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VoIP hardware falls into several categories:

· VoIP Interface Cards for PCs 
VoIP Interface cards for PCs turn your PC into a very capable VoIP telephone.

· PC Telephones

PC Telephones are telephones which attach to your PC, usually via the USB port, and allow you to make telephone calls through your PC.

· VoIP Telephones

VoIP telephones are telephones which attach directly to Ethernet network ports.

· VoIP Switches
It is a network device that filters and forwards packets across a network. VoIP switches are devices which allow you to connect multiple phone lines to one Ethernet port. This allows every telephone which is connected to the switch to place VoIP calls.

· VoIP Gateways

VoIP Gateways connect VoIP networks to the PSTN (Public Switches Telephone Network).

· VoIP Routers

VoIP Routers route VoIP traffic. It is an electronic device that connects two or more networks and routes incoming data packets to the appropriate network.
· VoIP PBX's
PBX Private Branch Exchange. A telephone switch, usually located on a customer's premises, connected to the telephone network but operated by the customer. In addition to traditional PBX functionality, VoIP PBX's configure and manage VoIP network capabilities.

http://www.tech-faq.com/voip-hardware.shtml
1. VoIP Interface Cards for PCs
( i ) OpenLine4 Computer Telephony Card
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The OpenLine4 is a compact loop terminating 4 port PCI card running on Linux, FreeBSD and Windows. 

Typical telephony applications include: 

· Voice over IP (VOIP) gateways

· Interactive Voice Response (IVR)

· Auto Attendant

· Voicemail

· Call Conferencing

· Unified Messaging
The features of the OpenLine4 card: 

	Product

	Bus

	Caller ID Detection
	Drivers

	Approvals

	Form Factor

	OpenLine4


	PCI


	Yes


	Linux, FreeBSD-4.4, Windows 98/2000/NT
	US, Europe, Australia, New Zealand


	half size PCI




Features And Benefits
The OpenLine4 card offers the application developer: 

· Four terminating analogue Loop: Start (FXO) telephone ports. These ports are capable of terminating lines from an external exchange or PBX. 

· Robust loop drop detection: detecting far end hang up. 

· DTMF generation and cut-through detection: Cut-through detection enables the detection of DTMF tones whilst a voice message is playing. 

· Call Progress Analysis: monitors outgoing call activity including dialing, busy, ring back and disconnection. 

· Generation and detection of up to 10 user: generate and detect call progress tones from proprietary PABXs and the PSTN simultaneously. 

· Integrated Caller Identification: provides telephone number information on the calling party before the call is answered. With this module, CT applications can pop vital caller information on operators screens or direct callers to appropriate operator queues before the calls are answered. 
· Integrated DSP Echo Cancellation: improves the accuracy of the DTMF cut-through detection algorithm and the audio quality in VOIP gateway applications in circumstances where echo is prevalent. 

· Software bridging enables the OpenLine4 card to bridge 2 or more channels: suitable for Call conferencing applications. 

· Open source API: that provides total control over the design of feature rich CT applications. 

· Support leading operating systems: including Linux, FreeBSD, Windows 98/2000/XP/NT. 

Technical Specifications
	FUNCTIONALITY
	SPECIFICATIONS

	Analogue Ports
	4

	Network Interface
	Loop-Start (FXO)

	System Requirements
	PC-IBM Compatible

	Supported Operating Systems
	Linux, FreeBSD, Win 98/2000/XP/NT

	Host Interface
	PCI

	Processor
	TMS320BC52-100

	Telephone interface
	Loop-Start

	       Impedance
	600 Ohms

	       Loop Current
	20mA

	       Ring Detection
	Frequencies 14.5-55Hz, Voltage 50VAC

	       Signaling
	Loop Current Drop, Ringing

	       Signaling
	OffHook, Flash, DTMF

	       OnHook Audio Detect
	CallerID

	Connector
	4 x RJ11

	Power Requirement
	450mA @ 5V

	Operating Temperature
	0 to 50C

	Form Factor
	Half-Length PCI

	Cards per system
	Unlimited

	Audio Compression Rates
	64 kbit/s A-Law, Mu-Law, 128kbit/s Linear

	Codec Characteristics
	

	       Sampling device
	8 bit ADC-DAC sampling @ 8KHz

	       Frequency Response
	300-3400Hz

	       Transmit/Receive Range
	User Programmable Software Gain

	Signal Processing Characteristics
	

	       Cut-thru DTMF detection
	0-9, *, #, A, B, C, D

	       Caller Identification
	OnHook Detection

	       Echo Cancellation
	8ms

	EMI/Telecom Approvals
	USA (FCC), European, Australia & New Zealand


        
http://www.voicetronix.com.au/vpb4_v4pci.htm
( ii ) Digium TDM 11B 1 FXO port 1 FXS Port Card
($189.95)
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Protocols Supported: SIP, IAX, H.323
Feature:

