Wireless Communication

An Overview of Wireless Systems

Introduction :

The cellular system employs a different design approach than most commercial radio and television systems use [1,2]. Radio and television systems typically operate at maximum power and with the tallest antennas allowed by the regulatory agency of the country. In the cellular system, the service area is divided into cells. A transmitter is designed to serve an individual cell. The system seeks to make effi cient use of available channels by using low-power transmitters to allow frequency reuse at much smaller distances. Maximizing the number of times each channel can be reused in a given geographic area is the key to an effi cient cellular system design. During the past three decades, the world has seen signifi cant changes in the telecommunications industry. There have been some remarkable aspects to the rapid growth in wireless communications, as seen by the large expansion in

mobile systems. Wireless systems consist of wireless wide-area networks (WWAN) [i.e., cellular systems], wireless local area networks (WLAN) [4], and wireless personal area networks (WPAN) (see Figure 1.1) [17]. The handsets used in all of these systems possess complex functionality, yet they have become small, lowpower consuming devices that are mass produced at a low cost, which has in turn accelerated their widespread use. The recent advancements in Internet technology have increased network traffi c considerably, resulting in a rapid growth of data rates. This phenomenon has also had an impact on mobile systems, resulting in the extraordinary growth of the mobile Internet. 

Wireless data offerings are now evolving to suit consumers due to the simple reason that the Internet has become an everyday tool and users demand data mobility. Currently, wireless data represents about 15 to 20% of all air time. While success has been concentrated in vertical markets such as public safety, health care, and transportation, the horizontal market (i.e., consumers) for wireless data is growing. In 2005, more than 20 million people were using wireless e-mail. The Internet has changed user expectations of what data access means. The ability to retrieve information via the Internet has been “an amplifi er of demand” for wireless data applications. More than three-fourths of Internet users are also wireless users and a mobile subscriber is four times more likely to use the Internet than a nonsubscriber to mobile services. Such keen interest in both industries is prompting user demand for converged services. With more than a billion Internet users expected by 2008, the potential market for Internet-related wireless data services is quite large. In this chapter, we discuss briefl y 1G, 2G, 2.5G, and 3G cellular systems and outline the ongoing standard activities in Europe, North America, and Japan. We also introduce broadband (4G) systems (see Figure 1.2) aimed on integrating WWAN, WLAN, and WPAN. Details of WWAN, WLAN, and WPAN are given in Chapters 15 to 20.

First- and Second-Generation Cellular Systems

The fi rst- and second-generation cellular systems are the WWAN. The fi rst public cellular telephone system (fi rst-generation, 1G), called Advanced Mobile Phone System (AMPS) [8,21], was introduced in 1979 in the United States. During the early 1980s, several incompatible cellular systems (TACS, NMT, C450, etc.) were introduced in Western Europe. The deployment of these incompatible systems

resulted in mobile phones being designed for one system that could not be used with another system, and roaming between the many countries of Europe was not possible. The fi rst-generation systems were designed for voice applications. Analog frequency modulation (FM) technology was used for radio transmission.  
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The GSM (renamed Global System for Mobile communications) initiative gave the European mobile communications industry a home market of about 300 million subscribers, but at the same time provided it with a signifi cant technical challenge. The early years of the GSM were devoted mainly to the selection of radio technologies for the air interface. In 1986, fi eld trials of different candidate systems proposed for the GSM air interface were conducted in Paris. A set of criteria ranked in the order of importance was established to assess these candidates

Two digital technologies, Time Division Multiple Access (TDMA) and Code Division Multiple Access (CDMA) (see Chapter 6 for details) [10] emerged as clear choices for the newer PCS systems. TDMA is a narrowband technology in which communication channels on a carrier frequency are apportioned by time slots. For TDMA technology, there are three prevalent 2G systems: North America TIA/ EIA/IS-136, Japanese Personal Digital Cellular (PDC), and European Telecommunications Standards Institute (ETSI) Digital Cellular System 1800 (GSM 1800), a derivative of GSM. Another 2G system based on CDMA (TIA/EIA/IS-95) is a direct sequence (DS) spread spectrum (SS) system in which the entire bandwidth of the carrier channel is made available to each user simultaneously (see Chapter 11 for details). The bandwidth is many times larger than the bandwidth required to transmit the basic information. CDMA systems are limited by interference produced by the signals of other users transmitting within the same bandwidth GSM is moving forward to develop cutting-edge, customer-focused solutions to meet the challenges of the 21st century and 3G mobile services. When GSM was fi rst designed, no one could have predicted the dramatic growth of the Internet and the rising demand for multimedia services. These developments have brought about new challenges to the world of GSM. For GSM operators, the emphasis is now rapidly changing from that of instigating and driving the development of technology to fundamentally enable mobile data transmission to that of improving speed, quality, simplicity, coverage, and reliability in terms of tools and services that will boost mass market take-up.

Traffic Usage:

A traffi c path is a communication channel, time slot, frequency band, line, trunk, switch, or circuit over which individual communications take place in sequence. Traffi c usage is defi ned by two parameters, calling rate and call holding.

Calling rate, or the number of times a route or traffi c path is used per unit time; more properly defi ned, the call intensity (i.e., calls per hour) per traffic c path during busy hour. 

Call holding time: or the average duration of occupancy of a traffi c path by a call. The carried traffi c is the volume of traffi c actually carried by a switch, and offered traffi c is the volume of traffi c offered to a switch. The offered load is the sum of the carried load and overfl ow (traffi c that cannot be handled by the switch).
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Figure shows a typical hour-by-hour voice traffi c variation for an MSC. We notice that the busiest period — the busy hour (BH) is between 10 A.M. and 11 A.M. We define the busy hour as the span of time (not necessarily a clock hour) that has the highest average traffic load for the business day throughout the busy season. The peak hour is defined as the clock hour with highest traffic load for a single day. Since traffi c also varies from month to month, we define the average busy season (ABS) as the three months (not necessarily consecutive) with the highest average BH traffic load per access line. Telephone systems are not engineered for maximum peak loads, but for some typical BH load. The blocking probability is defined as the average ratio of blocked calls to total calls and is referred to as the GoS.

Diversity

In Chapter 3, we pointed out that a radio channel is subjected to fading, time dispersion, and other degradations. Diversity techniques are employed to overcome these impairments and improve signal quality [6,13,15,20]. The basic concept of diversity is that the receiver has more than one version of the transmitted signal available, and each version of transmitted signal is received through a distinct channel. When several versions of the signal, carrying the same information, are received over multiple channels that exhibit independent fading with comparable strengths, the chances that all the independently faded signal components experience the same fading simultaneously are greatly reduced. Suppose the probability of having a loss of communications due to fading on one channel is p and this probability is independent on all M channels. The probability of losing communications on all channels simultaneously is then pM. Thus, a 10% chance of losing the signal for one channel is reduced to 0.13 _ 0.001 _ 0.1% with three independently fading channels [5,17]. Typically, the diversity receiver is used in the base station instead of the mobile station, because the cost of the diversity combiner can be high, especially if multiple receivers are necessary. Also, the power output of the mobile station is limited by the battery. Handset transmitters usually lower power than mobilemounted transmitters to preserve battery life and reduce radiation into the human body. The base station, however, can increase its power output or antenna height to improve the coverage to a mobile station.

