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Computer Networks Midterm Study Guide by Linda Cook

Chapter 1

1.  Give a brief history of communications in North America.

In the 1870’s Alexander Graham Bell developed the first telephone that could transmit understandable conversation.  The first transcontinental and transatlantic voice connections were established in 1915.  The U.S. Interstate Commerce Commission (ICC) had the authority to regulate interstate telephone businesses in the US.  This was transferred to the FCC in 1934.  Until 1968 Bell Telephone/AT&T controlled the US telephone system.  In 1968 the Carterfone court decision allowed non-bell equipment to be connected to the Bell System Network.  In 1984 AT&T was divided in two under a consent degree devised by a federal judge; AT&T long distance telephone and regional Bell operating companies.  US Congress enacted the Telecommunications Competition and Deregulation Act of 1996 replacing all other laws.

2. What is data communications and telecommunications and why study it?

Data communications is the movement of computer information from one point to another by means of electrical or optical transmission systems.  Telecommunications includes the transmission of voice and video across longer distances.  We have moved into an information society dominated by computers, data communications and highly skilled individuals who use brain-power instead of physical power.  Success depends on intelligence and information.  The key technology is communications and the strategic resource is information. By the early 1990s, more than 60% of all microcomputers in US corporations were networked. Data communications is a global area of study because it enables global communication. New technologies and applications are emerging from a variety of countries and spreading rapidly. For example the World Wide Web was developed in a Swiss research lab, nurtured by European universities and introduced into popular culture due to a development at a US research lab.

3.  What are the components of a network and what are their functions?  Give an example of each.

A server or host computer, (e.g., microcomputer, mainframe), stores data or software that can be accessed by clients.  A circuit, (e.g., cable, modem), is the pathway through which the data travels.  A circuit may include routers, hubs, switches and gateways.  A client, (e.g., microcomputer, terminal), is the input/output device at the other end of the communication circuit.

4.  Name 5 types of networks and there functions.

A peer-to-peer network connects a set of similar computers that share their data and software with each other.  A LAN is a group of computers located in the same general area connected by a common circuit.  LANs are connected to other LANs by a BN.  MANs connect LANs and BNs in different areas to each other.  WANs connect BNs and MANs with leased circuits to span long distances.  

5.  List and explain the seven layers of the OSI, (open systems interconnection), network model developed in 1984.  Why are they important?

Physical Layer—transfers electrical signals through the circuit. (10Base-T, 100Base-T, fiber optic)

Datalink Layer—decides when to transmit, formats messages, and detects and corrects errors. (Ethernet, token ring, FDDI, ISDN, ATM, frame relay)

Network Layer—addresses and routes packets; translates destination into a network understandable address, decides which route the message takes, resizes message blocks. (IP, X.25)

Transport Layer—Controls flow and insures reliable packet delivery. (TCP)

Session Layer—Controls dialog, acts as moderator for a session, (connection between two terminals).  (e.g. SSL)

Presentation Layer—translates data fo and from language in application layer (NetBIOS)

Application layer—is user’s interface to the network. Contains embedded telecommunications protocols. (HTTP, X.500, X.400, ODA, PC LAN manager, Postscript)

Each layer is defined separately so that hardware and software in each layer can be updated separately.  As long as interfaces between the layers are unchanged the network remains intact

6.  What is the difference between formal and defacto standards and why are they necessary?

Standards are necessary because for communication to be successful, each layer in one computer must be able to communicate with its corresponding layer in another computer.  Formal standards are developed by an official industry or government body and must go through a process of specification, identification of choices, and acceptance. Three well known standards making bodies are ISO, ANSI, and IEEE.  Defacto standards are unofficial standards that emerge in the marketplace and are supported by several vendors, i.e. MS Windows.

Chapter 2
Lag time is the time it takes for information to be disseminated around the world.

A router connects two or more networks.

The Internet is the largest network in the world.

1.  List four important Internet software tools and how do they work?

The World Wide Web requires that each client have an application layer software package called a Web browser and each server have an application layer software package called a Web server.  An URL specifies the Internet address of the Web server, the directory, and name of the specific page requested by the browser.  The standard protocol for communication between a Web browser and a Web server is HTTP.  The HTTP request format has three parts.  The request line is required and starts with a command, provides the URL and ends with the HTTP version number the browser understands.  The request header is optionala and contains the date, user ID, and password if one is needed.  The request body is optional and is information sent to the server, such as a form.  The  HTTP response format has three parts also.  The response status is optional and contains the HTTP version the server used, the status code, (404 page not found), and reason phrase.  The response header is optional and contains which server is being used, the date, the URL of the page in the response body and the format used for the body, (HTML).  The response body is required and is the web page itself.