· 1 FXO port 1 FXS Port 
· It is a half-length PCI 2.2 compliant card. 
· Using Digium's Asterisk PBX software and standard PC hardware

· Can create a SOHO (Small Office Home Office) telephony environment that includes all the sophisticated features of a high-end business telephone system. 

http://www.voipsupply.com/product_info.php?cPath=3_11&products_id=295
2. VoIP Telephones

( i ) ArtDio IPF-2000 SIP / H.323 / MGCP IP Phone 

( $89.95 )
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ArtDio’s IPF-2000 is a full-featured VoIP telephone with hands-free speaker phone. It is suited for residential users, SOHO, and small businesses
Features:
· LCD Screen 

· Caller ID 

· Last Number Redial 

· Speed Dial 

· Call Hold 

· Volume Adjustment 

· Optional Headset Connection 

· Speakerphone 

· NAT Pass-Through (SIP with STUN) 

http://www.voipsupply.com/product_info.php?cPath=3_73&products_id=262
( ii ) Clipcomm CP-100D VoIP Phone Low-Cost H.323/SIP Switched Dual RJ45 ( $119.95 )
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Features:

· 16*2 Character LCD 

· H.323 v4/ SIP 

· G.711, G.723.1A, G.729AB 

· Dual switched 10/100Base-T, RJ-45 

· Private lines/ Cable Modems/ ASDL modems using PPPoE 

http://www.voipsupply.com/product_info.php?cPath=3_72&products_id=234&desc=Clipcomm%20CP-100D%20Phone
3. VoIP Switches

Quintum Tenor AS200/400
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The Quintum Tenor AS Series Voice-over-IP (VoIP) switches offer small to medium sized businesses with analog voice infrastructures an easy, cost-effective way to capitalize on the power of VoIP. The Tenor integrates a gateway, a gatekeeper and intelligent call routing, and supports QoS all in one solution. With its MultiPath architecture, the Tenor connects to the data network through a 10/100 Ethernet interface, the voice network through either a PBX or phone, and the public switched telephone network (PSTN).

The new Tenor AS Series offers:

· SelectNet™ provides superior voice quality

· Transparent MultiPath Call Routing

· Integrated H.323 gateway and gatekeeper

· SIP User Agent

· IVR/RADIUS AAA compliant

· Stackable architecture

· Answer and Disconnect Supervision

· 2 or 4 Analog line and trunk interfaces

· Up to 4 simultaneous VoIP calls

· Available in MultiPath or Gateway configurations (with or without PSTN fail-over)

Benefits:

· High quality voice: The Tenor employs its patented SelectNet™ Technology to monitor calls for jitter, packet loss and latency, and can transparently switch mid-call to the voice network whenever conditions demand. 
· Greater flexibility: the Tenor can intelligently route calls between the PBX, the PSTN, and the IP network, to achieve the best combination of cost and quality.
· Easier installation: the Tenor can be installed without upgrades to the existing voice or data networks. 
· Greater reliability: The Tenor is designed to pass calls through to the existing voice network in the event of system malfunction – even a total power failure.
· Less network congestion: the Tenor reduces bandwidth consumption up to 57 percent, by combining voice packets from several calls into a single packet to minimize packet overhead. 
· Greater security: The Tenor VoIP MultiPath Switch also features a unique technology that allows it to operate behind NAT-enabled firewalls. 

Call Management Features

· Automatic call type detection: Voice/Modem/Fax

· Answer and Disconnect Supervision

· Trunk group support

· Public and private dial plan support

· User programmable dial plan support

· Automated load balancing

· Forced IP routing and IP port mapping

· Pass-through support for calls to 800, 911, 411, etc.

