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INTODUCTION TO VOIP

In general non-technical speak, VOIP it is the ability to make phone calls via your internet connection instead of going through or paying your regular phone company.

VOIP stands for "Voice over Internet Protocol". OK, so I can see some eyes glazing over but it just means "internet phone". 

Internet Phone; Internet Telephone; VOIP - all mean the same thing - making cheap calls over the internet to anywhere. The calls can even be FREE.

VoIP (Internet telephony) is any one of several technologies that allow you to make phone calls over the Internet instead of over the telephone network. Some more advanced and secure systems use a private data network instead of the Internet. This technology has been around since the 1970s but hasn't been practical until recently because for it to be effective you need a broadband/high-speed connection. Specifically you need a bit more than 100kbps per connection using modern VoIP transmission technologies. This has only recently become common among residential broadband subscribers. That kind of bandwidth has been available in businesses for longer and the technology is already well established in the business market – but even there the necessary broadband has only been commonly available for three or four years.

In addition, improvements in standards, protocols and underlying hardware and software have also made the required broadband speeds more feasible and have reduced costs to where the decision to move to VoIP is more about the timing and the implementation for a business rather than if it should switch or not.

Typically any VoIP system – residential on up – offers slightly lower operating costs (contrary to advertising claims the cost savings are small) but offers a big step forward in available features and functions. For example, it is now perfectly feasible and cost effective for a 20 person small business to run a call center of its own and to have one system manage main and branch offices and even remote and telecommuting workers.

History of  VOIP

Voice-over-Internet Protocol has been a subject of interest almost since the first computer network. By 1973, voice was being transmitted over the early Internet.The technology for transmitting voice conversations over the Internet has been available to end-users since at least the early 1980s. 
In 1996, a shrink-wrapped software product called VocalTec Internet Phone (release 4) provided VoIP along with extra features such as voice mail and caller ID. However, it did not offer a gateway to the PSTN, so it was only possible to speak to other Vocaltec Internet Phone users.
 In 1997, Level 3 began development of its first softswitch (a term they invented in 1998); softswitches were designed to replace traditional hardware telephone switches by serving as gateways between telephone networks.

Revenue in the total VoIP industry in the US is set to grow by 24.3% in 2008 to $3.19 billion. Subscriber growth will drive revenue in the VoIP sector, with numbers expected to rise by 21.2% in 2008 to 16.6 million. The United States' largest VoIP provider is Vonage.

Need for VOIP

Although the PSTN is effective and does a good job at what it was built to do (that is, switch voice calls), many business drivers are striving to change it to a new network, whereby voice is an application on top of a data network. This is happening for several reasons:

VOIP or voice over Internet Protocol is the ability to transmit voice over the Internet to either a receiving computer, telephone or even a mobile phone. VOIP offers an inexpensive alternative to traditional telephones and keeps you away from huge bills. VOIP helps you save money, especially for long distance calls. It also enables you to talk to several people simultaneously. It offers different services with developing technologies. 
VoIP enables you to send any type of data at higher speeds of Internet. It is increasingly becoming a great choice for residential and business customers. Many providers offer unlimited plans, that will give the subscriber unlimited long distance, free calling with VOIP. VOIP promises cost savings over traditional phone lines and thus allows you to save on your monthly phone expenses. VOIP is one of the coolest advancements you’ve ever been blessed to experience. VoIP allows you to make phone calls over the internet, using your computer, to pretty much anywhere on the planet. 

If your broadband internet company just happens to be one of companies that currently offers VOIP services, then its better because it would cost you higher if used an independent or outside company for your VOIP phone service. If your internet connection goes down you wouldn't be able to make or receive phone calls. Due to lack of signal strength, your calls can also get dropped. Although it has some drawbacks, but once you use it, you’ll not want to loose it, especially with your bills getting lower each month. 

With many people discovering the benefits of VOIP by switching from using their land line telephones to VOIP service, VOIP phone service providers are increasing in popularity. People are now aware that VOIP phone services costs significantly less than standard phone service. In today’s advanced technology world, VOIP is expected to have a great future ahead. 

