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DESIGN AND IMPLEMENTATION OF WIRELESS VOICE OVER INTERNET PROTOCOL (A CASE STUDY OF NOKIA)

ABSTRACT 

Voice over internet protocol (Vo/P) is a form of voice communication that uses audio data to transmit voice signals to the end user Vo/P is one of the most important technologies in the world of communication. Around, 20 years of research on Vo/P, some problems of Vo/P are still remaining. During the past decade and with growing wireless technologies we have seen that many project turn their concentration from wired – LAN to wireless LAN. Vo/P over wireless LAN (WLAN) faces many challenges due to the loose nature of wireless network. Issues like providing quality of service (QOS) at a good level, dedicating capacity for calls and having secure calls is more difficult rather than (VOWLAN) remains a challenging research topic, in this project we consolidate and address major (VOWLAN) issues. This write-up is helpful for those researcher that want to do research in voice IP technology over WLAN network.
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CHAPTER ONE 

INTRODUCTION 

Voice over internet protocol (Voice Over/P, Vo/P) is a family of technologies, methodologies, communication protocols, and transmission techniques for the delivery of voice communications multimedia sessions over internet protocol (IP) networks, such as the internet. Other terms frequently encountered and often used synonymously with Vo/P are (P telephony. Internet telephony, Voice over broad band (VOBB), broadband telephony, and broadband phone.

Content telephone refers to communication services-voice, fax SMS and/or voice-messaging application – That are transported via the internet, rather than the public switched telephone network (PSTN). The steps involved in originating a VoIP telephone call are signiating and media channel setup, digitization of the analogy voice signal, encoding packitization, and transmission as internet protocol (IP) packet over a packetswitched network on the receiving side, similar steps (usually in the reverse order such as reception of the IP packets, decoding of the packets and digital-to-analog conversion reproduce the original voice stream. Even through IP Telephony and VOIP are terms that are used interchangeable, they are actually different IP telephone has to do with digital telephony system that use IP protocol for voice communication while VoIP is actually a subset of IP Telephony. VoIP is a technology used by IP Telephony as a means of transporting phone calls.

VoIP systems employ session control protocols to control the setup and tear – down of calls as well as audio codes which encode speech allowing transmission over an IP network as  digital audio via an audio stream. The codecs used is varied between different implementations of VoIP (and often a range of codecs are used). Some implementation rely on narrowband and compressed speech, which others support high fidelity stereo codecs.

VoIP is available on many smartphones and internet devices so event the users of portable devices that are not phones can still make calls or send SMS text messages over 3G or Wi-Fi.

VOWLAN (Voice Over Wireless LAN) is the use of a wireless broadband network according to the IEEE 802.11 standards for the purpose of vocal conversation. In essence, its VoIP over a Wi-Fi network. In most cases the Wi-Fi network and voice components supporting the voice system are privately owned.

VOWLAN can be conducted over any internet accessible device, including a laptop. PDA or the new VOWLAN units which look and function like DECT and cell phones. Just like for IP-DECT, the VOWLAN’S main advantages to consumers are cheaper local and international calls, free calls to other VOWLAN units and a simplified intergrated billing of both phone and internet service providers.

Although, VOWLAN and 3G have certain feature similarities, VOWLAN is different in the sense that it uses a wireless internet network (typically 802.11) rather than a cellular. Both VOWLAN and 3G are used in different ways, although with a femtocel the two can deliver similar service to users and can be considered alternatives.

A company with fixed warehouses or location would take advantage of their existing W-Fi network and use VoIP (hence VOWLAN) for employees to communicate with one another. This system can also be used like land mobile Radio system or walkie-talkie system with push to talk and emergency broadcast channels.

Another example would be a company that has mobile workers very much like the fedEX delivery person or the coca cola delivery driver who delivers goods to a store. These workers need to take advantage of 3G type service whereby a cellular company (Like cingular, verizon, T-mobile sprint/Nextel) provide data access between the hand held device and the companies back-end network.