[image: image3.emf]
Each of the channels, plus the corresponding receiver circuit, is called a branch and the outputs of the channels are processed and routed to the demodulator by a diversity combiner (see Figure 10.5). Two criteria are required to achieve a high degree of improvement from a diversity system. First, the fading in individual branches should have low cross correlation. Second, the mean power available from each branch should be almost equal. If the cross-correlation is too high, then fades in each branch will occur simultaneously. On the other hand, if the branches have low correlation but have very different mean powers, then the signal in a weaker branch may not be useful even though it has less fades than the other branches.

Types of Diversity

The following methods are used to obtain uncorrelated signals for combining: 

1. Space diversity: Two antennas separated physically by a short distance d can provide two signals with low correlation between their fades. The separation d in general varies with antenna height h and with frequency. The higher the frequency, the closer the two antennas can be to each other. Typically, a separation of a few wavelengths is enough to obtain uncorrelated signals. Taking into account the shadowing effect (see Chapter 3), usually a separation of at least 10 carrier wavelengths is required between two adjacent antennas. This diversity does not require extra system capacity; however, the cost is the extra antennas needed.

2. Frequency diversity: Signals received on two frequencies, separated by coherence bandwidth (see Chapter 3) are uncorrelated. To use frequency diversity in an urban or suburban environment for cellular and personal communications services (PCS) frequencies, the frequency separation must be 300 kHz or more. This diversity improves link transmission quality at the cost of extra frequency bandwidths.

3. Time diversity: If the identical signals are transmitted in different time slots, the received signals will be uncorrelated, provided the time difference between time slots is more than the channel coherence time (see Chapter 3). This system will work for an environment where the fading occurs independent of the movement of the receiver. In a mobile radio environment, the mobile unit may be at a standstill at any location that has a weak local mean or is caught in a fade. Although fading still occurs even when the mobile is still, the time-delayed signals are correlated and time diversity will not reduce the fades. In addition to extra system capacity (in terms of transmission time) due to the redundant transmission, this diversity introduces a signifi cant signal processing delay, especially when the channel coherence time is large. In practice, time diversity is more frequently used through bit interleaving, forward-error-correction, and automatic retransmission request (ARQ).

4. Polarization diversity: The horizontal and vertical polarization components transmitted by two polarized antennas at the base station and received by two polarized antennas at the mobile station can provide two uncorrelated fading signals. Polarization diversity results in 3 dB power reduction at the transmitting site since the power must be split into two different polarized antennas.

5. Angle diversity: When the operating frequency is _10 GHz, the scattering of signals from transmitter to receiver generates received signals from different directions that are uncorrelated with each other. Thus, two or more directional antennas can be pointed in different directions at the receiving site and provide signals for a combiner. This scheme is more effective at the mobile station than at the base station since the scattering is from local buildings and vegetation and is more pronounced at street level than at the height of base station antennas. Angle diversity can be viewed

as a special case of space diversity since it also requires multiple antennas. 

6. Path diversity: In code division multiple access (CDMA) systems, the use of direct sequence spread spectrum modulation allows the desired signal to be transmitted over a frequency bandwidth much larger than the channel coherence bandwidth. The spread spectrum signal can resolve in multipath signal components provided the path delays are separated by at least one chip period. A Rake receiver can separate the received signal components from different propagation paths by using code correlation and can then combine them constructively. In CDMA, exploiting the path diversity reduces the transmitted power needed and increases the system capacity by reducing interference

Radio Propagation and Propagation Path-Loss Models

Exponential growth of mobile communications has increased interest in many topics in radio propagation. Much effort is now devoted to refi ne radio propagation path-loss models for urban, suburban, and other environments together with substantiation by fi eld data. Radio propagation in urban areas is quite complex because it often consists of refl ected and diffracted waves produced by multipath propagation. Radio propagation in open areas free from obstacles is the simplest to treat, but, in general, propagation over the earth and the water invokes at least one refl ected wave. For closed areas such as indoors, tunnels, and underground passages, no established models have been developed as yet, since the environment has a complicated structure. However, when the environmental structure is random, the Rayleigh model used for urban area propagation may be applied. When the propagation path is on line of sight, as in tunnel and underground passages, the environment may be treated either by the Rician model or waveguide theory. Direct wave models may be used for propagation in a corridor. In general, radio wave propagation consists of three main attributes: refl ection, diffraction and scattering (see Figure 3.1) [2]. Refl ection occurs when radio wave propagating in one medium impinges upon another medium with different electromagnetic properties. The amplitude and phase of the refl ected wave are strongly related to the medium’s instrinsic impedance, incident angle, and electric fi eld polarization. Part of the radio wave energy may be absorbed or propagated through the refl ecting medium, resulting in a refl ected wave that is attenuated. Diffraction is a phenomenon by which propagating radio waves bend or deviate in the neighborhood of obstacles. Diffraction results from the propagation of wavelets into a shadowy region caused by obstructions such as walls, buildings, mountains, and so on. Scattering occurs when a radio signal hits a rough surface or an object having a size much smaller than or on the order of the signal wavelength. 
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This causes the Signal energy to spread out in all directions. Scattering can be viewed at the receiver as another radio wave source. Typical scattering objects are furniture, lamp posts, street signs, and foliage. In this chapter, our focus is to characterize the radio channel and identify those parameters which distort the information-carrying signal (i.e., base band signal) as itpenetrates the propagation medium. The several empirical models used for calculating path-loss are also discussed.

An Overview of Digital Communication and Transmission

The basic part of any digital communication system is the communication channel. This is the physical medium that carries information bearing signals from the source of the information to the sink. In a radio system the communication channel is the propagation of radio waves in free space (see Figure 4.1). As discussed in Chapter 3, radio waves in free space are subjected to fading. In nearly all communication systems some equipment is required to convert the information- bearing signal into a suitable form for transmission over the communication channel and then back into a form that is comprehensible to the end-user. This equipment is the transmitter and receiver. The receiver does not only perform the inverse translation to the transmitter, but it also has to overcome the distortions and disturbances (see Chapter 3) that occur over the communication channel. Thus, it is often more diffi cult to design the receiver than the transmitter. Speech coding, forward-error-correcting (FEC) coding, bit-interleaving, diversity, equalization, and modulation play important roles in a communication system, particularly in a radio system (see Chapters 7, 8, and 9). The transmitter for a radio system consists of antenna, RF section, encoder, and modulator. An antenna converts the electrical signal into a radio wave propagating in free space. The RF section of the transmitter generates a signal of suffi cient power at the required frequency. It typically consists of a power amplifi er, a local oscillator, and an up-converter. However, generally the RF section only amplifi es and frequency-converts a signal (see Figure 4.2). At the input of the transmitter the user interface interacts and converts the information into a suitable digital data stream. The information source can be analog (such as speech) or discrete (such as data). Analog information is convertedinto digital information through the use of sampling and quantization. Sampling, quantization, and encoding techniques are called formatting and source coding. The source encoder and modulator bridge the gap between the digital data and electrical signal required at the input to the RF section. The encoder converts the data stream into a form that is more resistant to the degradations introduced

Baseband Systems

Source information may contain either analog, textual, or digital data. Formatting involves sampling, quantization, and encoding. It is used to make the message compatible with digital processing. Transmit formatting transforms source information into digital symbols. When data compression is used in addition to formatting, the process is referred to as source coding. Figure 4.3 shows a functional diagram that primarily focuses on the formatting and transmission of baseband (information

bearing) signals. The receiver with a detector followed by a signal decoder performs two main functions: (1) does reverse operations performed in the transmitter, and (2) minimizes the effect of channel noise for the transmitted symbol.

