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Brief Telephony History

On March 10, 1876, in Boston, Massachusetts, Alexander Graham Bell invented the telephone.  This is how we have been communicating with one another across a distance ever since.  

The telephone has evolved greatly over the years.  It started as analog frequency with telephone operators switching calls from one destination to another.  A single copper wire carried the voice for both callers.  The longer the wire the louder you had to speak due to impedance.  Eventually electronic amplification was necessary.  In order for amplification to happen, two wires were needed, one for the mouthpiece and one for the earpiece.  This has lead to the twisted pair of copper wire we know today.  

The theory is that a single copper pair can take more than one speech path if each speech path occupies a different bit of the frequency spectrum.  A telephone trunk consists of a number of lines multiplexed together. One only has to look at the size of telephone company buildings in the centers of cities to realize how much physical equipment was required for analog systems.  The manual switching of calls evolved to the mechanical switching of calls to the automated switches we have today.

Even though technology for the telephone system has evolved to where it is today, it is still expensive to make calls.  The longer distance the call has to travel the more it costs due to the increased number of switches used to transfer the call to the destination.  This has lead to the invention of Voice over Internet Protocol commonly referred to as VoIP.  

Introduction to VoIP

VoIP transmits voice in a binary format over the Internet.  Binary transmission has many advantages over ordinary telephony.  It is fairly simple to implement and troubleshoot, it is reliable and has enormous capacity and probably most importantly, inexpensive.  Digital telephony converts the analog signal sent by our mouths into a digital or binary signal.  Our ears still only hear in analog format so it is imperative that the signal at the destination is converted back into an analog signal.  In digital systems it is also quite easy to remove noise that is prominent in analog systems.  VoIP saves costs with the phone contract with the local phone company.  Installing VoIP in the enterprise also eliminates the long distance cost of telephony between inter-enterprise offices across distances.  Voice over IP is layered over the data transmitted throughout the existing network and a VoIP handset is just another Internet Protocol address in the network.  The handset just plugs into the LAN as any other network device would.  

VoIP could potentially be the next evolutionary step in the digital world.  

How It Works

The way that it works is similar to a highway, using the H.323 VoIP standard.  Each packet of “voice” is like a car.  Each car or packet knows where it came from and where it is going.  Someone picks up the handset of their VoIP phone.  They then “dial” someone else in the office with a VoIP phone.  The VoIP phone of the first person knows the address of the second phone and sends a Call Setup message to that phone.  The second phone receives the message and decides how to respond.  VoIP phones can decide to reject, deflect, ignore or answer Call Setup messages.  The second phone interprets the message as compatible and sends an Alerting message back to the first phone as a ringing sound in the handset.  When the second phone is answered, a Connect message is sent to the first phone, which triggers the continuous sending of User Datagram Protocol (UDP) packets from each phone.  UDP sends approximately 30 packets of conversation per second, each packet carrying 3/100 of a second of speech.  UDP is a connectionless protocol that, like TCP, runs on top of IP networks. Unlike TCP/IP, UDP/IP provides very few error recovery services, offering instead a direct way to send and receive datagrams over an IP network. It's used primarily for broadcasting messages over a network.  When the conversation is done and the first handset is replaced on the phone, a Disconnect message is sent from the first phone to the second phone indicating the conversation has ended.  The second phone responds with a Release message indicating that it has received the first phone’s Disconnect message.  Both phones stop sending UDP packets and the call is terminated.

Types of Voice over Internet Protocol

There are 3 main types of VoIP, VoIP over the Internet, Office-To-Office and IP PBX.  

The first type of Voice over IP is probably the most well known and the most publicized, VoIP over the Internet.  That is one PC talking to another PC, basically free telephone calls.  The call is only free if both parties to the call have access to the Internet at zero cost.  An example is one regional manager wanting to talk with another regional manager across the country both having Microsoft NetMeeting.  MS NetMeeting is a software product that turns a PC into a VoIP telephone.  They both have “free” access to the public Internet through the company.  One manager “calls” the other using NetMeeting and they chat for as long as they want at no cost.  The advantage to this type of VoIP is “free calls” regardless of distance or length of call.  The disadvantage of VoIP over the Internet is often the voice quality is bad due to the lack of bandwidth available for the call.  However, this is becoming less and less problematic due to an increase in Internet technologies.  Another factor in VoIP over the Internet is that both parties have to use a PC with Voice over Internet Protocol software.

The second type of Voice over IP is Office-to-Office VoIP.  This is a company having a fixed data network connecting all the offices together.  This allows each computer access to all other computers in the company network.  By installing a VoIP Gateway in each office and connecting it to the office Private Branch Exchange (PBX) and to the data network, employees use the data network for voice calls between offices.  The advantages of Office-to-Office VoIP are that the interoffice calls are free, since the company already has the bandwidth between offices and the technology is transparent to the user, and usage requires minimum training.  An additional advantage is that the only new equipment required is a gateway at each office.  Voice quality is good, because the company usually has control over the bandwidth.  This type of system uses regular analog phones that send the analog signal to the gateway, which then turns the signal to digital packets and sends it to the receiving gateway.  The receiving gateway then turns the digital signal back into an analog signal and sends it to the “phone call” recipient as with regular telephony.  The disadvantage is the extra bandwidth that may be required between offices, which could potentially offset the savings. Another factor in Office-to-Office VoIP is the carrier providing the interoffice bandwidth will almost certainly offer an alternative solution including management of the internal telephone traffic.

