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SIPMX Media eXchange

A complete IP PBX for today and tomorrow
that is easy to use, fully featured and robust

SIPMX Media eXchange system is a highly robust and scalable,
enterprise-grade, and fully featured unified communications solution
with integrated voicemail, unified messaging, presence, call center,
multiple auto attendants, paging and intercom services and a
powerful plug & play web-based configuration and management
system. SIPMX is based entirely on the standard protocol like
Session Initiation Protocol (SIP), H.323, IAX and operates on
standard and robust Linux operating system. It interoperates with a
large number of third party phones, PSTN/IP gateways and
applications such as Microsoft Exchange 2007 without compromising
ease of use.

SIPMX provides dramatic cost savings while delivering the system
and trunk redundancy, interoperability, scalability and plug—and-play
benefits that SMB customers expect. SIPMX is a unified
communications solution based on a robust real-time architecture that
grows with your business.

SIPMX is the business-grade IP PBX built on standards based
open source. It offers proven, robust functionality for
thousands of seats on an optionally redundant system, and
provides low-cost communications solutions for main and
remote offices, home workers, and call centers. SIPMX
interoperates with Legacy PBXs via VolP gateways or
Analog/E1 interface board gateway, enabling users to choose
a phased-in approach to VolP implementations. SIPMX relies
on standards and utilizes proven Internet techniques and a
distributed architecture to create a highly secure and available
IP voice system.

SIPMX is second generation voice over IP (VolP) system built for enterprise users
requiring easy to use, stable and scalable solutions for mission critical applications.
Thousands of small and large enterprises rely on SIPMX for their communications
needs ranging from 10 people offices with 4 analog trunk lines to companies with ga—

hundred or thousands of users. BEsv3 2uss  Rnay  SaEm

Switching to SIPMX is the right choice for many enterprises. Open source offers
lowest total cost of ownership (TCO) and it does not lock you into a vendor specific
and proprietary solution.




Benefits
Easy to install, configure and manage

Browser based system management tool allows to simply configure and managed devices

Legacy telecommunications investment protection

Standards-based system supports existing network and meets all requirements for TDM PBX

replacement, augmentation and migration.
Unmatched system flexibility,

SIP standards compliance ensures interoperability with off-the-shelf solution components and

applications.
Enhanced employee productivity

Delivers a wide range of innovative user features including Microsoft desktop and Exchange

2007 integration.
Convenient VolP system migration

Begin with a single office and extend IP telephony to your remaining organization in a timeframe

that sulits you.
Future-proofed network

100-percent SIP standards-based system enables easy moves, adds and changes, installation
of new features and deployment of new applications as they become available.

Key Features

Voice Mail

Integrated voice mail system with personal auto-attendant
per user

Automated Call Distribution (ACD)

Integrated Call Center solution that distributes calls to
multiple agents and queues through intelligent routing

Call Monitoring

involves a supervisor tapping into a phone transaction
between an agent and a caller.

Unified Messaging

Voice mail messages can be retrieved by web browser or
forwarded to any email client.

Multiple Auto Attendants

Auto attendants are easily configured via browser interface.
Interactive Voice Response

The digital reception that enables a person, typically a
telephone caller, to make a selection from a voice menu.
The selection is made using touch phone keypad entries or
voice responses.

Call Detail Recording

All data stored in a database. Real-time display of currently
active calls in the system

Configuration Management

Intuitive browser interface for centralized control and
management of dial plans, users and endpoints.

User Self-control

Powerful Web user portal puts the user in control to
individually manage key features like time-based find-
me / follow-me.

FAX Messaging

FAX receiving and sending. Fax document forward to
email

Group Paging

SIP phones using auto-answer with this feature
Meet-me Conference

Pretty easy to setup conference room, included a
conference control facility that enables the conference
moderator to control the conference

SIP Trunking

Support ITSP and Inter-Office connection

PSTN Trunking

Support Analog FXO and Digital E1 ISDN-PRI.
Automatic Route Selection, Least-cost routing. DID
and Caller ID support
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