Messages, Characters, and Symbols

During digital transmission the characters are fi rst encoded into a sequence of bits, called a bit stream or baseband signal. Groups of b bits form a fi nite symbol set or word M (_ 2b) of such symbols [14,17]. A system using a symbol set size of M is referred to as an M-ary system. The value of b or M is an important initial choice in the design of any digital communication system. For b _ 1, the system is called a binary system, the size of symbol set M is 2, and the modulator uses two different waveforms to represent the binary “1” and the binary “0” (see Figure 4.4). In this case, the symbol rate and the bit rate are the same. For b _ 2, the system is called

Pulse Amplitude Modulation (PAM)

Pulse amplitude modulation [6] is a process that represents a continuous analog signal with a series of discrete analog pulses in which the amplitude of the information signal at a given time is coded as a binary number. PAM is now rarely used, having been largely superseded by pulse code modulation (PCM). Two operations involved in the generation of the PAM signal are: 

1. Instantaneous sampling of the message signal s(t) every Ts seconds, where f =  1/Ts is selected according to the sampling theorem. 

2. Lengthening the duration of each sample obtained to some constant value T. These operations are jointly referred to as sample and hold. One important reason for intentionally lengthening the duration of each sample is to avoid the use of an excessive channel bandwidth, since bandwidth is inversely proportional to pulse duration. The Fourier transform of the rectangular pulse h(t) is given as Using fl at-top sampling of an analog signal with a sample-and-hold circuit such that the sample has the same amplitude for its whole duration introduces amplitude distortion as well as a delay. This effect is similar to the variation in transmission frequency that is caused by the fi nite size of the scanning aperture in television. The distortion caused by the use of PAM to transmit an analog signal is called the aperture effect. The distortion may be corrected by use of an equalizer. The equalizer decreases the in-band loss of the reconstruction fi lter as the frequency increases in such a manner to compensate for the aperture effect. The amount of equalization required in practice is usually small. For T/Ts _ 0.1, the amplitude distortion is less than 0.5%, in which case the need or equalization may be omitted altogether

Pulse Code Modulation

Pulse code modulation (PCM) [13] is a digital scheme for transmitting analog data. It converts an analog signal into digital form. Using PCM, it is possible to digitize all forms of analog data, including full-motion video, voice, music, telemetry, etc. To obtain a PCM signal from an analog signal at the source (transmitter) of a communications circuit, the analog signal is sampled at regular time intervals. The sampling rate is several times the maximum frequency of the analog signal. The instantaneous amplitude of the analog signal at each sample is rounded off to the nearest of several specifi c, predetermined levels (quantization). The number of levels is always a power of 2. The output of a pulse code modulator is a series of binary numbers, each represented by some power of 2 bits. At the destination of the communications circuit, the pulse code modulator converts the binary numbers back into pulses having the same quantum levels as those in the modulator. These pulses are further processed to restore the original analog waveform. When pulse modulation is applied to a binary symbol, the resulting binary wave form is called a pulse code modulation waveform. When pulse modulation is applied to a nonbinary symbol, the resulting waveform is called M-ary pulse modulation waveform. Each analog sample is transmitted into a PCM word consisting of groups of b bits. The PCM word size can be described by the number of quantization levels that are used for each sample. The choice of the number of quantization levels, or bits per sample, depends on the magnitude of quantization distortion that one is willing to tolerate with the PCM format. In North America and Japan, PCM samples the analog waveform 8000 times per second and converts each sample into an 8-bit number, resulting in a 64 kbps data stream. The sample rate is twice the 4 kHz bandwidth required for a toll-quality voice conversion
Cellular Systems :

Most commercial radio and television systems are designed to cover as much area as possible. These systems typically operate at maximum power and with the tallest antennas allowed by the Federal Communications Commission (FCC). The frequency used by the transmitter cannot be reused again until there is enough geographical separation so that one station does not interfere significantly with another station assigned to that frequency. There may even be a large region between two transmitters using the same frequency where neither signal is received. The cellular system takes the opposite approach [1,3,4,5,9,11–14]. It seeks to make an efficient use of available channels by employing low-power transmitters to allow frequency reuse at much smaller distances (see Figure 5.1). Maximizing the number of times each channel may be reused in a given geographic area is the key to an efficient cellular system design. Cellular systems are designed to operate with groups of low-power radios spread out over the geographical service area. Each group of radios serve mobile stations located near them. The area served by each group of radios is called a cell. Each cell has an appropriate number of low-power radios to communicate within the cell itself. The power transmitted by the cell is chosen to be large enough to communicate with mobile stations located near the edge of the cell. The radius of each cell may be chosen to be perhaps 28 km (about 16 miles) in a start-up system with relatively few subscribers, down to less than 2 km (about 1 mile) for a mature

system requiring considerable frequency reuse.
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As the traffi c grows, new cells and channels are added to the system. If an irregular cell pattern is selected, it would lead to an ineffi cient use of the spectrum due to its inability to reuse frequencies because of cochannel interference. In addition, it would also result in an uneconomical deployment of equipment, requiring relocation from one cell site to another. Therefore, a great deal of engineering effort would be required to readjust the transmission, switching, and control resources every time the system goes through its development phase. The use of a regular cell pattern in a cellular system design eliminates all these diffi culties. In reality, cell coverage is an irregularly shaped circle. The exact coverage of the cell depends on the terrain and many other factors. For design purposes and as a fi rst-order approximation, we assume that the coverage areas are regular polygons. For example, for omnidirectional antennas with constant signal power, each cell site coverage area would be circular. To achieve full coverage without dead spots, a series of regular polygons are required for cell sites. Any regular polygon such as an equilateral triangle, a square, or a hexagon can be used for cell design.

The hexagon is used for two reasons: a hexagonal layout requires fewer cells and, therefore, fewer transmitter sites, and a hexagonal cell layout is less expensive compared to square and triangular cells. In practice, after the polygons are drawn on a map of the coverage area, radial lines are drawn and the signal-to-noise ratio (SNR) calculated for various directions using the propagation models (discussed

in Chapter 3), or using appropriate computer programs [2,6–8]. For the remainder of this chapter, we assume regular polygons for coverage areas even though in practice that is only an approximation.
Hexagonal Cell Geometry

We use the u-v axes to calculate the distance D between points C1 and C2 (see Figure 5.2). The u-v axes are chosen so that u-axis passes through the centers of the hexagons. C1 and C2 are the centers of the hexagonal cells with coordinates (u1,v1) and (u2,v2) [11,12].
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Multiple Access Techniques