E-mail software enables users to send text messages and attached files from word processors, spreadsheets, or graphics programs.  The user sends the message to a mail server running a message transfer agent software package.  It reads the header and sends it to the recipients mail server where it is stored until the recipient retrieves it.

FTP enables you to send and receive files over the Internet.  There are closed or restricted FTP sites and anonymous sites.

Telnet enables users on one computer to log into other computers on the Internet.  It enables you to access a server or host computer without sitting at the keyboard.

2.  Explain why the Internet and the Web are not the same thing.

The Internet is a set of thousands of networks linked together all around the world.  The Web is one application that uses the Internet as its network

Chapter 3

1.  List and describe the 3 fundamental network architectures.

In a host-based network the host computer, usually a mainframe, performs all four of the general functions of an application program: data storage, data access logic, application logic and presentation logic.  Client-based architectures involve clients and a server on a LAN.  The application software on the client is responsible for the data access, application and presentation logic.  The server stores the data.  In Client-server architectures the application and presentation logic reside on the client and the data access logic and data reside on the server. The strength of a client server network is that it enables software and hardware from different vendors to be used together.  A thin client places little or no application logic on the client.  A fat client places all of the application logic on the client.
2.  What is middleware, what does it do?  Name 3 important standards.

Middleware is software that sits between the application layer on the client and the application software on the server and acts as a translator, enabling software and hardware from different vendors to be used together.  It also manages the message transfer between clients and servers.  Middleware forwards all messages to the correct server on behalf of the client.  Standards for middleware include DCE (Distributed computing environment), CORBA (common object request broker architecture) and ODBC (open data base connectivity).

3.  List and define the three types of data flow.

Simplex—One-way transmissions such as radio or TV.  Simplex is used when data needs to flow in only one direction, such as a sensor to a host.

Half duplex—Two-way transmission, one-way at a time like a walkie-talkie.  Control signals are used to negotiate which will send and which will receive.  Turnaround time, (retrain time or reclocking time), is the amount of time it takes to switch between sending and receiving. Half duplex is used when data does not need to flow in both directions at once, such as a terminal that sends data to a host, waits for a reply, sends more data, etc…. 

Full duplex—Transmits in both directions simultaneously with no turnaround time.  The available capacity of the circuit is divided in half, one half for each direction.

4.  Describe three types of guided media.

Twisted pair cable—is insulated pairs of wires, twisted to minimize electromagnetic interference between pairs, packed close together.  Twisted pair cable is used for telephones and LANs.  

Coaxial cable—is wire with an insulated copper core, (inner conductor).  The outer shield, just under the shell is the second conductor.  Coaxial cable transmits electrical telecommunications signals.  It has a low error rate because it is less prone to interference.  

Fiber optics—Utilizes high-speed streams of light pulses from lasers or LEDs (light emitting diodes) transmitted over hair-thin strands of glass or plastic.  In early multimode systems light reflected inside the cable at many different angles causing attenuation (signal weakening, loss of signal strength over distance) and dispersion (signal spreading).  Single-mode fiber optic cable transmits a single direct beam of light through a cable that ensures the light only reflects in one pattern.  The smaller diameter, allows a more concentrated light beam and faster data transmission speeds.  It is used for the simultaneous transmission of voice, data, and image signals.  It is more resistant to environmental factors such as corrosion and fire.

5.  Explain Multiplexing and Inverse multiplexing. 

Multiplexers break one high-speed communication circuit into several lower-speed circuits.  They can also combine several low-speed circuits into one high-speed circuit.  Multiplexing puts two or more simultaneous transmissions on a single communication circuit or sends two or more messages simultaneously over one circuit.  Two multiplexers are needed for each circuit.  A circuit is multiplexed at one end and demultiplexed at the other.  It is usually done in multiples of four.  The multiplexed circuit must have the same capacity as the sum to the circuits it combines.  If you have 4 terminals transmitting at 9600 bps then the multiplexed circuit must transmit at 

4 x 9600=38,400 bps.  Three major types of multiplexers are Frequency division multiplexers (FDM), time division multiplexers (TDM), and statistical time division multiplexers (STDM).

