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CHAPTER 5

Wide Area Networks: WANs

After discussing the wired and wireless local area networks (LANs) in Chapter 4, it is time to discuss the wired and wireless wide area networks (WANs).

This chapter is divided into four sections.


	In the first section, we discuss the telephone network, a wired WAN that was originally designed to handle voice but today handles any type of data.

	In the second section, we discuss the cable network, another wired WAN that was originally designed to provide voice and picture but today handles any type of data.

	In the third section, we discuss cellular telephone, a wireless WAN that provides any type of communication.

	In the fourth section, we discuss the satellite network, a wireless WAN that provides any type of communication.
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5.1 TELEPHONE NETWORKS

The telephone network had its beginnings in the late 1800s. The entire network, which is referred to as the plain old telephone system (POTS), was originally an analog system using analog signals to transmit voice. With the advent of the computer era, the network, in the 1980s, began to carry data in addition to voice. During the last decade, the telephone network has undergone many technical changes. The network is now digital as well as analog.

5.1.1 Major Components

The telephone network, as shown in Figure 5.1, is made up of three major components: local loops, trunks, and switching offices. The telephone network has several levels of switching offices such as end offices, tandem offices, and regional offices.


Figure 5.1 A telephone system
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Local Loops

One component of the telephone network is the local loop, a twisted-pair cable that connects the subscriber telephone to the nearest end office or local central office. The local loop, when used for voice, has a bandwidth of 4000 Hz (4 kHz). It is interesting to examine the telephone number associated with each local loop. The first three digits of a local telephone number define the office, and the next four digits define the local loop number.

Trunks

Trunks are transmission media that handle the communication between offices. A trunk normally handles hundreds or thousands of connections through multiplexing. Transmission is usually through optical fibers or satellite links.

Switching Offices

To avoid having a permanent physical link between any two subscribers, the telephone company has switches located in a switching office. A switch connects several local loops or trunks and allows a connection between different subscribers.
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5.1.2 LATAs

After 1984, the United States was divided into more than 200 local access transport areas (LATAs). The number of LATAs has increased since then. A LATA can be a small or large metropolitan area. A small state may have one single LATA; a large state may have several LATAs. A LATA boundary may overlap the boundary of a state; part of a LATA can be in one state, part in another state.

Intra-LATA Services

The services offered by the common carriers (telephone companies) inside a LATA are called intra-LATA services. The carrier that handles these services is called a local exchange carrier (LEC). Before the Telecommunications Act of 1996, intra-LATA services were granted to one single carrier. This was a monopoly. After 1996, more than one carrier could provide services inside a LATA. The carrier that provided services before 1996 owns the cabling system (local loops) and is called the incumbent local exchange carrier (ILEC). The new carriers that can provide services are called competitive local exchange carriers (CLECs). To avoid the costs of new cabling, it was agreed that the ILECs would continue to provide the main services, and the CLECs would provide other services such as mobile telephone service, and toll calls inside a LATA. Figure 5.2 shows a LATA and switching offices.


Intra-LATA services are provided by local exchange carriers. Since 1996, there are two
types of LECs: incumbent local exchange carriers and competitive local exchange carriers.




Figure 5.2 Switching offices in a LATA
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Communication inside a LATA is handled by end switches and tandem switches. A call that can be completed by using only end offices is considered toll-free. A call that has to go through a tandem office (intra-LATA toll office) is charged.

Inter-LATA Services

The services between LATAs are handled by interexchange carriers (IXCs). These carriers, sometimes called long-distance companies, provide communication services between two customers in different LATAs. After the Telecommunications Act of 1996, these services can be provided by any carrier, including those involved in intra-LATA services. The field is wide open. Carriers providing inter-LATA services include AT&T, Sprint, and Verizon.
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The IXCs are long-distance carriers that provide general data communications services including telephone service. A telephone call going through an IXC is normally digitized, with the carriers using several types of networks to provide service.

Points of Presence

As we discussed, intra-LATA services can be provided by several LECs (one ILEC and possibly more than one CLEC). We also said that inter-LATA services can be provided by several IXCs. How do these carriers interact with one another? The answer is that they interact via a switching office called a point of presence (POP). Each IXC that wants to provide inter-LATA services in a LATA must have a POP in that LATA. The LECs that provide services inside the LATA must provide connections so that every subscriber can have access to all POPs. Figure 5.3 illustrates the concept.


Figure 5.3 Points of presence (POPs)
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A subscriber who needs to make a connection with another subscriber is connected first to an end switch and then, either directly or through a tandem switch, to a POP. The call now goes from the POP of an IXC (the one the subscriber has chosen) in the source LATA to the POP of the same IXC in the destination LATA. The call is passed through the toll office of the IXC and is carried through the network provided by the IXC.
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5.1.3 Signaling

The telephone network, at its beginning, used a circuit-switched network with dedicated links (multiplexing had not yet been invented) to transfer voice communication. A circuit-switched network needs the setup and teardown phases to establish and terminate paths between the two communicating parties. In the beginning, this task was performed by human operators. The operator room was a center to which all subscribers were connected. A subscriber who wished to talk to another subscriber picked up the receiver (off-hook) and rang the operator. The operator, after listening to the caller and getting the identifier of the called party, connected the two by using a wire with two plugs inserted into the corresponding two jacks. A dedicated circuit was created in this way. One of the parties, after the conversation ended, informed the operator to disconnect the circuit. This type of signaling is called in-band signaling because the same circuit can be used for both signaling and voice communication.

Later, the signaling system became automatic. Rotary telephones were invented that sent a digital signal defining each digit in a multidigit telephone number. The switches in the telephone companies used the digital signals to create a connection between the caller and the called parties. Both in-band and out-of-band signaling were used. In in-band signaling, the 4-kHz voice channel was also used to provide signaling. In out-of-band signaling, a portion of the voice channel bandwidth was used for signaling; the voice bandwidth and the signaling bandwidth were separate.

As telephone networks evolved into a complex network, the functionality of the signaling system increased. The signaling system was required to perform other tasks such as


	Providing dial tone, ring tone, and busy tone

	Transferring telephone numbers between offices

	Maintaining and monitoring the call

	Keeping billing information

	Maintaining and monitoring the status of the telephone network equipment

	Providing other functions such as caller ID, voice mail, and so on



These complex tasks resulted in the provision of a separate network for signaling. This means that a telephone network today can be thought of as two networks: a signaling network and a data transfer network.


The tasks of data transfer and signaling are separated in modern telephone networks:
Data transfer is done by one network, signaling by another.



However, we need to emphasize a point here. Although the two networks are separate, this does not mean that there are separate physical links everywhere; the two networks may use separate channels of the same link in parts of the system.

Data Transfer Network

The data transfer network that can carry multimedia information today is, for the most part, a circuit-switched network, although it can also be a packet-switched network. This network follows the same type of protocols and model as other networks discussed in this book.

Signaling Network

The signaling network, which is our main concern in this section, is a packet-switched network involving the layers similar to those in the OSI model or Internet model, discussed in Chapter 1. The nature of signaling makes it more suited to a packet-switching network with different layers. For example, the information needed to convey a telephone address can easily be encapsulated in a packet with all the error-control and addressing information. Figure 5.4 shows a simplified situation of a telephone network in which the two networks are separated.
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Figure 5.4 Data transfer and signaling networks
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The user telephone or computer is connected to the signal points (SPs). The link between the telephone set and SP is common for the two networks. The signaling network uses nodes called signal transport ports (STPs) that receive and forward signaling messages. The signaling network also includes a service control point (SCP) that controls the whole operation of the network. Other systems such as a database center may be included to provide stored information about the entire signaling network.

Signaling System Seven (SS7)

The protocol that is used in the signaling network is called Signaling System Seven (SS7). It is very similar to the five-layer Internet model we saw in Chapter 1 but the layers have different names, as shown in Figure 5.5.

Physical Layer: MTP Level 1

The physical layer in SS7 is called message transport part (MTP) level 1 and uses physical layer specifications.

Data-Link Layer: MTP Level 2

The MTP level 2 layer provides typical data-link-layer services such as packetizing, using source and destination address in the packet header, and CRC for error checking.

Network Layer: MTP Level 3

The MTP level 3 layer provides end-to-end connectivity by using the datagram approach to switching. Routers and switches route the signal packets from the source to the destination.
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Figure 5.5 Layers in SS7
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Transport Layer: SCCP

The signaling connection control point (SCCP) is used for special services such as 800-call processing.

Upper Layers: TUP, TCAP, and ISUP

There are three protocols at the upper layers. Telephone user port (TUP) is responsible for setting up voice calls. It receives the dialed digits and routes the calls. Transaction capabilities application port (TCAP) provides remote calls that let an application program on a computer invoke a procedure on another computer. ISDN user port (ISUP) can replace TUP to provide services similar to those of an ISDN network.

.5.1.4 Services Provided by Telephone Networks

Telephone companies provide two types of services: analog and digital.

Analog Services

In the beginning, telephone companies provided their subscribers with analog services. These services still continue today. We can categorize these services as either analog switched services or analog leased services.

Analog Switched Services

This is the familiar dial-up service most often encountered when a home telephone is used. The signal on a local loop is analog, and the bandwidth is usually between 0 and 4000 Hz. A local call service is normally provided for a flat monthly rate, although in some LATAs, the carrier charges for each call or a set of calls. The rationale for a non-flat-rate charge is to provide cheaper service for those customers who do not make many calls. A toll call can be intra-LATA or inter-LATA. If the LATA is geographically large, a call may go through a tandem office (toll office) and the subscriber will pay a fee for the call. The inter-LATA calls are long-distance calls and are charged as such.
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Another service is called 800 service. If a subscriber (normally an organization) needs to provide free connections for other subscribers (normally customers), it can request the 800 service. In this case, the call is free for the caller, but it is paid by the callee. An organization uses this service to encourage customers to call. The rate is less expensive than that for a normal long-distance call.

The wide area telephone service (WATS) is the opposite of the 800 service. The latter are inbound calls paid by the organization; the former are outbound calls paid by the organization. This service is a less expensive alternative to regular toll calls; charges are based on the number of calls. The service can be specified as outbound calls to the same state, to several states, or to the whole country, with rates charged accordingly.

The 900 services are like the 800 service, in that they are inbound calls to a subscriber. However, unlike the 800 service, the call is paid by the caller and is normally much more expensive than a normal long-distance call. The reason is that the carrier charges two fees: the first is the long-distance toll, and the second is the fee paid to the callee for each call.

Analog Leased Service

An analog leased service offers customers the opportunity to lease a line, sometimes called a dedicated line, that is permanently connected to another customer. Although the connection still passes through the switches in the telephone network, subscribers experience it as a single line because the switch is always closed; no dialing is needed.

Digital Services

Recently telephone companies began offering digital services to their subscribers. Digital services are less sensitive than analog services to noise and other forms of interference. The two most common digital services are switched/56 service and digital data service (DDS).

Switched/56 Service

Switched/56 service is the digital version of an analog switched line. It is a switched digital service that allows data rates of up to 56 kbps. To communicate through this service, both parties must subscribe. A caller with normal telephone service cannot connect to a telephone or computer with switched/56 service even if the caller is using a modem. On the whole, digital and analog services represent two completely different domains for the telephone companies. Because the line in a switched/56 service is already digital, subscribers do not need modems to transmit digital data. However, they do need another device called a digital service unit (DSU).