· Automatic appending and stripping of digits to dialed numbers

· Call Detail Records

· Least cost routing with external Call Routing Server

· Type I Caller ID delivery (Telcordia Standard GR-30-CORE)

Telephony Specifications

· Voice algorithms: G.723, G.729, G.711 with auto-negotiation; G.726 with no auto-negotiation

· Fax support: Industry standard T.38 and Group III at 2.4, 4.8, 7.2, 9.6, 14.4 Kbps

· Modem over IP

· Choice of 2 or 4 FXS and/or FXO configurations

· Loop Start, Reverse Battery, Battery Disconnect IP Network Specifications

· LAN Interface: Fast Ethernet port (10/100 Base-T)

· Standard RJ-45 Interface (IEEE 802.3) for 10 Base-T or 100 Base-T connections

· DHCP Client

· QoS Support: IP TOS, DiffServ

· Coding: A law, µ law

· Enhanced (Carrier Grade) Echo Cancellation: ITU Rec. G168, up to 128 msec tailsize

IP Network Specifications

· LAN Interface: Fast Ethernet port (10/100 Base-T)

· Standard RJ-45 Interface (IEEE 802.3) for 10 Base-T or 100 Base-T connections

· DHCP Client

· QoS Support: IP TOS, DiffServ

· Coding:A law, µ law

· Enhanced (Carrier Grade) Echo Cancellation: ITU Rec. G168, up to 128 msec tailsize

VoIP Network Specifications

· H.323 v.3 Gateway and Integrated Gatekeeper

· SIP User Agent

· IVR/RADIUS server support for AAA with integrated multi-lingual IVR

· Adaptive Voice Activity Detection (VAD) with Comfort Noise Generation (CNG)

· Adaptive Jitter Buffer

· Packet Loss Compensation

· NATAccess™

· Security: IP Filtering

· Up to 4 simultaneous VoIP calls

http://www.techland.co.uk/index/quintum_tenor_as200
4. VoIP Gateways

( i ) ArtDio IPS-1016 SIP VoIp Gateway Sixteen FXS Ports

( $1,249.95 )
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Voip Protocols Supported:SIP 
Ports:16 FXS 
IPS-1000 series supports small to mid-sized businesses. 

IPS-1000 series have been tested and found compatible with various proxy-servers, which allows users to register with SIP service providers. 
IPS-1000 can accommodate up to 16 standard phone ports and 16 lifeline voice ports. The lifeline voice ports enable users to fall back to standard phone services when they lost internet connection. 
It is also equipped with one WAN Fast Ethernet 10/100BaseTX Port, and one LAN Fast Ethernet 10/100BaseTX Port. With voice compression, echo cancellation, jitter buffer and silence suppression. 
IPS-1000 series is interoperable with many soft phones such as PingTel, MSN, Ubiquity, Cisco IP Phone
Features:
· Hunting Group 

· Authentication 

· Dialing Plan 

· Support Private UP 

· Inbound Transit call 

· DTMF Relay 

· SIP Call Forwarding 

· Speed Dial 

· Complete Configuration and Management Tolls 

· FTP Remote Software Upgrade 

· Carrier grade voice quality 

( ii ) AudioCodes Mediant2000 Dual E1 VoIP Gateway SIP or H.323 

$8,395.00
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The Mediant 2000 VoIP Gateway is a media gateway systems. It is the right-sized solution for small-scale needs. 
The Mediant 2000, equipped with dual E1 interfaces, handles up to 60 simultaneous phone calls at a single time. The Mediant 2000 series may be used as both a PSTN gateway, or to connect an existing PBX system to a newer voice-over-ip phone system. 

Features:
· NEBS Level 3 Certified 

· Multiple density options 

· Field-proven, high voice quality 

· Open, scalable architecture 

· SS7/SIGTRAN Interworking 

· Flexible deployment options 

· Packet telephony standards-compliant 

· IETF and ETSI standards compliant 

· Small footprint 

· Expansion slot for Application Processor 

· Wide support of PSTN protocol termination 

( iii ) AudioCodes Mediant2000 Dual T1 Gateway SIP or H.323 

$8,395.00
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The Mediant 2000 VoIP Gateway is a media gateway system. It is the right-sized solution for small-scale needs. 
The Mediant 2000, equiped with dual T1 interfaces, handles up to 48 simultaneous phone calls at a single time. The Mediant 2000 series may be used as both a PSTN gateway, or to connect an existing PBX system to a newer voice-over-ip phone system. 