FDM divides the circuit horizontally into guardbands and separate channels using different transmitting frequencies.  TDM shares a common circuit by having the terminals take turns transmitting.  STDM does not require the capacity of the circuit to equal the sum of the circuits it combines.  The transmission speed for the circuit is based on a statistical analysis of the usage requirements of the combined circuits.  It does require that all data be identified by an address specifying the device to which it belongs.

Inverse multiplexing (IMUX) combines several low-speed circuits to make them appear as one high-speed circuit.  This is used in T-1 circuits for WANs.  T-1s provide data transmission rates of 1.544 Mbps by combining 24(64,000bps) circuits.  BONDING (Bandwidth on demand interoperability networking group) is a standard recently adopted by several vendors.  BONDING  is used for videoconferencing.  Six ISDN 64 Kbps telephone lines are combined to give a total data rate of 384 Kbps.

6.  Explain Digital data and digital transmission.

Digital data is computer produced signals that are binary, either on or off, called a bit.  A byte is comprised of 8 bits and represents a character.  ASCII code is the most widely used code to represent characters.  7-bit ASCII has 128, or 27, character cominations 8-bit ASCII has 256, or 28.   EBCDIC is IBM’s standard, has 8 bits, 256 characters.  There are two types of transmission modes, parallel and serial.  Parallel mode is the internal transfer of binary data that takes place inside a computer or between a computer and a close proximity printer. All bits have their own individual connection to travel on.  Serial mode, the predominant method of transferring info in data communications, sends data sequentially bit-by-bit.  Digital transmission, (baseband transmission ) is done by sending a series to electrical ( or light) pulses through the media.  Unipolar digital transmission uses voltage changes between 0 volts to represent a 0 and some positive value (+x volts) to represent a binary 1.  Manchester encoding, used in Ethernet,is a special type of unipolar signaling in which the signal is changed from high to low, to represent a 1 or 0, or from low to high, to represent the opposite, in the middle of the signal.  Transition provides clocking and data.  Differential Manchester, used in token ring, uses no change at the beginning to equal 0 and a change to equal a 1.  The transition is only for clocking.  In bipolar digital transmission the voltage changes polarity (pos or neg) to represent a 1 or a 0.  Two types of bipolar signaling are NRZ, non-return to zero, and RZ, return to zero.  RZ always returns to 0 volts after each bit before going on to the next pos. (+5 volts) or neg. bit (–5volts.)  NRZ-L, non-return to zero level, is used for short connections such as from a PC to a Modem.  NRZ-I, (NRZ, invert on 1s) is digital encoding used in ISDN connections.
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In ASCII code A=65 ------- 0128164 032 016 08 04 02 11 ----Be able to use this code to figure out other letters.

7.  Explain Analog data and analog transmission.

Analog data is electrical signals shaped like the sound waves they transfer.  Modems are used on both ends of the circuit to translate the digital signals to analog signals back to digital signals.  Data is transmitted by changing, (modulating), a carrier sound wave’s amplitude, (height), frequency, (length or number of waves per second), or phase, (shape or the direction in which the wave begins), to indicate a binary one or zero.  Modulation is a technique that modifies the form of an electrical signal so the signal can carry information on a communication medium.  There are 3 ways to modulate the carrier signal.  Amplitude modulation (AM) or amplitude shift keying (ASK) changes the height of the wave, one amplitude is a 1, another is a 0.  Frequency modulation (FM) or frequency shift keying (FSK) represents 1s and 0s by number of waves per second.  Phase modulation (PM) or phase shift keying (PSK) changes the direction in which the wave begins, i.e. up and to the right or down and to the right to represent a 1 or 0.  Each of these can be modified to send more than one bit at a time.

Chapter 5
1.  Define the data-link layer and the 3 functions of the data-link layer protocol.
Chapter 5 covers the data-link layer that sits between the physical layer and the network layer.  It accepts messages from the network layer, passes them to the data-link layer and controls the hardware that transmits them.  It accepts bit streams from the physical layer, organizes them into messages and passes it to the network layer.  This layer is responsible for passing error free messages from one computer to another.

Rules that govern how data-link layers will communicate are called protocols.  A data-link protocol provides three functions; media access control, error control, and message delineation.