Digital Data Service

Digital data service (DDS) is the digital version of an analog leased line; it is a digital leased line with a maximum data rate of 64 kbps.

5.1.5 Dial-Up Service

Traditional telephone lines can carry frequencies between 300 and 3300 Hz, giving them a bandwidth of 3000 Hz. This entire range is used for transmitting voice, where a great deal of interference and distortion can be accepted without loss of intelligibility. As we have seen, however, data signals require a higher degree of accuracy to ensure integrity. For safety’s sake, therefore, the edges of this range are not used for data communications. In general, we can say that the signal bandwidth must be smaller than the cable bandwidth. The effective bandwidth of a telephone line being used for data transmission is 2400 Hz, covering the range from 600 to 3000 Hz. Note that today some telephone lines are capable of handling greater bandwidth than traditional lines. However, modem design is still based on traditional capabilities (see Figure 5.6)
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Figure 5.6 Telephone line bandwidth
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The term modem is a composite word that refers to the two functional entities that make up the device: a signal modulator and a signal demodulator. A modulator creates a bandpass analog signal from binary data. A demodulator recovers the binary data from the modulated signal.


Modem stands for modulator/demodulator.



Figure 5.7 shows the relationship of modems to a communications link. The computer on the left sends a digital signal to the modulator portion of the modem; the data are sent as an analog signal on the telephone lines. The modem on the right receives the analog signal, demodulates it through its demodulator, and delivers data to the computer on the right. The communication can be bidirectional, which means the computer on the right can simultaneously send data to the computer on the left, using the same modulation/demodulation processes.


Figure 5.7 Modulation/demodulation
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56K modems

Traditional modems have a data rate limitation of 33.6 kbps, as determined by the Shannon capacity (see Chapter 2). However, modern modems with a bit rate of 56,000 bps are available; these are called 56K modems. These modems may be used only if one party is using digital signaling (such as through an Internet provider). They are asymmetric in that the downloading rate [flow of data from the Internet service provider to the personal computer (PC)] is a maximum of 56 kbps, while the uploading rate (flow of data from the PC to the Internet provider) can be a maximum of 33.6 kbps. Do these modems violate the Shannon capacity principle? No, in the downstream direction, the SNR ratio is higher because there is no quantization error (see Figure 5.8).

In uploading, the analog signal must still be sampled at the switching station. In this direction, noise is introduced into the signal, which reduces the SNR ratio and limits the rate to 33.6 kbps.

However, there is no sampling in the downloading. The signal is not affected by quantization noise and is not subject to the Shannon capacity limitation. The maximum data rate in the uploading direction is still 33.6 kbps, but the data rate in the downloading direction is now 56 kbps.

One may wonder how we arrive at the 56-kbps figure. The telephone companies sample 8000 times per second with 8 bits per sample. One of the bits in each sample is used for control purposes, which means each sample is 7 bits. The rate is therefore 8000 × 7, or 56,000 bps or 56 kbps.


Figure 5.8 Dial-up network to provide Internet access
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5.1.6 Digital Subscriber Line (DSL)

After traditional modems reached their peak data rate, telephone companies developed another technology, DSL, to provide higher-speed access to the Internet. Digital subscriber line (DSL) technology is one of the most promising for supporting high-speed digital communications over the existing telephone. DSL technology is a set of technologies, each differing in the first letter (ADSL, VDSL, HDSL, and SDSL). The set is often referred to as xDSL, where x can be replaced by A, V, H, or S. We will only discuss the first technology in the set. Asymmetric DSL (ADSL), like a 56K modem, provides higher speed (bit rate) in the downstream direction (from the Internet to the resident) than in the upstream direction (from the resident to the Internet). That is the reason it is called asymmetric. Unlike the asymmetry in 56K modems, the designers of ADSL specifically divided the available bandwidth of the local loop unevenly for the residential customer. The service is not suitable for business customers who need a large bandwidth in both directions.
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Using Existing Local Loops

One interesting point is that ADSL uses the existing telephone lines (local loop). But how does ADSL reach a data rate that was never achieved with traditional modems? The answer is that the twisted-pair cable used in telephone lines is actually capable of handling bandwidths up to 1.1 MHz, but the filter installed at the end office of the telephone company where each local loop terminates limits the bandwidth to 4 kHz (sufficient for voice communication). If the filter is removed, however, the entire 1.1 MHz is available for data and voice communications. Typically, an available bandwidth of 1.104 MHz is divided into a voice channel, an upstream channel, and a downstream channel, as shown in Figure 5.9. Note that the ASDL uses a digital subscriber line access multiplexer (DSLAM) that separates data from voice in the destination.


Figure 5.9 ASDL point-to-point network
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ADSL allows the subscriber to use the voice channel and the data channel at the same time. The rate for the upstream can reach 1.44 Mbps. However, the data rate is normally below 500 kbps because of the high-level noise in this channel. The downstream data rate can reach 13.4 Mbps. However, the data rate is normally below 8 Mbps because of noise in this channel. A very interesting point is that the telephone company in this case serves as the ISP, so services such as e-mail or Internet access are provided by the telephone company itself.

5.2 CABLE NETWORKS

Cable networks were originally created to provide access to TV programs for those subscribers who had no reception because of natural obstructions such as mountains. Later the cable networks became popular with people who just wanted a better signal. In addition, cable networks enabled access to remote broadcasting stations via microwave connections. Cable TV also found a good market in Internet access provision, using some of the channels originally designed for video. After discussing the basic structure of cable networks, we discuss how cable modems can provide a high-speed connection to the Internet.
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5.2.1 Traditional Cable Networks

Cable TV started to distribute broadcast video signals to locations with poor or no reception in the late 1940s. It was called community antenna TV (CATV) because an antenna at the top of a tall hill or building received the signals from the TV stations and distributed them, via coaxial cables, to the community. Figure 5.10 shows a schematic diagram of a traditional cable TV network.


Figure 5.10 Traditional cable TV network
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The cable TV office, called the head end, receives video signals from broadcasting stations and feeds the signals into coaxial cables. The signals became weaker and weaker with distance, so amplifiers were installed throughout the network to renew the signals. There could be up to 35 amplifiers between the head end and the subscriber premises. At the other end, splitters split the cable, and taps and drop cables make the connections to the subscriber premises.

The traditional cable TV system used coaxial cable end-to-end. Because of attenuation of the signals and the use of a large number of amplifiers, communication in the traditional network was unidirectional (one-way). Video signals were transmitted downstream, from the head end to the subscriber premises.

5.2.2 Hybrid Fiber-Coaxial (HFC) Network

The second generation of cable networks is called a hybrid fiber-coaxial (HFC) network. The network uses a combination of fiber-optic and coaxial cable. The transmission medium from the cable TV office to a box, called the fiber node, is optical fiber; from the fiber node through the neighborhood and into the house is still coaxial cable. Figure 5.11 shows a schematic diagram of an HFC network.
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Figure 5.11 Hybrid fiber-coaxial (HFC) network
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The regional cable head (RCH) normally serves up to 400,000 subscribers. The RCHs feed the distribution hubs, each of which serves up to 40,000 subscribers. The distribution hub plays an important role in the new infrastructure. Modulation and distribution of signals are done here; the signals are then fed to the fiber nodes through fiber-optic cables. The fiber node splits the analog signals so that the same signal is sent to each coaxial cable. Each coaxial cable serves up to 1000 subscribers. The use of fiber-optic cable reduces the need for amplifiers down to eight or less.

One reason for moving from traditional to hybrid infrastructure is to make the cable network bidirectional (two-way).

5.2.3 Cable TV for Data Transfer

Cable companies are now competing with telephone companies for the residential customer who wants high-speed data transfer. DSL technology provides high-data-rate connections for residential subscribers over the local loop. However, DSL uses the existing unshielded twisted-pair cable, which is very susceptible to interference. This imposes an upper limit on the data rate. A solution is the use of the cable TV network. In this section, we briefly discuss this technology.

Even in an HFC system, the last part of the network, from the fiber node to the subscriber premises, is still a coaxial cable. This coaxial cable has a bandwidth that ranges from 5 to 750 MHz (approximately). To provide Internet access, the cable company has divided this bandwidth into three bands: video, downstream data, and upstream databands, as shown in Figure 5.12.


Figure 5.12 Division of coaxial cable band by CATV
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The video band occupies frequencies from 54 to 550 MHz. Because each TV channel occupies 6 MHz, this can accommodate more than 80 channels. The downstream data (from the Internet to the subscriber premises) occupies the upper band, from 550 to 750 MHz. This band is also divided into 6-MHz channels.

The upstream data (from the subscriber premises to the Internet) occupies the lower band, from 5 to 42 MHz. This band is also divided into 6-MHz channels. There are 2 bits/baud in QPSK. The standard specifies 1 Hz for each baud; this means that, theoretically, upstream data can be sent at 12 Mbps (2 bits/Hz × 6 MHz). However, the data rate is usually less than 12 Mbps.

Sharing

Both upstream and downstream bands are shared by the subscribers. The upstream data bandwidth is 37 MHz. This means that there are only six 6-MHz channels available in the upstream direction. A subscriber needs to use one channel to send data in the upstream direction. The question is, “How can six channels be shared in an area with 1000, 2000, or even 100,000 subscribers? ” The solution is timesharing. The band is divided into channels; these channels must be shared between subscribers in the same neighborhood. The cable provider allocates one channel, statically or dynamically, for a group of subscribers. If one subscriber wants to send data, she or he contends for the channel with others who want access; the subscriber must wait until the channel is available.

We have a similar situation in the downstream direction. The downstream band has 33 channels of 6 MHz. A cable provider probably has more than 33 subscribers; therefore, each channel must be shared between a group of subscribers. However, the situation is different for the downstream direction; here we have a multicasting situation. If there are data for any of the subscribers in the group, the data are sent to that channel. Each subscriber is sent the data. But because each subscriber also has an address registered with the provider; the cable modem for the group matches the address carried with the data to the address assigned by the provider. If the address matches, the data are kept; otherwise, they are discarded.

CM and CMTS

To use a cable network for data transmission, we need two key devices: a cable modem (CM) and a cable modem transmission system (CMTS). The cable modem is installed on the subscriber premises. The cable modem transmission system is installed inside the cable company. It receives data from the Internet and sends them to the subscriber. The CMTS also receives data from the subscriber and passes them to the Internet. It is similar to an ADSL modem. Figure 5.13 shows the location of these two devices. Like DSL technology, the cable company needs to become an ISP and provide Internet services to the subscriber. At the subscriber premises, the CM separates the video from data and sends them to the television set or the computer.

5.3 CELLULAR TELEPHONY

Cellular telephony is designed to provide communications between two moving units, called mobile stations (MSs), or between one mobile unit and one stationary unit, often called a land unit. A service provider must be able to locate and track a caller, assign a channel to the call, and transfer the channel from base station to base station as the caller moves out of range.
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Figure 5.13 Cable modem transmission system (CMTS)
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To make this tracking possible, each cellular service area is divided into small regions called cells. Each cell contains an antenna and is controlled by a solar- or AC-powered network station, called the base station (BS). Each base station, in turn, is controlled by a switching office, called a mobile switching center (MSC). The MSC coordinates communication between all the base stations and the telephone central office. It is a computerized center that is responsible for connecting calls, recording call information, and billing (see Figure 5.14).