The number one reason to switch to VOIP technology for telephone service is cost reduction. From that base, VOIP is able to provide some compelling features which makes switching even more attractive. These are as follows:

	


Eliminating Phone Lines: With VOIP Service, you can cancel your traditional phone service through your local telephone company and place all of your telephone calls over your broadband Internet connection.
For a residential customer, this will save around $40 a month. For business customers, the savings can be thousands of dollars a month.
Eliminating Long Distance Charges: VoIP technology can also save money on long-distance charges. Most residential and business telephone customers pay per-minute fees for long-distance telephone calls. VoIP can reduce or eliminate those long-distance fees.

This saving is especially valuable with International calls, where per-minute charges for traditional telephone calls can be very expensive.

Number Portability:

With VoIP service, you can take your phone number anywhere you go, easily. If you have a Chicago number and you move to New York, you can keep your Chicago number. This is very convenient for friends and family to keep in contact with you wherever you go.
Computer Telephony Integration (CTI):

VoIP service providers are designing and implementing new features which implement Computer Telephony Integration (CTI).

For example, VoIP customers may be able to receive their voice messages in e-mail as .WAV file attachments. This can make managing voice mail messages much easier and more powerful, because it enables recipients to archive voicemails or forward them to anyone with an email address.

There are three clear messages to be learned and remembered as you start up any VoIP service at any level. 
First – it isn't about saving money only – it's about added value, features and services  
Second – you CAN find a VoIP provider that will meet and exceed your needs and expectations. 
Third – buyer beware – you need to look at the details. Compare plans over three to five years with expected growth scenarios. Look at the costs to drop a poorly performing plan as well as the startup costs. And expect more from your telephony system than ever before.

PSTN Versus VoIP: A Feature Comparison

	VOIP
	PSTN

	All channels carried over one Internet connection
	Dedicated Lines

	Compression can result in 10kbps (in each direction)
	Each line is 64kbps (in each direction) 

	Features such as call waiting, Caller ID and so on are usually included free with service 
	Features such as call waiting, Caller ID and so on are usually available at an extra cost

	Upgrades usually requires only bandwidth and software upgrades 
	Can be upgraded or expanded with new equipment and line provisioning 

	Long distance is often included in regular monthly price 
	Long distance is usually per minute or bundled minute subscription 

	Lose power, lose phone service without power backup in place 
	Hardwired landline phones (those without an adapter) usually remain active during power outage 

	911 emergency calls cannot always be traced to a specific geographic location  
	When placing a 911 call it can be traced to your location


PSTN (Public Switched Telephone Network): 

Advantages:
1) Well established technology

2) Easy maintenance

3) Hassle free set-up process

4) Simplicity in usage procedures

Disadvantages:
1) Dedicated line required to complete a call

2) Limited scalability

3) Optimum usage of bandwidth not possible

4) Monthly fees applicable for maintenance

5) Higher call charges

VoIP (Voice over Internet Protocol): The latest technology on the block, it employs the packet switching method of data transmission leading to an increase in the effective rate of transmission.

Advantages:
1) Concurrent transmission of data, voice & video possible

2) Scalability

3) As the data is sent over the network in compressed format, proper utilization of bandwidth is rendered possible

4) The World Wide Web, which is in the public domain, is used as the backbone of the network, that’s why hardware requirements are a bare minimum.

5) The enhanced efficiency which becomes evident due to the proper utilization of bandwidth leads to massive reduction in the costs incurred per call. 

6) Value added services are offered free of cost.

Disadvantages:
1) The quality of sound at times become unpredictable   

2) Echo

WORKING :
VoIP stands for Voice over IP (Internet Protocol), a variety of methods for establishing two-way multi-media communications over the Internet or other IP-based packet switched networks. Although VoIP systems are capable of some unique functions (for example: video conferencing, instant messaging, and multicasting), this appendix concentrates on the ways in which VoIP can be used to replicate the voice conversation functionality of the public switched telephone network (PSTN). 