BACKGROUND OF STUDY 

 Nokia corporation is a finish multinational communication corporation that is headquartered in Keilaniem Espoo, a city neighbouring Helsinki. http://en.wikipedia.org/wiki/Nokia-cite_note-2 Nokia manufactures mobile devices and related internet and communications industries with over 123,000 employees in 120 countries, sale in more than 150 countries and global annual revenue of EUR 41 billion and operation profit of EI.2 billion as of 2009 in it is the world’s largest manufacturer of mobile telephone. Its global device market share was 30% in the third qurter of 201, down from an estimated 34% in the third quarter 2009 and an estimated 33% in the second quarter 2010. Nokias estimated 38% in the third quarter, compared with 41% in the second quarter 2010. Nokia produces mobile devices for every  major market segment and protocol, including GSM, CDMAS, and WCDMA (UMTS). Nokia offers viternet services such as applications, games, music, maps, media and messaging through its OVI platform. Nokia’s subsidiary Nokia siemens Network produces telecommunications network equipment, solutions’ and services. Nokia is also engage in providing free digital map in formation and navigation services through its wholly-owned subsidiary Navteq.

Nokia has sites for  research and development manufacture and sales in many countries throughout the world. As of December 2009, Nokia had R&D presence in 16 countries and employed 37,020 people in research and development, representing approximately 30% of the group’s total workforce. The Nokia Research  centre, founded in 1986, is Nokia’s industrial research unit consisting of about 500 researchers, engineers and scientists.

STATEMENT OF THE PROBLEM 

Telephones for traditional residential analog service are usually connected directly to telephone company phone lines which provides direct current to power most basic analog handsets in dependently of locally available power.

IP phones and VoIP telephone adapters connect to routers or cable moderns which typically depend on the availability of mains electricity or locally generated power. Some VoIP service providers use customer premise equipment (e.g Cable modems) with batterey-backed power supplies to assure uninterrupted service for up to several hours in case of local power failure. Such battery-backed devices typically are designed for use with analogy handsets.

Some VoIP service providers implement services to route calls to other telephone services of the subscriber, such a cellular phone, in the event that the customer’s network device is in accessible to terminate the  call. The susceptibility of phone service to power failures is a common problem even with traditional analog service in areas where many customers purchases modern telephone units that operate with wireless handsets to a base station, or that have other modern phone features, such as built voicemail or phone book features.

PURPOSE OF STUDY 

A voice over WLAN system offers tremendous benefits to organizations, such as hospitals and warehouses. The primary benefits and mobility and cost savings. For example. Nurses and doctors within a hospital can maintain voice communications at any time at less lost as a compared to cellular service. In most cases, it’s possible to receive a return on investment within three years.

AIM AND OBJECTIVES 

The primary aim of this project work is to provide  lasting solution to the problem by computerizing the maintenance of record of NOKIA users to help track down user’s services and follow up provision of wireless voice overIP. To eliminate inadequate wireless voice over IP> also to make sure that the available wireless voice over IP are distributed equitable. The record is made easy access monitor the people wireless voice over IP are available for effective update and communication.

SIGNIFICANCE OF STUDY 

The need for a study of this nature can not be over emphasized. It is expected that with the designed system, one can realize some important effects of the computerized wireless voice over IP. Some of the effects are:

Sharing of massive amounts of data 

Supporting thousands of collaborators world-wide 

Distributed data processing 

Distributed simulation, visualization and computational steering.

SCOPE OF THE STUDY 

The research is limited to wireless voice over IP as it is maintained with NOKIA corporation. It critically studies the current system in use defecting the problem facing the system, analysis of the problem and coming up with a modified system that will solve the current and further problem that may come up with little or no modification. This will do a lot of good.

ASSUMPTION OF THE STUDY 

It is assumed that wireless voice over IP that are available in the nation today is not enough to serve the teaming population and among the available wireless voice over IP, many are faulty because of lack of maintenance.

LIMITATION OF THE STUDY 

Our time and money was our major physical problem during the research of the project work (or should I say my time and money) with my studies and exams at hand, I just have limited time to carryout this research very extensively. However, I did a detailed research work.