In Chapter 5 we discussed that cellular systems divide a geographic region into cells where mobile units in each cell communicate with the cell’s base station. The goal in the design of a cellular system is to be able to handle as many calls as possible in a given bandwidth with the specifi ed blocking probability (reliability). Multiplexing deals with the division of the resources to create multiple channels. Multiplexing can create channels in frequency, time, etc., and the corresponding terms are then frequency division multiplexing (FDM), time division multiplexing (TDM), etc. [1,3]. Since the amount of spectrum available is limited, we need to fi nd ways to allow multiple users to share the available spectrum simultaneously. Shared access is used to implement a multiple access scheme when access by many users to a channel is required [13,14,15]. For example, one can create multiple channels using TDM, but each of these channels can be accessed by a group of users using the ALOHA multiple access scheme [8,9]. The multiple access schemes can be either reservation-based or random. Multiple access schemes allow many users to share the radio spectrum. Sharing the bandwidth effi ciently among users is one of the main objectives of multiple access schemes [16,17]. The variability of wireless channels presents both challenges and opportunities in designing multiple access communications systems. Multiple access strategy has an impact on robustness and interference levels generated in other cells. Therefore, multiple access schemes are designed to maintain orthogonality and reduce interference effects [10]. Multiple access schemes can be classifi ed as reservation-based multiple access (e.g., FDMA, TDMA, CDMA) [4,5] and random multiple access (e.g., ALOHA, CSMA) (see Figure 6.1) [9,23]. If data traffi c is continuous and a small transmission delay is required (for example in voice communication) reservationbased multiple access is used. The family of reservation-based multiple access includes frequency division multiple access (FDMA), time division multiple access (TDMA), and code division multiple access (CDMA) [6,7,12,21,22]. In many wireless systems for voice communication, the control channel is based on random multiple access and the communication channel is based on FDMA, TDMA, or CDMA. The reservation-based multiple access technique has a disadvantage in that once the channel is assigned, it remains idle if the user has nothing to transmit, while other users may have data waiting to be transmitted.
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Narrowband Channelized Systems

Traditional architectures for analog and digital wireless systems are channelized [6,11]. In a channelized system, the total spectrum is divided into a large number of relatively narrow radio channels that are defi ned by carrier frequency. Each radio channel consists of a pair of frequencies. The frequency used for transmission from the base station to the mobile station is called the forward channel (downlink channel) and the frequency used for transmission from the mobile station to the base station is called the reverse channel (uplink channel). A user is assigned both frequencies for the duration of the call. The forward and reverse channels are assigned widely separated frequencies to keep the interference between transmission and reception to a minimum.

Frequency Division Multiple Access

The FDMA is the simplest scheme used to provide multiple access. It separates different users by assigning a different carrier frequency (see Figure 6.2). Multiple users are isolated using bandpass fi lters. In FDMA, signals from various users are assigned different frequencies, just as in an analog system. Frequency guard bands are provided between adjacent signal spectra to minimize crosstalk between adjacent channels. The advantages and disadvantages of FDMA with respect to TDMA or CDMA are:

Advantages

1. Capacity can be increased by reducing the information bit rate and using an effi cient digital speech coding scheme (See Chapter 8) [20]. 

2. Technological advances required for implementation are simple. A system can be confi gured so that improvements in terms of a lower bit rate speech coding could be easily incorporated.

3. Hardware simplicity, because multiple users are isolated by employing simple bandpass fi lters.

Disadvantages

1. The system architecture based on FDMA was implemented in fi rstgeneration analog systems such as advanced mobile phone system (AMPS) or total access communication system (TACS). The improvement in capacity depends on operation at a reduced signal-to-interference (S/I) ratio. But the narrowband digital approach gives only limited advantages in this regard so that modest capacity improvements could be expected from the allocated spectrum.

2. The maximum bit-rate per channel is fi xed and small, inhibiting the fl exibility in bit-rate capability that may be a requirement for computer fi le transfer in some applications in the future.
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3. Ineffi cient use of spectrum, in FDMA if a channel is not in use, it remains idle and cannot be used to enhance the system capacity. 

4. Crosstalk arising from adjacent channel interference is produced by nonlinear

effects.

Time Division Multiple Access

In a TDMA system, each user uses the whole channel bandwidth for a fraction of time (see Figure 6.3) compared to an FDMA system where a single user occupies the channel bandwidth for the entire duration (see Figure 6.2) [2]. In a TDMA system, time is divided into equal time intervals, called slots. User data is transmitted in the slots. Several slots make up a frame. Guard times are used between each user’s transmission to minimize crosstalk between channels (see Figure 6.4). Each user is assigned a frequency and a time slot to transmit data. The data is transmitted via a radio-carrier from a base station to several active mobiles in the downlink. In the reverse direction (uplink), transmission from mobiles to base stations is time-sequenced and synchronized on a common frequency for TDMA. The preamble carries the address and synchronization information that both the base station and mobile stations use for identification.
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In a TDMA system, the user can use multiple slots to support a wide range of bit rates by selecting the lowest multiplexing rate or multiple of it. This enables supporting a variety of voice coding techniques at different bit rates with different voice qualities. Similarly, data communications customers could use the same kinds of schemes, choosing and paying for the digital data rate as required. This would allow customers to request and pay for a bandwidth on demand. Depending on the data rate used and the number of slots per frame, a DMA system can use the entire bandwidth of the system or can employ an FDD scheme. The resultant multiplexing is a mixture of frequency division and time division. The entire frequency band is divided into a number of duplex channels (about 350 to 400 kHz). These channels are deployed in a frequency-reuse pattern, in which radio-port frequencies are assigned using an autonomous adaptive frequency assignment algorithm. Each channel is configured in a TDM mode for the downlink direction and a TDMA mode for the uplink direction. The advantages and disadvantages of TDMA are:

Advantages

1. TDMA permits a fl exible bit rate, not only for multiples of the basic single channel rate but also submultiples for low bit rate broadcast-type traffic.

2. TDMA offers the opportunity for frame-by-frame monitoring of signal strength/bit error rates to enable either mobiles or base stations to initiate and execute handoffs.

3. TDMA, when used exclusively and not with FDMA, utilizes bandwidth more efficiently because no frequency guard band is required between channels.
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4. TDMA transmits each signal with suffi cient guard time between time slots to accommodate time inaccuracies because of clock instability, delay spread, transmission delay because of propagation distance, and the tails of signal pulse because of transient responses.

Disadvantages

1. For mobiles and particularly for hand-sets, TDMA on the uplink demands high peak power in transmit mode, that shortens battery life.

2. TDMA requires a substantial amount of signal processing for matched fi ltering and correlation detection for synchronizing with a time slot.

3. TDMA requires synchronization. If the time slot synchronization is lost, the channels may collide with each other.

4. One complicating feature in a TDMA system is that the propagation time for a signal from a mobile station to a base station varies with its distance to the base station.

Wideband Systems

In wideband systems, the entire system bandwidth is made available to each user, and is many times larger than the bandwidth required to transmit information. uch systems are known as spread spectrum (SS) systems. There are two fundamental types of spread spectrum systems: (1) direct sequence spread spectrum (DSSS) and (2) frequency hopping spread spectrum (FHSS) [3,26]. In a DSSS system, the bandwidth of the baseband information carrying signals from a different user is spread by different codes with a bandwidth much larger than that of the baseband signals (see Chapter 11 for details). The spreading codes used for different users are orthogonal or nearly orthogonal to each other. In the DSSS, the spectrum of the transmitted signal is much wider than the spectrum associated with the information rate. At the receiver, the same code is used for despreading to recover the baseband signal from the target user while suppressing the transmissions from all other users (see Figure 6.5). One of the advantages of the DSSS system is that the transmission bandwidth exceeds the coherence bandwidth (see Chapter 3). The received signal, after dispreading (see Chapter 11 for details), resolves into multiple signals with different time delays. A Rake receiver (see Chapter 11) can be used to recover the multiple time
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.