Figure 5.14 Cellular system
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Cell size is not fixed and can be increased or decreased depending on the population of the area. The typical radius of a cell is 1 to 12 mi. High-density areas require more, geographically smaller cells to meet traffic demands than do low-density areas. Once determined, cell size is optimized to prevent the interference of adjacent cell signals. The transmission power of each cell is kept low to prevent its signal from interfering with those of other cells.

5.3.1 Operation

Let us first briefly discuss the operation of the cellular telephony.
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Frequency-Reuse Principle

In general, neighboring cells cannot use the same set of frequencies for communication because it may create interference for the users located near the cell boundaries. However, the set of frequencies available is limited, and frequencies need to be reused. A frequency-reuse pattern is a configuration of N cells, N being the reuse factor, in which each cell uses a unique set of frequencies. When the pattern is repeated, the frequencies can be reused. There are several different patterns. Figure 5.15 shows two of them.


Figure 5.15 Frequenc–reuse patterns
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The numbers in the cells define the pattern. The cells with the same number in a pattern can use the same set of frequencies. We call these cells the reusing cells. As Figure 5.15 shows, in a pattern with reuse factor 4, only one cell separates the cells using the same set of frequencies. In the pattern with reuse factor 7, two cells separate the reusing cells.

Transmitting

To place a call from a mobile station, the caller enters a code of 7 or 10 digits (a phone number) and presses the send button. The mobile station then scans the band, seeking a setup channel with a strong signal, and sends the data (phone number) to the closest base station using that channel. The base station relays the data to the MSC. The MSC sends the data on to the telephone central office. If the called party is available, a connection is made and the result is relayed back to the MSC. At this point, the MSC assigns an unused voice channel to the call, and a connection is established. The mobile station automatically adjusts its tuning to the new channel, and communication can begin.

Receiving

When a mobile phone is called, the telephone central office sends the number to the MSC. The MSC searches for the location of the mobile station by sending query signals to each cell in a process called paging. Once the mobile station is found, the MSC transmits a ringing signal and, when the mobile station answers, assigns a voice channel to the call, allowing voice communication to begin.
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Handoff

It may happen that, during a conversation, the mobile station moves from one cell to another. When it does, the signal may become weak. To solve this problem, the MSC monitors the level of the signal every few seconds. If the strength of the signal diminishes, the MSC seeks a new cell that can better accommodate the communication. The MSC then changes the channel carrying the call (hands the signal off from the old channel to a new one).

Hard Handoff

Early systems used a hard handoff. In a hard handoff, a mobile station only communicates with one base station. When the MS moves from one cell to another, communication must first be broken with the previous base station before communication can be established with the new one. This may create a rough transition.

Soft Handoff

New systems use a soft handoff. In this case, a mobile station can communicate with two base stations at the same time. This means that, during handoff, a mobile station may continue with the new base station before breaking off from the old one.

Roaming

One feature of cellular telephony is called roaming. Roaming means, in principle, that a user can have access to communication or can be reached where there is coverage. A service provider usually has limited coverage. Neighboring service providers can provide extended coverage through a roaming contract. The situation is similar to snail mail between countries. The charge for delivery of a letter between two countries can be divided upon agreement by the two countries.

5.3.2 First Generation (1G)

Cellular telephony is now in its fourth generation. The first generation was designed for voice communication using analog signals. We discuss one first-generation mobile system used in North America, AMPS.

AMPS

Advanced Mobile Phone System (AMPS) is one of the leading analog cellular systems in North America. It uses FDMA (see Chapter 2) to separate channels in a link.


AMPS is an analog cellular phone system using FDMA.



Bands

AMPS operates in the ISM 800-MHz band. The system uses two separate analog channels, one for forward (base station to mobile station) communication and one for reverse (mobile station to base station) communication. The band between 824 and 849 MHz carries reverse communication; the band between 869 and 894 MHz carries forward communication (see Figure 5.16).
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Figure 5.16 Cellular bands for AMPS
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Each band is divided into 832 channels. However, two providers can share an area, which means 416 channels in each cell for each provider. Out of these 416, twenty-one channels are used for control, which leaves 395 channels. AMPS has a frequency reuse factor of 7; this means only one-seventh of these 395 traffic channels are actually available in a cell.

Transmission

AMPS uses FM and FSK for modulation. Figure 5.17 shows the transmission in the reverse direction. Voice channels are modulated using FM, and control channels use FSK to create 30-kHz analog signals. AMPS uses FDMA to divide each 25-MHz band into 30-kHz channels.


Figure 5.17 AMPS reverse communication band
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5.3.3 Second Generation (2G)

To provide higher-quality (less noise-prone) mobile voice communications, the second generation of the cellular phone network was developed. While the first generation was designed for analog voice communication, the second generation was mainly designed for digitized voice. Three major systems evolved in the second generation: D-AMPS, GSM, and IS-95.

Page 167

D-AMPS

The product of the evolution of the analog AMPS into a digital system is digital AMPS (D-AMPS). D-AMPS was designed to be backward-compatible with AMPS. This means that in a cell, one telephone can use AMPS and another D-AMPS. D-AMPS was first defined by IS-54 (Interim Standard 54) and later revised by IS-136.

Band

D-AMPS uses the same bands and channels as AMPS.

Transmission

Each voice channel is digitized using a very complex PCM and compression technique. A voice channel is digitized to 7.95 kbps. Three 7.95-kbps digital voice channels are combined using time-division multiple access (TDMA). The result is 48.6 kbps of digital data; much of this is overhead. As Figure 5.18 shows, the system sends 25 frames per second, with 1944 bits per frame. Each frame lasts 40 ms (1/25) and is divided into six slots shared by three digital channels; each channel is allotted two slots.


Figure 5.18 D-AMPS
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Each slot holds 324 bits. However, only 159 bits come from the digitized voice; 64 bits are for control and 101 bits are for error correction. In other words, each channel drops 159 bits of data into each of the two channels assigned to it. The system adds 64 control bits and 101 error-correcting bits.
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The resulting 48.6 kbps of digital data modulates a carrier using QPSK; the result is a 30-kHz analog signal. Finally, the 30-kHz analog signals share a 25-MHz band (FDMA). D-AMPS has a frequency-reuse factor of 7.


D-AMPS, or IS-136, is a digital cellular phone system using TDMA and FDMA.



GSM

The Global System for Mobile Communication (GSM) is a European standard that was developed to provide a common second-generation technology for all Europe. The aim was to replace a number of incompatible first-generation technologies.

Bands

GSM uses two bands for duplex communication. Each band is 25 MHz in width, shifted toward 900 MHz, as shown in Figure 5.19. Each band is divided into 124 channels of 200 kHz separated by guard bands.

Transmission

Figure 5.20 shows a GSM system. Each voice channel is digitized and compressed to a 13-kbps digital signal. Each slot carries 156.25 bits. Eight slots share a frame (TDMA). Twenty-six frames also share a multiframe (TDMA). We can calculate the bit rate of each channel as follows.

Channel data rate = (1/120 ms) × 26 × 8 × 156.25 = 270.8 kbps


Figure 5.19 GSM bands
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Each 270.8-kbps digital channel modulates a carrier using GMSK (a form of FSK used mainly in European systems); the result is a 200-kHz analog signal. Finally 124 analog channels of 200 kHz are combined using FDMA. The result is a 25-MHz band. Figure 5.21 shows the user data and overhead in a multiframe.

The reader may have noticed the large amount of overhead in TDMA. The user data are only 65 bits per slot. The system adds extra bits for error correction to make it 114 bits per slot. To do this, control bits are added to bring it up to 156.25 bits per slot. Eight slots are encapsulated in a frame. Twenty-four traffic frames and two additional control frames make a multiframe. A multiframe has a duration of 120 ms. However, the architecture does define superframes and hyperframes that do not add any overhead; we will not discuss them here.
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Figure 5.20 GSM
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Figure 5.21 Multiframe components
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Reuse Factor

Because of the complex error-correction mechanism, GSM allows a reuse factor as low as 3.


GSM is a digital cellular phone system using TDMA and FDMA.



IS-95

One of the dominant second-generation standards in North America is Interim Stand 95 (IS-95). It is based on CDMA and DSSS.

Bands and Channels

IS-95 uses two bands for duplex communication. The bands can be the traditional ISM 800-MHz band or the ISM 1900-MHz band. Each band is divided into 20 channels of 1.228 MHz separated by guard bands. Each service provider is allotted 10 channels. IS-95 can be used in parallel with AMPS. Each IS-95 channel is equivalent to 41 AMPS channels (41 × 30 kHz = 1.23 MHz).

Synchronization

All base channels need to be synchronized to use CDMA. To provide synchronization, bases use the services of the Global Positioning System (GPS), a satellite system that we discuss in Section 5.4.3.

Forward Transmission

IS-95 has two different transmission techniques: one for use in the forward (base to mobile) direction and another for use in the reverse (mobile to base) direction. In the forward direction, communications between the base and all mobiles are synchronized; the base sends synchronized data to all mobiles. Figure 5.22 shows a simplified diagram for the forward direction.


Figure 5.22 IS-95 forward transmission
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Each voice channel is digitized, producing data at a basic rate of 9.6 kbps. After adding error-correcting and repeating bits, and interleaving, the result is a signal of 19.2 kilo signals per second (ksps). This output is now scrambled using a 19.2-ksps signal. The scrambling signal is produced from a long code generator that uses the electronic serial number (ESN) of the mobile station and generates 242 pseudorandom chips, each chip having 42 bits. Note that the chips are generated pseudorandomly, not randomly, because the pattern repeats itself. The output of the long code generator is fed to a decimator, which chooses 1 bit out of 64 bits. The output of the decimator is used for scrambling. The scrambling is used to create privacy; the ESN is unique for each station.

The result of the scrambler is combined using CDMA. For each traffic channel, one 64 × 64 row chip is selected. The result is a signal of 1.228 megachips per second (Mcps).

19.2 ksps × 64 cps = 1.228 Mcps

The signal is fed into a QPSK modulator to produce a signal of 1.228 MHz. The resulting bandwidth is shifted appropriately, using FDMA. An analog channel creates 64 digital channels, of which 55 channels are traffic channels (carrying digitized voice). Nine channels are used for control and synchronization:


	Channel 0 is a pilot channel. This channel sends a continuous stream of 1s to mobile stations. The stream provides bit synchronization, serves as a phase reference for demodulation, and allows the mobile station to compare the signal strength of neighboring bases for handoff decisions.

	Channel 32 gives information about the system to the mobile station.

	Channels 1 to 7 are used for paging, to send messages to one or more mobile stations.

	Channels 8 to 31 and 33 to 63 are traffic channels carrying digitized voice from the base station to the corresponding mobile station.