DEFINIION OF TERMS 

Computer: Is an electronic device used for to accept data as an input, process the data, store the data and give out an out an output of that data as an information which has the ability to retrieve stored data.

Hardware: Is the physical component of computer.

System: Is the collection of all part of computer including human being.

Billing: Is the process of preparing bill for the customer.

Staff: Is the person working in an organization.

Storage: Is a media for storing data/information.

Database Is the collection of related filed.

Telephone is an instrument that sends and receives voice messages and data.

Telephone call is a communication carried out using the telephone.

Telephone booth an enclosed or partly enclosed space with a pay telephone in it.

Telephone number the sequence of number that identifies a particular telephone and that must be dialed for a caller to be connected to it.

LAN: Local Area Network 

WAN: Wide Area Network.

CHAPTER TWO 

LITERATURE REVIEW 

McKinsey (2005): VoIP is a set of technologies that enable voice calls to the carried over the internet (or other networks designed for data), rather than the traditional telephone landline system – the public switched Telephone Network, or PSTN.

The term VoIP was carried by the VoIP forum which was set up in many 1996 as an industry group concerned with promoting and developing product inter-operability and a high quality of service for internet telephone products. Initially, one of the main drivers in developing VoIP was the potential to cut the cost of telephone calls. Traditional voice calls, running over the PSTN, are made using circuit switching, where a dedicated circuit or channel is set up between two points before the users talk to one another – just like Old – fashioned operators, plugging in the wores to connect two callers. The advantage of this is that once the circuit is set up, the call quality is very good, because it is running the call quality is very good, because it is running over a dedicated line. But this type of switching is explosive because the network needs a great deal of (most under-used) capacity.

The development of VoIP represents a major change in telecommunications. VoIP uses IP protocols, originally designed for the internet, to break voice calls up into digital ‘packet’. In order for a call to take place the separate packets travel over and IP network and are reassembled at the far end.

The breakthrough was in being able to transmit voice calls, which are much more sensitive to any time delays or problems on the network, in the same way as data.

Whereas calls over the PSTN are metered, so the user pays for the amount of time taken by their calls, internet usage is not metered. The user pays a set fee for their internet service and their VoIP service and can then use the internet to get free phone calls to other users on the same VoIP service, or pay a small fee to call users on other VoIP services or on the PSTN. Packetised voice also enables much more efficient use of the network because bandwidth is only used when something is actually being transmitted. Also, the network can handle connections from many applications and many users at the same time, unlike the dedicated circuit-switch approach. This greater efficiency is one of the main reasons that all major carriers, such as BT with 21CN (21st century Network) project 2, are changing their own network so that they are IP – enabled.

AKS, in and Harker (2000): The basic process involved in a VoIP call is as follows:

Conversion of the  caller’s analogue voice signal into a digital format.

Compression and translation of the digital signal into discrete internet protocol packets 

Transmission of the packets obey the internet or other IP- based network.

Reverse translation of packets into an analogue voice signal for the call recipient.

The digitization and transmission of the analogue voice as a stream of packets is carried out over a digital data network that can carry data packets using IP and other, related internet related protocols. This network may be an organization’s internal LAN, a leased network, the PSTN or the open internet (Gradwell, 2006). The compression process is carried out by a codec, a voice – encoding algorithm, which allows the call to be transmitted over IP network within the network’s available band width. To make a VoIP call, the consumer user requires VoIP software and a broadband connection to the internet. The software will handle the call routing to make user the call reaches the intended destination as well as providing the codec. The software can be installed on a variety of hardware devices including traditional telephone handsets (using an adaptor that plugs into the telephone 3) or a PC or wireless devices such as a personal Digital Assistant (PDA). This use of software – enhanced end-user devices is one of the key distinguishing features of VoIP.

Wheras the traditional telephone system contains its intelligence’ within the network, VoIP makes use of the internet model of intelligence at the edge of the network. This is often known as the end-to-end principle.