There are several competing approaches to implementing VoIP. Each makes use of a variety of protocols to handle signaling, data transfer, and other tasks. To help describe the similarities and differences between these approaches, consider the following simplified description of a telephone call under VoIP: 

-Caller picks up the phone (his terminal), hears a dial tone and dials a destination number. 

-Destination number is mapped to a destination IP address. 

-Call setup routines are invoked, handled by signaling protocols. Depending on the        VoIP standard in use, this may involve a device (or function) known as a Gateway,  and may also involve a Gatekeeper. 

-Destination phone generates a ring, the called party picks up the phone, and a two-way conversation is established. 

-Data is moved between the two endpoints using a media protocol, the Real-time Transport Protocol (RTP). A codec (coder/decoder) is used to convert the sound of each caller's voice to digital data, then back to analog audio signals at the other end. 

-Conversation ends and the call is torn down. Again, this involves the signaling protocols appropriate to the particular implementation of VoIP, along with any Gateway or Gatekeeper functions. 

The instructions governing the call-the call setup and call teardown-are handled separately from the transmission of the actual data content of the call, or the encoding and packetization of voice media. 

There are several protocols and methods for VoIP calls – the commonest standards are termed SIP and H.323 – but they all have some basic features in common. To the user phone calls are made and handled in the same way as they always have been except that VoIP phones often have more features available from menus and buttons than regular phones. When a call is dialed, the system takes the phone number, connects over the local network to whatever system is providing service. That system figures out if the call needs to go into the regular phone network and if so switches it to a gateway that connects the call over the regular phone network. If the call can be completed without going over the regular phone network (the number dialed is also a VoIP system) then the provider system will route the call directly, performing protocol translation (to a different kind of VoIP) if needed.

When traveling on the network, VoIP calls are treated like any other network data – they are broken down into little pieces of digital information (packets) and sent by whatever route the network determines to be fastest. That means different pieces arrive and different times and out of order and then are reassembled back into the proper sequence at the destination. This is why the 100+ kbps transmission rate is needed – so that the signal can be sent and reassembled quickly enough so that human users on both ends don't notice any delay. It is also one of the weaknesses of VoIP – if the network goes down or has performance issues, so will your VoIP calls.

Since the very early days of distance communication, signals were sent in analog form, in waves. Many years ago, the communication world discovered that sending a signal to a remote destination could have been done also in a digital fashion: before sending it we have to digitalize it with an ADC (analog to digital converter), transmit it, and at the end transform it again in analog format with DAC (digital to analog converter) to use it. VoIP works like that: digitalizing voice in data packets, sending them and reconverting them in voice at destination. 
Digital format can be better controlled: we can compress it, route it, convert it to a new and better format, and so on. We also saw that a digital signal is more noise-tolerant than its analog version. 
TCP/IP networks are made of IP packets containing a header (to control communication) and a payload to transport data: VoIP uses it to go across the network and come to destination. 
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                                          Fig .  Basic working of VOIP 
VoIP is becoming a key driver in the evolution of voice communications. VoIP technology is useful not only for phones but also as a broad application platform enabling voice interactions on devices such as PCs, mobile handheld, and many vertical-specific application devices where voice communication is an important feature.
VoIP supports two-way transmission of voice traffic over a packet-switched IP (Internet protocol) network. The first widely used VoIP application appeared in the mid-1990s, with services that enabled Internet users to make free voice calls between specially equipped PCs, or between a regular phone and a specially equipped PC. This was a great way to save toll charges on long-distance and international calls. Today, with rapidly advancing technologies, voice quality on managed VoIP networks can match the public voice network.
The primary reason for VoIP was to provide access to voice communication to anyone in any part of the world with minimal or no cost through the Internet backbone. The future of Internet phone would allow an individual to have a personal number which would enable him to communicate from any part of the world without having to pay exorbitant prices. 
In addition to IP, VoIP uses the real-time protocol (RTP) to help ensure that packets get delivered in a timely way. Using public networks, it is currently difficult to guarantee Quality of Service (Qos). Better service is possible with private networks managed by an enterprise or by an Internet telephony service provider (ITSP)
APPLICATION AND USES:

THREE  WAYS  OF MAKING  A  VOIP  CONNECTION 

Voice over Internet Protocol, or VoIP, uses your broadband internet connection to place phone calls. By converting your voice (or analog) signal into a digital signal, this makes for a more efficient way to talk on the phone and can save you money.

