.
® | d - Identification for the optimization operation.

See Also

® Asterisk 12 ManagerEvent_LocalOptimizationEnd
® Asterisk 12 ManagerAction_LocalOptimizeAway

Import Version
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Asterisk 12 ManagerEvent_LocalOptimizationEnd
LocalOptimizationEnd

Synopsis
Raised when two halves of a Local Channel have finished optimizing themselves out of the media path.
Description

Syntax

Action:

Local OneChannel : <val ue>

Local OneChannel St ate: <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 neNanme: <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 St ate: <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>

I d: <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
® Dialing
®* Ring
® Ringing
* Up
® Busy
® Dialing Ofhook
® 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
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Down
Rsrvd
Of f Hook
Di al i ng
Ri ng

Ri ngi ng
Up

Busy

Di aling O f hook
Pre-ring
Unknown

® Local TwoCal | er | DNum
® Local TwoCal | er | DName

® Local TwoConnect edLi neNum
® Local TwoConnect edLi neNane

® Local TwoAccount Code
® Local TwoCont ext

® Local TwoExt en

® Local TwoPriority

® Local TwoUni quei d

® Success - Indicates whether the local optimization succeeded.
® | d - Identification for the optimization operation. Matches the Id from a previous Local Opti mi zat i onBegi n

See Also

® Asterisk 12 ManagerEvent_LocalOptimizationBegin
® Asterisk 12 ManagerAction_LocalOptimizeAway
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Asterisk 12 ManagerEvent_LogChannel
LogChannel

Synopsis
Raised when a logging channel is re-enabled after a reload operation.
Description

Syntax

Action
Channel : <val ue>
Enabl ed: <val ue>

Arguments

® Channel - The name of the logging channel.
® Enabl ed

See Also

Synopsis

Raised when a logging channel is disabled.
Description

Syntax

Action

Channel : <val ue>
Enabl ed: <val ue>
Reason: <val ue>

Arguments

® Channel - The name of the logging channel.
® Enabl ed
® Reason

See Also
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Asterisk 12 ManagerEvent_MCID
MCID

Synopsis
Published when a malicious call ID request arrives.
Description

Syntax

Action:

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>

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 Cdd: <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 DNanePr es: <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
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call er| DNum
® Cal | er| DNane
® Connect edLi neNum
® Connect edLi neNanme
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® Account Code

® Cont ext

® Exten

® Priority

® Uni queid

® Mcal | erl DNunval i d

® MCal | er | DNum

® Mcal |l erlDton

® MCal | er | DNunPl an

® Mcal | er | DNunPr es

® MCal | er| DNanmeVal i d

® Mcal | er | DNane

® MCal | er | DNameChar Set
® Mcal | er | DNanePr es

® MCal | er | DSubaddr

® MCal | er | DSubaddr Type
® MCal | er | DSubaddr Cdd

® Mcal |l er| DPres

® MConnect edl DNumval i d
® MConnect edl DNum

® MConnect edl Dt on

® MConnect edl DNunPl an

® MConnect edl DNunPr es

¢ MConnect edl DNaneVal i d
® MConnect edl DNare

® MConnect edl DNaneChar Set
® MConnect edl DNarrePr es
® MConnect edl DSubaddr

® MConnect edl DSubaddr Type
® MConnect edl DSubaddr Gdd
® MConnect edl DPr es

See Also
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Asterisk 12 ManagerEvent_MeetmeEnd
MeetmeEnd

Synopsis
Raised when a MeetMe conference ends.
Description

Syntax

Action:
Meet me: <val ue>

Arguments

®* Meet e - The identifier for the MeetMe conference.

See Also

® Asterisk 12 ManagerEvent_MeetmeJoin
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Asterisk 12 ManagerEvent_MeetmeJoin
MeetmeJoin

Synopsis
Raised when a user joins a MeetMe conference.
Description

Syntax

Action:

Meet me: <val ue>

Usernum <val ue>

Channel : <val ue>

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

Cal | er| DNarme: <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>

Arguments

® Meet ne - 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
® Dialing
® Ring
® Ringing
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Cal | er| DNane
® Connect edLi neNum
® Connect edLi neNanme
® Account Code
¢ Cont ext
® Exten
® Priority
® Uni queid

See Also

® Asterisk 12 ManagerEvent_MeetmelLeave
® Asterisk 12 Application_MeetMe
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Asterisk 12 ManagerEvent_MeetmelLeave
MeetmeLeave

Synopsis
Raised when a user leaves a MeetMe conference.
Description

Syntax

Action:

Meet me: <val ue>

Usernum <val ue>

Channel : <val ue>

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

Cal | er| DNarme: <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>

Dur ation: <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
® 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
® Durati on - The length of time in seconds that the Meetme user was in the conference.