Reverse Transmission

The use of CDMA in the forward direction is possible because the pilot channel sends a continuous sequence of 1s to synchronize transmission. The synchronization is not used in the reverse direction because we need an entity to do that, which is not feasible. Instead of CDMA, the reverse channels use direct sequence spread spectrum (DSSS), which is a technique that replaces each bit with n different bits according to a predefined pattern. Figure 5.23 shows a simplified diagram for reverse transmission.

Each voice channel is digitized, producing data at a rate of 9.6 kbps. However, after adding error-correcting and repeating bits, plus interleaving, the result is a signal of 28.8 ksps. The output is now passed through a 6/64 symbol modulator. The symbols are divided into six-symbol chunks, and each chunk is interpreted as a binary number (from 0 to 63). The binary number is used as the index to a 64 × 64 matrix for selection of a row of chips. Note that this procedure is not CDMA; each bit is not multiplied by the chips in a row. Each six-symbol chunk is replaced by a 64-chip code. This is done to provide a kind of orthogonality; it differentiates the streams of chips from the different mobile stations. The result creates a signal of 307.2 kcps or (28.8/6) × 64.

Spreading is the next step; each chip is spread into 4. Again the ESN of the mobile station creates a long code of 42 bits at a rate of 1.228 Mcps, which is 4 times 307.2. After spreading, each signal is modulated using QPSK, which is slightly different from the one used in the forward direction; we do not go into details here. Note that there is no multiple-access mechanism here; all reverse channels send their analog signal into the air, but the correct chips will be received by the base station due to spreading.
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Figure 5.23 IS-95 reverse transmission
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Although we can create 242 − 1 digital channels in the reverse direction (because of the long code generator), normally 94 channels are used; 62 are traffic channels, and 32 are channels used to gain access to the base station.


IS-95 is a digital cellular phone system using CDMA/DSSS and FDMA.



Two Data Rate Sets

IS-95 defines two data rate sets, with four different rates in each set. The first set defines 9600, 4800, 2400, and 1200 bps. If, for example, the selected rate is 1200 bps, each bit is repeated 8 times to provide a rate of 9600 bps. The second set defines 14,400, 7200, 3600, and 1800 bps. This is possible by reducing the number of bits used for error correction. The bit rates in a set are related to the activity of the channel. If the channel is silent, only 1200 bits can be transferred, which improves the spreading by repeating each bit 8 times.

Frequency-Reuse Factor

In an IS-95 system, the frequency-reuse factor is normally 1 because the interference from neighboring cells cannot affect CDMA or DSSS transmission.

Soft Handoff

Every base station continuously broadcasts signals using its pilot channel. This means a mobile station can detect the pilot signal from its cell and neighboring cells. This enables a mobile station to do a soft handoff in contrast to a hard handoff.
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5.3.4 Third Generation (3G)

The third generation of cellular telephony refers to a combination of technologies that provide both digital data and voice communication. Using a small portable device, a person is able to talk to anyone else in the world with a voice quality similar to that of the existing fixed telephone network. A person can download and watch a movie, download and listen to music, surf the Internet or play games, have a video conference, and do much more. One of the interesting characteristics of a third-generation system is that the portable device is always connected; you do not need to dial a number to connect to the Internet.

The third-generation concept started in 1992, when ITU issued a blueprint called the Internet Mobile Communication 2000 (IMT-2000). The blueprint defines some criteria for third-generation technology as outlined here:


	Voice quality comparable to that of the existing public telephone network

	Data rate of 144 kbps for access in a moving vehicle (car), 384 kbps for access as the user walks (pedestrians), and 2 Mbps for the stationary user (office or home)

	Support for packet-switched and circuit-switched data services

	A band of 2 GHz

	Bandwidths of 2 MHz

	Interface to the Internet




The main goal of third-generation cellular telephony is to provide
universal personal communication.



IMT-2000 Radio Interface

Figure 5.24 shows the radio interfaces (wireless standards) adopted by IMT-2000. All five are developed from second-generation technologies. The first two evolve from CDMA technology. The third evolves from a combination of CDMA and TDMA. The fourth evolves from TDMA, and the last evolves from both FDMA and TDMA.


Figure 5.24 IMT-2000 radio interfaces
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IMT-DS

This approach uses a version of CDMA called wideband CDMA (W-CDMA) that uses a 5-MHz bandwidth. It was developed in Europe and is compatible with the CDMA used in IS-95.

IMT-MC

This approach was developed in North America and is known as CDMA 2000. It is an evolution of CDMA technology used in IS-95 channels. It combines the new wideband (15-MHz) spread spectrum with the narrowband (1.25-MHz) CDMA of IS-95. It is backward-compatible with IS-95. It allows communication on multiple 1.25-MHz channels (1, 3, 6, 9, 12 times), up to 15 MHz. The use of the wider channels allows it to reach the 2-Mbps data rate defined for the third generation.

IMT-TC

This standard uses a combination of W-CDMA and TDMA. The standard tries to reach the IMT-2000 goals by adding TDMA multiplexing to W-CDMA.

IMT-SC

This standard uses only TDMA.

IMT-FT

This standard uses a combination of FDMA and TDMA.

5.3.5 Fourth Generation (4G)

The fourth generation of cellular telephony is a complete evolution in wireless communications. Some of the objectives defined by the 4G working group are as follows:


	A spectrally efficient system

	High network capacity

	Data rate of 100 Mbit/s for access in a moving car and 1 Gbit/s for stationary users

	Data rate of at least 100 Mbit/s between any two points in the world

	Smooth handoff across heterogeneous networks

	Seamless connectivity and global roaming across multiple networks

	Interoperability with existing wireless standards

	All IP, packet-switched, networks



The fourth generation is only packet-based (unlike 3G) and supports Internet Protocol version 6 (discussed in Chapter 7). This provides better multicast, security, and route optimization capabilities.

Access Scheme

To increase efficiency, capacity, and scalability, new access techniques are being considered for 4G. For example, orthogonal FDMA (OFDMA) and interleaved FDMA (IFDMA) are being considered, respectively, for the downlink and uplink of the next-generation Universal Mobile Telecommunications System (UMTS). Similarly, multicarrier code division multiple access (MC-CDMA) is proposed for the IEEE 802.20 standard.
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Modulation

More efficient quadrature amplitude modulation (64-QAM) is being proposed for use with the new version of the standard.

Radio System

The fourth generation uses a Software Defined Radio (SDR) system. Unlike a common radio that uses hardware, the components of an SDR are pieces of software and thus flexible. The SDR can change its program to shift its frequencies to mitigate frequency interference.

Antenna

The multiple-input multiple-output (MIMO) and multiuser MIMO (MU-MIMO) antenna system, a branch of intelligent antenna, is proposed for 4G. Using this antenna system together with special multiplexing, 4G allows independent streams to be transmitted simultaneously from all the antennas to increase the data rate into multiple folds. MIMO also allows the transmitter and receiver coordinates to move to an open frequency when interference occurs.

Applications

At the present rates of 15–30 Mbit/s, 4G is capable of providing users with streaming high-definition television. At rates of 100 Mbit/s, the content of a DVD can be downloaded within about 5 min for offline access.

5.4 SATELLITE NETWORK

A satellite network is a combination of nodes, some of which are satellites, that provides communication from one point on the Earth to another. A node in the network can be a satellite, an Earth station, or an end-user terminal or telephone. Although a natural satellite, such as the moon, can be used as a relaying node in the network, the use of artificial satellites is preferred because we can install electronic equipment on the satellite to regenerate the signal that has lost its energy during travel. Another restriction on using natural satellites is their distances from the Earth, which create a long delay in communication.

Satellite networks are like cellular networks in that they divide the planet into cells. Satellites can provide transmission capability to and from any location on Earth, no matter how remote. This advantage makes high-quality communication available to undeveloped parts of the world without requiring a huge investment in ground-based infrastructure.

5.4.1 Operation

Let us first discuss some general issues related to the operation of satellites.

Orbits

An artificial satellite needs to have an orbit, the path in which it travels around Earth. The orbit can be equatorial, inclined, or polar, as shown in Figure 5.25.
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Figure 5.25 Satellite orbits
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The period of a satellite, the time required for a satellite to make a complete trip around the Earth, is determined by Kepler’s law, which defines the period as a function of the distance of the satellite from the center of the Earth.

Example 5.1

What is the period of the moon, according to Kepler’s law?

Period = C × distance1.5

Here C is a constant approximately equal to 1/100. The period is in seconds, and the distance is in kilometers.

Solution

The moon is located approximately 384,000 km above the Earth. The radius of the Earth is 6378 km. Applying the formula, we get the following.

Period = (1/100) × (384,000 + 6378)1.5 = 2,439,090 s = 1 month

Example 5.2

According to Kepler’s law, what is the period of a satellite that is located at an orbit approximately 35,786 km above the Earth?

Solution

Applying the formula, we get the following.

Period = (1/100) × (35,786 + 6378)1.5 = 86,579 s = 24 h

This means that a satellite located at 35,786 km above the earth has a period of 24 h, which is the same as the rotation period of the Earth. A satellite like this is said to be stationary to the Earth. The orbit, as we will see, is called a geostationary orbit.

Footprint

Satellites process microwaves with bidirectional antennas (line-of-sight). Therefore, the signal from a satellite is normally aimed at a specific area called the footprint. The signal power at the center of the footprint is maximum. The power decreases as we move out from the footprint center. The boundary of the footprint is the location where the power level is at a predefined threshold.
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Frequency Bands for Satellite Communication

The frequencies reserved for satellite microwave communication are in the gigahertz (GHz) range. Each satellite sends and receives over two different bands. Transmission from the Earth to the satellite is called the uplink. Transmission from the satellite to the Earth is called the downlink. Table 5.1 gives the band names and frequencies for each range.

Table 5.1 Satellite frequency bands



	
Band


	
Downlink (GHz)


	
Uplink (GHz)


	
Bandwidth (MHz)





	
L


	
1.5


	
1.6


	
15





	
S


	
1.9


	
2.2


	
70





	
C


	
4.0


	
6.0


	
500





	
Ku


	
11.0


	
14.0


	
500





	
Ka


	
20.0


	
30.0


	
3500






Three Categories of Satellites

Based on the location of the orbit, satellites can be divided into three categories: geostationary Earth orbit (GEO), low-Earth-orbit (LEO), and medium-Earth-orbit (MEO).

Figure 5.26 shows the satellite altitudes with respect to the surface of the Earth. There is only one orbit, at an altitude of 35,786 km for the GEO satellite. MEO satellites are located at altitudes between 5000 and 15,000 km. LEO satellites are normally below an altitude of 2000 km.


Figure 5.26 Satellite orbit altitudes
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One reason for having different orbits is the existence of two Van Allen belts. A Van Allen belt is a layer that contains charged particles. A satellite orbiting in one of these two belts would be totally destroyed by the energetic charged particles. The MEO orbits are located between these two belts.
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5.4.2 GEO Satellites

Line-of-sight propagation requires that the sending and receiving antennas be locked onto each other’s location at all times (one antenna must have the other in sight). For this reason, a satellite that moves faster or slower than the Earth’s rotation is useful only for short periods. To ensure constant communication, the satellite must move at the same speed as the Earth so that it seems to remain fixed above a certain spot. Such satellites are called geostationary.

Because orbital speed is based on the distance from the planet, only one orbit can be geostationary. This orbit occurs at the equatorial plane and is approximately 22,000 mi above the surface of the Earth.