In order to make a call, an account with a VoIP service provider is also required. Different types of VoIP service are available, including services from traditional telephone carriers such as BT and from specialized VoIP providers such as US firm vonage and Luxembourg-based skype. Some VoIP providers provide support only for PC-to-PC calls, while others provide the ability to make and receive calls from IP – ended devices to users on the PSTN and on mobile network UK telecoms regulator ofcom advises UK consumers to carefully check the different services available from VoIP providers, including whether or not the provider offers a backup service to make calls via the PSTN if there is a problem with the broadband connection and offers access to the emergency services.

Most people are aware of VoIP through the sky consumer telephone service which has gained large seals public recognition recently, particularly since its purchase by Ebay.

However, VoIP has not suddenly appeared in the last few years as an opportunity afforded by the World Wide Web. Skype is only one particular implementation of VoIP and its related technologies and it is important to understand that VoIP has an important technological history, intertwined with the telecommunication industry in general, in order to appreciate the complexity of VoIP technologies and applications. The idea of voice over IP has been discussed since the 1970s but it was the Mid-1990s before commercial products became available with the introduction, in 1995, by Israeli company vocaltec 4, of the first commercial system (Varshney et al, 2002). These early VoIP systems were designed to connect one PC to another and required each PC to have a sound card, speakers, microphone, modern and VoIP software. The software encoded and compressed the voice signal, converting it into IP packets that could be transmitted over the internet. With this approach, both users used headsets, plugged into their PCs. The calls could only be made between PCs and could not connect to the PSTN network.

According to Schwartz, in parallel, from the 1970s onwards, traditional telecommunications carrier, companies were developing new system that introduced IP-enabling software for traditional telephony equipment. Human speech is an analogue wave signal and historically, voice telephone calls had been made over network using analogue circuits which provided a temporary end-to-end connection through the network for each call (Sherburne and Fitzgerald, 2004). This is known as circuit switched, and builds on the original phone network of local telephone exchanges, in which wires between households were literally connected together for the duration of the call by a telephone operator. The companies that provided these services were often public agencies, usually port of a country’s post office service, and such networks became known as Post Office Telephone System )POTS), sometimes also referred to )Post Privatization) as plain Old Telephone Systems. The public switched Telephone Network was the name given to the overall network created  by telephone companies.

Between the 1950s and the 1990s these analogue system leased line (Known as TI line) and modern digital computer technology in the telephone exchanges, and digital signaling protocols such as ISDN between exchange. However, these newer system still relied on the circuit switch concept for end-to-end connection so for the consumer, things remained analogue since, by and large, the connection between the local exchange and the household remained a simple copper wire.

In the 1990s, with the internet and Web boom, telephone equipment manufacturers and telephone companies also began to make increasing use of the idea of transmitting digital information between exchanger through IP-based packets. This was in part driven by the lower costs associated with transmitting voice calls in this manner, as bandwidth use is more efficient. From the mid 1990s onwards, telephone equipment manufacturers added IP capabilities to their exiting PBX telephone switches and more recently, software has been developed to enable users to plug a VoIP adoptor into their traditional telephone. In this way, VoIP calls can start and end on the PSTN, but are then routed, via a software gateway, over the internet.

This history means that VoIP is operating in a heterogeneous environment that extends ay beyond the internet. Voice calls need to have the potential to be carried over a variety of different networks including local network, PBX, PSTN and the internet. Advances in VoIP technology mean PC telephony software serves with voice-processing cards are also available, to act as an interface between the internet and the PSTN, enabling users to make calls either from their PCS, or from an IP phone, into the traditional telephone network. Calls can also me made using IP handsets, which look similar to traditional phones, but which are plugged into an IP-based network rather than into the traditional telephony network, and have more features and capabilities than traditional telephones.

The result is that there are now a number of ways in which VoIP can be implemented” 

PC to PC: Both the caller and recipient use leadsets plugged into their PC.

PC to PSTN. Only the caller uses a headset. The recipient receives the call in the traditional way.