There are three ways in which you can make a VoIP connection, each way having a different set of requirements and implications You can either connect using your regular phone and an adapter, a special internet phone, or download software and use your computer. The three ways are differentiated by what you have on each of the two communicating sides.Here are the methods, in greater detail:
1.Computer to Computer:

This mode is the most common, as it is so easy and free. You need to have a computer connected to the Internet, with the necessary hardware  to  speak  and  listen  (either  a  headset  or speakers  and a microphone). You can install voice communication software like Skype ,Express talk and you are ready to talk.
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Like any other product voip, PC to PC calling (VoIP telephony) has its advantages and disadvantages. Perhaps the biggest drawback of voice over Internet is the fact that the person you call must be online and must have the same vocation of Internet software as you do! It is a known fact that quality costs. The same principle applies here. Depending on the speed of Internet connectivity, signal quality audio (the sound quality of the call), May vary. So if you or people you call have / has a slow connection or network is busy, May it is almost impossible to have a conversation with VoIP telephony.It’s like chatting, but with voice. 
This can happen not only on the Internet, but on a Local Area Network (LAN) as well. The network should be IP-enabled, i.e. the Internet Protocol (IP). Should be running and controlling packet transfer on your network. This way, you can communicate with another person on the same network. Whether you are communicating over the Internet or a LAN, you need to have adequate bandwidth. If you have around 50 kbps, it will work, but you won’t have great quality. For good quality voice, get at least 100 kbps for a conversation. 

2.Phone to Phone:

This mode is very handy, but is not as simple and cheap to set up as the other two. It implies using a phone set on each end to communicate. Thus you can use VoIP and take advantages of its low cost by using a phone set and speak to another person using a phone set as well. There are two ways in which you can use phones to make VoIP calls: 

Using IP Phones

An IP Phone looks just like a normal phone. The difference is that instead of working on the normal PSTN network, it is connected to a gateway or router, a device which, simply said, does the necessary mechanisms to get the VoIP communication running. The IP phone therefore does not connect to the RJ-11 socket. Instead, it uses the RJ-45 plug, which is the one we use for wired LANs. If you want to have an idea of what a RJ-11 plug is, have a look at your normal phone or your dial-up modem. It is the plug that connects the wire to the phone or modem. The RJ-45 plug is similar, but bigger. 
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                                         Fig.  Elements of  IP Phone                         

You can of course use wireless technologies like Wi-Fi to connect to a network. In this case, you can either be using a USB or RJ-45 for connection. 

Hardware of a stand alone IP phone : Speaker/ear phone and microphone.

· Key pad / touch pad to enter phone number and text (not used for ATAs). 

· General purpose processor (GPP) to process application messages. 

· Ethernet or wireless network hardware to send and receive messages on data network. 

Power source might be a battery or DC source. Some IP phones receive electricity from Power over ethernet.

Common features of IP phones:

· Caller ID.

· Dialing using name/ID: This is different from dialing from your mobile call register as the user does not need to save a number to a sip phone. 

· Locally stored and network-based directories 

· Conference and multiparty call 

· Call park 

· Call transfer and call hold 

Disadvantages of IP phones:

· Requires internet access to make calls outside the Local Area Network unless a compatible local  PBX is available to handle calls to and from outside lines. 

· IP Phones and the routers they connect through usually depend on mains electricity unlike PSTN phones which are supplied with power from the telephone Exchange. 

· IP networks, particularly residential internet connections are easily congested. This can cause poorer voice quality or the call to be dropped completely. 

