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1.0 Introduction
Session Initiation Protocol (SIP) calling provides comprehensive Voice-over-IP (VoIP) func-
tionality through both component interfaces and programmatic application programming inter-
face (API) control. The Telestra SIP Service API offers a Transmission Control Protocol
(TCP)-based API for complete control of calling functions, including call management,
account control, and status monitoring. Host applications connect to the Telestra server using
the port defined in the SIP plan's [tcp-settings] section (default port 3550).

The API works in conjunction with SIP plans in Studio, referencing SIP accounts defined in
SIP plan configuration files. These SIP plans contain account credentials, server settings, and
Real-time Transport Protocol (RTP) port ranges that the API uses for all operations. You must
configure and assign a SIP plan to your Telestra server before using the API, as detailed in
"SIP plans" in the Studio Technical User Guide. It also references SIPAccount components,
where the API handles call signaling and control, and the components manage audio routing
within your communication models. This design allows centralized credential management
while supporting dynamic programmatic call control.

To use the SIP Service API, first complete the following steps:

1. Configure your SIP server to accept third-party SIP devices, as defined in "Telestra
SIP integration with Cisco® Unified Communications Manager" in the Studio Tech-
nical User Guide.

2. Add and configure a SIP plan in your Studio project, as described in "Add a SIP plan"
and "Edit SIP plan accounts and RTP settings" in the Studio Technical User Guide.

3. Assign it to your Telestra server in the Telestra Editor's SIM SERVER settings, as
described in "Assign a SIP plan to the Telestra server" in the Studio Technical User
Guide.

4. Add and configure a SIPAccount component to your working model. To learn more
about SIPAccount components, go to "SIPAccount" in the Studio Components Refer-
ence Guide.

5. Verify network connectivity to your SIP infrastructure. Confirm the Telestra server can
reach the SIP server's IP address and that SIP ports (typically 5060) and RTP port
ranges are accessible through any firewalls.

6. Confirm that host applications can establish TCP connections to the API port.

The API complements Studio component work flows by providing programmatic control of
VoIP calls while leveraging your communication models' audio-processing capabilities.
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1.1 API commands, events, and responses
All API communication follows a consistent request-response pattern using null-terminated
JSON messages. Clients send commands to the Telestra SIP Service API to initiate operations,
while the service responds with either responses or events broadcast to all connected clients.

The API supports both synchronous operations that return immediate responses (e.g., get-
status) and asynchronous event notifications (e.g., call-incoming events). This event-
driven architecture enables multiple applications to monitor SIP activity simultaneously and
implement distributed control systems.

All API communication uses null-terminated JSON strings. Message formatting requires
proper JSON structure with null terminators (\0) to indicate message boundaries. The fol-
lowing example shows a typical request to the Telestra server:

{

"cmd": "make-call",

"account": "account-1"

"num": "3002"

}

Commands are specific API operations that clients can execute, such as initiating calls, query-
ing account status, or managing authentication. Telestra currently supports the following com-
mands:

l login

l make-call

l answer-call

l switch-call

l get-status

l hangup-call

l logout

The API also broadcasts events to connected clients automatically, such as call-incoming,
which notifies all clients when an account receives an incoming call. This section defines and
provides example commands, responses (if applicable), and asynchronous events.
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1.1.1 login

Use login to dynamically log into a SIP server using the supplied credentials. This command
enables you to log in with credentials that differ from the SIP plan or reconnect a logged-out
account.

Field Type Description

cmd string “login”

account string The SIP plan account that's logging in

user string The SIP plan account's username

pass string The password required to log in

server string The SIP server's IP address

Table 1: login request fields

Request

{

"cmd": "login",

"account": "account-3",

"user": "3003",

"pass": "sip3003",

"server": "10.2.101.23"

}

The API does not return a specific response. Failed log-ins generate fail events, as described
in Section 1.2, "API errors" on page 9 below. Use the get-status command and status
response to check the account’s status. Go to Section 1.1.6, "get-status" on page 6 to learn
more about this command.

1.1.2 make-call

Use this request to initiate an outbound call from a specified account to a target extension.

Field Type Description

cmd string “make-call”

account string The SIP plan account that's making the call

num string The extension to call

Table 2: make-call request fields
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Request

{

"cmd": "make-call",

"account": "account-1",

"num": "3002"

}

In response, the API issues a call-return event with an assigned call ID.