PSTN to PSTN. The caller uses an IP adaptor on their traditional telephone and the call is received on a traditional phone. But the caller travels over an IP network.

IP phone to PSTN. The caller uses an IP phone and the call transfers from the IP network to the telephone IP phone network via a gateway.

IP phone to IP phone. The  call travels over an end-to-end IP network. It should be noted that there is confusion amongst communications professionals and industry commentators as to the use of terms like “VoIP”, internet Telephony” and “IP Telephony”. In this report, we shall use the term VoIP to refers to the set of technologies that allow voice to be transported over an IP infrastructure (in effect, an IP enabled PSTN) and the term IP telephony (IPT) to refer to VoIP technologies that also incorporate and build on the more advanced functionality provided by the old PBX system.

According to PAUL MONTNEC prior to the transmission of a voice call across an IP-based network a person’s voice (which is an analogue sound wave) must be converted to a digital form and encoded. A certain amount of data compression can also take place in order to save bandwidth during the subsequence transmission. On receipt of the voice data at the other end this process must be reversed. A number of different voice-encoding algorithms are used (codes) which have been standardized by the ITU as a series of recommendations known as the G-series (Sherburne and Fitsgerald, 2004). The common ones are G.711, which is in widespread use in the telecommunication industry within PSTN network, and G.729. codecs differ in the algorithms they use for sampling the analogue voice wave and the so turn determines the amount of digital bandwidth required for the encoded sample. G.711, for example, requires a relatively higher band with (of 64lbps which in practice translates to 90kbps in an actual VoIP implementation) whereas G.729 operates at 8kbps (Nooning, 2005. however, ultimately there is a trade-off between the sophistication of the algorithms, the amount of band with requires and the quality of the voice signal received 

CHAPTER THREE 

METHODOLOGY FOR FACT FINDING AND DETAILED DISCUSSION OF THE SUBJECT MATTER

METHOD OF FACT FINDING: Data was very indispensable for this work, therefore the researcher sourced data through the following:

Avenue 

Interview 

The researcher visited the Nokia Office, Enugu state and interviewed the managerial personnel who was in charge of areas concerning project handling and monitoring. The information gathered through this means helped the researcher in talking off. It also helped the researcher in the area of solution presentation of the new design.

REFERENCES TO WRITTEN DOCUMENT: Due to the fact that the information obtained the interview method was not enough, the researcher visited some library and through already written text acquired more information that added in the conducting part of the work, most especially in the literature review.

DETAILED OF THE SUBJECT MATTER: The traditional PSTN telephone infrastructure has been built up over the last one hundred years or so and has developed into a highly reliable voice communications system and provides reliability figures of nearly 100% 13 (Chong and Mathews, 2004) it has its own power supply so that in case of power loss (eg in the event of a fire), the telephone will still work. In contrast, voice over internet protocol is a relatively new technology with a fledging architecture which is built on in heartily less reliable data networks (Street, 1999) and there are therefore justification concerns over such things as).

Voice quality 

Reliability of service 

Access to 1999 services. This is not a legal requirement in the UK at present, but the telecommunications regulator of com is encouraging voice over internet protocol providers to offer access to 999 services 

Directories and addressing 

Voice over internet protocol systems employ session control protocols to control the set-up and tear-down of calls as well as audio codecs which encode speech allowing transmission over an IP network as digital audio via an audio stream. The codec used is varied between different implementations of VoIP (and often a range of codecs are used); some implementations rely on narrowband and compressed speech, while others support high fidelity stereo codecs.

The history of voice over internet protocol is very versatile operating in a heterogeneous environment that extends way beyond the internet. Voice calls need to have the potential to be carried over a variety of different networks including local network and the internet. Advance in VoIP technology mean PC telephone software is available from many software developers. Gateway servers with voice-processing card are also available, to act as an interface between the internet and the PSTN, enabling users to make calls either from their PCS or form an IP phone, into the traditional phones, but have more features and capabilities than traditional telephones. The result is that there are now a number of ways in which voice over internet protocol can be implemented like PC to PC. Both the caller and recipient use headsets plugged into their PC etc.  