See Also

® Asterisk 12 ManagerEvent_MeetmeJoin
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Asterisk 12 ManagerEvent_MeetmeMute
MeetmeMute

Synopsis
Raised when a MeetMe user is muted or unmuted.
Description

Syntax

Action:

Meet me: <val ue>

Usernum <val ue>

Channel : <val ue>

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

Cal | er| DNarme: <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>

Dur ation: <val ue>

Status: <val ue>

Arguments

® Meet ne - 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
® Dialing
®* Ring
® Ringing
¢ U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Cal | er| DNane
® Connect edLi neNum
® Connect edLi neNanme
® Account Code
¢ Cont ext
® Exten
® Priority
® Uni queid
® Durati on - The length of time in seconds that the Meetme user has been in the conference at the time of this event.
® Status
® on
® off

See Also

Import Version
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Asterisk 12 ManagerEvent_MeetmeTalking
MeetmeTalking

Synopsis
Raised when a MeetMe user begins or ends talking.
Description

Syntax

Action:

Meet me: <val ue>

Usernum <val ue>

Channel : <val ue>

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

Cal | er| DNarme: <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>

Dur ation: <val ue>

Status: <val ue>

Arguments

® Meet ne - 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
® Dialing
®* Ring
® Ringing
¢ U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Cal | er| DNane
® Connect edLi neNum
® Connect edLi neNanme
® Account Code
¢ Cont ext
® Exten
® Priority
® Uni queid
® Durati on - The length of time in seconds that the Meetme user has been in the conference at the time of this event.
® Status
® on
® off

See Also

Import Version
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Asterisk 12 ManagerEvent_MeetmeTalkRequest
MeetmeTalkRequest

Synopsis
Raised when a MeetMe user has started talking.
Description

Syntax

Action:

Meet me: <val ue>

Usernum <val ue>

Channel : <val ue>

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

Cal | er| DNarme: <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>

Dur ation: <val ue>

Status: <val ue>

Arguments

® Meet ne - 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
® Dialing
®* Ring
® Ringing
¢ U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Cal | er| DNane
® Connect edLi neNum
® Connect edLi neNanme
® Account Code
¢ Cont ext
® Exten
® Priority
® Uni queid
® Durati on - The length of time in seconds that the Meetme user has been in the conference at the time of this event.
® Status
® on
® off

See Also

Import Version
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Asterisk 12 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

Action:

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>

Mai | box: <val ue>

Wi 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
¢ Down
® Rsrvd
® O f Hook
® Dialing
® Ring
® Ringi ng
* W
® Busy
® Dialing Ofhook
® Pre-ring
® Unknown
® Call erl DNum
® Cal | er| DName
® Connect edLi neNum
® Connect edLi neNanme
¢ Account Code
® Cont ext
® Exten
® Priority
® Uni queid
® Mai | box - The mailbox with the new message, specified as mai | box@cont ext
® Wi ti ng - Whether or not the mailbox has messages waiting for it.
® New- The number of new messages.
® A d - The number of old messages.
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Asterisk 12 ManagerEvent_MiniVoiceMail
MiniVoiceMail

Synopsis

Raised when a natification is sent out by a MiniVoiceMail application

Description

Syntax

Action:

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>
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
¢ Down
® Rsrvd
® O f Hook
® Dialing
®* Ring
® Ringi ng
* U
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Cal |l erl DNum
® Cal |l er| DNane
® Connect edLi neNum
® Connect edLi neNane
¢ Account Code
® Cont ext
® Exten
® Priority
® Uni queid
® Acti on - What action was taken. Currently, this will always be Sent Noti fi cati on
® Mi | box - The mailbox that the notification was about, specified as mai | box@cont ext
® Count er - A message counter derived from the WWM_COUNTER channel variable.

See Also
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Asterisk 12 ManagerEvent_MonitorStart
MonitorStart

Synopsis
Raised when monitoring has started on a channel.
Description

Syntax

Action:

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>
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
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Cal | er| DNane
® Connect edLi neNum
® Connect edLi neNanme
® Account Code
¢ Cont ext
® Exten
® Priority
® Uni queid

See Also

® Asterisk 12 ManagerEvent_MonitorStop
® Asterisk 12 Application_Monitor
® Asterisk 12 ManagerAction_Monitor
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Asterisk 12 ManagerEvent_MonitorStop
MonitorStop

Synopsis
Raised when monitoring has stopped on a channel.
Description

Syntax

Action:

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>
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
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Cal | er| DNane
® Connect edLi neNum
® Connect edLi neNanme
® Account Code
¢ Cont ext
® Exten
® Priority
® Uni queid

See Also

® Asterisk 12 ManagerEvent_MonitorStart
® Asterisk 12 Application_StopMonitor
® Asterisk 12 ManagerAction_StopMonitor
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Asterisk 12 ManagerEvent_MusicOnHoldStart
MusicOnHoldStart

Synopsis
Raised when music on hold has started on a channel.
Description

Syntax

Action:

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>
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
® J ass - The class of music being played on the channel

See Also

® Asterisk 12 ManagerEvent_MusicOnHoldStop
® Asterisk 12 Application_MusicOnHold

Import Version

This documentation was imported from Asterisk Version Unknown

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

418



Asterisk 12 ManagerEvent_MusicOnHoldStop
MusicOnHoldStop

Synopsis
Raised when music on hold has stopped on a channel.
Description

Syntax

Action:

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>
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
* Up
® Busy
® Dialing Ofhook
® Pre-ring
¢ Unknown
® Call erl DNum
® Cal | er| DNane
® Connect edLi neNum
® Connect edLi neNanme
® Account Code
¢ Cont ext
® Exten
® Priority
® Uni queid

See Also

® Asterisk 12 ManagerEvent_MusicOnHoldStart
® Asterisk 12 Application_StopMusicOnHold
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