But one geostationary satellite cannot cover the whole Earth. One satellite in orbit has line-of-sight contact with a vast number of stations, but the curvature of the Earth still keeps much of the planet out of sight. It takes a minimum of three satellites equidistant from each other in geostationary Earth orbit (GEO) to provide full global transmission. Figure 5.27 shows three satellites, each 120° from each other in geosynchronous orbit around the equator. The view is from the North Pole.


Figure 5.27 Satellites in geostationary orbit
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5.4.3 MEO Satellites

Medium-Earth-orbit (MEO) satellites are positioned between the two Van Allen belts. A satellite at this orbit takes approximately 6 to 8 h to circle the Earth.

Global Positioning System

One example of a MEO satellite system is the Global Positioning System (GPS), contracted and operated by the U.S. Department of Defense, orbiting at an altitude about 18,000 km (11,000 mi) above the Earth. The system consists of 24 satellites and is used for land, sea, and air navigation to provide time and location for vehicles and ships. GPS uses 24 satellites in six orbits, as shown in Figure 5.28. The orbits and the locations of the satellites in each orbit are designed in such a way that, at any time, four satellites are visible from any point on Earth. A GPS receiver has an almanac that tells the current position of each satellite.
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Figure 5.28 Orbits for Global Positioning System (GPS) satellites
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Trilateration

GPS is based on a principle called trilateration. The terms trilateration and triangulation are often used interchangeably, but they have different meanings. We use the word trilateration, which means using three distances, instead of triangulation, which refer to three different angles. three angles. On a plane, if we know our distance from three points, we know exactly where we are. Let us say that we are 10 mi away from point A, 12 mi away from point B, and 15 mi away from point C. If we draw three circles with the centers at A, B, and C, we must be somewhere on circle A, somewhere on circle B, and somewhere on circle C. These three circles meet at one single point (if our distances are correct); this is our position. Figure 5.29a shows the concept.


Figure 5.29 Trilateration on a plane
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In three-dimensional space, the situation is different. Three spheres do not necessarily all meet at one point, as shown in Figure 5.29b. We need at least four spheres to find our exact position in space (longitude, latitude, and altitude). However, if we have additional facts about our location (for example, we know that we are not inside the ocean or somewhere in space), three spheres are enough, because one of the two points, where the spheres meet, is so improbable that the other can be selected without a doubt.

Measuring the distance

The trilateration principle can find our location on the Earth if we know our distance from three satellites and know the position of each satellite. The position of each satellite can be calculated by a GPS receiver (using the predetermined path of the satellites). The GPS receiver, then, needs to find its distance from at least three GPS satellites (center of the spheres). Measuring the distance is done using a principle called one-way ranging. For the moment, let us assume that all GPS satellites and the receiver on the Earth are synchronized. Each of 24 satellites synchronously transmits a complex signal, each satellite’s signal having a unique pattern. The computer on the receiver measures the delay between the signals from the satellites and its copy of the signals to determine the distances to the satellites.

Synchronization

The preceding discussion was based on the assumption that the satellites’ clocks are synchronized with each other and with the receiver’s clock. Satellites use atomic clocks, which are precise and can function synchronously with each other. The receiver’s clock, however, is a normal quartz clock (an atomic clock costs more than $50,000), and there is no way to synchronize it with the satellite clocks. There is an unknown offset between the satellite clocks and the receiver clock that introduces a corresponding offset in the distance calculation. Because of this offset, the measured distance is called a pseudorange.

GPS uses an elegant solution to the clock offset problem, by recognizing that the offset’s value is the same for all satellites being used. The calculation of position becomes finding four unknowns: the xr, yr, zr coordinates of the receiver, and the common clock offset dt. For finding these four unknown values, we need at least four equations. This means that we need to measure pseudoranges from four satellites instead of three. If we call the four measured pseudoranges PR1, PR2, PR3, and PR4 and the coordinates of each satellite xi, yi, and zi (for i = 1 to 4), we can find the four previously mentioned unknown values using the following four equations (the four unknown values are shown in color).

PR1 = [(x1 − xr)2 + (y1 − yr)2 + (z1 − zr)2]1/2 + c × dt
PR2 = [(x2 − xr)2 + (y2 − yr)2 + (z2 − zr)2]1/2 + c × dt
PR3 = [(x3 − xr)2 + (y3 − yr)2 + (z3 − zr)2]1/2 + c × dt
PR4 = [(x4 − xr)2 + (y4 − yr)2 + (z4 − zr)2]1/2 + c × dt

The coordinates used in the preceding formulas are in an Earth-Centered Earth-Fixed (ECEF) reference frame, which means that the origin of the coordinate space is at the center of the Earth and the coordinate space rotates with the Earth. This implies that the ECEF coordinates of a fixed point on the surface of the Earth do not change.
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Application

GPS is used by military forces. For example, thousands of portable GPS receivers were used during the Persian Gulf war by foot soldiers, vehicles, and helicopters. Another use of GPS is in navigation. The driver of a car can find the location of the car and then consult a database in the memory of the automobile to be directed to the destination. In other words, GPS gives the location of the car, and the database uses this information to find a path to the destination. A very interesting application is clock synchronization. As we mentioned previously, the IS-95 cellular telephone system uses GPS to create time synchronization between the base stations.

5.4.4 LEO Satellites

Low-Earth-orbit (LEO) satellites have polar orbits. The altitude is between 500 and 2000 km, with a rotation period of 90 to 120 min. The satellite has a speed of 20,000 to 25,000 km/h. A LEO system usually has a cellular type of access, similar to the cellular telephone system. The footprint normally has a diameter of 8000 km. Because LEO satellites are close to the Earth, the round-trip time propagation delay is normally less than 20 ms, which is acceptable for audio communication.

A LEO system is made up of a constellation of satellites that work together as a network; each satellite acts as a switch. Satellites that are close to each other are connected through intersatellite links (ISLs). A mobile system communicates with the satellite through a user mobile link (UML). A satellite can also communicate with an Earth station (gateway) through a gateway link (GWL). Figure 5.30 shows a typical LEO satellite network.


Figure 5.30 LEO satellite system
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LEO satellites can be divided into three categories: little LEOs, big LEOs, and broadband LEOs. The little LEOs operate under 1 GHz. They are mostly used for low-data-rate messaging. The big LEOs operate between 1 and 3 GHz. Globalstar is one of the examples of a big LEO satellite system. It uses 48 satellites in six polar orbits with each orbit hosting 8 satellites. The orbits are located at an altitude of almost 1400 km. Iridium systems are also examples of big LEOs. The Iridium system has 66 satellites divided into six orbits, with 11 satellites in each orbit. The orbits are at an altitude of 750 km. The satellites in each orbit are separated from one another by approximately 32° of latitude. The broadband LEOs provide communication similar to fiber-optic networks. The first broadband LEO system was Teledesic. Teledesic is a system of satellites that provides fiber-optic-like communication (broadband channels, low error rate, and low delay). Its main purpose is to provide broadband Internet access for users all over the world. It is sometimes called “Internet in the sky.” The project was started in 1990 by Craig McCaw and Bill Gates; later, other investors joined the consortium. The project is scheduled to be fully functional in the near future.
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5.5 END–OF–CHAPTER MATERIALS

5.5.1 Recommended Reading

For more details about subjects discussed in this chapter, we recommend the following books. The items in brackets refer to the reference list at the end of the text.

Books

Several books cover materials discussed in this chapter, including [Sch 03], [Gas 02]. [For 03], [Sta 04], [Sta 02], [Kei 02], [Jam 03], [AZ 03], [Tan 03], [Cou 01], [Com 06], [GW 04], and [PD 03].

5.5.2 Key Terms

56K modem

800 service

900 service

Advanced Mobile Phone System (AMPS)

analog leased service

analog switched service

asymmetric DSL (ADSL)

cable modem (CM)

cable modem transmission system (CMTS)

cellular telephony

common carrier

community antenna TV (CATV)

competitive local exchange carrier (CLEC)

demodulator

digital AMPS (D-AMPS)

digital data service (DDS)

digital service

digital service unit (DSU)

digital subscriber line (DSL)

direct sequence spread spectrum (DSSS)

distribution hub

downloading

downstream data band

end office

fiber node

footprint

geostationary Earth orbit (GEO)

Global Positioning System (GPS)

Global System for Mobile Communication (GSM)

Globalstar

handoff

head end

hybrid fiber-coaxial (HFC) network

in-band signaling

incumbent local exchange carrier (ILEC)

interexchange carrier (IXC)

Interim Standard 95 (IS-95)

Interleaved FDMA (IFDMA)

Internet Mobile Communication 2000 (IMT-2000)

Iridium

ISDN user port (ISUP)

local access transport area (LATA)

local exchange carrier (LEC)

local loop

long-distance company

low-Earth-orbit (LEO)

medium-Earth-orbit (MEO)

message transport port (MTP) level
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mobile switching center (MSC)

modem

modulator

multicarrier CDMA (MC-CDMA)

multiple-input multiple-output (MIMO) antenna

multiuser MIMO (MU-MIMO) antenna

orthogonal FDMA (OFDMA)

out-of-band signaling

plain old telephone system (POTS)

point of presence (POP)

ranging

regional cable head (RCH)

regional office

reuse factor

roaming

server control point (SCP)

signal point (SP)

signal transport port (STP)

signaling connection control point (SCCP)

Signaling System Seven (SS7)

Software Defined Radio (SDR)

switched/56 service

switching office

tandem office

Teledesic

telephone user port (TUP)

time-division multiple access (TDMA)

transaction capabilities application port (TCAP)

triangulation

trilateration

trunk

Universal Mobile Telecommunication System (UMTS)

uploading

upstream data band

video band

wide area telephone service (WATS)

5.5.3 Summary

The telephone network was originally an analog system. During the last decade, the telephone network has undergone many technical changes. The network is now digital as well as analog. The telephone network is made up of three major components: local loops, trunks, and switching offices. Telephone companies provide two types of services: analog and digital. We can categorize analog services as either analog switched services or analog leased services. The two most common digital services are switched/56 service and digital data service (DDS). Data transfer using the telephone local loop was traditionally done using a dial-up modem. The term modem is a composite word that refers to the two functional entities that make up the device: a signal modulator and a signal demodulator. Most popular modems available are based on 56K modems. Telephone companies developed another technology, digital subscriber line (DSL), to provide higher-speed access to the Internet. DSL technology is a set of technologies, but we discussed only the common one, ADSL.

Community antenna TV (CATV) was originally designed to provide video services for the community. The traditional cable TV system used coaxial cable end-to-end. The second generation of cable networks is called a hybrid fiber-coaxial (HFC) network. The network uses a combination of fiber-optic and coaxial cable. Cable companies are now competing with telephone companies for the residential customer who wants high-speed access to the Internet. To use a cable network for data transmission, we need two key devices: a cable modem (CM) and a cable modem transmission system (CMTS).