CHAPTER FOUR 

THE FUTURES, IMPLICATIONS AND CHALLENGES OF THE SUBJECT MATTER FOR THE SOCIETY 

FUTURES: Wireless voice over internet procol (IP) is one of the hottest and most hyped technologies in the communications industry. Business and consumers are already taking advantages of the cost saving and new features of making calls over a converged voice data network, and the logical step is to take those advantages to be wireless world.

Wireless voice over internet protocol (IP) theoretically has many advantages; including reduced cost for calls and higher-bandwidth data transfers versus a traditional cellular connection. Wireless voice over internet protocol (IP) offers potential savings by allowing companies to change the way they manage their phone systems; for example; instead of having voice mail, caller IP and e-mail separately wireless voice over internet protocol (IP) will allow customers to retrieve all of their messages in one place, alleviating the pain of having different operators for different services and alternately dealing with several bills at a time.  

Employees can also download software applications, enabling them to turn their phones into “mini-computers” and track inventory, or log onto the company’s internet. From a consumer perspective, the increased bandwidth from using a dual handset will potentially allows us to download video and movies, watch TV shows through the on-demand technology and even video conference with friends and family all at speeds faster than cellular networks.

Handoff of calls between network platform 

Cost of infrastructure to support calls

Security 

Companies are already starting to work on VoIP solution; proxim, Avaya and Motorola formed a partnership to integrate a wifi/volp/cellular plateform, helping solve integration issues, therefore reducing the capital investment required to set up wireless voice over IP.

Once reliable, roaning friendly network are built out, it enabled handwets are broadly available and the connections areas easy to make as with our standard cell phones, VoIP will become a reality. In the meantime, early adopters in markets such as higher education and financial are already implementing WVoIP solutions within buildings.

IMPLICATIONS 

SECURITY AND CONSUMER PROTECTION: In regular telephone services, the security and consumer protection standards have been defined and are generally found adequate. With regard to VoIP services, there is no one to one relation between the service and the physical infrastructure. VoIP is just another internet protocol (IP) service conveyed in the IP networks and anyone with access to the network can tap the signal and actively damaged the integrity of the message and the signal.

INTERCONNECTION TO LEGACY NETWORKS: Connection to the legacy PSTN network is essential for the success of WVoIP services. This interconnection is implemented by using gateways and contractual agreements between wireless voice over internet protocol (IP) providers and PSTN operators. Fair and Non-discriminatory conditions for interconnection area preconnection for successful development of WVoIP.

POWER SUPPLY IN LINE POWERING OF TERMINALS: Basic telephony service continues to work in case of electricity power failure. The current WVoIP services or terminals are dependent on a functioning power supply, it is foreseeable that strong emphasis on in line powering of terminals could an enormous burden on the wireless voice over IP operators and slow development. A possible solution have with regard to emergency services could be to put the disaster or emergency requirements on mobile network as well.

EMERGENCY CALL AND POSITIONING: The possibility to perform emergency calls and to route the calls to be nearest authority, (fire department, police, hospitals etc) has been defined as a core element of public availability telephony service. In WVoIP, it is possible to maintain the positing and routing information for emergency calls.

However, this requires use of WVoIP service from fixed locations. But, one of the promising characteristics of WVoIP service is nomadic use, in nomadic use at the current level of technological development, the position information cannot be connected to the emergency call. This is a challenge both to he market players and to the regulatory framework.

CHALLENGES: Even though WVoIP has become very popular and successful in wireless system. It is still in its infancy in the wireless system, and many technical challenges remains.

NO EFFICINCY OF SPECTRUM FREQUENCY: IN WVoIP system, bandwith is frequently used to tradeoff a small delay. It is not surprising facts that during transmission, bandwith efficient circuit switch has been given less priority too packet switched which are more flexible. However, the spectrum resources is generally through of the most valuable and resources fullness in the network, hence it is often get more attention by service providers.