· IP Phones, like other network devices can be subjected to Denial of service attack as well as other attacks especially if the device is given a public  IP address

· Due to the latency induced by protocol overhead they do not work as well on satellite Internet and other high-latency internet connections

Using an ATA:

ATA is short for Analog Telephone Adapter. It is a device that allows you to connect a standard PSTN phone to your computer or directly to the Internet. The ATA converts voice from your normal phone and converts it to digital data ready to be sent over a network or the Internet. ALLO is one of the company manufacturing the ATA box.

Installation of ATA box is shown below .It consist of one port for Power three ports for computer and two port for telephone lines. 
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If you register for VoIP service, it is common to have an ATA bundled along in the service package, which you can return once you terminate the package. For example, you get an ATA in a package with Vonage and AT&T&#146;s CallVantage. You only have to plug the ATA to your computer or and phone line, install the necessary software, and you are ready to use your phone for VoIP. 
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3. Phone to Computer and vice-versa
Now that you understand how you can use your computer, normal phones and IP phones to make VoIP calls, it is easy to figure out that you can call a person using a PSTN phone from your computer. You can also use your PSTN phone to call someone on his computer. 
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                                   Fig.  Phone to Computer  Calling in VOIP
You can also have a mixture of VoIP users, using phones and computers to communicate over the same network. The hardware and software are heavier in this case

CONCLUSION & FUTURE PROSPECTIVES

The current Public Switched Telephone Network is a robust and fairly bulletproof system for delivering phone calls. Phones just work, and we've all come to depend on that. On the other hand, computers, e-mail and other related devices are still kind of flaky. Let's face it -- few people really panic when their e-mail goes down for 30 minutes. It's expected from time to time. On the other hand, a half hour of no dial tone can easily send people into a panic. So what the PSTN may lack in efficiency it more than makes up for in reliability. But the network that makes up the Internet is far more complex and therefore functions within a far greater margin of error. What this all adds up to is one of the major flaws in VoIP: reliability. 

First of all, VoIP is dependant on wall power. Your current phone runs on phantom power that is provided over the line from the central office. Even if your power goes out, your phone (unless it is a cordless)still works. With VoIP, no power means no phone. A stable power source must be created for VoIP. 

Another consideration is that many other systems in your home may be integrated into the phone line. Digital video recorders, digital subscription TV services and home security systems, all use a standard phone line to do their thing. There is currently no way to integrate these products with VoIP. The related industries are going to have to get together to make this work. 

Emergency 911 calls also become a challenge with VoIP. As stated before, VoIP uses IP-addressed phone numbers, not NANP phone numbers. There is no way to associate a geographic location with an IP address. So if the caller can't tell the 911 operator where he or she is located, then there is no way to know which call center to route the emergency call to and which EMS should respond. To fix this, perhaps geographical information could somehow be integrated into the packets. 

The nature of IP makes it difficult to locate network users geographically. Emergency calls , therefore, cannot easily be routed to a nearby call center. Sometimes, VoIP systems may route emergency calls to a non-emergency phone line at the intended department. In the US, at least one major police department has strongly objected to this practice as potentially endangering the public. VoIP E911 is another method by which VoIP providers in the US are able to support emergency services. In the US, the VoIP E911 emergency-calling system associates a physical address with the calling party's telephone number as required by the Wireless Communications and Public Safety Act of 1999. All "interconnected" VoIP providers (those that provide access to the PSTN system) are required to have E911 available to their customers. VoIP E911 service generally adds an additional monthly fee to the subscriber's service per line, similar to analog phone service. Participation in E911 is not required and customers can opt-out or disable E911 service on their VoIP lines if desired. VoIP E911 has been successfully used by many VoIP providers to provide physical address information to emergency service operators.

One shortcoming of VoIP E911 is that the emergency system is based on a static table lookup. Unlike in cellular phones, where the location of an E911 call can be traced using a GPS or other methods, the VoIP E911 information is only accurate so long as subscribers are diligent in keeping their emergency address information up to date. In the US, the Wireless Communications and Public Safety Act of 1999 leaves the burden of responsibility upon the subscribers and not the service providers to keep their emergency information up to date.