Spread Spectrum (SS) and CDMA Systems

We introduced spread spectrum techniques in Chapter 6. In this chapter, we present details of direct-sequence spread spectrum (DSSS) and frequency-hop spread spectrum (FHSS) systems [1,2,4]. We show how signal spreading and despreading is achieved with binary phase shift keying (BPSK) and quadrature phase shift keying (QPSK) modulation in the DSSS [11,12]. We then address multipath issues in wireless communications and show how code division multiple access (CDMA) takes advantage of multipath in improving system performance with a Rake receiver [6,13]. We conclude the chapter by presenting a summary of the challenges in implementing a CDMA system and providing some highlights of the Telecommunication Industries Association (TIA) IS-95 CDMA system. Those who are not familiar with spreading codes should refer to Appendix D.

Concept of Spread Spectrum

In a wideband spread-spectrum (SS) system, the transmitted signal is spread over a frequency band that is much larger, in fact, than the maximum bandwidth required to transmit the information bearing (baseband) signal [3]. An SS system takes a baseband signal with a bandwidth of only a few kilohertz (kHz), and spreads it over a band that may be many megahertz (MHz) wide. In SS systems, an advantage in signal-to-noise ratio (SNR) is achieved by the modulation and demodulation process. The SS signal is generated from a data-modulated carrier. The data- modulated carrier is modulated a second time by using a wideband spreading signal. An SS signal has advantages in the areas of security, resistance to narrowband jamming, resistance to multipath fading, and supporting multiple-access techniques. The spreading modulation may be phase modulation or a rapid change of the carrier frequency, or it may be a combination of these two schemes. When spectrum spreading is performed by phase modulation, we call the resultant signal a direct-sequence spread spectrum (DSSS) signal (see Figure 11.1) [15]. When spectrum spreading is achieved by a rapid change of the carrier frequency, we refer to the resultant signal as a frequency-hop spread spectrum (FHSS) signal

[14]. When both direct-sequence and frequency-hop techniques are employed, the 
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resultant signal is called a hybrid DS-FH SS signal. Another way to also generate an SS signal is the time-hop spread spectrum (THSS) signal. In this case, the transmission time is divided into intervals called frames. Each frame is further divided into time slots. During each frame, one and only one time slot is modulated with a message (details of THSS are not given in this chapter). The DSSS is the averaging technique to reduce interference whereas FHSS and THSS are the avoiding techniques to minimize interference. The spreading signal is selected to have properties to facilitate demodulation of the transmitted signal by the intended receiver, and to make demodulation by an unintended receiver as diffi cult as possible. These same properties also make it possible for the intended receiver to differentiate between the communication signal and jamming. If the bandwidth of the spreading signal is large relative to the data bandwidth, the spread-spectrum transmission bandwidth is dominated

by the spreading signal and is independent of the data signal bandwidth.

Quadrature Phase-Shift Keying DSSS

Sometimes it is advantageous to transmit simultaneously on two carriers which are in phase quadrature. The main reason for this is to save spectrum because, for the same total transmitted power, we can achieve the same bit error probability, Pe, using one-half the transmission bandwidth. The quadrature modulations are more diffi cult to detect in low probability of detection applications. Also, the quadrature modulations are less sensitive to some types of jamming. We refer to Figure 11.9 and write: hen the spreading codes are staggered one-half chip interval with respect to each other, the QPSK is called offset-QPSK (OQPSK). In OQPSK, the phase changes every one-half chip interval, but it does not change more than _90°. This limited phase change improves the uniformity of the signal envelope compared to BPSK and QPSK, since zero-crossings of the carrier envelope are avoided. Neither QPSK nor OQPSK modulation can be removed with a single stage of square-law detection. Two such detectors and the associated loss of signal-to-noise ratio are required. QPSK and OQPSK offer some low probability of detection advantages over the BPSK method.

Critical Challenges of CDMA

Code division multiple access (CDMA) is based on DSSS. CDMA is more complex than other multiple access technologies and as such poses several critical challenges. All users in a given cell transmit at the same time in the same frequency band. Can they be made not to interfere with each other? Will a user who is near the base station saturate the base station altogether so that it cannot receive users who are farther away (known as near-far problem)? CDMA uses a reuse factor of one. This means that the same frequency is used in adjacent cells. Can the codes provide suffi cient separation for this to work well in most situations? CDMA uses soft handoffs where a moving user can receive and combine signals from two or more base stations at the same time. What is the impact

on base station traffi c handling ability?

 TIA IS-95 CDMA System

Qualcomm proposed the CDMA radio system for digital cellular phone applications. It was optimized under existing U.S. mobile cellular system constraints of the advanced mobile phone system (AMPS). The CDMA system uses the same frequency in all cells and all sectors. The system design has been standardized by the TIA as IS-95 and many equipment vendors sell CDMA equipment that meet the standard. The IS-95 CDMA system operates in the same frequency band as the AMPS using frequency division duplex (FDD) with 25 MHz in each direction.* The uplink (mobile to base station) and downlink (base station to mobile) bands use frequencies from 869 to 894 MHz and from 824 to 849 MHz, respectively. The mobile station supports CDMA operations on the AMPS channel numbers 1013 through 1023, 1 through 311, 356 through 644, 689 through 694, and 739 through 777, inclusive. The CDMA channels are defi ned in terms of an RF frequency and a code sequence. Sixty-four Walsh codes (see Appendix D) are used to identify the forward channels, whereas unique long PN code offsets are used for the identifi cation of the reverse channels. The modulation and coding features of the IS-95 CDMA system are listed in Table 11.9. Modulation and coding details for the forward and reverse channels differ. Pilot signals are transmitted by each cell to assist the mobile radio to acquire and track the cell site downlink signals. The strong coding helps these radios to operate effectively at an Eb /N0 ratio of a 5 to 7 dB range. The CDMA system (IS-95) uses power control and voice activation to minimize mutual interference. Voice activation is provided by using a variable rate vocoder (see Chapter 8) which for Rate set 1 codec operates at a maximum rate of 8 kbps to a minimum rate of 1 kbps, depending on the level of voice activity. With the decreased data rate, the power control circuit reduces the transmitter power to achieve the same bit error rate. A precise power control, along with voice activation circuit, is critical to avoid excessive transmitter signal power that is responsible for contributing the overall interference in the system. The Rate set 2 coding algorithms at 13 kbps are also supported. A bit-interleaver with 20 msec span is used with error-control coding to

overcome multipath fading and shadowing (see Chapter 3). The time span used is the same as the time frame of voice compression algorithm. A Rake receiver used in the CDMA radio takes advantage of a multipath delay greater than 1 _s, which is common in cellular/personal communication service networks in urban and suburban environments.