NO CONTROLLING DELAY AND JITTER: IN wire line systems where channels are typically error free, there is no requiring retransmissions. Nevertheless in a wireless channel could be have some instruction which resulting in corrupted data packets and bit errors. This circumstance will create a condition which is known as “loading dependent delay and jitter”.

NO TRANSMISSION POWER AND COVERAGE OPTIMIZATION: More power is needed is due to the addition of packet over heads, the result of this addition packet is less coverage transmission. We must also take into consideration of burst packet transmission which occurred in short time duration. Burst packet is also affected higher ratio of peak to average transmission power. All will lead to more power needed in short time (burst effect) or the network will bear the consequences of lower performance and couldn’t reach the outer areas of network.

NO MANAGEMNET OF WIRELESS MOBILE: Management of wireless mobile has been mainly aimed into data control in HSDPA (High Speed Downlink Packet Acce) network system consider the situation when mobile users are roaming between adjacent cell controlling handoff procedure when shifting between cells should not make any gap in transmission. A transmission gap is often acceptable in data applications, it is unacceptable for voice. In WVoIP applications, the procedure of handoff must be optimized  so that the transmission gap on the handoff session is eliminated  (or minimized as best and does not impact voice continuity.

CHAPTER FIVE 

SUMMARY, CONCLUSION AND RECOMMENDATION

SUMMARY 

Voice over internet protocol telephone systems are susceptible to attacks as are any internet connected devices. This means that hackers who know about these vulnerabilities (such as insecure password) can institute denial-of-service attacks, harvest customer data, record conversions and break into voice mailboxes.

Another challenges is routine VoIP traffic through firewalls and network address translators. Private session Border controllers are used along with firewalls to enable VoIP calls to and from protected networks. For example, skype uses a proprietary protocol to route calls through other skype peers on the network, allowing it to transverse symmetric NATS and firewalls. Other methods to transverse NATS involve using protocols such as STUN or interactive connectivity establishment (ICE).

To prevent the above security concerns government and military organizations are military organizations are using voice over secure internet protocol (VoSIP), secure voice over internet protocol (SVoIP) and secure voice over secure internet protocol (SVoSIP) to protect confidential and classified VoIP communication. Secure voice over internet protocol is accomplished by encrypting VoIP with typed encryption. SVoIP is accomplished by using type/encryption on a classified network, like SIPR Network public secure VoIP is also available with free GNU programs.

RECOMMENDATION 

In the future voice over internet protocol will increasingly integrate with business and educations to the point where it becomes essentially invisible. This will result in a change, in how we see the process of making a voice call-instead of only using voice to communicate with other people we will also be using voice to communicate with services in order for this integration to VoIP will have to  integrate closely with applications built using service-oriented Architectures (SOA) Ascierto, 2005).

CONCLUSION 

The nature of internet protocol makes it difficult to locate network users geographically. Emergency calls, therefore, cannot easily be routed to a nearly call centre. Sometimes, VoIP system may rote emergency calls to a non-emergency phone line at the intended department, in the united states at least one major police department has strongly objected to this practice as potentially endangering the public.

A fixed line phone has a direct relationship between a telephone number and a physical location. If an emergency call comes from that number, then the physical location is known.

In the internet protocol world, it is not so simple. A broadband provider may know the location where that wires terminate, but this does not necessarily allow the mapping of an IP address to that location. IP addresses are often dynamically assigned, so the ISP may allocated an address for online access, or at the time a broadband router is engaged. The ISP recognizes individual IP addresses, but does not necessarily know to which physical location it corresponds. The broadband service provider knows the physical location, but is not necessarily tracking the IP address in use.

There are more complications since IP allows a great deal of mobility. For example, a broadband connection can be used to  dial a virtual private network that is employer owned. When this is done, the IP address being used will belong to the range of the ISP, so this could be many kilometers away or even in another country. To provide another example, if mobile data is used e.g a 2G mobile handset or USB wireless broadband adapter, then the IP address has no relationship with any physical location, since a mobile user could be anywhere that there is network coverage, even roaming via another cellular company. 
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