Cellular telephony provides communication between two devices. One or both may be mobile. A cellular service area is divided into cells. Advanced Mobile Phone System (AMPS) is a first-generation cellular phone system. Digital AMPS (D-AMPS) is a second-generation cellular phone system that is a digital version of AMPS. Global System for Mobile Communication (GSM) is a second-generation cellular phone system used in Europe. Interim Standard 95 (IS-95) is a second-generation cellular phone system based on CDMA and DSSS. The third-generation cellular phone system provides universal personal communication. The fourth generation is the new generation of cellular phones that are becoming popular.
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A satellite network uses satellites to provide communication between any points on Earth. A geostationary Earth orbit (GEO) is at the equatorial plane and revolves in phase with Earth’s rotation. Global Positioning System (GPS) satellites are medium-Earth-orbit (MEO) satellites that provide time and location information for vehicles and ships. Iridium satellites are low-Earth-orbit (LEO) satellites that provide direct universal voice and data communications for handheld terminals. Teledesic satellites are low-Earth-orbit satellites that will provide universal broadband Internet access.

5.6 PRACTICE SET

5.6.1 Quizzes

A set of interactive quizzes for this chapter can be found on the book website. It is strongly recommended that students take the quizzes to check their understanding of the materials before continuing with the practice set.

5.6.2 Questions



	Q5-1.

	What are the three major components of a telephone network?




	Q5-2.

	What is LATA? What are intra-LATA and inter-LATA services?




	Q5-3.

	Describe the SS7 service and its relation to the telephone network.




	Q5-4.

	What are the two major services provided by telephone companies in the United States?




	Q5-5.

	What is dial-up modem technology? List some of the common modem standards discussed in this chapter, and give their data rates.




	Q5-6.

	What is DSL technology? What are the services provided by the telephone companies using DSL?




	Q5-7.

	Compare and contrast a traditional cable network with a hybrid fiber-coaxial network.




	Q5-8.

	How is data transfer achieved using CATV channels?




	Q5-9.

	Distinguish between CM and CMTS.




	Q5-10.

	Why is multiplexing more efficient if all the data units are the same size?




	Q5-11.

	What is the relationship between TPs, VPs, and VCs?




	Q5-12.

	What is the relationship between a base station and a mobile switching center?




	Q5-13.

	What are the functions of a mobile switching center?




	Q5-14.

	Which is better, a low reuse factor or a high reuse factor? Explain your answer.




	Q5-15.

	What is AMPS?




	Q5-16.

	What is the relationship between D-AMPS and AMPS?
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	Q5-17.

	What is GSM?




	Q5-18.

	What is the function of the CDMA in IS-95?




	Q5-19.

	What are the three types of orbits?




	Q5-20.

	Which type of orbit does a GEO satellite have? Explain your answer.




	Q5-21.

	What is a footprint?




	Q5-22.

	What is the relationship between the Van Allen belts and satellites?




	Q5-23.

	Compare an uplink with a downlink.




	Q5-24.

	What is the purpose of GPS?




	Q5-25.

	What is the main difference between Iridium and Globalstar?





5.6.3 Problems



	P5-1.

	When we have an overseas telephone conversation, we sometimes experience a delay. Can you explain the reason?




	P5-2.

	Draw a barchart to compare the different downloading data rates of common modems.




	P5-3.

	Draw a barchart to compare the different downloading data rates of common DSL technology implementations (use minimum data rates).




	P5-4.

	Calculate the minimum time required to download one million bytes of information using a 56K modem.




	P5-5.

	What type of topology is used when customers in an area use DSL modems for data transfer purposes? Explain.




	P5-6.

	What type of topology is used when customers in an area use cable modems for data transfer purposes? Explain.




	P5-7.

	What type of topology is used when customers in an area use DSL modems for data transfer purposes? Explain.




	P5-8.

	Draw a cell pattern with a frequency-reuse factor of 5.




	P5-9.

	Draw a cell pattern with a frequency-reuse factor of 3.




	P5-10.

	What is the maximum number of callers in each cell in AMPS?




	P5-11.

	What is the maximum number of simultaneous calls in each cell in an IS-136 (D-AMPS) system, assuming no analog control channels?




	P5-12.

	What is the maximum number of simultaneous calls in each cell in a GSM assuming no analog control channels?




	P5-13.

	What is the maximum number of callers in each cell in an IS-95 system?




	P5-14.

	Find the efficiency of AMPS in terms of simultaneous calls per megahertz of bandwidth. In other words, find the number of calls that can be used in 1-MHz bandwidth allocation.




	P5-15.

	Guess the relationship between a 3-kHz voice channel and a 30-kHz modulated channel in a system using AMPS.




	P5-16.

	How many slots are sent each second in a channel using D-AMPS? How many slots are sent by each user in 1 s?




	P5-17.

	Use Kepler’s formula to check the accuracy of a given period and altitude for a GPS satellite.




	P5-18.

	Use Kepler’s formula to check the accuracy of a given period and altitude for an Iridium satellite.
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	P5-19.

	Use Kepler’s formula to check the accuracy of a given period and altitude for a Globalstar satellite.




	P5-20.

	Find the efficiency of the AMPS protocol in terms of simultaneous calls per megahertz of bandwidth. In other words, find the number of calls that can be made in a 1-MHz bandwidth allocation.




	P5-21.

	Find the efficiency of the D-AMPS protocol in terms of simultaneous calls per megahertz of bandwidth. In other words, find the number of calls that can be made in a 1-MHz bandwidth allocation.




	P5-22.

	Find the efficiency of the GSM protocol in terms of simultaneous calls per megahertz of bandwidth. In other words, find the number of calls that can be made in a 1-MHz bandwidth allocation.




	P5-23.

	Find the efficiency of the IS-95 protocol in terms of simultaneous calls per megahertz of bandwidth. In other words, find the number of calls that can be made in a 1-MHz bandwidth allocation.
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APPENDIX C

HTML, CSS, XML, and XSL

This appendix is a very brief introduction to two markup languages and their style counterparts. The appendix is intended to give a high-level introduction to these languages for readers of the book. They are not intended to teach how to write documents in these languages, for which a more detailed text is required.
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C.1 HTML

Hypertext Markup Language (HTML) is a markup language for creating Web pages. In this text, when we mention HTML, except where otherwise specified, we mean HTML or XHTML. The differences between the two will be cleared up later. The term markup language comes from the book publishing industry; before a book is typeset and printed, a copy editor reads the manuscript and puts marks on it. These marks tell the compositor how to format the text. For example, if the copy editor wants a section of a line to be printed in boldface, she draws a wavy line under that section. Similarly, text and other information for a web page are marked by HTML to be interpreted and displayed by a browser. For easy reading, we have set the markup sections of documents in color.

C.1.1 HTML Document

To display a document on a browser, we need to create an HTML document. The document should be unformatted (in standard ASCII) text. Most simple text editors such as Windows Notepad or Macintosh TextEdit create unformatted text, but if we use a word processing software, we should save the result as plaintext. We save the file with an html extension, for example, fileName.html. We can then open the file from any web browser.

C.1.2 Tags

Tags are the basic element of HTML. Tags are hidden commands that tell the web browsers how to interpret and display text and other content of a web page. Most tags come in pairs: beginning tag and ending tag.

<tagName> … </tagName>

Note that the tag name is in lowercase and included inside pointed brackets; the ending tag has an extra slash. The content comes between the beginning and ending tags. For example, the pair <b> and </b> are bold tags:

<b> This text will be displayed in bold. </b>

Certain tags do not come in pairs. For example, we only put a <br/> tag where we want a line break. Such a tag is called an empty tag and has a slash written to the right of the tag name:

<tagName/>

Most tags have a set of optional attributes and corresponding values included in the beginning tag:

<tagName attribute = value attribute = value … > content </tagName>

Doctype

The doctype declaration is version information that appears as the first line of any HTML document. It refers to a known Document Type Definition (DTD) that provides the tags and attributes of an HTML document. In any web page, click the right button and select View Source, and you will see the doctype declaration as the first line of the source codes, which looks like
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<!DOCTYPE HTML PUBLIC "-//W3C//DTD HTML 4.01 Transitional//EN"

"http://www.w3.org/TR/html4/loose.dtd">

The following are explanations of different sections of the code:




	!DOCTYPE
	Doctype declaration (uppercase)



	PUBLIC
	DTD is a public resource



	W3C
	Guardian of DTD



	HTML 4.01:
	Markup language and version



	EN
	English



	http://www.w3.org/TR/html4/loose.dtd
	URL for the location of the DTD





Structural Tags

Head and Title

The <head> tag usually comes after the doctype declaration. It is followed by important document information. One of the most important pieces of document information is the document title, which comes between the <title> and </title> tags. The title has only informational value and is not displayed by the browser, but it is displayed in the browser title bar. The </head> tag ends the header section of the document. The following shows an example.




	<head>



	<title> Title of document goes here. </title>



	Other document information



	…



	</head>





Body

The actual body of an HTML document is enclosed between <body> and </body> tags. An HTML document is normally organized with the head, title, and body tags as follows:




	<head>



	<title> Title of document goes here. </title>



	Other document information



	…



	</head>



	 



	<body>



	The content of the document goes here.



	…



	</body>
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Heading

Tags <hn> and </hn>, with n = 1, 2, …, 6, are used to describe the six heading levels in HTML, with h1 the largest and h6 the smallest. Browsers apply a line break after the ending tag.

Paragraph

Tag <p> is used to start a new paragraph; the ending counterpart </p> is used to end the paragraph. Browsers apply a line break after the ending tag.

Line break

The <br/> tag, when placed at the end of a line, forces a line break.

Center Tags

Tags <center> and </center> are used to center a line of a text. Browsers apply a line break after the ending tag.

Blockquote

The <blockquote> and </blockquote> tags are used for marking up a block of text quoted from a person or a source. Normally by default, the text contained within these tags is displayed with left and right indentations. Browsers apply a line break after the ending tag.

Preserve

It is important to know that web browsers, unless specified by special tags, only honor the first space and ignore other white spaces such as carriage return and tab. For example, the nutrition fact table typed as




	Total fat
	5 g



	Sodium
	15 g



	Protein
	0 g





in a web browser appears as:

Total fat 5 g Sodium 15 g Protein 0 g

However, we may use the <pre> and </pre> tags to preserve white spaces (such as spaces, tabs, and line breaks) in a document. For example, we can make the table appear exactly as typed by placing preserve tags before and after the table.




	<pre>



	Total fat 5 g



	Sodium 15 g



	Protein 0 g



	</pre>





List

We can define two types of lists: ordered and unordered. The <ol> and </ol> tags are used for an ordered list; the <ul> and </ul> tags are used for an unordered list. Each item in either type of list is enclosed inside <li> and </li> tags. Browsers apply a line break after the </li> tag. Items in an ordered list are numbered, while the items in an unordered list are normally bulleted:
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	HTML text
	 
	Appearance in a web browser



	<ol>
   <li> CIS 20 </li>
   <li> CIS 30 </li>
   <li> CIS 40 </li>
</ol>
	 
	  1. CIS 20
  2. CIS 30
  3. CIS 40





Anchor

The special feature of HTML is hypertext links. The links in an HTML document allow the user to navigate from one document to another document. The <a> and </a> tags, called anchor tags or link tags, are used to create a link to another web page. One of the attributes used with the <a> tag is href (hyperlink reference), whose value is a URL that indicates the link’s destination. For example, the following HTML line creates a link to the Behrouz Forouzan web page at McGraw-Hill Publisher.

