
       InformaCast integration with CUCM over SIP  

 

This document explains the integration of InformaCast Paging Server with CUCM over SIP with an 

Example. 

 

Scenario: 

 

Directory Numbers in the CUCM are 1001, 1002, 1003 and 1004.    

 1003 will dial InformaCast number 1555 to broadcast live audio to 1001,1002 and 1004. 

The region is configured to have G.711 μLaw  between Informcast SIP Trunk  and Phones. 

 

Configuration Steps: 

 

Step 1: 

Create an SNMP public string in CUCM under Cisco Unified Serviceability/Snmp/V1V2/Community 

String. 

 

 

 

 

 

 



Step 2: 

Create a SIP Trunk. Manage the destination IP address as InformaCast IP address.  

 

 

 

 

 

 

Step 3: 

Create an Access Control Group and assign Role “Standard AXL API Access” to it. 

 

 

 

 

 

 

https://10.106.104.238/ccmadmin/roleEdit.do?key=a6bae213-aab5-f794-b71c-98ee94129c9b&key2=4


Step 4: 

Create an Application user with the following Access Control Groups; 

- Standard AXL API Access Group  (The one Created in Step 3) 

- Standard CTI enabled 

- Standard CTI Allow Control of Phones supporting Connected Xfer and conf,  

- Standard CTI Allow Control of Phones supporting Rollover Mode,  

 

 

 

 

 

 

 



Step 5: 

Create a Route pattern to reach InformaCast and associate the SIP trunk created.  In this example, Route 

Pattern number is 1555. 

 

 

 

 

 

Step 6: 

Enter the Application user credential, IP address of the CUCM, SNMP community name etc as below in 

the InformaCast Webpage; 

 

 

 

 



Step 7: 

 

Got to Recipients and do the “update”, this will pull the Phones those are registered to CUCM. 

 

 

Step 8: 

Create a Recipient Groups with the phones required to be part of the broadcast.   

In this example,  Group 1 for Directory Numbers 1001, 1002 and 1004. 

 

 

Step 9: 

 

Go to Dial Cast and Configure the Dialing Pattern for the Group 1.  Dialing Pattern nothing but the Route 

Pattern Number created. 



 

 

 

Step 10: 

 

Allow SIP access in InformaCast.  

 

 

 

Step 11: 

 

This is an Important Step.  InformaCast can send the commands for broadcast either using JTAPI or 

HTTP.     

Here below explains both the methods, “Option A” for  JTAPI and “Option B”  for HTTP.  

Customers can select either Option A or B.  Prefer configuring “Option A” because it doesn’t need any 

changes in the enterprise parameters. 

 



Option A  -  JTAPI METHOD  

 Check the “Send Commands to Phones by JTAPI”  

 

 Associate role “Standard CTI allow control for all Devices” to the application user created in 

step 4. 

 

 

Option B  -  HTTP Method 

 Enable Web access for supported IP Phones and reset phones.  

 

 Configure the URL “http://<InformaCast IP>:8081/InformaCast/phone/auth”  for Secured 

Authentication URL  and URL Authentication  under CUCM Enterprise Parameters Configuration. 

 

 

 

By completing the all 11 Steps above,   User 1003  can dial InformaCast number 1555 then broadcast live 

audio to all phones in the Group 1.  
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Logs to Troubleshoot 

 CTI Manager and Call Manager Logs from CUCM 

 

 SIP Stack log/ SIP Stack debug Log, Summary Log and Performance log from Informacast. 

 

 Packet Capture. 

Here below the procedure to collect the packet capture from InformaCast. 

a. Connect to the CLI of the InformaCast over SSH. 

b. To start the Capture Enter the command “sudo capturePackets  <File Name>” 

c. Use CTrl+C to stop the capture. 

d. To transfer the file to the SFTP; 

sftp <username>@<IP address of the SFTP Server> 

Put <filename> 

Example: 

 

 


