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Introduction
· What is VoIP? 

Voice can be digitalized. The digitalize voice can be transmitted in packets over the network. Voice transmission comes in different flavors. In the past, telecommunication through fixed circuit switched network has dominated. In recent years, we see data communication networks, especially voice over IP. Voice over IP is the transmission of voice traffic in packets using the Internet as the transmission medium. IP is used rather than the traditional circuit transmission. 

· Why VoIP? 

The Internet Protocol (IP) is used to deliver packets carrying digitized voice. However, IP was not designed for real time traffic such as voice and video communication. IP is a connectionless protocol meaning a virtual connection is not established through a network prior to transmission. IP makes no guarantees concerning reliability, flow control, error detection or error correction. Potential errors include out of sequence packets or even loss of packets. Voice transmission requires guaranteed connection and a reasonable delay. 

Nevertheless, IP succeeds partly due to the high cost associated with the traditional circuit switched TDM network. VoIP uses packet switched network. It makes the network transparent to the upper layers that are involved in voice transmission through an IP based network. The existing use of IP network also allows the integration of voice and data integration. To leverage the connectionless nature of IP, vendors have developed higher layer protocols to address the guaranteed connection and transmission issue.
· VoIP and the OSI model

VoIP follows a layered model comparable to the OSI seven layered model we are familiar with.  Just like the purpose of developing the OSI model, breaking into defined layers provides a framework. It establishes a standard to make the system more manageable and flexible. Each layer is relatively independent to other layers around it. Changes made to one layer should have no, or minimal impact on other layers. 
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· Configuration
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There are several VoIP configuration options available. The first option is telephone connection with the VoIP gateways. The VoIP gateways, which provide encoding, compression and encapsulation functions, translate the voice signals to data signals, and vice versa. The second option is PC connection with routers. The router is used to verify the destination IP address in the packet and transmit the traffic subsequently. The encoding, compression, and encapsulation processes are all completed at the PCs, not routers. The third option is telephone-to-PC connection. With this operation, the routers are added extended capabilities and functions from a VoIP gateway.
Components of VoIP
When a phone call is placed through a telephone, the phone is picked up, the number is dialed, and the call signals travel through the phone line to the destination; along the line the phone service providers offer quality service to ensure the clarity of the call. Much like the telephone call, VoIP also provides call signaling, quality of service (Qos), and media transport. Most call signaling is provided through either H.323 or SIP protocol. The quality of service is provided by protocols such as RSVP and RTCP. The actual media transport is through CODEC and RTP. 

· Call Signaling (H.323 & SIP)

As with any telephone implementations, there must be a signaling scheme that alerts users that there is an incoming call or the person that is trying to be reached is busy.  In VoIP, this signaling scheme along with encodings schemes and packet transfer is provided by either the H.323 or the Session Initiation (SIP) protocol.  Both of these protocols are implemented in different ways, but overall provide the same service.  The H.323 protocol emerged in 1996 and was designed by the International Telecommunication Union (ITU) [1].  The SIP protocol later emerged in 1999 by the Internet Engineering Task Force (IETF) [1].

The H.323 protocol provides a standard voice and multimedia conferencing product that communicates over IP networks [2].  To establish real time voice or video over the IP network, H.323 uses several other protocols.  There are several CODECs that are used to convert analog audio to digital audio: G.711, G.722, G.723.1, G.728, and G.729 [2].  The process is simple; the noise received on a microphone on the transmitting terminal is converted into a digital signal using one of the CODECs and is later (after transmission) decoded on the receiving terminal using the same codec.  Video works in a similar fashion, except it uses the CODEC H.611.  

There are three types of signaling functions: Q.931 Call Signaling Channel, the H.245 Control Channel, and the H.225 Registration, Admission, and Status (RAS) Channel [2].  Each of these functions provides different functionality.  When a connection is established between the two endpoints by Q.931, H.245 provides the endpoints information of flow characteristics and status [2].  RAS on the other hand, exchanges call admissions and bandwidth management functions between the endpoint and a Gatekeeper [2].

After the signaling process completes, a transport protocols takes care of all the data that needs to be transmitted through the network between the two parties.  The Real-Time Protocol (RTP) provides end-to-end delivery of the audio and or video.  Along with RTP, the Real-Time Transport Control Protocol (RTCP) provides feedback on the quality of the connection.

SIP, on the other hand, works differently than the H.323 protocol.  Like H.323, SIP provides a mean of signaling, setting up, and tearing down a VoIP session.  SIP is a peer-to-peer protocol, where the peers in the session are called User Agents (UAs) [3].  A UA can function either as a client, where the client application initiates the SIP request or the UA can function as a server, where the server application listens to requests from clients and respond accordingly [3].  Things that are considered SIP clients include the phones and the gateways that provide call control.  SIP servers consists of proxy servers, redirect servers, and registrar servers.  A proxy server receives intermediate SIP requests and forwards the messages to the next SIP server on the network [3].  Redirect servers provides clients with information subsequent hops and registrar servers processes lookups for the UACs current location [3].

