
 

 

 

 

 

API  DOCUMENTATION –  OUTGOING CALLS 

If you would like to write your own app or integration which can place calls, this document is for you. If you need to handle 

incoming calls, please see the document on Web AGI Routing. 

CORE DOCUMENTATION 

You must simply send an HTTP POST to http://voip.spectronics.co.uk/api/0.9.3/call with the following parameters: 

 auth: An authentication token, configured below. 

 extension: The full 7 digit extension to originate the call from. This is mandatory if the token is valid for all extensions, 

and optional (and ignored) if the token is for a specific extension only. Please note that the 7 digit number must be an 

extension and not any other internal number (e.g. hunt group, alias, etc). 

 destination: The destination number as you would dial it from a VoIP phone. 

 cidname: Optional. If specified on a non-reverse call, this name will be used as the displayed caller name when the call 

is placed to the local extension. This may be useful in click-to-call systems so that it is immediately obvious who the 

called party is. 

 reverse: Whether to reverse the call order, i.e. place the call to the destination before ringing the extension. This 

should be set to 1 to reverse the order, or 0 (or omitted completely) to use the default order. 

 source: If an explicit source is specified, it will be used as the destination for the first call. So the API will place a call 

to source, and when answered, the call will be routed to destination. Both source and destination may be any number, 

so you may set up a call between two PSTN numbers using this parameter. The 'call me now' functionality also 

uses source. 

 wait: Whether to wait for extension to answer the call, and report success or failure based on that. If this is set to 1, 

then you will receive a success response when the extension answers, or a failure if the call times out or the extension 

rejects the call. If this is set to 0, you will receive a success response as soon as the call request is placed on the VoIP 

platform. Please note that even when you receive a success response, this does not guarantee that destination is a valid 

number or that the call will be answered. 

The response will be a line of text, beginning with "OK:" for a successful request or, "ERR:" to indicate failure. In both cases a 

descriptive message will follow the status code, for example OK:Call request sent, or ERR:Invalid authentication. 

  



 

USING ‘CURL ’  

Using curl on a Unix/Linux system, this can easily be performed on the command line. Create a file called for 

example /tmp/webcall containing: 

auth=your_token&extension=1234567&destination=03333444110 

Obviously, you will need to adjust the bits in italics. Then run the following command: 

curl -d @/tmp/webcall http://voip.spectronics.co.uk/api/0.9.3/call 

 

USING ‘GET’  

In some circumstances, HTTP GET may be appropriate, and it is easier to code. For example within a PHP script, you could simply 

write: 

<?php 

@file("http://voip.spectronics.co.uk/api/0.9.3/call?auth=your_token&extensio

n=1234567&destination=03333444110"); 

?> 

 

http://voip.spectronics.co.uk/api/0.9.3/call