A tragic example of a miscommunication with VoIP, is an 18-month-old boy named Elijah Luck. In an emergency, 911 services were called. An ambulance was sent to the former home of the Lucks. The Voice over Internet Protocol telephone company knew the correct address, as they were paying their bill from the correct current billing address the company had on record. "It's up to subscribers to ensure the company has up-to-date contact information" was the response from the VoIP company. After about a half hour wait, the Lucks called from a neighbors land line, 911 services arrived in six minutes. Elijah Luck was pronounced dead at the Alberta Children's Hospital.

 Besides the potential technical problems listed above, an unavailable Internet connection or a power outages incapacitate VOIP. Until all the bugs have been worked out, you should not depend exclusively upon VOIP in the event of an emergency 

Because VoIP uses an Internet connection, it is susceptible to all the hiccups normally associated with home broadband services. All of these factors will affect call quality: 

Latency Jitter Packet loss 

Phone conversations can become distorted, garbled or lost because of transmission errors. Some kind of stability in Internet data transfer needs to be guaranteed before VoIP could truly replace traditional phones. 

VoIP is susceptible to worms, viruses and hacking, although this is very rare and VoIP developers are working on VoIP encryption to counter this. 

Another issue associated with VoIP is having a phone system dependant on individual PCs of varying specifications and power. A call can be affected by processor drain. Let's say you are chatting away on your softphone, and you decide to open a program that saps your processor. Quality loss will become immediately evident. In a worst case scenario, your system could crash in the middle of an important call. In VoIP, all phone calls are subject to the limitations of normal computer issues. 

The Future of IP Telephony

IP Telephony is a rapidly emerging technology for voice communication that uses the ubiquity of IP-based networks to deploy IP Technology enabled devices in enterprise and home environments. IP Technology enabled devices, such as desktop and mobile IP phones and gateways, decrease the cost of voice and data communication, enhance existing features, and add compelling new telephony features and services.

The challenges in front of IP telephony is to delivery of voice, fax, or video packets in a dependable flow to the user, at a level comparable to that of the PSTN. Much of IP telephony focuses on that challenge. 

IP telephony can be used in bigger companies to deploy powerful, integrated voice, video and data applications. 

Systems vendors and service providers plan to use IP Telephony to create unified communications systems that integrate voice calls, voice mail, E-mail, instant messaging, and conferencing. IP Telephony makes it easier to retrieve a voice message from a PC or have E-mail read over a phone. Such apps exist now, but they'll become more integrated and easier to use over the next couple of years. 

Telecom software development is wrought with challenges. Applications must work with cell phones, PDAs, office phones, PBXs, and call centers and operate across a range of wired and wireless networks from different service providers. They also need to scale to millions of users. While those challenges won't go away, IP Telephony can make it easier to tackle them. 

Another goal is to voice-enable more applications so users can access features, find information, and route messages using simple voice commands. The ease of rerouting Ip Telephony calls makes it easier to provision remote workers, letting them answer calls from home and appear as if they are in a call center. In the meantime, IP Telephony adoption remains slow despite growing provider and customer interest. And while applications will no doubt enhance the technology's appeal, for now IP Telephone price-tag remains its biggest selling point. As more and more people conduct their business or some part of their work from home, low cost IP Telephony is perfect for them. There IP Telephony applications must be geared to target not just the bigger companies but also individual home users who can benefit from the use of advanced IP Telephony

VoIP is a near perfect technology as the disadvantages associated with it, are to a great extent in the domain of the VoIP service provider, so by choosing a reliable service provider you can hope to eliminate the disadvantages.

Coming back to the big question about choosing in between VoIP & PSTN, as of now it would be advisable to use a hybrid system with VoIP being in the core of the system & PSTN in the periphery. This arrangement would ensure that you get most of both the technologies and would not be dependent on one.

Although the near future would see VoIP completely overtaking the existing system, so by switching over to VoIP now on one hand you will witness massive savings and on the other hand get to have a feel of the technology of the future!!Most VoIP companies offer plans that include many of the services you’re accustomed to, like caller ID and return call, for as little as $30 per month as well as other services for an additional fee. Some predict that nearly 5 million U.S. households will have VoIP phone service by the end of 2006. 
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