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I would like to introduce you to Internet Telephony Voice over IP (VOIP) is a process where voice is transmitted as packets over an IP network.  It refers to communication services such as voice, facsimile, and voice-messaging applications that are transported via the Internet rather than the public switched telephone network.  VOIP takes an analog voice signal and changes it to a digital format, compresses and converts it to an Internet protocol packet for transmission over the internet.  That process is then reversed at the receiving end.
I. History
VoIP possibilities first became reality February of 1995 when a company called Vocaltex Inc. introduced the software that gave and alternative to the public switched telephone network.  During those days the software had to be run on a 486 or higher personal computer and this was a PC to PC transmission.  But in a relatively short time many companies offer PC telephony software and gateway servers are acting as an interface between the internet and the PSTN.
II. What is VoIP?

Voice over Internet Protocol (VoIP), also known as Internet Voice, is a technology that allows you to make telephone calls using a broadband Internet connection instead of a regular or analog phone line.  Some services only work over your computer or a special VoIP phone, other services allow you to use a traditional phone through an adaptor.  Some services using VoIP may only allow you to call other people using the same service, but others may allow you to call anyone who has a telephone number – including local, long distance, mobile, and international numbers.  VoIP allows you to make telephone calls using a computer network, over a data network like the Internet.  
III. How Does It Work?
VoIP converts the voice signal from your telephone into a digital signal that travels over the internet then converts it back at the other end so you can speak to anyone with a regular phone number.
IV. Advantages
Because Internet Voice is digital, it may offer features and services that are not available with a traditional pone.  If you have a broadband internet connection, you need not maintain and pay the additional cost for a line just to make telephone calls.  With many Internet Voice plans you can talk for as long as you want with any person in the world (the requirement is that the other person has an Internet connection).  You can also talk with many people at the same time without any additional cost.  Internet telephony within an intranet enables users to save on long distance bills between sites.  They can make point-to-point calls via gateway servers attached to the local-area network (LAN).  No PC-based telephony software or Internet account is required.

V. Some advantages of VoIP.

VoIp has become especially attractive to consumers given the low-cost, flat-rate pricing of the public Internet.  It provides an integrated infrastructure that supports all forms of communications and will allow more standardization and could reduce the total equipment complement.  It adds efficient use of bandwidth with compression and packet switching, its integration of services such as voice, Web, email, fax and video lower costs to both end users and service providers.  VoIP also enables users to save on long-distance bills between sites; they can make point-to-point calls via gateway servers attached to the local-area network (LAN).  No PC-based telephony software or Internet account is required.

VI. Some Disadvantages are:

Reliability and sound quality is not available on the Internet, primarily because of bandwidth limitations that lead to packet loss.  Packet loss shows up in the form of gaps or periods of silence in the conversation, leading to a clipped-speech effect that is unsatisfactory for most users and unacceptable in business communications.  Limited bandwidth often results in congestion which, in turn, can cause delays in packet transmission.  Such network delays means packets are lost or discarded.  When there are power problems some internet voice services don’t work during power outages.

VII. Requirements and Standards
H.323, is the global standard for packet-based multimedia communication like VoIP.  H.323 can be implemented on WANs or LANs. H.323 defines a set of network components and protocols that support real-time audio, video, and data communications.  It provides telephone functionality that is comparable to the public switched telephone network.  For VoIP communications to perform at an acceptable standard, it requires networks with very low latency, low jitter, and minimal packet loss.  It needs guaranteed network bandwidth and capacity of VoIP sessions during periods of network congestion.

Most VoIP sessions require one-way latency of not more than about 150 milliseconds.  Depending on the type of voice-compression method used, each one-way VoIP transmission requires between 32 Kbps to 64 Kbps of bandwidth.  Some compression methods such as G.729 take the bandwidth required below 8 Kbps.

VIII. Summary

Right now the most promising areas for VoIP are corporate intranets and commercial extranets.  Their IP-based infrastructures enable operators to control who can-and cannot-use the network, and the economics of placing all traffic-data, voice, and video-over an IP-based network will pull companies in this direction.
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