The third type of Voice over Internet Protocol is IP PBX.  A traditional Private Branch Exchange (PBX) connects all the phones within an organization to the public telephone network.  Essentially IP PBX replaces all the internal phones with VoIP telephones.  The IP PBX has standard telephone trunk connections to the public telephone network.  The IP PBX is a PBX with VoIP, but it also has the ability to support VoIP over the Internet and Office-to-Office VoIP.  The advantages of this technology are that the technology requires single cable infrastructure, the technology is transparent to the user, and the user requires minimum training.  A disadvantage is that it is primarily useful for Greenfield sites, but can be adapted to work with existing technology.  Greenfield sites are sites that are typically semi rural and undeveloped.  Such sites are targeted for urban expansion such as business parks.

The up and coming industry standard protocol for Voice over Internet Protocol is H.323.  This means that in order for two parties to communicate using VoIP technology they both must have equipment and software compatible with H.323.  H.323 has two main parts or cores.  One core supports the call control and the other supports the application layer of the network.  The call control core negotiates the call setup for the call to take place.  The application layer core works with the application layer of the network to ensure the call is implemented.  The H.323 standard is currently in draft form by the International Telecommunications Union (ITU) headquartered in Geneva, Switzerland.

Pricing of Technology

Since Voice over IP is still in its infancy for the mainstream, the cost of the technology is fairly steep.  Internet Protocol phones range in price from about $250 to $900.  The $250 phone has the normal office phone features such as caller ID, conference calling, speakerphone, etc.  The more expensive IP phones have all of the above mentioned features as well as multiple line handling and cameras for video conferencing.  Below is a group of pictures of IP telephones used in the marketplace today.
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To make IP phones useful outside of a network, a VoIP gateway is necessary. The Cisco Systems’ AS5300 series VoIP Gateway, which can connect 120 simultaneous Voice Channels, has a cost of  $50,000.  This gateway has a data transfer rate of 100 MB/s.  With such a high rate of data transfer, it is likely to not become bogged down creating jittery conversations.  Below is a picture of Cisco’s AS5300 series VoIP gateway.
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The IP phones and Cisco’s AS5300 Gateway have been focusing on the enterprise sized VoIP systems.  If an individual would like to use VoIP from their home office without purchasing a VoIP phone, there is software that they can purchase for their computer.  One type of software is developed by SJ Labs for only $95.  The low cost of this software makes it appealing to end-users at home.  Microsoft’s NetMeeting is packaged with some of its Windows operating systems such as Windows 2000.  The zero cost of this product will make it even more appealing to home users.

Summary and Conclusions

We have seen the evolution of telephony technology emerge from voice in an analog signal format over a half-duplexed single copper wire to full-duplexed copper twisted pair wire to voice passing through the Internet in a digital signal format.  It is amazing to see how far we have come in such a short time and to see where we will be going. 

VoIP still has issues that need to be resolved before it becomes more mainstream.  It mostly has to do with bandwidth restrictions.  When routers and switches on the Internet become bogged down with traffic, non-time essential packets may be lost or dropped.  One packet of 3/100 second of conversation will more than likely not be picked up by the human ear.  As the number of dropped or lost packets increases the conversation then becomes jittery and could then become unintelligible as the network supporting the Internet attempts to catch up.  As the technology and speed of the Internet increases, reliability increases the likelihood of the increased demand for Voice over IP will also increase.

I believe that over the next 10 years, as the cost, speed and reliability of this technology improve; VoIP in the enterprise will be more appealing.  The cost offset of having VoIP versus regular telephony is not worth the investment for all companies.  Eventually even small business and individuals will move into the high tech world of VoIP.  As more and more individuals acquire broadband Internet in their homes VoIP will become more desirable.  With the software out there, users won’t even need an IP phone.  They will be able to use the PC they have sitting in their home office.

Bibliography

Cisco AS5300 Series Universal Gateway:

Retrieved February 20, 2004

Website: www.cisco.com.  

H.323 Standards: A Quicknet Technologies Company

Retrieved February 15, 2004

Website: www.openh323.org/standards.html.  

Pricing of AS5300 Series Universal Gateway and VoIP Phone:

Retrieved February 20, 2004.

Website: http://shop.pcconnection.com.

Pricing of SJ Labs Voice over IP Software:
Retrieved February 21, 2004.

Website: www.euclidcomputers.com.  

SJ Labs Voice over IP Software:

Retrieved February 21, 2004.

Website: www.sjlabs.com.  

Voice over IP: What is Voice over IP?:

Retrieved February 10, 2004.

Website: www.wilco-telephony.co.uk/voip.html.