Field Type Description

event string “call-return”

account string The SIP plan account that made the call

call_id integer The call's ID number

Table 3: make-call response fields

Response

{

"event": "call-return",

"account": "account-1",

"call_id": 0

}

1.1.3 call-incoming

The API automatically sends a call-incoming broadcast event to all connected clients when
any account receives an incoming call, enabling multiple applications to monitor SIP activity
simultaneously.

Field Type Description

event string “call-incoming”

account string The SIP plan account receiving the call

call_id integer The call's ID number

caller string The caller's extension

caller_name string The caller's name

Table 4: call-incoming event fields
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Response

{

"event": "call-incoming",

"account": "account-2",

"call_id": 1,

"caller": "3001",

"caller_name": "account-1"

}

1.1.4 answer-call

Use answer-call to accept an incoming call using the call ID provided in the call-incom-
ing event.

Field Type Description

cmd string “answer-call”

account string The SIP plan account receiving the call

call_id integer The call’s ID number

Table 5: answer-call request fields

Request

{

"cmd": "answer-call",

"account": "account-1",

"call_id": 0

}

In response, the API automatically sends a call-answered broadcast event to all connected
clients when any account receives an incoming call, enabling multiple applications to monitor
SIP activity simultaneously.

Response

{

"event": "call-answered",

"account": "account-2",

"call_id": 0

}
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1.1.5 switch-call

Use switch-call to switch between multiple active calls, placing the current call on hold
and activating the specified call.

Field Type Description

cmd string “switch-call”

account string The SIP plan account that is switching calls

call_id integer The ID of the destination call

Table 6: switch-call request fields

Request

{

"cmd": "switch-call",

"account": "account-1",

"call_id": 1

}

The API does not respond with a specific event. Subsequent get-status queries reflect call
status changes.

1.1.6 get-status

Use get-status to query the current status of a SIP account, including registration state and
active calls.

Field Type Description

cmd string “get-status”

account string The SIP plan account to query

Table 7: get-status request fields

Request

{

"cmd": "get-status",

"account": "account-1"

}
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The API returns a status event with comprehensive account information:

Field Type Description

event string “status”

account string The SIP plan account in the status report

calls array A list of calls this account is on

account_
status

integer A standard SIP status code

Table 8: status response fields

Response

{

"event": "status",

"account": "account-1",

"calls": [{"call_id": 5,

"caller": "3003",

"callee": "3001",

"started": true,

"stopped": false}

    ],

"account_status": 200

}

1.1.7 hangup-call

Use hangup-call to terminate an active call for the specified account and call ID.

Field Type Description

cmd string “hangup-call”

account string The SIP plan account that's ending the call

call_id integer The call's ID number

Table 9: hangup-call request fields
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Request

{

"cmd": "hangup-call",

"account": "account-1",

"call_id": 0

}

In response, the API automatically sends a call-ended broadcast event to all connected cli-
ents when any account ends a call, enabling multiple applications to monitor SIP activity sim-
ultaneously.

Field Type Description

event string “call-ended”

account string The SIP plan account that ended the call

call_id integer The call's ID number

Table 10: call-ended event fields

Response

{

"event": "call-ended",

"account": "account-2",

"call_id": 0

}

1.1.8 logout

Use logout to log out an active SIP account and terminate its registration with the SIP
server.

Field Type Description

cmd string “logout”

account string The SIP plan account that's logging out

Table 11: logout request fields
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Request

{

"cmd": "logout",

"account": "account-3"

}

The API does not return a specific response event. Subsequent get-status queries reflect
changes to account statuses.

1.2 API errors
The API reports errors through fail events that provide detailed information about command
failures and system problems. These events include the affected account and descriptive error
messages to help identify and resolve issues:

Field Type Description

event string "fail"

account string The SIP plan account experiencing a failure

error string An error message describing the failure

Table 12: API error fields

Response

{

"event": "fail",

"account": "account-1",

"error": "Failed to log in to account: account-1"

}

Common error conditions include authentication failures from incorrect credentials or
unreachable servers, call management errors from invalid call ID numbers or account ref-
erences, network connectivity issues affecting SIP registration, and command format prob-
lems from malformed JSON or missing required fields.

Use get-status to monitor for fail events and implement appropriate retry mechanisms,
connection recovery procedures, and status validation. Go to Section 1.1.6, "get-status" on
page 6 to learn more about this command's behavior.
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