In SIP, users use SIP addresses to identify themselves. When a call first takes place, a request is made to a SIP server, which in turn find the end user or pass on the request to another SIP server [3].  Eventually, the end client will be found, and RTP will take place in the data communication between the two parties. 
· Quality of Service (QoS)

A well-designed voice network should make delay imperceptible regardless of the two calling parties’ location. The people engaged in the call could be on the other side of the globe; their call signals may traverse thousands of miles; and the voice traffic may be transported through heterogeneous subnetworks. Yet the network should provide a fast response time so that the people engaged in the conversation feel they are right next to each other. 

To ensure quality of service before the call is set up, one group under IETF has developed the Resource Reservation Protocol (RSVP). It aims at ensuring each flow’s QoS requirements through the complete path from the sender to the receiver. Each component involved along the path is responsible for the QoS support operation. The RSVP protocol defines a reservation procedure for real-time multimedia session. It is unique because the recipient of the traffic makes the reservation. The philosophy behind it is that the recipient should have the best knowledge of its limit. Like ICMP, IGMP, RSVP is an Internet control protocol.

The key RSVP messages are Path message and Reservation message. The caller uses Path message to set up a path for the session. Once the path is set up, the receiver sends the Reservation messages, since the receiver has the best knowledge of the capacity on the receiving end. 

Before the call is connected, an application makes a request for QoS resources. Within the request, the application specifies the QoS requirements for the session. Both ends need to agree upon that requirement. Once the QoS is setup, the application is committed to deliver the quality of service it promised. In a sense, it is considered to be self- regulating. 

To ensure the quality of service during the call, another IETF protocol Real Time Control Protocol (RTCP) is used. RTCP transmits periodical control packets to both the caller and the receiver. The control packets provide information to allow the participants to optimize the quality of voice transmission during the call. Usually it uses a separate port number with UDP as the underlying transport layer protocol.

An IETF protocol is used for providing statistics about a RTP (Real Time Protocol) transmission to participants in the transmission. The information provided in the RTCP packets enable participants to take proactive measures in optimizing the quality of the RTP transmission. 

There are four different categories of RTCP packets. The primary one is the sender and receiver reports. The report provides quality feedbacks such as packets loss or delay. The calling parties are expected to use the report to determine problems during the transmission, and take proactive steps of modifying the transmission based on the report. 

With QoS before and during the call, VoIP makes the best effort to transport the voice over IP network, to ensure the quality of service.

· CODECs
An analog signal must be digitized and compressed before it can be transmitted over a computer network. Compression is needed for reducing the transmission bandwidth. On the other hand, digitization is the process where a CODEC receives an analog waveform that directly represents the voice or image data and approximates that analog waveform by a digital bit stream.

A CODEC, which stands for coder-decoder, is a device used for translating analog waveform into a digital bit stream for transmission and then recovering the unique voice or image signal from the digital stream. The main technique used in CODECs is called pulse code modulation (PCM). PCM contains three components: sampling, quantization and coding. For example, sampling is used to sample the analog signal at 8000 samples per second. Quantization is the operation of assigning quantizing levels number for each of the samples. Eventually, the coding operation produces the digital representation for each sample based on its quantizing levels number.

Popular audio compression techniques that are used today include G.711 (64 kbps), G.729 (8 kbps) and G.723.3 (both 6.4 and 5.3 kbps). MPEG 1 layer 3, also known as MP3, is another popular compression technique for music. On the other hand, MPEG series and H.261 are popular video compression standards used in the Internet.

· RTP

Read-Time Transport Protocol (RTP), which typically runs on top of UDP, offers end-to-end delivery services for real-time media. The application first collects the encoded media data in chunks. The media chunk along with the RTP header subsequently forms the RTP packet, which is encapsulated into a UDP segment.

The RTP header has four fields: payload type (7 bits), sequence number (16 bits), timestamp (32 bits) and synchronization source identifier (32 bits). The payload type field is used to identify the type of audio or video encoding. The sequence number is used to detect packet loss or restore packet sequence. Timestamp indicates sampling instant of the first byte in the RTP packet. Synchronization source identifier reflects the RTP stream source.

Conclusion

VoIP is revolutionizing the way our telephone system works.  Instead of having fixed circuit switches as the medium for voice transmission, which is very costly, digitizing voice and video and using the widespread IP network to transmit the real time data not only works, but is very cost efficient. 

Since VoIP is becoming the new age of telephones, it is important to understand how VoIP works.  In a nutshell, there are several processes that take place over a VoIP phone call.  First a signaling process takes place handled by either H.323 or the SIP.  CODECs then digitizes and compresses the voice/video data.  Real-time and reliable data transmission is then taken care of by the RTP/UDP/IP.  When the conversation ends, RSVP tears down the connection and the session ends.
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