Media access control (MAC) determines when the computers on the same communication circuit transmit.  It is critical that two or more computers do not transmit at the same time or if they do there must be a way to recover from the collision.  Two approaches to media access control are controlled access and contention.

Controlled access is used in host-based networks.  The mainframe or its front-end processor (FEP) controls which clients can access media at what time.  Two types of controlled access were discussed.  X-on/X-off is one of the oldest and is used only for the transmission of text messages on half-duplex, point-to-point, or between computer and printer.  Polling sends a signal to the client giving it permission to transmit or receive.  With roll call polling the FEP sends a signal consecutively through a list of clients.  Hub polling or token passing, used in LAN multi-point configurations (token ring), do not have a host computer.  One computer starts the poll and passes it to the next.

Contention is used in Ethernet LAN’s.  Collisions are expected.  A technique is required to handle them.  Computers listen and wait until the circuit is free then transmit whenever they have data to send, (Carrier-sensing multiple access with collision detection, CSMA/CD).  Appletalk checks first then sends an intent to transmit, CSMA/CA, or carrier-sensing multiple access with collision avoidance. Contention provides the best throughput for small networks because each computer can transmit without waiting for permission.  High volume networks need to use controlled access to prevent collisions.

There are two types of errors associated with networks, human errors controlled by the application layer software and network errors controlled by the network hardware and software.  Burst errors, more than one data bit is changed by the error-causing condition, are most common.  Errors are not dispersed evenly regardless of error-rate statistics.  Dial-up connections are more prone to errors because they have less stable parameters.

Causes of errors are:  Line outages from storms and accidents.  White noise or static from thermal agitation of electrons is unavoidable.  Impulse noise is caused from surges of electricity or voltage changes, due to lightning, fluorescent lights or poor connections.  Cross talk happens when one circuit picks up another’s signals, such as when multiplexer guardbands are too small or wires are too close together.  Echoes, when the signal reflects back to the transmitting equipment is due to poor connections.  Attenuation, a gradual decrease in signal strength over distance, increases as frequency increases or as the diameter of the wire increases.  Intermodulation noise is when signals from two circuits combine to form a new signal that falls into a frequency band reserved for another signal.  Jitter is caused by variations in amplitude, frequency, and phase of analog signals.  An amplifier on the circuit shifting out of phase causes harmonic distortion.  Methods used to prevent these errors include, increasing signal strength, shielding or moving wires, increasing guardbands, repairing connections, tuning equipment or using amplifiers or repeaters.

Error checking is accomplished by parity checking.  One additional parity bit is added to each byte in the message.  The value of the parity bit is based on the number of ones in each byte making the total number of 1s even or odd according to protocol, even or odd parity.  Parity checking is about 50% reliable because it can detect errors only when an odd number of bits have been switched.  Longitudinal redundancy checking (LRC) is about 98% reliable.  LRC adds a block check character to the end of a packet of data that is determined by adding the 1st bits of each character and adding a parity bit accordingly all the way through to the last bit of each character.  LRC is used in conjunction with parity.  Polynomial checking adds a series of characters to the end of the message based on an algorithm and is the most common.  Two types are checksum and cyclical redundancy checking (CRC).  Checksum, 95% reliability, is calculated by summing the decimal values of each character in the message and dividing by 255.  The remainder is the checksum and is calculated on both the sending and receiving end.  CRC, 99% reliability, is the most popular error checking method and adds 8, 16, or 32 bits to the message.  It also is a calculated remainder of a division problem.

The simplest method for error correction is retransmission.  An automatic repeat request (ARQ) is issued from the receiving end.  Stop and wait ARQ is when the sender stops and waits for a response from the receiver after each data packet.  The receiver sends an ACK, acknowledgement, or a NAK, negative acknowledgement.  This is a half duplex transmission.  Continuous ARQ (sliding window) is a full duplex transmission.  The sender does not wait to receive an ACK.  It continues sending messages until it receives a NAK.  If a NAK is received packets retransmitted may be only those with an error, LAP-M or link access protocol for modems, or may be the first packet with an error and all packets following it, Go-Back-N ARQ.  LAP-M is more efficient.  At the end of the transmission the sender must have received ACK’s for all transmissions.