<a href = “http://www.mhhe.com/forouzan” > Behrouz Forouzan </a>

Image

We may also include images in a document. The image tag has many attributes. Three are shown in the following tag.

<img src = “http://www…” alt = “family picture” align = middle />

The src (source) attribute gives the location (URL) where the image is located. The alt (alternate) attribute defines the text to replace the image if for any reason the image cannot be displayed. The align attribute defines how the image should be aligned with respect to the text document. An image is not directly embedded in the document; using the above attributes, the browser finds the image and places it where the tag is located.

Text Formatting

Bold and Italic versus Strong and Emphasis

The two most common text formatting tags are bold tags, <b> and </b>, and italic tags, <i> and </i>. The use of these tags, however, is declining in favor of two almost equivalent tags: the strong tags, <strong> and </strong>, and emphasis tags, <em> and </em>. Just like the bold and italic tags, these tags make the text appear bold or italic, respectively, but also give semantic meaning to the contained text. Unlike the bold and italic tags, the strong and emphasis tags indicate how the corresponding words marked by these tags should be spoken by a speech reader.
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Small and Big

To increase or decrease the font size by one increment, we use <big> and </big> or <small> and </small> tags. For example, the HTML text




	This is <small> smaller </small> but that one is <big> bigger </big>





appears as “This is smaller but that one is bigger”.

Other Formatting

Some other common text formatting tags are listed in the following table.




	Strike
	<strike>
	Strike a line through the text.



	Subscript
	<sub>
	Move the text half a character up.



	Superscript
	<sup>
	Move the text half a character down.



	Underline
	<u>
	Underline the text.





You may want to use the <sub> and <sup> tags with small tags:

H <sub> <small> 2 <small/> <sub/> O      appears as     H2O

Advisory Tags

Four important advisory tags are abbreviation tags (<abbr> and </abbr>), acronym tags (<acronym> and </acronym>), definition tags (<def> and </def>), and cite tags, (<cite> and </cite>). All four have title attributes and a similar format:

<tagName title = “string”> </tagName>

For example, the following abbreviation tags show that DTD is an abbreviation for Document Type Definition.

<abbr title = “Document Type Definition”> DTD </abbr>

In a browser, when we put the curser over the contained text (DTD in our example) the title (Document Type Definition) is displayed (usually in a tool-tip).

Nesting

We may use two or more tags in nested form. For example, we can nest italic tags inside bold tags:

<b> <i> This text is in italic bold </i> </b>

Make sure to nest them correctly. The following is the wrong format:

<b> <i> Wrong Format </b> </i>

The order of nesting can change the appearance of the text. For example, compare the two nested expressions.




	HTML Text
	 
	Appearance in a web browser



	<b> <i> First </i> Second </b>
<i> <b> First </b> Second </i>
	 
	First Second
First Second





Page 733

C.1.3 XHTML

The Extensible Hypertext Markup Language (XHTML) is almost identical to HTML 4.01, but it also conforms to the restricted syntax of XML. This compliance makes XHTML a structured markup language. A document marked up with XHTML will be a “well-formed” document and, consequently, will be interpreted and displayed by browsers the way the author intended. Some of the most important requirements of XHTML are:


	Elements must be properly nested.

	Elements must always be closed: Normal tags such as paragraph tags <p> and </p> must have the beginning and ending tags; the empty tags such as line break must be written as <br/> and not as <br>. The slash after br indicates closing of the element.

	Elements and attributes must be in lowercase.

	Attribute values must be quoted.

	Documents must have three main parts: DOCTYPE declaration, head section, and body section.



C.2 CSS

Logically, a simple web document is made up of two layers: content and presentation. Although it is possible to keep both layers together, separating them increases flexibility, reduces repetition, and increases efficiency. Cascading Style Sheets (CSS) were created to separate the document content from document presentation. We may apply styles to elements of an HTML document in three ways: in-line, internal, or external.

C.2.1 In-line Style

We may specify a style to an individual element of an HTML document. For example, the following makes the font size of the contained paragraph 90% and the font color blue.




	<p style = “font-size: 90%; color: blue” >
The size of the font is 90% and blue
</p>





C.2.2 Internal Style Sheet

If we want to specify style rules that apply to a single HTML document, we can enclose the style sheet between <style> and </style> tags in the head section of the HTML document (such as body, h1, and so on). The general format of the style sheet rule is

HTML content {attribute: value; attribute: value; …}

Note that each attribute is separated from its value by a colon. Attributes are separated by semicolons, and the entire attribute block is placed inside curly brackets {}. For example, the following internal style sheet applies rules to heading 1 and the body of the document.
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	<head>
 <title> Internal Style sheet </title>
    <style type = “text / css” >
    h1{font-family: mono space; color: green}
    body {font-family: cursive; color: red}
    <style>
</head>
<body>
…
<body>





C.2.3 External Style Sheet

To create an external style sheet, we create a text document and place all the desired style rules for each part of the HTML content in that document and save the document with a css extension: fileName.css. The following is an example of such a document:




	body {font-size: 10 pt; font-family: Times New Roman; color:
    black; margin-left: 12 pt; margin-right: 12 pt; line-height; 14 pt}

p {margin-left: 24 pt; margin-right: 24 pt}
h1 {font-size: 24 pt; font-family: Book Antiqua; color: red}
h2 {font-size: 22 pt; font-family: Book Antiqua; color: red}
…
h6 {font-size: 12 pt; font-family: Book Antiqua; color: red}
…
a: link {color: red}
a: visited {color: blue}
…





Next we link this style sheet to any HTML document by including a <link/> tag in the head section of that document:

<link rel = “style sheet” type = “text/css” href = “URL” />

The rel (relationship) attribute says that the reference document is a style sheet. The type attribute identifies the MIME type of the linked resource (text/css), and the href attribute gives the URL address of the css file.

C.3 XML

The Extensible Markup Language (XML) is a language that allows users to define a representation of data or a data structure and assign values to each field in the structure. In other words, XML is a language that allows us to define mark-up elements (our own tags and our own document structure) and create customized markup language. The only restriction is that we need to follow the rules defined in XML. For example, the following shows how we can define a student record with three fields: name, id, and birthday.
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	<?xml version = “1.0”?>
  <student>
    <name> George Brown </name>
    <id> 2345 </id>
    <birthday> 12- 08 - 82 <birthday>
  <student>





This is similar to a struct or class in languages like C, C++, or Java.

C.4 XSL

The data defined and initialized to values in an XML document needs another language, a style language, to indicate how the document should be displayed. The Extensible Style Language (XSL) is the style language of XML, just as CSS is the style language of HTML and XHTML.
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APPENDIX D

A Touch of Probability

Probability theory plays a very important role in data communications and networking because this theory is the best way of quantizing uncertainty and the field of data communication is full of uncertainty. For example, when we send a frame, we are not sure how much of it will arrive to the destination uncorrupted. Also when a station tries to access the network, we are not certain how successful it will be.

This appendix is just a review of basic concepts of probability theory that are needed to understand some topics discussed in this book.
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D.1 Definition

Although many definitions have been defined for probability, we use the classical one, which is close to our purpose.


The probability of an event A is a number, P [A], that is interpreted as

P [A] = NA / N

where N is the total number of possible outcomes (also referred to as the sample space) and NA is the number of possible outcomes related to event A.



Example D.1

We flip a coin. What is the probability of a head?

Solution

The total number of outcomes is 2 (head or tail). The number of possible outcomes related to this event is 1 (only head). Therefore, we have

P [head] = Nhead / N = 1 / 2

Example D.2

We roll a dice. What is the probability of getting a 5?

Solution

The total number of outcomes is 6 (1, 2, 3, 4, 5, 6). The number of possible outcomes related to this event is 1 (only 5). Therefore, we have

P [5] = N5 / N = 1 / 6

Example D.3

We flip two coins. What is the probability of getting two heads?

Solution

The total number of outcomes is 4 (head-head, head-tail, tail-head, or tail-tail). The number of possible outcomes related to this event is 1 (head-head). Therefore, we have

P [head-head] = Nhead-head / N = 1 / 4

D.2 AXIOMS AND PROPERTIES

To be able to use probability theory, we need axioms and properties.

D.2.1 Axioms

To find the probabilities of events, we accept some axioms. Axioms cannot be proved, but they are assumed. The following three axioms are fundamental to probability theory.
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Axiom 1

This axiom states that the probability of an event is a non-negative value:

P [A] ≥ 0

Axiom 2

This axiom states that the probability of the sample space is 1. In other words, the probability that one of the possible outcomes occurs is 1:

P [S] = 1

Axiom 3

This axiom states that if A1, A2, A3,… are disjoint events (the occurrence of one, does not change the probability of the occurrence of the others), then

P [A1 or A2 or A3 or…] = P[A1] + P[A2] + P[A3] +…

D.2.2 Properties

Accepting the above axioms, a list of properties can be proven. The following is the minimum number of properties we need to understand the rest of this discussion (we leave the proofs to the books on probability):

Property 1

If A is an event and A′ is the complement of that event, then we have

P [A] = 1 – P[A′]

For example, if the probability of getting a 2 when rolling a dice is 1/6, the probability of not getting a 2 is 1 – 1/6 or 5/6.

Property 2

We always have an outcome or

P [no outcome] = 0

In other words, if we roll a dice, the probability that none of the numbers shows is 0; that is, a number always shows.

Property 3

If an event is a subset of another event, the probability of the first event is less than or equal to the probability of the second event.

If A is a subset of B, then P[A] ≤ P[B]

For example, the probability of getting a 2 or 3 in a roll of a dice, P [2 or 3], is less than the probability of getting 2, 3, or 4, P [2 or 3 or 4].
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Property 4

The probability of an event is always between 0 and 1.

0 ≤ P[A] ≤ 1

Property 5

If A, B, C,… are independent events, then

P [A and B and C and …] = P [A] × P [B] × P [C] ×…

If the events are independent (occurrence of the one does not change the probability of the occurrence of the others), then the probability of all events happening together is the product of their probabilities.

D.3 REPEATED TRIALS

So far, we have concentrated on the probability of events in a single trial such as flipping one coin. We are also interested in the probability of events when there is more than one trial. For example, what is the probability of getting one head if we flip a coin 10 times? What is the probability of getting five heads if we flip the coin 20 times?

Example D.4

Let us find the probability of getting exactly one head when we flip a biased coin three times. Assume that the probability of getting a head is p, which means that the probability of not getting a head (getting a tail) is 1 – p.

Solution

We can get one head either in the first trial, the second trial, or the third trial. However, if a head comes up in one of the trials, it must not come up in the other two trials. We can therefore say that

P [only one head in three trials] =
P [a head in first trial] × P [a tail in second trial] × P [a tail in third trial] +
P [a head in second trial] × P [a tail in first trial] × P [a tail in third trial] +
P [a head in third trial] × P [a tail in first trial] × P [a tail in second trial]

Using the probabilities, we get

P [only one head in three trials] = 
p × (1 – p) × (1 – p) + p × (1 – p) × (1 – p) + p × (1 – p) × (1 – p)

Or we can say that

P [only one head in three trials] = 3 p × (1 – p)2
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Example D.5

We send a small frame of 3 bits. If the probability of each that a bit changes in transmission is 0.10 and each bit is independent, what is the probability that exactly 1 bit changes?