Features:
· NEBS Level 3 Certified 

· Multiple density options 

· Field-proven, high voice quality 

· Open, scalable architecture 

· SS7/SIGTRAN Interworking 

· Flexible deployment options 

· Packet telephony standards-compliant 

· IETF and ETSI standards compliant 

· Small footprint 

· Expansion slot for Application Processor 

· Wide support of PSTN protocol termination 

( iv ) Mediatrix 1102 Two (2) Port FXS Adapter / Gateway 

$248.95
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The Mediatrix 1102 is a VoIP access device equipped with two FXS ports and two 10/100 BaseT Ethernet ports. It can connect analog phones or fax machines and legacy PBX and Key Systems to an IP telephony network. Its second Ethernet port connects a PC or a LAN to a wide area network. The Mediatrix 1102 serves as an ideal CPE platform for integration with an existing IP telephony architecture deployed by service providers, carriers or system integrators. 

Key Features: 

· IP connectivity for analog phones and faxes 

· IP connectivity for legacy PBX and Key Systems 

· PSTN-quality voice over IP networks 

· Deployable in SIP, H.323 or MGCP/NCS VoIP networks 

· Auto configurable, remotely manageable and upgradeable 

· Interoperable with equipment from leading industry vendors 

· Fax over IP support, including T.38 

· Multiple codec support 

· Ideal desktop solution 

· Additional Ethernet port for PC or LAN connection 

· Ideal for SOHO, residential, IP Centrex or hosted applications 

 ( iv ) Mediatrix 1104 4-Port FXS Gateway SIP/H.323 
($529.95)
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The Mediatrix 1104 is a VoIP access device equipped with four FXS ports, one 10/100 BaseT Ethernet port and one PSTN bypass port. It connects analog phones or fax machines and legacy PBX and Key Systems to an IP telephony network. The bypass line is activated during a network failure or a power outage. 

The Mediatrix 1104 is functionally designed for desktop or wiring closet installation and is an ideal enterprise CPE platform for integration with an existing IP telephony architecture. 

Key Features: 
· IP connectivity for analog phones and faxes 

· IP connectivity for legacy PBX and Key Systems 

· PSTN-quality voice over IP networks 

· Deployable in SIP, H.323 or MGCP/NCS VoIP networks 

· Auto configurable, remotely manageable and upgradeable 

· Interoperable with equipment from leading industry vendors 

· Fax over IP support, including T.38 

· Multiple codec support (G.711, G.723.1, G.729) 

· Desktop or wiring closet installation 

· PSTN bypass port 

· Internal power supply 

· Ideal for enterprise, IP Centrex or hosted applications 

http://www.voip-news.com/sp/vs/gateways.htm
5. VoIP Routers
( i ) Quintum Tenor A200
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A200 offers:
• Analog line and trunk interfaces
• Supports 2 simultaneous VoIP calls
• Integrated IP router and firewall
• Transparent MultiPath Call Routing

The Quintum Tenor A200 gives small offices with analog voice infrastructures an easy, cost-effective way to capitalize on the power of Voice over IP (VoIP).

With its MultiPath architecture, the Tenor provides voice connectivity over the IP network and to the Public Switched Telephone Network (PSTN).

The Tenor A200 is equipped with a four port Ethernet switch and built-in router with NAT-enabled firewall. The Tenor A200 provides Internet access for your entire network with only one IP address and supports a firewall to protect against intruders.
 
 
Call Management Features

• Automatic call type detection: Voice/Fax
• Pass-through support for calls to 800, 911, 411, etc.
• Two stage dialing with IVR
• Trunk group support
• Public dial plan support
• Static and dynamic call routing
• Call Detail Log

 Telephony Specifications
• Voice Algorithms: G.711, G.723.1, and G.729ab
• Fax Support: T.38 and Group III at 2.4, 4.8, 7.2, 9.6, 12, and 14.4 Kbps
• Silence suppression and comfort noise generation
• Coding: A-Law, µ-Law
• Echo Cancellation: G.168 compliant, 25 mSec tail length
• Dialing: DTMF tone, and pulse
• Signaling Protocols: Loop Start
• Phone/Fax/Key System/PBX Interface: Two FXS Ports, RJ-11
• PSTN Interface: Two FXO Ports, RJ-11