Downlink (Forward) (BS to MS)

The downlink channels include one pilot channel, one synchronization (synch) channel, and 62 other channels including up to 7 paging channels. (If multiple carriers are implemented, paging channels and synch channels do not need to be duplicated). The information on each channel is modulated by the appropriate Walsh code and then modulated by a quadrature pair of PN sequences at a fi xed
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chip rate of 1.2288 Mcps (see Figure 11.15). The pilot channel is always assigned to code channel number zero. If the synch channel is present, it is given the code channel number 32. Whenever paging channels are present, they are assigned the code channel numbers 1 through 7 (inclusive) in sequence. The remaining code channels are used by forward traffi c channels (see Figure 11.16). The synch channel operates at a fi xed data rate of 1200 bps and is convolutionally encoded to 2400 bps, repeated to 4800 bps, and interleaved. The forward traffi c channels are grouped into sets. Rate set 1 has four rates: 9600, 4800, 2400, and 1200 bps. Rate set 2 contains four rates: 14,400, 7200, 3600, and 1800 bps. All radio systems support Rate set 1 on the forward traffi c channels. Rate set 2 is optionally supported on the forward traffi c channels. When a radio system supports a rate set, all four rates of the set are supported. Speech is encoded using a variable rate vocoder (see Chapter 8) to generate forward traffi c channel data depending on voice activity. Since frame duration is fi xed at 20 ms, the number of bits per frame varies according to the traffi c rate. Half rate convolutional encoding is used, which doubles the traffi c rate to give rates from 2400 to 19,200 bits per second. Interleaving is performed over 20 ms. A long PN code of 242 _ 1 (_ 4.4 _ 1012) is generated using the user’s electronic serial number (ESN) embedded in the mobile station long code mask (with voice privacy, the mobile station long code mask does not use the ESN). The scrambled data is multiplexed with power control information which steals bits from the scrambled data. The multiplexed signal on the traffi c channel remains at 19,200 bps and is modulated at 1.2288 Mcps by the Walsh code, Wi, assigned to the ith user traffic c channel. The signal is spread at 1.2288 Mcps by quadrature pseudo-random binary sequence signals, and the resulting quadrature signals are then weighted. The power level of the traffi c channel depends on its data transmission rate. The paging channel data is processed in a similar manner to the traffi c channel data. However, there is no variation in the power level on a per frame basis. The paging channels provide the mobile stations with system information and instructions, in addition to acknowledging messages following access requests on the mobile stations’ access channels. The 42-bit mask is used to generate the long code. The paging channels operate at a data rate of 9600 or 4800 bps. All 64 channels are combined to give single I and Q channels. The signals are applied to quadrature modulators and resulting signals are summed to form a

QPSK signal, which is linearly amplifi ed. The pilot CDMA signal transmitted by a base station provides a reference for all mobile stations. It is used in the demodulation process. The pilot signal level for all base stations is much higher (about 4 to 6 dB) than the traffi c channel. The pilot signals are quadrature pseudo-random binary sequence signals with a period of32,768 chips. Since the chip rate is 1.2288 Mcps, the pilot pseudo-random binary sequence corresponds to a period of 26.66 ms, which is equivalent to 75 pilot channel code repetitions every 2 seconds. The pilot signals from all base stations use the same pseudo-random binary sequence, but each base station is identifi ed by a unique time offset of its pseudo-random binary sequence (short code). These offsets are in increments of 64 chips providing 512 unique offset codes. These large numbers of offsets ensure that unique base station identifi cation can be obtained, even in a dense microcellular environment. A mobile station processes the pilot channel to fi nd the strongest multipath signal components. The processed pilot signal provides an accurate estimation of time delay, phase, and magnitude of the multipath components. These components are tracked in the presence of fast fading, and coherent reception with

combining is used. The chip rate on the pilot channel and on all frequency carriers is locked to precise system time by using the global positioning system (GPS). Once the mobile station identifi es the strongest pilot offset by processing the multipath components from the pilot channel correlator, it examines the signal on its synch channel which is locked to the pseudo-random binary sequence signal on the pilot channel. Since the synch channel is time aligned with its base station’s pilot channel, the mobile station fi nds the information pertinent to this particular base station. The synch channel message contains time-of-day and long code synchronization to ensure that long code generators at the base station and mobile station are aligned and identical. The mobile station nowattempts to access the paging channel and listens for system information. The mobile station enters the idle state when it has completed acquisition and synchronization. It listens to the assigned paging channel and is able to receive and initiate calls.

Uplink (Reverse) (MS to BS)

The uplink channel is separated from the downlink channel by 45 MHz at cellular frequencies and 80 MHz at PCS frequencies (1.8 to 1.9 GHz). The uplink uses the same 32,768 chip code as is used on the downlink. The two types of uplink channels are the access channel and reverse traffi c channels (see Figure 11.17). The access channel enables the mobile station to communicate nontraffi c information, such as originating calls and responding to paging. The access rate is fi xed at 4800 bps. All mobile stations accessing a radio system share the same frequency assignment. Each access channel is identifi ed by a distinct access channel long code sequence having an access number, a paging channel number associated with the access channel, and other system data. Each mobile station uses a different PN code; therefore, the radio system can correctly decode the information from an individual mobile station. Data transmitted on the reverse traffi c channel is grouped into 20 ms frames. All data on the reverse traffi c channel is convolutionally encoded, symbol repeated, block interleaved, and modulated by Walsh symbols transmitted for each six-bit symbol block. The symbols are from the set of the 64 mutually orthogonal waveforms. The reverse traffi c channel for Rate set 1 may use either 9600, 4800, 2400, or 1200 bps data rates for transmission. The transmission varies proportionally with the data rate, being 100% at 9600 bps to 12.5% at 1200 bps. An optional second rate set is also supported in the PCS version of CDMA and new versions of cellular CDMA. The actual burst transmission rate is fi xed at 28.8 ksps. Since six code symbols are modulated as one of 64 modulation symbols for transmission, the modulation symbol transmission rate is fi xed at 4800 modulation symbols per

second. This results in a fi xed Walsh chip rate of 307.2 kcps. The rate of spreading PN sequence is fi xed at 1.2288 Mcps, so that each Walsh chip is spread by 4 PN chips. Table 11.10 provides the signal rates and their relationship for the various transmission rates on the reverse traffi c channel. Following orthogonal spreading, the reverse traffi c channel and access channel are spread in quadrature. Zero-offset I and Q PN sequences are used for spreading. These sequences are periodic (short code) with 32,768 PN chips in length and are based on characteristic polynomials gI(x) and gQ(x).

