Asterisk Voice-Over-IP PBX Training
Course Datasheet (Tentative)

The Institute for Open Systems Technologies Pty Ltd
Delivery: 2Q2006

This 3-day course covers the Asterisk open source PBX. This class
teaches you how to install, configure, integrate, provision, troubleshoot
and manage the Asterisk software. Installation topics include set-
ting up SIP and IAX phone handsets as well as the base software on
Linux systems. Configuration topics include setting up dialplans,
call centres, transfers, agent logins, on-hold music, call parking, call
recording, billing and chargeback. Integration topics include Jab-
ber (for caller ID details), the wider PSTN/ISDN telephony networks,
ENUM and some simple AGI scripts for interfacing with arbitrary cus-
tomer systems. Provisioning topics include options with LDAP and
Radius and other template creaton tools, as well as developing an
understanding of Asterisk’s performance issues. Troubleshooting
topics include deciphering SIP protocol messages, and a variety of
network and performance measurement tools. Management top-
ics include using astman, supporting failover configurations, SNMP
agents and techniques for pre-emptively alerting about problems.
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