IP Network Specifications
• H.323 v2 Support: RAS, Fast Start
• LAN Interface: 10/100 Mbps Ethernet autosensing, RJ-45 connectors
• Built-in four port Ethernet switch 
• WAN Interface: Single 10 Mbps Ethernet for RJ-45 connection to WAN modem
• Built-in IP router with NAT and firewall
• Static routing, DHCP, DNS relay, packet filtering, and user authentication (PAP/CHAP)

Configuration/Management
• Remote management 
• Web-based Graphical User Interface (GUI)
• Remote management over IP
• Serial Console Port: RS-232/DB-9

General Specifications
• AC Power: 100-240 Volts AC or 220-240 Volts AC, 50/60 Hz, 20 Watts
• Operating Temperature: 32° - 104° F (0° - 40° C)
• Operating Humidity: 10% - 90% non-condensing
• Emissions: FCC Part 15 Class B
• Telephone Safety: FCC Part 68; AS/NZ 3260:1997; AS/ACIFS002:2001
• Safety: UL 1950; ACA TS001:1997
• Dimensions: 7 3/16” D (18.2 cm) x 9 7/8” W (25.2 cm) x 1 5/16” H (3.3 cm)
• Weight: 2.2 lbs. (1 kg)

http://www.voip-news.com/quintum/a200.htm
( ii ) Vigor2900VG Voice-over-IP Router with Firewall, VPN and Wireless LAN
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The Vigor2900VG provides features of the standard Vigor2900 router, including VPN and firewall facilities but adds twin phone ports for VoIP (Voice over IP). The router also has the wireless LAN (802.11g) facilities, with advanced security measures. 
The WAN interface (the connection to the Internet) on the Vigor2900VG is Ethernet.
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Features :

· Broadband Router & Firewall with Ethernet WAN Interface

· Four port 10/100BaseT Switch, with VLAN and port throttling

· Wireless LAN - 802.11g (up to 54mb/s total wireless bandwidth)
Wireless LAN can be disabled when/if not required.

· Internet/VPN Facilities as per Vigor2900 router

· Internet Content Filtering (See Vigor2900)

· USB Printer Port for sharing a printer between LAN users

· Voice calls can be carried over existing ADSL connection

· Two VOIP ports (RJ11 to BT type sockets)

· Integration with the PSTN via ITSP (e.g. DrayTel) enabling you
to make/recieve calls from regular phone lines

· Automatic QoS Assurance for Voice-over-IP Calls

· Output of ring current and call progress tones (dialtone, busy, ring)

· FXS Phone Ports - Connect any standard analogue phone into the phone ports

How it works

1. Connect any standard telephone to one of the two phone ports on the unit. 
2. Lift the handset and dial the IP address of the remote unit. 
3. The router then contacts the remote router and the phone connected at the other site then rings - the Vigor2900V provides ring current and call progress tones to the handset (dialtone, ring tone etc.). 
4. The remote user lifts his handset and the two parties can then talk to each other. 
More conveniently, you use the phone book to dial remote users with a short code and a SIP registar/proxy to locate users automatically without needing to know their IP address. 

http://www.draytek.co.uk/products/vigor2900vg.html
5. VoIP PBX's
An IP PBX is a customer-premise switch that provides access to the public telephone network and the public internet as well as internal communications capabilities. 

IP PBX’s can process simultaneous voice, text, data and graphics over existing telephone lines and/or IP connections. The external transmission path between a PBX and central office is a group of trunks. Incoming and outgoing calls can use any idle trunk or available bandwidth, because the PBX automatically switches calls. This reduces the required amount of lines and the cost per line as well. 
OpenSwitch 6 & 12 PC-PBX Cards
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OpenSwitch products are configurable Loop-Start and/or Station port PCI cards running on Linux. 
The OpenSwitch cards have a by-pass mechanism that allows one to connect the external PSTN lines to telephone handsets on station ports. This added redundancy is ensuring PBX phone system remains operational in the unlikely situations where there is a PC or power failure.

The OpenSwitch PC-PBX cards offer: 

· 6 or 12 FX0/FXS analogue ports.

· A standard-sized, PCI form factor enabling the installation of multiple cards within a PC chassis.

· Inbuilt telephony power supply to power the Station ports.

· Redundancy in the unlikely event of power or PC failure. Phones will always function in these situations.

· A comprehensive open source API that provides total control over the design of feature rich telephony applications.

· The ability to provide single board call conferencing functionality.