Solution

This problem is similar to Example D.1. We can assume that sending a bit corresponds to flipping a biased coin; a bit can reach the destination with or without change. Therefore, we have

P [exactly 1 bit is changed] = 3 p × (1 – p)2 = 3 (0.1) (1 – 0.1)2 = 0.243

D.3.1 Bernoulli Trials

Bernoulli found the probability of k successful occurrences in n trials. Assuming the probability of success is p and the probability of failure is q (or 1 – p), then

P [A successful event occurs k times in n trials] = C (n, k) pk qn−k

where C (n, k) is the combination of n objects k at a time; its value is

C (n, k) = (n!) / [k! (n − k)!]

Examples D.1 and D.2 are cases of Bernoulli trials with n = 3 and k =1.

Example D.6

We send a small frame of 10 bits. If the probability that a bit changes in transmission is 10 percent (0.1) and each bit is independent, what is the probability that exactly 3 bits change? 

Solution

Using the result of Bernoulli trials, we can find the probability of 3 bits changing as

P [exactly 3 bits changed] = C (10, 3) p3 × (1 − p)7 = 0.057

or 5.7 percent, which is much less than the probability of 1 bit being changed.

Example D.7

In Example D.3, what is the probability of no bits changing?

Solution

We can find the probability of no changes

P [no changes] = C (10, 0) p0 × (1 – p)10 = 0.346

or 34.6 percent. Note that C (10, 0) here is just 1.

Example D.8

Let us assume that we have a CSMA/CD network with n stations. For any time slot, the probability that a station has a frame to send is p. Now the question is, “What is the probability that a time slot is used successfully (with no collision)?” This probability is important for calculating the efficiency of the network.
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Solution

For a successful time slot, one and only one station has a frame to send; all others do not. However, this station can be any of the n stations. This problem is similar to flipping a coin and getting exactly one head in n trials. Think of each station as a trial and a successful slot as a head. The probability can be calculated by adding the probability that the first station has a frame to send with the probability that the others do not, p (1 − p)n−1, or the second station has a frame to send with the probability that the others do not, p (1 − p)n−1, and so on. We can use the Bernoulli formula to calculate one success out of n trials.

P [successful slot] = C (n, 1) p (1 – p)n–1 = n p (1 – p)n–1
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APPENDIX E

Checksum

An error-detection method, which is prevalent in TCP/IP protocol suite is the checksum. We discuss this method in this appendix.
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E.1 Traditional Checksum

Let us first discuss the traditional checksum that has been used in the Internet. We later show some new methods that are different from the traditional one.

E.1.1 Idea

The idea of the traditional checksum is very simple. We show this idea using a simple example.

Example E.1

Suppose our data is a list of five 4-bit numbers that we want to send to a destination. In addition to sending these numbers, we send the sum of the numbers. For example, if the set of numbers is (7, 11, 12, 0, 6), we send (7, 11, 12, 0, 6, 36), where 36 is the sum of the original numbers. The receiver adds the five numbers and compares the result with the sum. If the two are the same, the receiver assumes no error, accepts the five numbers, and discards the sum. Otherwise, there is an error somewhere and the data are not accepted.

One’s Complement Addition

Example E.1 has one major drawback. Each number can be written as a 4-bit word (each is less than 15) except for the sum. One solution is to use one’s complement arithmetic. In this arithmetic, we can represent unsigned numbers between 0 and 2n − 1 using only n bits. If the number has more than n bits, the extra leftmost bits need to be added to the n rightmost bits (wrapping).

Example E.2

In the previous example, the decimal number 36 in binary is (100100)2. To change it to a 4-bit number we add the extra two left-most bits to the right four bits as show below:

(10)2 + (0100)2 = (0110)2 → (6)10

Instead of sending 36 as the sum, we can send 6 as the sum (7, 11, 12, 0, 6, 6). The receiver can add the first five numbers in one’s complement arithmetic. If the result is 6, the numbers are accepted; otherwise, they are rejected.

Checksum

We can make the job of the receiver easier if we send the complement of the sum, called the checksum. In one’s complement arithmetic, the complement of a number is found by completing all bits (changing all 1s to 0s and all 0s to 1s). This is the same as subtracting the number from 2n − 1. In one’s complement arithmetic, we have two 0s: positive and negative, which are complements of each other. The positive zero has all n bits set to 0; the negative zero has all bits set to 1 (it is 2n − 1). If we add a number with its complement, we get a negative zero (a number with all bits set to 1). When the receiver adds all five numbers (including the checksum), it gets a negative zero. The receiver can complement the result again to get a positive zero.
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Example E.3

Let us use the idea of checksum in Example E.2. The sender adds all five numbers in one’s complement to get the sum = 6. The sender then complements the result to get the checksum = 9, which is 15 − 6. Note that 6 = (0110)2 and 9 = (1001)2; they are complements of each other. The sender sends the five data numbers and the checksum (7, 11, 12, 0, 6, 9). If there is no corruption in transmission, the receiver receives (7, 11, 12, 0, 6, 9) and adds them in one’s complement to get 15. The sender complements 15 to get 0. This shows that data have not been corrupted. Figure E.1 shows the process.


Figure E.1 Process

[image: ]


E.1.2 Internet Checksum

Traditionally, the Internet has used a 16-bit checksum. The sender and the receiver follow the steps depicted in Table E.1. The sender uses five steps, but the receiver uses only four.

Table E.1 Procedure to Calculate the Traditional Checksum




	Sender
	Receiver



	

	The message is divided into 16-bit words.

	The value of the checksum word is initially set to zero.

	All words including the checksum are added using one’s complement addition.

	The sum is complemented and becomes the checksum.

	The checksum is sent with the data.




	

	The message is divided into 16-bit words.

	All words are added using one’s complement addition.

	The sum is complemented and becomes the new checksum.

	If the value of checksum is 0, the message is accepted; otherwise, it is rejected.









Algorithm

We can use the flow diagram of Figure E.2 to show the algorithm for calculation of the checksum. A program in any language can be easily written based on the algorithm.
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Figure E.2 Algorithm to calculate traditional checksum

[image: ]


Performance

The traditional checksum uses a small number of bits (16) to detect errors in a message of any size (sometimes thousands of bits). However, it is not as strong as the cyclic redundancy check (CRC) in error-checking capability. For example, if the value of one word is incremented and the value of another word is decremented by the same amount, the two errors cannot be detected because the sum and checksum remain the same. Also if the values of several words are incremented but the sum and the checksum do not change, the errors are not detected. Fletcher and Adler have proposed some weighted checksums, in which each word is multiplied by a number (its weight) that is related to its position in the text. This will eliminate the first problem we mentioned. However, the tendency in the Internet, particularly in designing new protocols, is to replace the checksum with a CRC.

E.2 Fletcher

As mentioned before, there is one major problem with the traditional checksum calculation. If two 16-bit items are transposed in transmission, the checksum cannot catch this error. The reason is that the traditional checksum is not weighted: it treats each data item equally. In other words, the order of data item is immaterial to the calculation. The Fletcher checksum was devised to weight each data item according to its position.
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Fletcher has proposed two algorithms: 8-bit and 16-bit. The first, 8-bit Fletcher, calculates on 8-bit data items and creates a 16-bit checksum. The second, 16-bit Fletcher, calculates on 16-bit data items and creates a 32-bit checksum.

Eight-Bit Fletcher

The 8-bit Fletcher is calculated over data octets (bytes) and creates a 16-bit checksum. The calculation is done modulo 256 (28), which means the intermediate results are divided by 256 and the remainder is kept. The algorithm uses two accumulators, L and R. The first simply adds data items together; the second adds a weight to the calculation. There are many variations of the 8-bit Fletcher algorithm; we show a simple one in Figure E.3.


Figure E.3 Algorithm to calculate an 8-bit Fletcher checksum

[image: ]


It can be proved that the accumulator L is a weighted sum of the data items. We have

R = D1 + D2 + ⋯ + Dn
L = nD1 + (n - 1)D2 + ⋯ + Dn

If, for example, D1 and D2 are swapped during the transmission, the calculation of L at the receiver is different from the one done at the sender.

As an example, let us calculate the eight-bit Fletcher checksum for the string “Forouzan”. We change each character to its equivalent ASCII value and calculate the values of R and L in Table E.2. Note that calculation is done modulo 255, which means if a sum is greater than 256, the number 256 is divided by 256 and only the remainder is used in the calculation.
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Table E.2 Example of an 8-bit Fletcher Checksum




	Byte
	Di
	R = 0
	L = 0



	F
o
r
o
u
z
a
n
	70
111
114
111
117
122
97
110
	R = 0 + 70 = 70
R = 70 +111 = 181
R = 181 + 114 = 39
R = 39 + 111 = 150
R = 150 + 117 = 11
R = 11 + 122 = 133
R = 133 + 97 = 230
R = 230 + 110 = 84
	L = 0 + 70 = 70
L = 70 + 181 = 251
L = 251 + 39 = 34
L = 34 + 150 = 184
L = 184 + 11 = 195
L = 195 + 133 = 72
L = 72 + 230 = 46
L = 46 + 84 = 130



	Checksum = L × 256 + R = 33,364





The 16-bit checksum in this case is (8254)16. Note that the checksum is actually the concatenation of L = (82)16 and R = (54)16. In other words, when R and L are calculated, L goes to the leftmost byte and R to the rightmost byte.

Sixteen-Bit Fletcher

The 16-bit Fletcher checksum is calculated over 16-bit data items and creates a 32-bit checksum. The calculation is done modulo 65536.

E.3 Adler

The Adler checksum is a 32-bit checksum. Figure E.4 shows a simple algorithm in flowchart form.


Figure E.4 Algorithm for calculating Adler checksum

[image: ]
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It is similar to the 16-bit Fletcher with three differences. First, calculation is done on single bytes instead of 2 bytes at a time. Second, the modulus is a prime number (65,521) instead of 65,536. Third, L is initialized to 1 instead of 0. It has been proved that a prime modulo has a better detecting capability in some combinations of data.

Let us calculate the Adler checksum for the string “Forouzan”. We change each character to its equivalent ASCII value and calculate the values of R and L in Table E.3. The 32-bit checksum in this case is (0E8A0355)16. Note that the checksum is actually the concatenation of L = (0E8A)16 and R = (0355)16.

Table E.3 Example of Adler Checksum




	Byte
	Di
	R = 1
	L = 0



	F
o
r
o
u
z
a
n
	70
111
114
111
117
122
97
110
	R = 1 + 70 = 71
R = 71 +111 = 182
R = 182 + 114 = 296
R = 296 + 111 = 407
R = 407 + 117 = 524
R = 524 + 122 = 646
R = 646 + 97 = 743
R = 743 + 110 = 853
	L = 0 + 71 = 71
L = 71 + 182 = 253
L = 253 + 296 = 549
L = 549 + 407 = 956
L = 956 + 524 = 1,480
L = 1480 + 646 = 2,126
L = 2126 + 743= 2,869
L = 2869 + 853 = 3,722



	Checksum = 3,722 × 65,536 + 853 = 243,925,845
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