Power Control in CDMA

A proper power control on both the uplink and downlink has several advantages: System capacity is improved or optimized. Mobile battery life is extended. Radio path impairments are properly compensated for. Quality of service (QoS) at various bit rates can be maintained. The reverse link (uplink) uses a combination of open loop and closed loop power control to command the mobile station to make power adjustments The mobile station and the base station receiver measure the received power and use the measurements to maintain a power level for adequate performance. The mobile unit measurement is part of the open loop power control while the base station measurement is part of the closed loop power control. In the closed loop mode, the mobile station transmitter power is controlled by a signal from the base station site. Each base station demodulator measures the received SNR for that mobile station and sends a power command either to increase or decrease mobile station power. The measure-command-react cycle is performed at a rate of800 times per second for each   obile station in IS-95. The power adjustment command is combined with the mobile’s open loop estimate and the result is used to adjust the transmitter gain. This solves the near far  interference problem, reduces interference to other mobiles using the same
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CDMA radio channel, helps to overcome fading, and conserves battery power in portable and mobile units. On the uplink, the objective of the mobile station is to produce a nominal received power signal at the base station receiver. Regardless of the mobile’s position or propagation loss, each mobile should be received at the base station with almost the same power level. If the mobile’s signal arrives at the base station with a lower power level than the required power level, its error rate performance will be high. On the other hand, if the mobile’s signal is too high, it will interfere with other users with the same CDMA radio channel causing performance degradation unless the traffi c load is decreased.

Similarly, a combination of open loop and closed loop power control is used on the forward link (downlink) to keep SNR at the mobile almost constant. Forward link power control mitigates the corner problem. Mobiles at the edges of cells normally require more power than those close to the center of the base station for two reasons: more transmission loss and more interference from adjacent

base stations. This is known as the corner problem. Forward link power control minimizes interference to mobiles in the same base station (in multipath environments) as well as mobiles in other base stations. Using the downlink power control, the base station transmits the minimum required power, hence, minimizes the interference to mobiles in the surrounding base stations. The outer loop power control is the fi ner power control over the closed loop power control. It adjusts the target signal-to-interference ratio (SIR) in the base station according to the needs of the individual radio links and aims at a constant quality, which is usually defi ned as a certain target bit error rate (BER) or frame error ratio (FER). The required SIR depends on the mobile speed and multipath profi le. The outer loop power control is typically implemented by having the base station to each uplink user data frame with frame quality indicator, such as a cyclic redundancy check (CRC) result, obtained during decoding of the particular user data frame.

Open Loop Power Control

In the open loop power control, the mobile uses the received signal to estimate the transmission loss from the mobile unit and the base station.
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Softer and Soft Handoff

During soft handoff, a mobile station is in the overlapping cell coverage area of two sectors belonging to two different base stations. The communications between mobile station and base station occur concurrently via two air interface channels from each base station separately. Both channels (signals) are received at the mobile station by maximal combining Rake processing (see Figure 11.20). Soft handoff occurs in about 20–40% of calls. Soft handoffs are an integral part of CDMA design. The determination of which pilots will be used in the soft handoff process has a direct impact on the quality of the call and the capacity of the system. Therefore, setting soft handoff parameters is a key element in the system design for CDMA. In the uplink direction, soft handoff differs signifi cantly from softer handoff: the code channel of the mobile station is received from both base stations, but the

received data is routed to the base station controller (BSC) for combining. This is done so that the same frame reliability indicator as provided for outer loop power
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control is used to select the better frame between two possible candidates within the BSC. A brief description of each type of pilot set is given below:

The active set is the set of pilots associated with downlink traffic channels assigned to the mobile units. The active set can contain more than one pilot because a total of three carriers, each with its own pilot, could be involved n a soft handoff process.

The candidate set consists of the pilots that the mobile unit has reported are of a sufficient signal strength to be used. The mobile unit also promotes the neighbor set and remaining set pilots that meet the criteria to the candidate set.

The neighbor set is the list of the pilots that are not currently on the active or candidate pilot lists. The neighbor set is identifi ed by the base station via the neighbor list and neighbor list update messages.

The remaining set contains all possible pilots in the system that can possibly be used by the mobile unit. However, the remaining set pilots that the subscriber unit looks for must be a multiple of Pilot_Inc. The parameters used to control the movement of a pilot from a neighbor to a candidate, to active, and then back to neighbor set are given below: 

1. Pilot strength exceeds T_ADD and the mobile unit sends a pilot strengthmeasurement message (PSMM) and transfers the pilot to the candidateset.

2. The pilot strength drops below T_DROP and the mobile unit begins thehandoff drop time (T_TDROP).

3. T_COMP is used into decision matrix for adding and removing pilots from the neighbor, candidate, and active set.

Channel coding:

· Protects digital data from errors

· Error detection codes – only to detect errors

· Error correction codes – to detect errors and correct errors

Shannon capacity formula

C= B log 2 (1 + (P/N 0 B)) = B log 2 (1 + S/N)

Where C is the channel capacity in bps


B is the transmission bandwidth in Hz


P is the received signal power in W


N 0 is the single-sided noise power density (W/Hz)

Received Power P = EbRb

Where Eb is the average bit energy 


Rb is the transmission bit rate

C/ B= log 2 (1 + (EbRb /N 0 B)) 

Where, C/ B denote the bandwidth efficiency.

Purpose:

· Error detection

· Error correction

· Improve wireless link performance

· Increases the raw data used in the link

· Reduces the bandwidth efficiency

· Excellent BER performance at low SNR values

Basic types of error correction and detection codes:

· Block codes

· Convolutional codes

· Turbo codes

Block codes:

· Forward error correction

· Enables a limited no. of errors to be detected & corrected without retransmission

· Used to improve the performance of the communication systems.

· Parity bits are added with blocks of message and forms code block or codeword

· k information bits are encoded with n code bits and n-k redundant bits are used to detect and correct errors.

· Rate of code is R c = k/n

· Hamming distance dmin= Min { d(Ci,Cj)}

· Weight of code w(Ci) = Ci,1 + Ci,2 +Ci,3 +……………………+ Ci,N
· Properties are : Linear, systematic & cyclic

· Example

· Hamming codes

· Hadamard codes

· Golay codes

· Cyclic codes

· BCH codes

· Reed-Solomon codes

Bose Chaudhuri Hocquenghem (BCH) codes
One of the most important and powerful classes of linear block codes are BCH codes, which are cyclic codes with a wide variety of parameters. The most common binary BCH codes, known as primitive BCH codes, are characterized for any positive integer’s m (equal to or greater than 3) and t [less than (
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Block Length  n = (
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No. of message bits k ≥n-mt

Minimum distance dmin ≥2t+1

Each BCH code is a ‘t’ error correcting code in that it can detect and correct upto ‘t’ random errors per code word. The Hamming single error correcting codes can be described as BCH codes. The BCH codes offer flexibility in the choice of code Parameters, namely, block length and code rate. Further more, for block lengths of a few hundred bits or less, the BCH codes are among the best known codes of the same block length and code rate.

Hamming Codes:-

Hamming Codes are defined as the (n,k) linear block codes. These codes satisfy the following conditions,

No. of Check bits q≥3

Block Length n = 
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No. of message bits k = n-q

Minimum distance dmin = 3

Code rate ,r = k/n

r = 1-(q/
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Error Detection and Correction Capabilities of Hamming Codes:-

Because the minimum distance (dmin) of Hamming code is 3, it can be used to detect double errors or correct single errors.

For detecting errors,

                             dmin≥s+1

For Hamming codes, we can detect upto 2 errors

For correcting errors,

                                             dmin≥2t+1

For Hamming codes, we correct upto single error.

The Parity bits and no. of bits in the code word  can be related by 


n =  
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and r ≥ 3

For r = 3, we have (7,4) code 

For r = 4, we have (15,11) code.

The parity check matrix has ‘r’ rows and ‘n’ columns. 