· Support for OpenPBX our very own, easy to install web based PC-PBX phone solution suitable for small businesses.

· Support for Asterisk, an Open Source telephony application that allows developers to build PC-PBX and IP-PBX applications.

· The opportunity to run the PC-PBX application under Linux.

· Integration with other Voicetronix hardware. 

User Configurable Analogue Ports 

· 6/12 user configurable analogue FXO/FXS ports. Each port is switchable between Loop-Start (FXO) and Station (FXS) mode through onboard jumper settings. 

· No requirement for expensive proprietary station sets. Analogue telephone handsets connect directly to the Station ports. 

Scalable 

· Standard-sized PCI form factor that easily fits into any regular PC chassis. 

· Offers the opportunity to scale to higher density PC-PBX solutions by simply installing multiple OpenSwitch cards within the PC chassis. 

Inbuilt Telephony Power Supply 

· Provides the ring and DC power to the analogue telephone handsets that connect to the station ports. 

· No need for external power supply modules that plague users of other PC-PBX interface cards. 

Phones Function on Power or PC Failure 

· Loop-Start ports switch through to Station ports on power or PC failure to preserve basic telephone functionality. 

· This by-pass mechanism connects the external PSTN lines to telephone handsets on station ports. 

· A watch-dog timer triggers the by-pass mechanism on PC failure. 

Comprehensive Open Source API 

· Supports synchronous and asynchronous programming models to offer total design control over the application. 

· Build feature-rich telephony applications for a fraction of the price of comparable solutions that operate on traditional propriety PC-PBX systems. These telephony applications include: 

· Interactive Voice Response (IVR). 

· Auto-Attendant. 

· Call Conferencing. 

· Voicemail. 

· Developers can make customisations/enhancements to the Open Source API to suit their requirements. 

Call Conferencing 

· No need for additional and expensive equipment to provide conferencing capabilities on your telephone system. 

· Join in on a conference call from your own telephone handset. No need to leave your work area to be involved in a conference call. 

· Multiple way conference calls are limited only by the number of ports available on each card. 
http://www.voicetronix.com.au/hda.htm
( ii ) TalkSwitch 24-CA PBX Telephone System 

$660.95
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TalkSwitch 24-CA Includes 

· 2 lines in 

· 4 local extensions 

· 8 remote extensions 

· 9 Auto Attendants 

· 22 voice mailboxes 

Up to 4 users per location. The TalkSwitch 24-CA is the compact, all-in-one telephone system that puts the features of PBX systems into the reach of small businesses. Includes multi-level Auto Attendant, Voicemail, Fax Detection and Music on Hold that help businesses look big, reduce communication costs, and stay connected everywhere. The benefits are: 

· Complete full-featured PBX telephone system 

· Customer installable and configurable via user-friendly PC interface 

· Works with standard analog cordless or corded phones and our proprietary pre-programmed TS 100 phone sets 

http://www.voipsupply.com/product_info.php?cPath=101_184&products_id=539
( iii ) VOIPServ1T/1E Turnkey IP PBX 

$7,895.00
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The VoIPServ IP PBX is fully configured including all extensions up to 50 lines, attendant greetings and call-cues. 
Standard IP PBX Features 

· Intercom (station to station calling) 

· Voice Mail 

· Caller ID 

· Auto Attendant 

· Least-cost Routing Options 

· Off Premise extension (OPX) 

· Call Forwarding 

· Call Return 

· Call Transfer 

· Call Pickup 

· Call Waiting 

· Calling ID 

· Calling Plans 

· Consultation Hold 

· Device Inventory 

· Do Not Disturb: In short: DND 

· Extension Dialing 

· Follow Me 

· Hunt Groups 

· Last Number Redial 

· MWI –Message Waiting Indicator 

· Night Answer 

· Performance measurements 

· Series Completion 

· Speed Dial 

· Three Way Calling 

· Voice Messaging 

· Voice Portal 

Optional Features include 

· Automatic Call Distribution 

· Call Detail Recording 

· Call Forwarding (off PBX) 

· Paging 

· Automatic Network Alternative Route Selection 

· Redundancy 

· Clustering 

· Tie Trunking 

· Custom Features 

· Graphical User Interface 

http://www.voipsupply.com/product_info.php?cPath=3_33&products_id=281&desc=VOIPServ1T/1E%20IP%20PBX
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