Asynchronous transmission, used in point-to-point, full duplex transmission, is start-stop transmission because the transmitting computer can transmit a character whenever it is convenient and the receiving computer will accept the character.  MAC is not a concern.  A start and stop bit is placed at the beginning and end of each character plus a parity bit for synchronization.  Start, typically 0, and stop bits, typically 1, are opposite each other.  Each character is transmitted independently.  Asynchronous transmission defines idle signal, the signal that is sent down the circuit when no data is being transmitted, the same as the stop bit.  Using 7-bit ASCII even parity the total transmissions is 10 bits for each character (1 start bit, 7 bits for the letter, 1 parity bit, 1stop bit).  Some protocols have eliminated the stop bit.

Asynchronous File Transfer Protocols are used on asynchronous point-to-point circuits, typically across telephone lines via a modem.  They are designed to transfer error-free data from one computer to another and to group data into blocks, packets or frames to be transmitted at one time.  Common protocols include XMODEM, YMODEM, ZMODEM, and KERMIT.  KERMIT and ZMODEM are preferred because of their error detection abilities and adjustable packet sizing to optimize transmission.

Synchronous transmission means that whole blocks of data are transmitted as packets or frames after the sender and the receiver have been synchronized. It is used in both point-to-point and multi-point circuits.  In multipoint circuits each packet must include a source and destination address and MAC is a factor.  The start and end, synchronization, of each packet is sometimes marked by adding 1 to 8 synchronization (SYN) characters.  There are three categories of protocol for synchronous transmission; byte-oriented, bit-oriented, and byte-count protocols.  Synchronous Data Link Control (SDLC) is an IBM mainframe protocol that uses controlled access media access protocol.  It is bit-oriented because the data contained in the frame do not have to be in 8-bit bytes.  High-level Data Link Control (HDLC) is a formal standard developed by ISO.  It is similar to SDLC and uses controlled access media access protocol.  Token Ring (IEEE 802.5) is a formal standard developed by IBM.  It uses controlled access media access protocol.  It is a byte-oriented protocol that uses special delimiters (electrical signals) at the beginning and end of each frame.  Ethernet (IEEE 802.3) is a byte count protocol.  It includes a field that specifies the length of the message portion of the packet.  Ethernet uses contention media access protocol.  Serial Line Internet Protocol (SLIP) is a byte-oriented protocol designed to connect two computers using TCP/IP over a point-to-point telephone line.  Compressed SLIP (CSLIP) uses compression to reduce the amount of data.  SLIP is full duplex so MAC is N/A.  It does not have error control. It is one of two standards for connecting a client computer to an ISP.  The other is Point-to-Point Protocol. PPP includes error control and is also full duplex.  It will support other network protocols besides Internet protocols.

Transmission efficiency is defined as the total number of information bits divided by the total number of bits in transmission.  Information bits are those used to convey the users meaning.  Overhead bits are used for control purposes, error checking, start and stop.  In asynchronous transmission only 70% of the data rate is available, 30% is used by transmission protocol.  In synchronous transmission  92.6% is available because of a larger message field.  The larger the message field the more efficient the protocol.  Small packets are less efficient, but are less likely to contain errors and less costly to retransmit.  Throughput is the total number of information bits received per second.

Chapter 6

1.  Define the network layer and its three functions.
Chapter 6 covers the network layer that sits between the data-link layer and the application layer.  It accepts messages from the application layer and formats and addresses them for transmission by the data link layer.  Both sender and receiver have to agree on the protocol to govern how their network layers will communicate with each other.  A network protocol provides three functions; packetizing, addressing, and routing.  Packetizing breaks large messages into packets for tranmission and reassembles them at the receivers end.  Addressing determines the correct network layer and data link layer addresses.  Routing determines where the message should be sent next on its way through the network to its final destination.

Multi-protocol stacks means that software can support several different network protocols.  Different network protocols are incompatible unless there is a special device to translate between them.  The most common protocols are TCP/IP and IPX/SPX, X.25 and SNA.  TCP/IP has two parts.  TCP software performs packetizing and is active only when the data comes from or goes to the application layer at the sender or receiver.  It breaks the data into packets, numbers them, makes sure they are delivered, and reassembles them once they are received.  IP software is active on all computers through which the message passes.  It addresses and routes the message.  TCP/IP is used on the Internet, 70 % of all backbone, metropolitan, and WAN’s.  It is also the most common network layer protocol used on LAN’s.  IPX/SPX Internetwork Packet Exchange/Sequenced Packet Exchange, is the Novell Netware protocol.  SPX performs packetizing.  IPX performs routing and addressing.  X.25 is used in global WANs.  SNA, Systems Network Architecture is used only on IBM and IBM compatible mainframes