No Column consists of all zeros.

Each column is unique and has r elements of 1’s and 0’s. 

Cyclic codes form a subclass of linear block codes. They are important for 2 reasons.

· Encoding and syndrome calculators can be easily implemented by using simple shift registers with feedback.

· The mathematical structure of these codes is such that it is possible to design codes having useful error correcting properties.

Cyclic code Generation theorem:-

If g(x) is polynomial of degree (n-k) and it is factor of 
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, then g(x) generates (n-k) cyclic code in which the code polynomial V(x) for a data vector D = (d0,d1……..dk-1) is generated by 


V(x) = D(x)g(x)

Convolution Codes

The Convolutional codes the message bit stream is encoded in a Convolutional fashion. Convolutional codes are easily generated with help of Shift registers. Storage devices such as flip-flops connected in cascade form a shift register. Each flip-flop is capable of storing 1 bit. A 4 – bit Shift register is shown in figure M1, M2, M3, M4 are Memory devices. A stream of binary data is applied to M1 in MSB first fashion. S1, S2, S3, S4 are o/ps taken from M1, M2, M3, M4 respectively.M1 stores the recent bit of i/p data stream and indicates its states on the o/p line S1. 

Therefore S1 = M1. After one bit interval, bit in M1 to M2. Thus S2 of M2 is same as S1. i.e. The i/p bit stream with one bit interval delay. 

Initially the shift register is cleared. A 5 bit i/p is applied (11001). MSB enters the content of each memory device are shifted into the next device. At 9th bit interval, the register returns to its clear state after allowing the i/p data stream to pass through it.

Encoder of Convolutional codes:-

In this case k = no. of shift registers = 3 



V = no. of modulo-2 adders 
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 = i/p data stream = 4

The o/ps V1 and V2 and V3 of the adders are 

V1 = S1 Ө S2

V2 = S2 ӨS3

V3 = S1 Ө S3

It is assumed that initially the shift register is clear. The operation of the encoder is explained for the i/p data stream of a 4- bit sequence.

m = 1101

This is entered in the shift register from MSB. Thus at 1st bit interval S1 = 1, S2 = 0, S3 = 0 and V1 = 1 Ө 0 = 1



V2 = 0 Ө 0 = 0



V3 = 0 Ө 1 = 1

Hence the o/p at 1st bit interval is 101. Similarly at 2nd bit interval S1 = 1; S2=1; S3=0

Thus V1 = 0; V2=1; V3=1

Hence the o/p at 2nd bit interval is 011. In the same manner o/p as other bit intervals can be found out. Since 
[image: image26.wmf]l

= 4 and k = 3. The register resets at 7th (
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+k) bit interval.

The o/p at each bit interval consist sof V bits = 3. Thus for each message, there are V(
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+k) = 3*7 = 21 in the o/p code words.

Table gives the codes o/p bit stream for all i/p data stream for the encoder explained above. The MSB column of i/p data stream is such that it is divided into 2 subsets (8 zeros and 8 ones). Resulting in 2 subsets of the first code block of 3 bits in the code do/p bit stream. (Eight 000 and eight 101)

Each of these 2 success of the MSB column is further divided into 2 subsets of 2nd code block of 3 bits in the coded o/p bit stream (four 000,four101,four110 and four 011)

In the same way each subset is further divided into 2 subsets till there is only one code block of 3 bits in each subset. Thus it is possible to construct code stream if the i/p data stream is entered from MSB in the Convolutional code encoder.

On the other hand it is not possible to construct such code stream if the i/p data stream is entered from the LSB. Hence in the Convolutional encoder, the i/p data stream is entered from MSB and not from the LSB.
Table:-

	I/p data stream
	Coded O/p bit stream

	0000
	000
	000
	000
	000
	000
	000
	000

	0001
	000
	000
	000
	101
	110
	011
	000

	0010
	000
	000
	101
	110
	011
	000
	000

	0011
	000
	000
	101
	011
	101
	011
	000

	0100
	000
	101
	110
	011
	000
	000
	000

	0101
	000
	101
	110
	110
	110
	011
	000

	0110
	000
	101
	011
	101
	011
	000
	000

	0111
	000
	101
	011
	000
	101
	011
	000

	1000
	101
	110
	011
	000
	000
	000
	000

	1001
	101
	110
	011
	101
	110
	011
	000

	1010
	101
	110
	110
	110
	011
	000
	000

	1011
	101
	110
	110
	011
	101
	011
	000

	1100
	101
	011
	101
	011
	000
	000
	000

	1101
	101
	011
	101
	110
	110
	011
	000

	1110
	101
	011
	000
	101
	011
	000
	000

	1111
	101
	011
	000
	000
	101
	011
	000


Decoding a convolutional code:-

Code Tree:-

The Code tree is derived from the table. The starting Point on the code tree is at the extreme left and corresponds to the situation before the arrival of the first message bit. The first message bit may be either 0 or 1, when an i/p bit is ‘0’.The Upward path is taken and when it is ‘1’ the downward path is taken. The same rule is followed at each junction or node. For example, the code for 1101 can be found by reading the bits encountered from the entrance to exit of the tree along the dashed path. Thus the desired code 101,011,101,110,110,011,000. Any path trough the tree passes through only or many nodes as there are bits in the i/p message. The node corresponds to the point where alternate paths are possible depending on the next message bit being one or zero.

Decoding in the absence of noise:-

Exhaustive search method:-

· In the absence of noise, the code word will be received as transmitted. Hence it is easy to reconstruct the original message. But due to noise, the word i.e received is one not transmitted. 

· Decoding in the presence of noise is done in the following manner. (The procedure is explained for k = 3, l = 4, and V = 3).

· The first message bit has an effect on the first kV = 9 bits from code tree. It is clear that there are 8 possible combinations of the first nine digits which are acceptable code words. All these combinations are compared with the first 9 bits of the received code word and the path corresponding to the combination giving a maximumdicrepancy is acceptable as correct path.

· If the path goes upwards at first node A, then the first message bit is taken as zero or else ‘1’ if the path is downward. Thus it is concluded that the first message bit is one. 

· Now we are at node B. The 2nd message bit will have an effect on the next 9 bits for which again there are 8 possible ways. Using the same procedure direction of the path at node B and hence the 2nd message bit is decided. In the same way all message bits are decoded and the received word is decoded. The probability of error decreasing with k. Hence k should be making as large as possible. But on the other hand the decoding of each bit requires an examination of 
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 branch sections. Hence with a large k, the decoding procedure becomes lengthy. Another method that overcomes this difficulty is sequential decoding.

It can be done by the following methods:

· Viterbi algorithm

· Fano’s sequential decoding

· Stack algorithm

· Feedback decoding

Trellis coded modulation :

· Combines both coding and modulation without compromising bandwidth efficiency

· Finite stare encoder generate the coded signal sequence

· Signal set expansion used for redundancy for coding & to design coding & signal mapping functions

· Receiver decodes the signal by soft decision maximum likelihood sequence decoder

· Coding gain of greater than 6 dB can be achieved.

Turbo Codes:

· Used in 3G wireless standards

· Combination of Convolutional codes and channel estimation theory

· Satisfies the Shannon capacity limits

· Level of performance determined by the instantaneous SNR of the link
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