Computers have three different addresses: application layer address, network layer address and data-link layer address.  Data-link layer addresses are part of the hardware.  Network and application layer addresses are set by software.  Network and application layer addresses are assigned by InterNIC.  There are five classes, A through E.  Class A is IP addresses whose 1st digit is between 1 and 127.  Class B addresses are 128 through 191.  Class C addresses are 192 through 223.  Class D and E addresses are reserved for special purposes and are not assigned to organizations.  Computers on the same LAN or subnet have similar addresses usually with the first 2 or 3 bytes the same.  Network layer addresses can be assigned in config. files on the client or with dynamic addressing using a bootp or DHCP server.

Subnets

Each organization must assign the IP addresses it has received to specific computers on its networks.  IP addresses are assigned so that all computer on the same LAN have similar address.  It is customary to use the last byte of the IP address to indicate different subnets but any portion of the IP address can be designated as a subnet by using a subnet mask.  Every computer in a TCP/IP network is given a subnet mask to enable it to determine which computers are ont eh same subnet, LAN, and which aren’t.  A subnet mask is a four-byte binary number that has the same format as an IP address.  A 1 in the subnet mask indicates that that position is part of the subnet address.  A 0 indicates that it is not.  A subnet mask of 255.255.255.0 means the 1st 3 bytes indicate the subnet because 255 is 11111111 in binary code.  255.255.0.0 indicates the 1st two bytes indicate the subnet.  A partial byte subnet mask like 255.255.255.128 means the 1st three bytes and the next bit indicate the subnet because 128 in binary is 10000000. You could have 64 computers on this subnet.  255.255.254.000 would indicate the 1st two bytes and seven bits because 254 in binary is 1111110.

255.255.255.0 in binary is 11111111.11111111.11111111.0

255.255.0.0 = 11111111. 11111111.0.0

255.255.255.128 = 11111111.11111111.11111111.10000000

255.255.254.000 = 11111111.11111111.11111110.0

Address resolution is the process of translating an application layer address into a network layer address, or translating a network layer address into a data-link layer address.  Server name resolution is the translation of application layer addresses into network layer addresses, (e.g. translating an Internet address such as www.dkd.tut.edu into an IP address, 128.234.12.4).  There are a series of (DNS)s, domain name servers through out the Internet that provide directory services on the Internet.  It can provide the IP address for an application layer address.  When a set of Internet addresses is received, InterNIC must be informed of the name and IP address of the name server that will provide DNS information for all addresses in that class.  When TCP/IP needs to translate an app. Layer address into an IP address it sends a TCP-level packet, (transport layer), to the nearest DNS server.  Once your computer receives an IP address it is stored in a server address table on the your computer and routinely deleted.  For data-link layer address resolution the network layer must know the data-link layer address of the destination computer.  TCP/IP software sends a broadcast message, using Address Resolution Protocol (ARP), to all computers in its subnet.  The message is received and processed by all computers in the LAN.  It says “whoever is IP address xxx.xxx.xxx.xxx, please send me your data link layer address.  The message is sent to that address and the address is stored in the address table.

Routing is the process of selecting the route or path through the network that a message will travel from the sending computer to the receiving computer.  Centralized routing is used with host-based networks, point to point client to host.  Decentralized routing allows all computers on the network to make their own routing decisions following a formal routing protocol set by the network manager.  Static routing is set by the network-manager.  Most are self adjusting. There are two types.  Static routing is set manually.  Computers have one route to and from the server or gateway or connection.  Dynamic routing (adaptive routing) is set by the network manager initially but is continuously updated by a network’s changing conditions.  RIP, ICMP, and OSPF are dynamic routing protocols.  Connectionless routing sends each packet separately; different packets go different routes.  The packets are reassembled according to sequence number by the network layer on the receiver end.  Only IP is needed.  TCP is replaced by a User Datagram Protocol (UDP) packet.  Only IPX is needed.  Connection-oriented routing sets up a virtual circuit between the sender and the receiver and all packets follow the same route.  It appears to be point to point but actually uses store and forward.  TCP or SPX establishes the virtual circuit and IP or IPX routes the messages.  Quality of Service (QoS) routing prioritizes which packets will be sent according to type, i.e. voice or video.  Multicasting is a connection-oriented routing used to send each packet to a group of computers at the same time.

